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NOTE FROM THE CHAIR

The 1999 International Congress of Phonetic Sciences is the 14th of this series that started in 1932.
Jacques van Ginnekin was the organizer and guiding spirit of the first ICPhS, organized in Amsterdam.
He explicitly advocated an interdisciplinary meeting devoted to the exchange of research results on
speech from varied disciplines: linguistics, the clinic, psychology, language teaching, etc.  Against all
odds – given the inevitable trend towards increasing specialization – the interdisciplinary character of
this meeting has survived even after 67 years.  The 14th ICPhS features papers from the original group
of disciplines as well as from speech technology, perhaps the most rapidly developing field within the
phonetic sciences.  I believe all practitioners of the phonetic sciences are united in trying to understand
how speech works.  Certainly many facts and principles on the workings of speech have been
accumulated over the decades, but there are still many fundamental questions left unanswered and
even unexplored.  Answers or even hints to possible answers can come from any of the disciplines
within the phonetic sciences.  Whatever solves a problem in psychology can solve problems within
linguistics, whatever solutions work in speech technology may work in the clinic, etc.

I encourage participants of the congress and readers of the proceedings to devote some time to
sampling the research reports from areas outside their own chosen discipline.  Good ideas can come
from any source and in particular they come from a melding of ideas from diverse sources and
viewpoints.

 I personally believe that the phonetic sciences may be on the verge of some dramatic scientific
breakthroughs.  Certainly the pace of research on spoken language has increased dramatically within
the past few decades.  The practical applications of phonetic research via speech technology has been
one of the major forces in this acceleration.  The accessibility and affordability of research tools due to
the ‘digital revolution’ is another factor in this development.  Several unifying theories on how speech
works have been proposed: the motor theory of speech perception, the direct realist theory, action
theory, quantal theory, the theory of adaptive dispersion, etc.  These are currently being evaluated and
debated and will, no doubt, lead to a new synthesis of our understanding of speech.  Perhaps a hint of
these breakthroughs may be found in papers presented at this congress.  I urge the proceedings reader
to find these leads!

The 14th ICPhS is the first to be held in the United States.  Supposedly the 4th ICPhS was scheduled to
take place in New York in 1941 but was canceled due to complications created by World War II.
When the series was re-started in 1964 the host city was Helsinki.  With the exception of the 7th ICPhS
in Montréal in 1971, all previous congresses took place in Europe.  The United States phonetic
sciences community is proud to host this congress, the last in this century.

John J. Ohala
Chair
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NOTE FROM THE EDITORS

Dear colleagues,

We hope these proceedings will be a useful resource for your future research.  The papers in these
volumes cover many areas in the current field of the phonetic sciences.

Each volume begins with some general information about the congress which is followed by a table of
contents for all papers in each volume of the proceedings.  After the papers is an index of authors,
advertisements, and a general program schedule for ICPhS99.

The scientific contributions presented at the congress were in four forms: plenaries, symposia, poster
sessions, and oral presentations.

The symposia were organized by experts in topics considered of general interest to the congress
attendees.  The leaders were accountable for inviting other specialists to participate in their symposia.
All symposium contributors submitted four page papers for inclusion in the proceedings.

For the poster and oral sessions 810 abstracts were submitted.  711 (88%) were accepted.  Of these 95
withdrew or were removed from the program because their papers were not received.  Some accepted
authors were also asked to join symposia.  Therefore, including the symposium and plenary papers, as
well as 6 papers which are not to be presented at the congress but are to be included in the proceedings,
there are 642 papers in these proceedings.  With the exception of the five plenary contributions of a
maximum of 8 pages each, the papers in these volumes are at most 4 pages long.

There is also a print version of these proceedings.  Some authors submitted multiple versions of their
papers after the paper submission deadline.  Because of this, it is occasionally the case that a paper in
the print proceedings will differ from its counterpart on the CD ROM version of the proceedings.
Please note that the CD ROM contains the most up-to-date version of each paper.

We are pleased to have papers presented by phoneticians from 46 countries.  The following page gives
a list of the nations represented by the first authors or their contact person if the first author’s residence
was not given to us.  Many papers have authors from different countries, however only the nations of
the first authors are given below.

We hope enjoy these proceedings and find them to be worth the efforts of their editors and
contributors.

The editors
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STATISTICS FOR THE ICPHS99 PROCEEDINGS

Sessions Contributions
02 Plenaries     5
07 Symposia   30
49 Oral Sessions 288
08 Poster Sessions 313

Proceedings only     6
66 Total 642

NUMBER OF CONTRIBUTIONS PER COUNTRY

This list is taken from our database and represents the first author wherever possible.  On occasion we
had only the address of the contact person.

147 USA
80 UK
65 France
62 Germany
39 Netherlands
32 Sweden
31 Japan
21 Canada
19 Italy
18 Russia
13 Spain
12 Finland
10 Brazil
9 Belgium
8 Australia
6 Korea
6 South Africa
5 Slovenia
5 Taiwan
4 Croatia
4 Poland
4 People’s Republic of China
4 Switzerland

3 Denmark
3 Hong Kong
3 India
3 Ireland
3 Norway
2 Austria
2 Czech Republic
2 Hungary
2 Northern Ireland
2 Portugal
1 Argentina
1 Cyprus
1 Estonia
1 Fiji
1 Iceland
1 Israel
1 Jordan
1 Latvia
1 New Zealand
1 Romania
1 Slovak Republic
1 Turkey
1 Venezuela
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THE DEVIL IS IN THE DETAIL

Francis Nolan
Department of Linguistics, University of Cambridge, UK

ABSTRACT
I start with cosmology, where recent observations of
supernovae suggest that the expansion of the universe is
accelerating, whereas the dominant theory predicts that it
should be slowing down. Where are the supernovae data of
phonetics? Perhaps, I suggest, they are to be found in the
linguistic phonetic details of speech. I go through a number of
cases of what is sometimes called ‘extrinsic’ phonetic detail –
detail which is not (contrastively) phonological, but which does
not, either, emerge from physical principles. I deal with both
segmental and suprasegmental examples. The details are
intriguing, and I predict that whatever the attractions of
elegant, general theories of speech, phoneticians will
increasingly be bedevilled by the detail and diversity of
phonetic realisation.

1. INTRODUCTION
It was recently widely publicised [32, 14] that astronomers, led
by Saul Perlmutter in the Lawrence Berkeley Laboratory, have
discovered one of the most distant supernova yet, 10 billion
light years away. That figure echoed round my mind. The
cataclysmic event whose consequences were being observed
had happened ten thousand million years ago, long before our
solar system was formed. During all that time radiation had
journeyed across the unimaginably vast distances of space
before arriving here. The scale of the universe, beyond normal
comprehension, is perhaps best expressed in that classic work
The Hitch Hiker’s Guide to the Galaxy [1]: ‘Space is big.
Really big. You just won’t believe how vastly hugely
mindbogglingly big it is.’

The point of searching for not one, in fact, but tens and
tens of supernovae, which appear fleetingly for a few weeks in
the distant galaxies of the universe, is that they are known to all
produce  light of the same high intensity. Because of this, the
speed at which they are moving away, or rather were moving
away at the different times in the history of the universe from
which their light reaches us, can be calculated; and from this
the rate of expansion of the universe can be estimated. To
everyone’s astonishment, and contrary to received theories of
the universe, the result appears to be that the expansion of the
universe is speeding up, not slowing down. Astrophysics may
be turned on its head, and the search is on for the hidden
particles in space whose energy might be counteracting the
force of gravity.

Probably all civilisations have been drawn to construct
theories about what the stars are and why they are there. The
theories provided a framework of thought which helped people
to make sense of what they could see; but to an extent perhaps
inhibited the search for new data. Once one has a model that
appears to work, the urge to find more facts is inclined to be
felt less strongly. The status quo is perhaps most likely to
broken by technological developments (the telescope, for
instance) than by pressures from within an apparently adequate

theoretical framework. Seeing further, and more clearly into
space, and having more sophisticated conceptual tools, has at
various stages pushed the prevailing cosmology to, and beyond,
its limits.

What has this got to do with the phonetic sciences? You
will perhaps already have drawn your own parallels. Phonetics,
as an adjunct to linguistics, has traditionally been dominated by
a language-based perspective. In particular, the phonological
notion of a system of contrastive elements, each defined by a
distinctive difference between it and each other element, for a
long time constituted the ‘cosmology’ of phonetics. Languages
have systems of contrasting phonological units which are
abstract or mental, and these are realised or implemented in the
physical world. The linguist’s interest is in the systems. But in
the century which is just drawing to a close, technology and
methodology have made data available which have pushed this
view to its limits.

While astronomy and cosmology have looked ever further
outwards, and found phenomena of ever increasing orders of
magnitude, thanks in part to telescopes, phoneticians are more
like scientists who have been given ever better microscopes.
We are discovering, in contrast to the lean and minimal
systems which constitute languages, a wealth of detail and
richness in the implementation of those language systems. The
theme of this talk, then, is that the more detailed our
knowledge of the properties of speech becomes, the more
difficult it is to sustain our simplifying assumptions, our
models which help us comprehend our universe. I will look
specifically at a number of cases of troublesome detail which
may force us to revise the way we think.

2. A NEW TRADITIONAL SOURCE OF DETAIL
Our microscope is not purely a technological one. I have
recently been involved, together with John Esling, the
Secretary of the International Phonetic Association, in the final
stages of editing the long-awaited Handbook of the
International Phonetic Association [15]. I hope I can be
forgiven, at a conference whose hosts include the President of
the International Phonetic Association, John Ohala, for
shamelessly ‘plugging’ this work, which contains a wealth of
information useful to those who work in the speech sciences
and linguistics, including a tutorial on the use of the
International Phonetic Alphabet, and full listings of phonetic
symbols, their names, and computer codings. Most
impressively, I think, it also contains a set of nearly thirty
‘Illustrations’ which have appeared in the Journal of the
International Phonetic Association. For those who are not
familiar with these, they are a concise phonetic description of a
language, including a transcription of a recorded passage.
These Illustrations have been contributed over the last few
years by members of the International Phonetic Association,
and carry on a tradition of close phonetic observation which
has a venerable history.
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Like other surveys of the sounds and sound systems of
languages such as [26] and [22], the Illustrations are testimony
to the richness and diversity of the ways in which languages
use sound. They provoke the question of just why languages are
so diverse in their use of sounds. There are, of course, well
known regularities and constraints: we know that if a vowel
system ‘wants’ five contrasting vowels, there are good ways
and bad ways of realising that ambition. A good way, as in
Figure 1, is to space them out nicely in the available space,
with front and back close and mid vowels and an open vowel.
Hebrew [15:104] is a language exemplifying this sort of
pattern.

i

e

a

o

u

Figure 1. A good five-vowel system

A hypothetical bad way is shown in Figure 2. Four close
vowels, the front one rounded and the back one unrounded, and
an open front rounded vowel is not a good solution, to judge by
what is found in the world’s languages. And we have quite a
good understanding of why the first system is a ‘better’ one
than the second system, based on the general principle that
vowels should spread themselves out in the available
perceptual, and perhaps articulatory, space. More formally,
attempts such as those of Lindblom [24, 25] to use the principle
of maximising perceptual distance to model vowel systems had
considerable success in explaining ‘plausible’ vowel systems.

¨y È Ë

”

Figure 2. A not-so-good five-vowel system

This is one tiny corner of the universe of phonetic
diversity where there are apparently regularities and we can
explain them. But as has been pointed out (e.g. by Lass
[23:134ff]) there is a danger of wishing too much regularity
into the phonetic data.

Figure 3 shows the five-vowel system of Taba [15:150], an
Austronesian language spoken in Maluku province, Indonesia.

This still conforms to the ‘ideal’ distribution of vowels, but
their spacing is imperfect.

i

a

Figure 3. Five-vowel system of Taba

u

E O

Tukang Besi [15:159], another Austronesian language
spoken in south-east Sulawesi, Indonesia, deviates further from
the ‘ideal’, showing a more skewed system.

i

a

Figure 4. Five-vowel system of Tukang Besi
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We have, then a few problems with phonetic detail even
before we bring a technology to bear on our subject matter.
Impressionistic phonetic observation alone gives us plenty to
ponder on.

3. ARTICULATORY PHONOLOGY
Over the last decade  at least one very influential school of
thought has moved away from phonetic detail. Not in the sense
that the data have been downplayed; on the contrary, the
followers of this school have been among the most active in
providing highly detailed quantitative descriptions of
articulation. Browman and Goldstein (e.g. [3, 4, 5]) and the
many researchers who have been inspired by their work have
used techniques such as x-ray microbeam scanning,
electropalatography, and electromyography to enhance greatly
our understanding of the timing and coordination of the
articulators. They have moved away from phonetic detail rather
in the sense that some of it is regarded as an artefact of the way
we describe speech, and in particular of our traditional
segmentally and phonemically oriented view of speech.

Articulatory Phonology has been seen as providing an
alternative to ‘translation’, the process implicit in the
traditional phonetic world-view of resolving the dichotomy
between invariant timeless phonological entities and the time-
varying physical continuum of speech.
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Articulatory Phonology rejects the view that speech
activity is in a different domain from the phonological
representation underlying speech. As is now widely familiar,
one of the basic premises of Articulatory Phonology is that if a
phonological representation is couched in appropriate terms,
the disparity between ‘plan’ and ‘implementation’, between
‘phonological representation’ and ‘phonetic interpretation’
disappears.

The way in which this premise has been explored in
Articulatory Phonology is to use ‘gestures’ as the primitives in
phonetic-phonological representations. A gesture is, according
to Browman and Goldstein [3:206]

an abstract characterisation of coordinated task-
directed movements of articulators ....[and
is]...precisely defined in terms of the parameters of a
set of equations for a ‘task-dynamic’ model...

Task-dynamics is a general model of skilled movement
control based on dynamic equations such as might be used to
describe the action of a mass attached to a spring (for an
introduction see [12], and for a more technical account, [17]).

Figure 5, after [3], is a now-familiar representation, the
‘gestural score’, which shows the coordination of gestures
making up a word. It is important to remember, however, that
this is more than a superficial ‘parametric diagram’ of the
articulators; the gesture ‘boxes’ merely stand in for their
dynamic descriptions. Thus for instance when greater overlap
occurs between gestures competing for the same articulator, as
at the word boundary in the faster version on the right, a
computationally specifiable blending of the trajectories
resulting from the two gestures will occur – in this case, an
articulation intermediate between alveolar and dental.

Since gestures are, in a sense, physical-world entities, and
interact with each other particularly in the demands they make
on the articulators, much of the allophonic variation of
continuous speech is already inherent in the phonological
representation, the ‘gestural score’. In this way, the hope is that
the problem of phonetic interpretation, as other than an
expression of the physical laws of the universe, is defined
away. It is no longer necessary to ‘realise’ or ‘implement’ a
phonological velar as being a more fronted articulation before a
front vowel and a more backed articulation before a back
vowel; the velar automatically blends with the respective vowel
articulations by virtue of the dynamic forces involved. The
phonetic detail of speech is taken care of, given a sufficiently
rich prosodic structure to account for (for instance) the fact that
the magnitude and phasing of gestures varies according to
syllable position.

4. A COMPLICATED ACCOMMODATION
Articulatory Phonology potentially provides a seamless,
complete model from lexicon to acoustics. It has stimulated a
great deal of valuable research, and it has redefined the way we
think about phonetic detail, accounting for much of it according
to general principles, essentially the laws of physics. The
message, put in slightly biblical terms, is that we have been led
astray by the pre-quantitative phonetician’s allophones and
narrow transcriptions, and we should now render unto the
dynamicist what is the dynamicist’s, and render unto the
phonetician what is the phonetician’s – if anything remains!

However there are hints that not everything can be
rendered unto the dynamicist. In the case of segmental
accommodation involving adjacent places of articulation and
the same articulator, Browman and Goldstein [3: 220] predict
gestural blending and an intermediate articulation; e.g. for
dental and alveolar:

the location of the constriction should not be identical
to that of either an alveolar or a dental, but rather
should fall somewhere in between.

Holst and Nolan [13] and Nolan, Holst & Kühnert [30]
present evidence that this general account does not cover all
observed possibilities. In an experiment [13] dealing with
accommodation at boundaries of different types, acoustic
analysis of abutting [s–S] at word boundaries (e.g. ‘drinks
sherry’) yielded acoustic forms categorisable into the
spectrographic schemata in Figure 6. At the bottom, [s]- and
[S]-gestures are abstractly represented as time functions, with
increasing overlap broadly corresponding to increasing speech
rate. A, B, and C provide no problem for Articulatory
Phonology. When the gestures are maximally separated, the
resultant fricatives show their respective spectrographic
patterns, with a lower cut-off frequency for the turbulent
energy for [S]. Increasing overlap of the two gestures leads to a
more transitional acoustic effect.

In D, the shaded form is the one which should be predicted
by Articulatory Phonology. The duration should be no greater
than for one fricative, and the acoustic pattern should have a
cut-off intermediate between those of the two canonical
fricatives In fact, the type ‘D’ friction observed (unfilled
outline) was identical to that of [S] for each speaker; and
duration was greater than that of initial [S]. The identity of the
articulation to that of ‘canonical’ [S] is supported by EPG
analysis on other speakers [30]. In short, if the magnitude of
the [s] gesture has been reduced to zero the [S] ought to have
the duration of an initial [S]; if the magnitude of the [s] gesture

wide palatal narrow palatal

closure 
alveolar

wide palatal narrow palatalTB

TT

LIPS
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Figure 5. Schematic gestural scores for an English phrase spoken slower (left) and faster (right)
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has not been reduced to zero, then the acoustic effect should be
seen. [30] also weakens the objection of Browman [2] that the
acoustic results might be the result of quantal effects disguising
the articulatory patterns, by showing that the relevant acoustic
properties do very continuously between the two articulations.

Holst and Nolan [13, 30] argue that only if the speaker has
intended to change the phonetic target of the first fricative (to
[S]) can the long post-alveolar fricative be accounted for. Here,
then, is a phonetic detail which cautions us against rendering
all connected speech effects to the dynamicist.

On its own this is a small and controversial piece of
evidence. But it should not surprise us, since today’s connected
speech processes, however dynamically motivated, are
tomorrow’s phonology. We are not tempted to think of church
as having velar initial and final consonants because the Old
English front vowels in cirice, which plausibly gave rise to
palatal stops by gestural blending, and thence perceptual
reinterpretation to post-alveolar affricates, have long since
gone. The dynamic process has been phonologised. But in the
synchronic state of a language, undergoing as any language
does continual phonological change, it is axiomatic that effects
must coexist resulting from connected speech processes at
different stages of phonologisation. Not surprising, then, that
close attention to phonetic detail has, arguably, teased apart
two alternative kinds of sibilant assimilation. The general point
is that only by probing with an open mind the phonetic details
of processes which are apparent candidates for a gestural,
dynamic, treatment will we establish the limits of the theory.

5. DIALECT VARIATION: LIQUIDS
As well as dealing elegantly with many boundary phenomena
such as assimilation, Articulatory Phonology holds out the
promise of providing a neat account of allophonic variation (as,
in fact, in the cirice example above where the classic fronting
of a velar before a close front vowel took place). One
phenomenon in English which has come under particular
scrutiny is that most famous of all allophonic alternations, clear
and dark /l/. Sproat and Fujimura [33] claimed that the
difference did not involve different gestures, in Articulatory
Phonology terms, but a different phasing of two gestures
depending on syllable position. The two gestures are tongue tip

(or blade) closure (in the mid-line of the vocal tract) and
tongue body retraction. The former can be regarded as
‘consonantal’, and the latter as ‘vocalic’. In syllable-initial
position, it is claimed in [33], the blade gesture is phased ahead
of the tongue body gesture, and in syllable-final position, it is
the tongue body gesture which is initiated first.

This work was carried out on American English. In
American English, as has often been pointed out, all laterals
tend to be relatively dark. It is interesting to consider, as Carter
[6] has done, dialects of English exhibiting a variety of
relationships between clearness and darkness in their liquids.
He starts from an observation by Kelly and Local [16] to the
effect that speakers with a clear initial lateral would have a
dark rhotic, and speakers with a dark initial lateral would have
a clear rhotic. In a rather neat way, then, the claim perhaps was
that the secondary articulation supported contrastivity, but in a
way independent of the primary articulation.

Carter took two ‘non-rhotic’ accents of English (non-
rhotic in the sense of phonotactically prohibiting /r/ except
where a vowel follows) and two ‘rhotic’ accents (where /r/ is in
contrast with /l/ in all positions. Within each group one accent
exemplified ‘clear initial lateral’ and the other ‘dark initial
lateral’. The dialects are summarised in Table 1. A formant
analysis was then carried out on the initial and final rhotics.

The situation which Carter uncovered is quite a complex
one. In the case of the non-rhotic dialects, Sunderland had a
darker  initial /r/ than /l/, while the final /l/ was darker than the
initial one. Manchester had a clearer initial /r/ than /l/, while
the final /l/ was dark. On the other hand in the rhotic varieties,
the initial rhotic was always darker than the initial lateral (even
where, as in Fife, the initial lateral was dark), and final laterals
were darker than initial laterals. Final rhotics, though, were

Non-rhotic Rhotic

Clear initial lateral Sunderland County Tyrone

Dark initial lateral Manchester Fife
Table 1. Dialects used by Carter [6]

A B C D

Figure 6. Schematised results of an experiment on fricative assimilation; above, spectrographic schemata; below, gestures.
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clearer than final laterals. It seems that the generalisation
accounted for by [33] that final laterals are darker than initial
ones is not refuted by these data; on the other hand the
variation in degree of darkness of laterals and rhotics is more
than could be accounted for by general principles.

In particular, from the point of view of Articulatory
Phonology, although the general trend for laterals to be darker
syllable-finally than syllable-initially is susceptible to a
generalisation in terms of the phasing and magnitude of
gestures, the details of the implementation of the contrasting
liquids across dialects is clearly not susceptible of explanation
in dynamic terms, since it is part of the language- (or dialect-)
specific information which must be part of what is volitionally
variable.

Carter concludes that

The arrangement of gestures is not intrinsic to the
phonology of syllable structure since it is dependent
not only on position in syllable structure but also on
dialect-specific phonetic interpretation.

That is, there is a need for what he terms ‘extrinsic phonetic
interpretation’. Carter is working within the conceptual
framework of declarative phonology, but the data is interesting
whatever the framework. The problem is how to account for
phonetic detail which is neither contrastive (and hence has no
place in a phonological representation as traditionally
conceived) nor predictable from the physiology, dynamics, and
so on of the speech mechanism. The issue is not new, and a
distinction between intrinsic and extrinsic allophones, thus
termed, is one drawn at least as early as 1972 by Ladefoged
[20].

6. DIALECT VARIATION: VOICELESS STOPS
The point is reinforced if we look at another area of dialect
variation in English, the treatment of voiceless alveolar stops in
different varieties. This is perhaps where the greatest diversity
in the English consonant system is found. A summary of some
of this variation is given in Table 2.

In most accents of English /t/ at the start of a stressed
syllable will be realised as an aspirated alveolar stop,
sometimes with affrication. In a few accents, such as those of
some parts of the north of England (here Yorkshire), there is
relatively little aspiration.

The realisation of non stressed-syllable initial /t/ is
articulatorily and acoustically diverse across the different
accents, and also in different phonetic environments. Famously
in much American English, foot-medially before a vowel, it
will be a short voiced stop, flap, or tap (I shan’t enter the
debate here as to which of these it is, except to note that my
transcription indicates my belief that the sound in question has
neither the aerodynamic properties to qualify as a true tap nor
the ballistic nature to qualify as a true flap, but is rather just a
very short stop). This is a very tractable allophone for an
Articulatory Phonology account; a reduction in the magnitude
of the alveolar closure gesture will shorten the occlusion phase,
which in turn reduces the amount of time that air is impeded
from flowing through the glottis. If that were not enough, no
doubt voicing would easily arise from greater overlap of the
glottal voicing gesture for the vowels on either side of the stop.
The phonetic description of the lenited forms in Southern Irish
English, which are picked out in Table 2 by double lines around

the boxes, is discussed in detail in [31]; broadly they are slit (as
opposed to grooved) alveolar fricatives. These might also be
the output of gesture magnitude reduction, as the alveolar
closure is not quite achieved. It is not clear, however, what
general dynamic principle could be appealed to in order to
explain why in these three cases (American, Yorkshire, and
Southern Irish) three distinctly different behaviours should
arise.

With glottalisation we come, in my view, to the point
where an account in terms of gestural reduction and overlap
ceases to be plausible (note that the shaded boxes in Table 2
show forms with glottalisation). With the majority of voiceless
consonants the vocal cords are moved apart, most dramatically
so for fricatives which require high airflow through the vocal
tract, but also for stops, and the aerodynamic effects which
produce voicing are weakened. Voicing is inclined to cease,
though not instantaneously because the opening is not
instantaneous and (presumably) because of momentum in the
vibrating cords. On spectrograms voicing can often be seen
dying away during the closure phase of a perceptually voiceless
stop. The opening for the consonants is evident in coarticulated
breathy voice on the vowel preceding the stop or even in
preaspiration [27]. The glottis-opening strategy is generally
effective at producing voicelessness, but the facts that the
voicing dies out gradually and  the glottal opening has to be
reversed very soon for a following vowel means that there is a
danger of voicing continuing through a stop.

Another way of inhibiting voicing in a stop (but not a
fricative) is to press the vocal cords together firmly enough that
vibration ceases, i.e. a glottal stop. This will be reflected in
some degree of creaky voice in the preceding vowel. The
glottal closure can be simultaneous with an oral closure, giving
a glottalised stop as in the North East of England
(["bEt°/å] ), but it seems that there is a strong temptation
particularly with alveolars for a dialect to allow the glottal
closure to take over the work of the oral closure, as in Cockney
(["bE/å] ).

Glottal opening and glottalisation (closure too tight for
voicing) seem to me diametrically opposed strategies for
solving the problem of how to achieve voicelessness in the
predominantly voiced stream of speech. Opening is achieved
by contracting the posterior cricoarytenoid muscles, closing by
contracting the lateral cricoarytenoids and the interarytenoids.
In Articulatory Phonology terms they have to be different
gestures. When I have made this point before (e.g. [28]) there
has been a polite murmuring of ‘oh no they’re not’ from the
articulatory phonologists, but I have yet to see a detailed
account of how they can be other than diametrically opposed.
The acoustic goal, in one sense, is the same – no voicing – but
the ways of achieving it are mutually exclusive.

If glottalisation cannot arise from gestural weakening or
overlap, which it seems to me it can’t, then what are the
alternatives for Articulatory Phonology? Notice that the
problems do not arise simply from the view that the element we
call in phonemic terms /t/ which occurs in different positions is
‘the same thing’. We can abandon any notion of the segment,
and think in terms of gestural scores for complete words, but
what happens at word boundaries still needs to be taken care of.
This would mean two different gestural scores for get in those
dialects with glottalisation, or possibly three in North East
England if the reported voicing assimilation process [18],
which doesn’t happen between vowels, is not simply the result
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of gestural overlap. This at least runs counter to the traditional
phonological concern to capture generalisations and store the
minimum number of forms in the lexicon.

The general point to be taken from the data here is that
there is a considerable amount of volitionally controlled
context sensitive variation in the realisation of English stops, a
point already made, for instance, and supported at length in
Docherty [7] with respect to voicing, and, implicitly, by many
others who have worked specifically on glottalisation in
English dialects. Glottalisation does not, I have argued, fall out
automatically from the workings of the vocal mechanism; it is
an alternative strategy for achieving voicelessness. Furthermore
the patterning of glottalisation cannot follow entirely ‘natural’
principles, since it exhibits quite contrary patterns across
dialects – see the shaded parts of Table 2, in particular the
different pattern of North East English. Whereas glottalisation
is generally most favoured when no vowel follows, in this
dialect medial but not final position is favoured.

As far as theory is concerned, we are again forced back
from the elegant Articulatory Phonology position that all
connected speech processes fall out of dynamics. It is most
unlikely that the gestural properties of the final /t/ of get differ,
between say SSB (Standard Southern British) and Yorkshire in
such a way as to predict that in the first case it becomes
glottalised in get a lot of and in the second case it turns into an
/r/. A similar point has been made recently by Ladefoged [21]
on the basis of variation in /l/: ‘Articulatory Phonology can
explain many things, but it cannot explain all the phonological
properties of languages.’ Once more we have to conclude that
between the lexicon and pronunciation there is a potentially
underestimated amount of extrinsic phonetic detail to be added
in. The gestural score is not (and cannot aspire to be) the sole
phonological representation, but must itself be the output of
quite complex processes of realisation or interpretation.

7. DIALECT VARIATION: INTONATION
In the past couple of decades our technology for analysing
intonation, both electronic and in terms of models, has
advanced dramatically. It is now standard to combine
simultaneous listening and observation of the acoustic signal
including its fundamental frequency derivative. A wealth of
new suprasegmental phonetic detail has become more readily

accessible, and we are only beginning to come to terms with it.
Such detail has emerged from numerous single-variety studies,
but it is brought more sharply into focus (as in the case of the
segmental detail we examined above) when cross-variety
studies are carried out. The successful analysis of the detail
depends on recognising that intonation, just like segmental
phonetics, has a phonological structure which (whatever terms
one prefers to use) is subject to interpretation or realisation in a
language-particular (and variety-particular) way.

One such aspect is embodied in the notion of ‘truncation’
and compression. Ladd [19:115-118] discusses the case of
question intonation in Hungarian. Questions underlyingly have
a rise-fall nucleus, L*HL in autosegmental terms. A rise fall in
English (e.g. RP) tends to be used in marked contexts such as
exclamations: soda (indeed!), beer (indeed!) and the full rise-
fall will be ‘compressed’ onto even a monosyllable. In
Hungarian, on the other hand, questions on the structurally
parallel items szódá? (‘water?’) and sör? (‘beer?’) appear
superficially to have different intonation patterns. Whilst szódá
has a rise-fall, the monosyllabic sör? has a simple rise. The
insight, however, is that while English ‘compresses’ the pitch
movement defined by the three tones (here LHL) even onto a
monosyllable, Hungarian will tolerate a maximum of two tones
on any syllable, and here ‘truncates’ the rightmost leaving LH.
This is illustrated schematically in Figure 7.

The phonetic forms make it look as if there are two
alternative question intonations in Hungarian, a rise and a rise-
fall. But their functional equivalence, and complementary
distribution as far as syllable environment is concerned, mean
that they can be regarded as phonologically equivalent. A
difference in what Carter [6] would call extrinsic phonetic
interpretation between the two languages results in the
observed difference.

Grabe [9, 10] shows a similar difference between English
and German falls (HL). In monosyllables in Standard Southern
English, as the voiced segmental material becomes
progressively shorter, the size of the fall is preserved by virtue
of a more rapid rate of change. In comparable German
utterances, however, a nuclear fall is effectively a high level
tone. Underlyingly this is nonetheless HL, by the argument that
as soon as longer segmental material is substituted in

Accent tie attain date better get well get a lot of
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comparable contexts the fall emerges. This is summarised in
Figure 8.

Grabe’s data is less categorical than Ladd’s description
implies for Hungarian, since long German monosyllables show
a degree of fall in Fo, suggesting that what is involved is not a
categorical deletion of the final L but, perhaps, that the L is
associated more abstractly with the latter part of a rhythmic
foot template consisting of a stressed and unstressed syllable –
whether or not the unstressed syllable is present. Rises,
incidentally, are compressed in both languages.

In a project whose aim is to provide a systematic
comparison of the intonation of several varieties of English in
the British Isles [8], Grabe et al. [11] have discovered similar
differences of compression and truncation behaviour between
Standard Southern British, Leeds, Newcastle, and Belfast.
Their experiment used names which varied in terms of the
syllabic and segmental material available for voicing, e.g. ‘Mr
Sheafer’ (disyllable), ‘Mr Sheaf’ (monosyllable, long vowel),
and ‘Mr  Shift’ (short vowel), in contexts eliciting the word as
the intonation nucleus in a question or a statement. Speakers in
three of the dialects used falling nuclei on the statements and
rising nuclei on the questions. In Belfast, as is well known, the
default statement intonation is a rise (more accurately a ‘rise-
plateau’), and this intonation was used by Belfast speakers in
both contexts.

Truncation or compression was assessed primarily by
determining the rate of Fo change in the voiced material
associated with the word. Most intriguingly, it emerged that
while Standard Southern British and Newcastle compress both
rises and falls, Leeds truncates both rises and falls. Belfast,
using only rises, truncates these. If we add German as a more
distantly related variety, it exhibits a compromise between
these two strategies, compressing rises and truncating falls (as
noted above. Table 3 summarises this behaviour, with
compression highlighted.

Truncation versus compression, then, is a strong candidate
for consideration as an extrinsic phonetic difference, this time
in the suprasegmental domain.

Another candidate which has emerged from [8] is the
alignment of the peak associated with H* pitch accents at the

beginning of an intonational phrase. Nolan and Farrar [29]
show that all four of the dialects above are inclined to align the
peak after the initial stressed syllable with which the accent is

phonologically associated, this tendency being much stronger
when there are no unstressed syllables preceding the initial
accented syllable. That is, unless there is ‘anacrusis’, the pitch
peak will lag after the accented syllable. However, as shown in
Figure 9, dialects differ in their propensity to lag.

For instance, Cambridge speakers achieve 50% of their Fo
peaks on the phonologically associated syllable, and lag very
few beyond the first following unstressed syllable (‘extreme
lag’), whereas Newcastle speakers have extreme lag almost as
often as they match alignment with phonological association.
Phonetic details such as these are undoubtedly important for
our perceptual identification and characterisation of dialects

8. CONCLUSIONS
I hope in this paper to have provided some thought-provoking
phonetic details which fall between the contrastively
phonological and the physical. I predict that focus of the
phonetic sciences will increasingly be on such detail. Its
richness and diversity, between languages and within a
language, has long been known, but its fine structure is only
now becoming apparent through the application of new
technology and new models. Contrastive phonological systems
are well understood, for all that the rate of turnover of new
formal models for capturing them is quite high; and the
physical properties of speech in their own right are gradually
being unfolded. But we do not have models which adequately
accommodate the kinds of linguistic-phonetic variability which
I have discussed.

COMPRESSION

TRUNCATION

Figure 7. Distribution of an LHL pitch accent on longer
and shorter phonetic material, showing the strategies of
compression and truncation as in Hungarian.

RISE FALL
SSB compresses compresses
Newcastle compresses compresses
German compresses truncates
Leeds truncates truncates
Belfast truncates –
Table 3. Truncation / compression in different varieties.

COMPRESSION

TRUNCATION

Figure 8. Distribution of an HL pitch accent on longer
and shorter phonetic material, showing the strategies of
compression and truncation as in German.
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Figure 9. Peak alignment in different dialects.

I cannot promise that a revolution lies around the corner in
the phonetic sciences of the kind which is heralded for
cosmology by the claim of the ‘accelerating universe’. But I do
think that just as the attention of cosmologists will shift to
confirming and explaining this claim, so the attention of the
phonetic sciences will undergo a shift. The shift will be from
hoping to find an elegant model based on contrastive
phonology and implementation based on physical principles, to
the acknowledgement of extrinsic phonetic interpretation and
its incorporation into an overall theory.
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FLEXIBLE, ROBUST, AND EFFICIENT HUMAN SPEECH PROCESSING
VERSUS PRESENT-DAY SPEECH TECHNOLOGY

Louis C.W. Pols
Institute of Phonetic Sciences / IFOTT, University of Amsterdam

ABSTRACT
Present-day speech technology systems try to perform equally
well or preferably even better than humans under specific
conditions. For more complex tasks machines frequently show
degraded performance, because their flexibility, robustness and
efficiency is lower than that of humans. In order to better
understand the system limitations and perhaps further improve
system performance, one can try to learn from human behavior
and imitate its functionality, without plain duplication. This paper
discusses a number of characteristics of human speech processing
and compares these with system performance. It is argued that
phonetic sciences and speech technology can mutually benefit
from each other if they use similar data and similar represen-
tations. R. Moore [25] used for this approach the appropriate
term Computational Phonetics.

1. INTRODUCTION
Whenever a discussion starts about implementing specific
(phonetic or linguistic) knowledge in (speech) technological
applications, always the metaphor about birds versus airplanes
pops up. Planes donÕt flap wings, so why should speech
recognizers have ears [15]? In a way this is also the theme of my
keynote address: Are humans indeed much better than machines
in processing speech and what can we learn from them to
improve the performance of speech technology systems? And
more specifically, given the present conference, can basic
research in phonetics help speech technology?

Indeed I believe that humans are much better speech
communicators than machines, they are far more flexible, robust,
and efficient. However, humans are also lazy, get tired or bored,
can be pre-occupied, have strong expectations, generally only
know one language, etc.. For all these and other reasons present-
day speech-technology systems can, under certain conditions, do
better than humans. Think for instance about a 24-hours speaker-
independent telephone or credit card number recognizer
operating over any telephone line, or a never tired or irritated
flight or subway announcer using canned speech plus some rule
synthesis.

Another hot discussion item concerns the concept of
ÔknowledgeÕ. Is good old-fashioned phonetic or phonological
knowledge expressed in regular expressions, superior or inferior
to probability distributions derived from an annotated speech
database? Of course it all depends on the validity of the data and
upon their usefulness for certain applications. In a formant-based
rule synthesizer regular expressions might be very helpful,
whereas in an HMM-based speech recognizer probabilistic
knowledge might be much more easily implementable.

Below I will present, in a number of sections, various
aspects of human speech processing. I will indicate its
capabilities and limitations, and I will try to point out how this
knowledge might be used to help to improve speech technology.

2. HOW GOOD IS HUMAN AND MACHINE SPEECH
RECOGNITION?

Undoubtedly, the performance of speech recognition,
understanding, and dialogue systems has greatly improved since
the early days of DTW-based isolated-word recognizers. DARPA
and NIST officials [7, 29, 30] are very good in showing us how
impressive progress has been over the years for ever-more
difficult tasks, from the TI-digits and the spelling alphabet, via
the 1,000-word naval resource management (RM) database, the
air travel information (ATIS) database, the read aloud Wall Street
Journal (WSJ), later extended to many more newspapers in the
North American Business (NAB) news, and now moving towards
truely conversational speech in TVshows (Broadcast News,
including the Marketplace broadcast) and over the telephone
(Switchboard and Callhome, also in other languages than
English). Also in Europe mono- and multi-lingual speech
databases become more and more common for training and
testing, such as Eurom, Polyphone, Speechdat  Car, SALA
(SpeechDat across Latin America), Albayzin, BDLEX, Babel,
Verbmobil, read aloud Le Monde, travel information calls, and
the Corpus of Spoken Dutch [28].

Lippmann [24] has provided an interesting comparison
between human and machine performance in terms of word error
rate for 6 different tasks, from TI connected digits to phrases
from Switchboard telephone conversations, all in the talker-
independent mode. Table 1 gives an overview of the best results
that he quotes:

corpus description vocabul.  recogn.    % word error
size  perplex. machine human

TI digits read digits 10  10 0.72   0.009
Alphabet read letters 26  26 5   1.6
Resource
Management

read sentences 1,000  60 -
 1,000

17   2

NAB read sentences 5,000 -
  unlimited

 45 -160 6.6   0.4

Switchboard
CSR

spontaneous
telephone
conversations

2,000 -
  unlimited

 80 -150 43   4

Switchboard
wordspotting

idem 20
keywords

 - 31.1   7.4

Table 1. Summary of the word (or digit string) error rates for
humans and for the best performing machines, from [24].

He concludes that even the presently best single systems for
specific tasks, varying from 10-word to 65,000-word
vocabularies, are still one or more orders of magnitude worse
than human performance on similar tasks. He suggests that the
human-machine  performance gap can be reduced by basic
research on improving low-level acoustic-phonetic modeling, on
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improving robustness with noise and channel variability, and on
more accurately modeling spontaneous speech.

Human listeners generally do not rely on one or a few
properties of a specific speech signal only, but use various
features that can be partly absent (Ôtrading relationsÕ), a speech
recognizer generally is not that flexible. Humans can also quickly
adapt to new conditions, like a variable speaking rate, telephone
quality speech, or to somebody having a cold, using pipe speech,
or having a heavy accent. This implies that our internal
references apparently are not fixed, as they are in most
recognizers, but are highly adaptive. Because of our built-in
knowledge of speech and language we can also rather well
predict what might come next, in this way making
communication much more efficient [33].

In sect. 4.2 we will discuss another aspect of the difference
between human and machine performance, namely the
impressive human robustness to noise, level variation, spectral
distortion, reverberation, rate change, variable styles and
emotions, etc..

3. HOW INTELLIGIBLE IS MACHINE-GENERATED
SPEECH?

Machine-generated speech can be produced in many different
ways and for many different applications. Using concatenative
canned speech at word level produces highly intelligible and
almost natural sounding utterances for small-vocabulary
applications, such as announcement systems or a speaking clock.
Unlimited vocabulary speech synthesis is possible through
formant synthesis by rule, but its quality and intelligibility is far
from perfect. The better the rules, the higher the quality will be.
One compromis is the use of diphones, either (LPC-)
parameterized, or using the original waveform plus PSOLA for
pitch and duration manipulations. Concatenative units of variable
size, taken upon demand from a large speech corpus, are the
latest fashion and can produce good quality speech [5]. Still, for
each speaking style and for each new speaker type, another
corpus is required, unless the source and filter characteristics of
these concatenative units can be modified at will [20, 34]. This is
still a serious research area.

On the one hand speech synthesizers can already be used to
help visually handicapped people to read aloud the newspaper for
them [4], on the other hand the intelligible pronunciation of any
name, address, and telephone number is still a challenging task.

Last November 1998 an interesting synthesis evaluation
took place during the ESCA Workshop on Speech Synthesis in
Jenolan Caves, Australia. Some 60 systems, from 39 different
providers and research labs, covering 18 different languages,
were offered for evaluation by the over 100 workshop
participants themselves.

Mainly because at least 3 systems per language were
required for a proper comparison, ultimately  42 systems in 8
languages actually participated in the test (see Table 2). The
(preferably native) subjects listened to all available systems in
that specific language, while these synthesizers produced up to 3
different types of text: newspaper sentences, semantically
unpredictable sentences, and telephone directory entries.
Software was developed and recordings were made (under
controlled conditions: in a short period of time, previously
unknown texts had to be generated) that allowed running this
listening experiment on site on some 12 different PCs. Too many
things went somewhat wrong in this first large scale test in order
to allow to make any serious comparison, the workshop

participants furthermore agreed not to make any individual
results public, but it was perfectly clear that more of such tests
are required and that no system was perfect yet! To underscore
this statement, let me just mention that most systems had an 80%
or less score on semantically unpredictable sentences. These are
short and rather simple sentences of the type ÔHet oog kent het
paard dat blijftÕ (The eye knows the horse that stays) [1]. They
consist of high-frequent words only and should not be a real
challenge to present-day synthesizers anymore. Still, this first
large-scale synthesis evaluation was most valuable and should
get follow-ups.

system speakers texts
male female both news SUS teldir

American English 8 - 8 6 6
American English - 5 5 5 3
British English 4 - 4 3 na
German 7 - 7 6 4
German - 3 3 3 2
French 3 3 na na
Dutch 2 2 2 2
Spanish 3 3 na 2
Chinese 3 3 na na
Japanese 4 4 na 3

Table 2. Some information about the 42 systems that
actually were evaluated at the workshop. This concerns:
language; number of male and/or female speakers; test
material: newspaper sentences, semantically unpredictable
sentences, or telephone directory entries; ÔnaÕ indicates Ônot
availableÕ for that language. Systems on one row were
compared against each other.

4. WHAT KIND OF EARS DO RECOGNIZERS NEED?
I consider the pre-processor that transforms the speech input
signal into a parameter vector for further processing and
recognition, to be the recognizerÕs ear. Any proper preprocessing
done at this level that will improve the recognizerÕs performance
or its robustness will be advantageous. I consider this to be true,
even if corrections at other levels, such as a hybrid approach, or
language modeling, could achieve similar performance.

4.1 Sensitivity for stationary and dynamic signals
The human peripheral and central hearing system has a number
of characteristics that are worth to be taken into account [35].
The ear has a certain sensitivity for stationary and dynamic audio
signals expressed in terms of detection thresholds and just
noticeable differences.

For instance the difference limen for formant frequency is 3-
5% for a stationary synthetic one-formant stimulus; for formant
bandwidth this is only 20-40%. Pitch discrimination under such
experimental conditions is rather good (better than 0.5%), but
quickly degrades under more realistic conditions. For more
details  see Table 3.

Perceptual data for dynamic  and thus more speech-like
signals are rare. Van Wieringen & Pols [55] showed that the
difference limen for an initial formant transition is as high as 230
Hz for short (20-ms) transitions, but becomes better the longer
the transition and the less (spectrally) complex the signal, see
Fig. 1.
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phenomenon threshold/jnd remarks

threshold
of hearing

0 dB at 1000 Hz frequency dependent

threshold
of duration

constant energy
at 10 - 300 ms

Energy =
Power x Duration

frequency
discrimination

1.5 Hz at 1000 Hz more when < 200 ms

intensity
discrimination

0.5 - 1 dB up to 80 dB SL

temporal
discrimination

» 5 ms at 50 ms duration dependent

masking psychophysical
tuning curve

pitch of
complex tones

low pitch many peculiarities

gap detection » 3 ms for
wide-band noise

more at low freq. for
narrow-band noise

formant
frequency

3 - 5 % one formant only
<  3 % with more
experienced subjects

formant
amplitude

» 3 dB F2 in synthetic vowel

overall
intensity

» 1.5 dB synthetic vowel,
mainly F1

formant
bandwidth

20 - 40 % one-formant vowel

F0 (pitch) 0.3 - 0.5 % synthetic vowel

Table 3. Detection thresholds and jnd (just noticeable
differences) for stationary signals and multi-harmonic,
single-formant-like periodic signals.
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Figure 1. Difference limen, at variable transition
duration, in onset or offset frequency (Hz), for initial or
final transitions, respectively, of tone sweeps, and of
single or complex transitions, in isolation or with a
steady state. DL data are averaged over 4 subjects [54].

4.2 Robustness to degraded speech
One way to look at speech is in terms of a time-modulated signal
in a number of frequency bands. This envelope modulation
exemplifies the existence of words, syllables and phonemes. The

modulation spectrum of speech shows a maximum at around 4
Hz. We can degrade speech by temporally smearing out these
modulations [10]. Human listeners appear not to be very sensitive
to such temporal smearing.

Speech segments do have a power spectrum of which the
envelope can also be seen as a modulated signal. Also this
spectral envelope can be smeared out, thus reducing spectral
contrasts, by using wider and wider filters, say from 1/8 to 2
octaves. Only when the spectral energy is smeared over a
bandwidth wider than 1/3 octave, the masked Speech Reception
Threshold, a measure for speech intelligibility, starts to degrade
[22].

The human ear is also remarkably insensitive (or easily
adaptable?) to another type of spectral distortion in which the
average speech spectrum continuously changes form. Sinusoidal
variations of the spectral slope of the speech signal from -5 to +5
dB/oct, with frequencies from 0.25 to 2 Hz, have remarkably
little influence on the SRT of sentences in noise [11]. This
insensitivity is actually a requirement for a certain type of digital
hearing aid to be successful since these systems continuously
amplify frequency bands with a favorable SNR and attenuate the
other frequency bands. This implies that the average speech
spectrum continuously changes form. It appears that humans are
rather insensitive to that. I am afraid that on the other hand
speech recognizers are extremely sensitive to such
transformations!

I am not argueing here that, because of the above results,
recognition preprocessors should use less spectral or temporal
resolution, or should use only differential measures. However, I
do argue for more flexibility in pre-processing and in feature
extraction.

4.3 Robustness to noise and reverberation
The performance of speech recognizers trained in quiet generally
starts to degrade substantially already at signal-to-noise ratios
(SNR) of +10 dB and less [24], whereas human speech intelligi-
bility (or word error rate) then is not yet degraded at all. Also the
level of (human) performance of course depends on such aspects

Figure 2. Intelligibility of various word types as a function
of the signal-to-noise ratio (SNR) for noise with a speech-
like spectrum. The Speech Transmission Index (STI) is also
indicated [50].
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as the size of the vocabulary  and the native language of the
speaker and the listener.

At about -10 dB SNR all speech becomes unintelligible
even for very limited vocabularies, such as the digits or the
spelling alphabet [50]. For a difficult word vocabulary such as
CVC nonsense words the score from unintelligible to 100%
correct covers a range of signal-to-noise ratios of about 20 dB,
roughly from -9 to +12 dB (see Fig. 2). At SNRÊ=Ê-3 dB single
digits and triplets in English are still correctly understood with
less than 1% error [32].

We studied consonant intelligibility and confusibility under
various conditions of noise (noise with a speech-like spectrum,
and low-pass filtered pink noise; SNR from +15 to -6 dB) and/or
reverberation (T = 0, 0.5, 1, and 1.5 s) [31]. Also under such
conditions consonant intelligibility starts to degrade at SNRÊ£
+10 dB. The theoretical and practical relations between the effect
of noise and reverberation and speech intelligibility are nicely
represented in the speech transmission index (STI) concept based
on the Modulation Transfer Function [18].

4.4 Filter characteristics
Neuro-mechanical signal processing in the peripheral auditory
system is so complex that it does not make much sense to try to
imitate that process in ASR front-end modeling, apart from its
functionality. Why to worry about the non-flat frequency
response of the middle ear, limited spectral resolution of the
basilar membrane, limited dynamic range and saturation of the
haircells, non-linearities like two-tone suppression, combination
tones and lateral inhibition, active elements like the Kemp-echo,
co-modulation, profile analysis, or low pitch, if bandfilter
analysis, PLP, or MFCC seem to perform rather well already? Of
course certain aspects might become more relevant if optimal
feature extraction is required. It is probable that higher robustness
can be achieved by careful selection of the spectro-temporal
features, and that prosody-driven recognizers will indeed increase
performance, see sect. 5.7.

Hermansky [15] has been especially productive in
suggesting and testing various spectro-temporal analysis
procedures, such as PLP, RASTA, the use of multi-bands for
noisy speech, and most recently TRAPS [16].

5. WHAT KIND OF (PHONETIC) KNOWLEDGE COULD
RECOGNIZERS TAKE INTO ACCOUNT?

It is a lost battle to try to return to the old days of knowledge-
based recognition (e.g., [56]), however, this should not prevent us
from considering specific phonetic and linguistic knowledge that
might be implementable in probabilistic recognition and thus
hopefully will improve performance. As the title of my
presentation indicates, human recognition is flexible, robust and
efficient, and it would not hurt recognition machines to have
more of these characteristics as well.

It always strikes me that many rather consistent speech
characteristics are most of the time totally neglected in speech
recognition. Let me mention a few:
- pitch information
- durational variability
- spectral reduction and coarticulation
- quick adaptation to speaker, style and communication channel
- communicative expectation
- multi-modality
- binaural hearing

If you permit me to give a caricature of present-day
recognizers, then these machines are trained with all the speech,
speaker, textual and environmental variability that may occur
under the application in mind, thus giving the system a lot of
global knowledge without understanding all the inter-relations.
Furthermore, the input is monaural and unimodal and the pitch
extractor does not work. Subsequently the recognizer performs
rather well on average behavior and does poorly on any type of
outlier, be it an unknown word, or a non-native speaker, or a fast
speaker, or one with a cold, or a whispered input. The system
does not know, or at least is not yet able to use that knowledge,
that most question phrases have a rising pitch contour, that in fast
speech almost all segments are shorter, that new information is
stressed, that actual pronunciation deviates in predictable ways
from the normative form given in the lexicon, etc..

It is certainly worth trying to study whether certain local
characteristics could be assigned to incoming speech, in order to
fine-tune the recognition system and thus hopefully improve its
performance.

Such local characteristics should preferably be derivable
from the speech signal as such, without knowing yet the word
sequence. So, this could be the sex of the speaker, the local
speaking rate, the clearness or nasality of articulation, the local
prominence, etc.. Once something like an N-best recognition is
achieved, another level of post-processing is possible, based on
the given word sequence and the potential meaning. At this level
one can think of phrase-final lengthening and other boundary
markers, poly-syllabic shortening, consonant cluster compres-
sion, r-coloring, assimilation, coarticulation, and reduction up to
complete deletion, accentual lengthening, lexical stress, accent-
lending pitch movements, consequences of stress clash and other
rhythmic phenomena, dialectical and speaking style adaptation,
etc..

It is of course true that in phone or triphone models a
number of the above phenomena are at least partly covered in a
probabilistic way, but any consistent behavior is not.

5.1 Durational variability
In order to make this whole discussion slightly more specific, let
me present some data on segmental durational variability. One of
my former Ph.D. students, Xue Wang, carefully studied the
durational phone characteristics from all training sentences in the
TIMIT database [57] and incorporated that knowledge in the
post-processing rescoring phase of an HMM-based recognizer
[37,53]. We studied 11 attributes, but finally choose, for practical
reasons, 4 contextual factors:
- speaking rate (fast, average and slow at sentence level)
- vowel stress (unstressed, primary, and secondary lexical stress

as found in the dictionary)
- location of the syllable in the word (final, penultimate, other,

monosyllable)
- location of the syllable in the utterance (final, penultimate, and

other position)
For instance, for the long vowel /i/ as in ÔbeatÕ, the overall

average duration over all 4,626 occurrences in the training set is
95 ms, with a standard deviation of 39 ms. However for fast-rate
unstressed realizations (796 occurrences) its mean duration is
only 78 ms (sd=25 ms), whereas for an average-rate, word-final
and utterance-final position (12 occurrences) the average vowel
duration is not less than 186 ms (sd=52 ms), see Fig. 3.

Selfloops in a multi-state Markov model are certainly able
to capture part of this variability, but given its systematic
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Figure 3. Part of the duration distribution of all 4,626 vowel /i/ segments in  the TIMIT training set. Counts are  number of phone
instances per factor level. Mean duration and standard deviation are given in milliseconds. The factors are speaking rate R, at 3 levels
(0=fast, 1=average, 2=slow), vowel stress S, at 3 levels (0=unstressed, 1=primary, 2=secondary), location of syllable in the word Lw,
at 4 levels (0=other, 1=final, 2=penultimate, 3=mono), and location of syllable in the utterance Lu, at 3 levels (0=other, 1=final,
2=penultimate) [53].

behavior, one wonders whether a more condition-specific
description could not be more helpful. Within the standard HMM
toolkit that we had available, together with a rather simple N-best
recognizer, we could only show marginal improvement from the
base-line scores. I am convinced that an integrated approach
would give additional progress.

This type of durational information [42] is certainly most
useful in rule-based synthesis, especially since there one
prototype is good enough, whereas in recognition one always has
to worry about individual variability.

5.2 Vowel and consonant reduction, coarticulation
Similarly, phoneticians wonder whether specific spectral
information could improve recognition. Spectral variability is not
random, but at least partly speaker-, style-, and context-specific:
small-headed speakers have higher formants than big-headed
ones, schwa realization is not a simple centralization process but
is strongly controlled by local context, fast and sloppy
pronunciation shows more reduction than hyper speech, liquids
and nasals do something to vowel quality, new and thus generally
stressed information is more clearly articulated than given
information.

Again, the observation probabilities in a Markov model can
take care of a lot of spectral variability, especially so when
multiphone-models are used, however, whenever such variability
is systematic, it might still be worthwhile to model that. So, why

not have separate models for full and reduced vowels? Not even
in diphone synthesis it is very common to have at least two
diphone sets, one for full and one for reduced vowels.
Sometimes, system designers are lucky while they get spectral
reduction for free in shortening the segment.

Why not distinguish between stressed and unstressed, and
why not between read and spontaneous speech? Most people will
take for granted that there are consistent distinctions between
these conditions for vowels. Van Son & Pols [47] showed that
this is similarly true for consonants. Acoustic consonant
reduction can be expressed in terms of  such measures as:
- duration
- spectral balance
- intervocalic sound energy differences
- F2 slope difference
- locus equation

Fig. 4 gives an example of the overall results, here on mean
consonant duration, split on speaking style and syllable stress for
791 VCV segments taken from spontaneous and corresponding
read speech from a single male Dutch speaker. Differences
between conditions are substantial and indicate consonant
reduction in spontaneous speech and in unstressed segments.

These results correlate nicely with consonant identification
results in a listening experiment with 22 Dutch subjects using the
same VCV stimuli [47], see Fig. 5.

page 13 ICPhS99          San Francisco

page 13 ICPhS99          San Francisco



45

50

55

60

65

45

50

55

60

65
Read

Spontaneous

Stressed Unstressed Total

D
ur

at
io

n 
->

 m
s

p £ 0.001 0.006 0.001
Figure 4. Mean durations (in ms) of the consonant tokens,
split on speaking style (read and spontaneous) and syllable
stress. The significance levels of the differences between
read and spontaneous realizations are calculated using the
Wilcoxon Matched-Pairs Signed-Ranks test.

5.3 Pronunciation variation
Most recognizers work with  a lexicon in which all words in the
vocabulary have their normative pronunciation. Everybody
knows that actual pronunciation can deviate substantially from
that norm [52], see also sect. 5.2 and 5.5. Again, skips in a
Markov model are quite powerful in modeling potential deletion
and the like in a probabilistic way. However, certain substitution,
reduction and deletion phenomena are much more systematic,
and could perhaps become part of the sequential word model
itself.

5.4 Speech efficiency
Recently we started a new project on the efficiency of speech
[46]. Speaking is considered to be efficient if the speech sound
contains only the information needed to understand it. This was
expressed nicely by Lindblom [23] in saying Ôspeech is the
missing informationÕ. On a corpus of spontaneous and
corresponding read speech we indeed found that the duration and
spectral reduction of consonants and correlate with the syllable
and word frequency in this corpus. Consonant intelligibility in
VCV segments correlates with both the acoustic factors and the
syllable and word frequencies. It might be interesting in future
recognizers to integrate this statistical knowledge with acoustic
and n-gram language knowledge.

5.5 Units in speech recognition
Greenberg [13] presents very interesting data about a detailed
analysis of 4 hours of phonetically labeled data of the
Switchboard corpus (informal, unscripted, telephone dialogs in
American  English).  The 100  most  common  words account  for
66% of all individual tokens (25,923). The 30 most frequent
words are all monosyllabic, whereas from the next 70 words only
10 are not. Eighty one percent of all corpus tokens are
monosyllabic although they cover only 22.4% of the word types.
The most common words, such as ÔIÕ, ÔandÕ, ÔtheÕ, ÔyouÕ, ÔthatÕ,
ÔaÕ, ÔtoÕ, ÔknowÕ, ÔofÕ, and ÔitÕ, all show substantial variation in
pronunciation. On average there are 62 different phonetic
expressions per word! Jurafsky et al. [19] indicate systematicity
in the amount of reduction in these 10 function words. Also for
most other words the phonetic realization  in spontaneous  speech
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Figure 5. Mean error rates for consonant identification, split
on speaking style (read and spontaneous) and syllable
stress. The significance levels of the differences between
read and spontaneous realizations are calculated using
McNemarÕs test.

often differs markedly from the canonical, phonological
representation. According to Greenberg the patterns of deletion
and substitution become rather systematic when placed within the
framework of the syllable. He concludes that the syllable really is
the basis for pronunciation and could profitably be used as the
basis for recognition as well.

5.6 Quick adaptation
One of the most intriguing capabilities of human listeners, is their
quick adapatation to new speakers, speaking styles, and
environmental conditions. Probably most astonishing of all is the
childÕs capability to understand her motherÕs and even her
fatherÕs speech, despite substantial differences with her own
speech. Various speaker normalizations in the vowel formant
space have been proposed over the years, but none is really
effective or appealing, partly because additional knowledge is
required. Perception experiments with blocked-speakers- and
mixed-speakers-designs have given some insight, but are rather
artificial [3]. There is this tradeoff between quick adaptation,
continued learning and buffering of old memories, that Grossberg
[14] calls the stability-plasticity dilemma. He proposes the
Adaptive Resonance Theory (ART) as one of the solutions to that
problem.

In most speech recognizers the input variability is either
incorporated in the training data, which is a rather brute force
approach, or some form of adaptation is applied. One way is
hierarchical codebook adaptation [12], but also tree-based
dependence models are getting popular now [21]. Approaches
used to personalize a synthetic voice [20] may also be interesting.

5.7 Prosody-driven recognition
Prosody mainly shows itself in accentuation and boundary
marking. It provides important cues about word stress and
sentence accent, and thus about given and new information.
Durational and intonational characteristics mark phrase
boundaries. Prosody provides important communicative
information that is indispensable for text interpretation [8, 9] and
dialog disambiguation [27]. Nevertheless it is barely used so far
in ASR for several reasons. Prosody is a supra-segmental feature
and thus difficult to handle by frame-based recognition systems.
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Furthermore, error-free pitch extractors, working directly on the
microphone signal, do not yet exist, whereas also a proper
interpretation of the raw F0-contour is not an easy task. Even if
segments are properly located, their duration cannot so easily be
interpreted in a relative way. For instance, phrase-final
lengthening is a nice concept, but the occurrence of a long
syllable has to be detected relative to local speaking rate,  the
actual phonemes in the syllable, the length of the word, etc..

We are presently running a project about finding acoustic
correlates for prominence, in which we envisage many of the
above problems. Most naive language users donÕt know about
metrical phonology, new/given, accent-lending pitch movements,
break indices, and the like. However they can mark the word(s)
in a sentence that they perceive as being spoken with
prominence. We would like to find the best set of acoustic
features and the best algorithm to predict perceived prominence
directly from the speech signal. Using  F0-range and duration per
syllable, as well as loudness per vowel, as prominence predictors
shows promising results [51], but more detailed information is
needed [17, 38].

5.8 Multiple features
In my opinion, one of the main differences between human and
machine speech processing is the fact that humans use multiple
sources of information and select from them upon demand [44],
whereas machines are operating with a fixed set of features and
fixed procedures for recognition. Disambiguating between two
minimally different words requires another level of spectro-
temporal resolution than speech-non-speech detection. Using the
appropriate spectral and temporal selectivity, preferably from
parallel channels in which all varieties are available for some
time, plus optimal use of multiple cues and trade-off relations
[26, 39] is characteristic for efficient human performance.

6. DISCUSSION
In the above presentation I have stressed once again the well-
known fact that humans generally do much better than machines
in recognizing speech. I also tried to indicate how and why
humans frequently do better. However, most of the time it was
not so easy to conclude what knowledge, so far, was neglected in
ASR, how that easily could be added, and what specific increase
in performance that would bring under certain conditions. Please
donÕt blame me for that. I am simply a scientist with a
background in phonetics and speech perception who has a strong
interest in speech technology and who seriously believes that
substantial progress in speech technology still can be made by
learning from human functionality. Of course, improving the
predictability of communication by proper dialog handling and
language modeling, will be extremely helpful, but still also much
progress can be gained from optimal front-end processing and
acoustic modeling and recognition.

I also want to repeat the pledge made by Roger Moore [25]
at ICPhSÕ95 in Stockholm for Computational phonetics. He then
indicated that

Òthe skills and expertise represented  by the phonetic
science community could be usefully directed not towards
the construction of better automatic speech recognisers or
synthesisers, but towards the exploitation of the theoretical
and practical tools and techniques from speech technology
for the creation of more advanced theories of speech
perception and production (by humans and by machines)Ó.

It will hopefully be clear that I believe that both communities
could benefit from each other.

I do believe that (computational) phonetics does make
interesting contributions to speech technology via duration
modeling (e.g., [41, 49, 53], pronunciation variation modeling
[52], vowel reduction models (e.g., [2]), computational prosody
[40], using appropriate information measures for confusions [45],
the use of the modulation transfer function for speech [18], etc..

Similarly does speech technology, with its abundance of
(automatically or hand-annotated) speech and language databases
and its wealth of analysis, modeling, and recognition methods,
provide interesting tools to collect speech data, to extract
regularities, and to apply that knowledge.
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INTONATION OF SPONTANEOUS SPEECH IN FRENCH 

ABSTRACT 

Philippe Martin 
University of Toronto, Toronto, Canada 

Phonosyntactic models of intonation are usually inferred from 
read speech data, and bear no or limited expected validity for 
spontaneous speech. To investigate this commonly accepted 
assumption, we analyzed a sample corpus of spontaneous speech 
recorded in various interviews broadcast on a French radio 
station. Experimental results were confronted to theoretical 
predictions, pertaining to the encoding of the prosodic structure 
in French and to constraints governing the relationship between 
the syntactic and the prosodic structures. The data involve pitch 
accents characteristics (rising and falling contour distribution), 
stress and syntactic clash conditions, eurhythmy and number of 
syllables in the prosodic word. 

1. INTRODUCTION 
Spontaneous speech is often characterized by numerous 
manifestations of disfluency (breakdowns in the acoustic 
continuum, lengthening, repetition of non-significant units, 
phones and syllables, breaks in Fo and intensity lines, abrupt 
tempo changes, empty and filled pauses, errors in syntactic 
markers and lexical access, etc.). Despite these possibly 
perturbation effects, they are a priori no reasons to believe that 
spontaneous speech is not generated by the same grammar that 
governs other styles of speech production such as reading or 
reciting. Although many researchers state that prosodic 
prediction may be of limited applicability with spontaneous 
speech [6], this papers presents some evidence of the contrary, 
and attempts to propose some explanations accounting for the 
variety of spontaneous speech intonation. 

The prosodic grammar used here differs somewhat from the 
commonly used theory derived from the work of Pierrehumbert 
and others [7], and used worldwide [l]. In particular, pitch 
accents are assumed to function as markers of a multi level 
prosodic structure, and are described by features that pertain 
strictly to this function. Other observed prosodic facts (such as 
tone boundaries, declination, etc.) are considered as phonetic 
variations, and are not part of the phonological description. 

2. THE MODEL TESTED 
The prosodic grammar tested for spontaneous speech differs 
from dominant North American varieties essentially by assuming 
that the prosodic structure is a hierarchy of prosodic words 
indicated by pitch accents (a prosodic word is a stream of 
prosody which contains one and only one stress). Boundary tones 
are viewed as phonetic facts, although in French, this difference 
is of little consequence as stressed syllables are usually in final 
position. 

The prosodic grammar specifies that pitch movements 

accounting for the prosodic structure, and the relationship 
between the syntactic and prosodic structures are governed by 
specific constraints. Among those constraints, syntactic clash 
(preventing configurations as (A [B) (C] D), where A, B, C and 
D are prosodic words grouped by syntax into (AB) and (CD) and 
by prosody into (BC), stress clash, maximum length of the 
prosodic word and eurhythmy. 

An important aspect of the theory is neutralization, where 
pitch accents can have their function in the prosodic structure 
suspended, and therefore can have some or all of their phonetic 
features not realized. A classical example of this in French is the 
neutralization of the interrogative modality contour when another 
interrogative marker is present in the sentence, as for example in 

A quelle heure mangez-vous ? 

P 
Neutralized declarative pitch contour 

where the final pitch accent can be falling or rising without 
changing the sentence interrogative modality. Indeed, the rising 
feature of the contour correlated with the interrogative modality 
is made redundant by the presence of the interrogative 
morphological marker quelle. 

At the sentence level, the prosodic structure in French is 
indicated by a contrast in melodic slope to the right, which gives 
in the example below the following predicted sequence of pitch 
contours (in this representation, the assumed prosodic structure is 
represented by square brackets, and organizes hierarchically the 
prosodic words A, B, . . . , N): 

I 
I 

1 
I I I I I 1 

((A B) C) (E F) . . . (M N) 

Neutralized contours 
\ 

1st level rising 
I 

2nd level contour Final falling 

In this example, A and B, terminated by a falling contour, form a 
larger prosodic group with C, bearing a rising contour; E and F 
form another group ended by a rising contour; M and N form the 
last group 
next level, 

terminated by the falling 
ABC and EF, ended by 

sentence w ith the final group MN, ended with a fall 
Other functions are realized by pitch contours, 

declarative contour. At 
a rising contour, form 

.ing 
to i 

the 
the 

contour. 
ndicate 
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- 

- 

the declarative or interrogative modality of the sentence, and 
their variants (evidence, doubt, command and surprise) 
the “propos-theme” division of the sentence (distinct from 
theme-rheme), as in c ‘est le lapin que j’ai achete’, with a 
falling pitch contour on the final syllable of lapin, vs. a 
falling contour on the final syllable of the sentence 

- emphasis on one word, usually by a rising contour on the 
first syllable of the emphasized word. 

More details on this prosodic grammar can be found in [2], [3], 
[4] and [5]. 

3. EXPERIMENTAL PROCEDURE 
Five speakers were recorded on the French radio station France 
Inter during approximately l-minute each. All speakers were 
interviewed about a subject they knew well, and the speech 
stream recorded was not interrupted by the interviewer. The 
recorded material was then processed by the signal analysis 
program WinPitch [lo]. This Windows program is optimized for 
accurate pitch tracking and for phonetic measurements with a 
user-friendly interface. In fact the data were obtained and 
analyzed in real time on the Internet and gave excellent pitch 
curves despite the signal compression inherent to the 
transmission. With this software program, syllabic segmentation 
was particularly easy to achieve. 

The following measurements were taken for each of the 5 
speakers: 
- Number of sentences 
- Number of prosodic words in the sentence 
- Presence of a Propos-Theme division 
- Presence of emphasis, implication (evidence) contours 
- Presence of prosodic parenthesis. 
For each prosodic word: 
- Duration 
- Number of syllables 
- Pitch contour (rising, falling, neutralized). 

4. EXPERIMENTAL RESULTS 
As differences in style of discourse were anticipated, 
experimental results were kept separate for each of the 5 
speakers, CA, Gl, G2, G3 and PV, and are summarized in table 
1. 

This table contains, for each speaker: 
Phrase: number of sequences ended by a falling declarative 
modality contour 
Syllable/PW: average number of syllables in one prosodic word 
PW Duration: average duration (in ms) of one prosodic word 
Number of PW total number of prosodic words 
Propos-Th&me: number of propos-theme divisions 
Level 1, 2, 3: number of prosodic groups belonging to different 
levels of the prosodic structure that display the expected melodic 
slope contrast 
Neutralization: number of prosodic words with a flat pitch 
accent 
Implication: number of pitch accents with an evidence bell pitch 
curve 
Parenthesis: number of parenthetical sequences 
Syntactic clash: number of syntactic clashes. 

Speaker 1 CA 1 Gl 1 G2 1 G3 1 PV 1 
Phrases 1 6 1 2 1 3 1 2 1 12 1 

Syllable I PW 3.7 3.5 3.3 3.6 3.5 
PW Duration 661 690 635 651 624 

I NumberofPW 1671701681341661 
Propos-th&me 1 0 1 0 4 

Level 1 21 18 15 15 32 

I Level 2 1 26 1 13 1 8 1 4 1 10 1 

I Level 3 121510l0lll 
I Neutralization I 11 I 32 1 41 1 14 1 8 1 

Implication 8 1 7 0 1 
Emphasis 7 0 1 1 0 

I Parenthesis 12101011121 
I Syntactic clash I 0 I 0 I 0 I 7 I 0 I 

Table 1. Prosodic data for each speaker 

The first remarkable fact this table shows is the relatively long 
size of the sentences produced by all speakers (with the possible 
exception of PV), for a roughly equal total duration. The average 
duration, and the average number of prosodic words (or stressed 
syllables) contained in a single sentence is much longer than in 
written or read speech. Writers such as F. Celine among others 
have already noticed this long time ago, when they attempt to 
evoke spontaneous discourse in their writings. 

The distribution of prosodic words is very similar for all 
speakers in terms of number of syllables. The average is 3.55 
syllables per word, with an average duration of 653 ms. This 
distribution appears in Fig. 1. 

All Distribution of Prosodic Words 

v) 90 
% 80 
3 70 
4 60 
g 50 
g 40 

3 4 5 6 7 8 

Number of Syllables 

Figure 1. Distribution of number of syllables in the prosodic 
words 

The overall distribution of average syllable length in function of 
the number of syllables of the prosodic word is given in fig. 2. 
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All Syllable Duration 

350 

‘3i300 
Ea 5 250 

3 *O” 
3 150 
n 

100 

50 
0 

Number of syllables in the prosodic word 

Figure 2. Prosodic group duration vs. number of syllables 

The propos-theme division, expected to be a salient feature of 
spontaneous speech, is almost never used, except by speaker PV. 
Implication, manifested by a bell curve contour on either the 
sentence final or the first level group final syllables is used by 
almost all speakers, but parenthesis has been observed only 3 
times. Finally, stress clashes are only found with speaker G3, in 
sequences where he uses only a one level prosodic structure. 

5. INTERPRETATION OF DATA 
5.1. Modality 
Declarative modality falling contours reach the lowest frequency 
values of the sequences, and are easily identified perceptually. 
Contrary to what was to be expected, they do not bear any 
implication variant (i.e. evidence in the declarative case), which 
are located instead on first level rising contours for all speakers. 
This could be explained by the large number of prosodic words 
in a single sentence: placed on the final contour, an evidence 
marker could only appear once at the end of a long sequence, 
whereas its presence on multiple first level contours appears 
much more efficient to signal evidence. 

5.2. “Propos-Theme” 
Propos-theme division of the sentence is less frequent than 
expected, as this specific use of intonation contours in French is 
often described as a characteristic of spontaneous, non-formal 
speech. Only speaker PV uses it 4 times, in relatively short 
sentences, with a theme containing only one prosodic word. This 
could imply that propos-theme division is only effective for short 
or medium length sentences, and is not felt appropriate by 
speakers for long sentences. 

5.3. Emphasis 
Again, emphasis is commonly expected to be a feature of 
spontaneous speech. Nevertheless, our random choice of speech 
streams reveal only one speaker (CA) using as much as 7 
emphatic stresses, all located on the first syllable of plurisyllabic 
prosodic words. 

5.4. Prosodic Word 
The number of syllables of the prosodic words is distributed as 
shown in table 1, with an average of 3.55 syllables per word, the 

majority of which have 2, 3 or 4 syllables. The distribution of 
prosodic word duration in function of their number of syllables 
appears in table 2. This table reflects results already described 
earlier [8], with an exponentially decreasing duration with the 
number of syllables, which makes French a syllable timed 
language only for sequences larger or equal to 2 unstressed and 
one stressed syllables. The larger duration observed for one 
syllable prosodic words is linked to the stress clash condition, 
always present since the proceeding vowel is necessarily stressed 
in French. 

5.5. Pitch Contours 
In French, stress is normally located on the last stressed syllable 
of the prosodic word, and is usually manifested by a longer 
syllable duration, and either by a pitch variation, or, in the case 
of neutralization, by a flat pitch. 

According to the theoretical predictions tested, the rising or 
falling variations are used to indicate the grouping of the 
prosodic word or group to larger units, ending with a pitch accent 
whose slope is the opposite of the pitch accent slope ending the 
prosodic word or group. All speakers did use this mechanism as 
predicted, but at different degrees, pertaining to the number of 
levels encoded in the prosodic structure. G3 for instance, used 
the simplest prosodic coding, which consists of a 2 imbedded 
levels of enumeration, irrespectively of the syntax. His second 
(out of 2) sentence was composed with 32 prosodic words, either 
ended by a rising contour, or composed with 2 or more prosodic 
words with a neutralized flat contour or a falling contour. 

By contrast, speaker CA uses a more sophisticated prosodic 
structure, implying sometimes the use of 3 levels of grouping, 
with realization of appropriate melodic contrasts at each level. As 
expected, rising contours pertaining to different levels of 
prosodic groups do contrast by the amplitude of melodic 
variation (reflected by the perceived stress level). 

5.6. Prosodic Structure 
Table 1 gives the degree of complexity of prosodic structures 
possibly reflected by the complexity of the syntactic structures of 
the sentences. Indeed, speaker CA is very familiar with 
interviews, and uses prosody to more effectively structure his 
discourse than speaker G3, who is at the other end of the scale of 
complexity. In this latter case, prosodic words, or groups of 2 
words, are mostly enumerated, and those groupings are not 
congruent with syntax. By contrast, speaker CA carves his 
prosodic structure in 3 levels, in order to correspond closely to 
syntax, and help the bootstrapping process of syntactic decoding. 

5.7. Syntactic clash 
Again one could expect the occurrence of more syntactic clashes, 
which are only observed for speaker G3. The other speakers did 
not produce any clashes, and produced prosodic structures 
always congruent with syntax. 

6. CONCLUSION 
Although arbitrary by nature, this random set of samples of 
spontaneous speech exhibits interesting characteristics in terms 
of usage of a language specific prosodic grammar. As a 
bootstrapping device for syntactic decoding, the prosodic 
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structure appears clearly as a general purpose frame in which the 
speaker will attempt to insert and fit the preplanned and possibly 
constantly revised syntactic structure as the speech generation 
process takes place. 

Experimental data illustrate the use of different strategies by 
the speakers (possibly under the influence of read speech style), 
to structure prosodically their sentences. In almost all cases 
however, the prosodic encoding mechanism, specific to French, 
is applied to hierarchically structure the speech stream. 
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ABSTRACT

Much of what is known about prosody derives from clinical
studies of adults with hemispheric lesions. Moreover, prosodic
abnormalities tend to be interpreted with little attention to
speech planning difficulties. This investigation describes a
model of discourse and speech planning that utilizes an
integrated methodology, incorporating neuroanatomical,
discourse, and acoustic-physiological domains. Videotaped
samples of naturalistic spoken discourse patterns and more
constrained speaking tasks were acoustically analyzed to identify
correlates of prosody. Participants were two men who had
similar discrete infarcts to the left inferior precentral gyrus and
two otherwise healthy, age-matched peers. Discourse samples
were analyzed within three types of encoding units: clausal,
intonational, and supraclausal. Results indicated that discourse
planning styles were similar among all participants. Prosodic
differences were more apparent within the more constrained
speaking tasks. These results will be discussed with respect to
units of encoding and the role of the precentral gyrus in speech
planning.

1.  INTRODUCTION
The production of prosody is a communicative act involving

the integration of fundamental frequency (f0), amplitude and
duration (1). Another prosodic feature less frequently considered
is pausing, or the absence of sound (2-4). Prosodic features
interact to convey the emotional or affective constituents of a
message, while signaling important linguistic or non-affective
aspects of meaning and intentionality. Therefore, prosody is part
of the multi-layered system of language and speech production
and can be considered as an inherent component of speech
planning processes.

1.1. Basic unit of encoding. An obstacle for research on
interactions between the discourse and speech planning systems
concerns the lack of agreement on the basic encoding units for
the real-time planning of discourse and prosody. Adult models of
discourse and speech planning provide strong evidence that the
case for a single unit is doubtful for at least four reasons. First,
the language and speech systems, which consist of the
phonological, semantic, syntactic, and discourse domains,
function synergistically to achieve the goal of communication.
Because each domain may be constituted differently, dissimilar
kinds of organization can exist at different processing levels.
However, it appears that units of organization are always
functionally appropriate for the particular level (5). Second, a
lack of correspondence often exists between language forms and
their functions. Therefore, unit boundaries among discourse,
syntactic, semantic, and prosodic elements may overlap (6-11).
Third, interactions among cognitive factors, such as the type of
planning a speaker is engaged in, and social factors, including
who are the conversational participants, the nature of the task,
and the communication goals to be accomplished, appear to
influence the encoding units accessed (4, 12, 13). Fourth,

turning to prosody, in the Levelt (5, 14-16) model of speech
planning, distinctions between affective and non-affective
prosody are not inherently categorical. Prosodic information
resides at the level of phonological encoding, where an
“articulatory or phonetic shape for all words and for the
utterance as a whole” is generated (16, p. 91). Metrical
information, as well as phrasal syntactic and affective prosody,
while both higher level functions, are fed into a proposed
prosody generator. This mechanism establishes temporal
parameters for each successive syllable frame in terms of
duration, loudness, and pitch movements prior to the
formulation of the phonetic plan. The output at this level is
described as an “intonational phrase,” a unit that descends from
clausal structure, but is smaller than the clause. This unit
functions to mark an intonational break, which is partially a
pragmatic device “under the speaker’s intentional control” (5, p.
385) since the decision to break is an option that creates the
intonational phrase. Thus, in the Levelt description, boundaries
between affective and non-affective prosody appear to overlap
from a functional perspective.

1.2. Problems in studying prosody. The present study derives
from five problems connected with the clinical diagnosis and
study of disruptions in the production of non-affective prosody in
the left hemisphere: a) the absence of “theoretically grounded
account(s) of…how the brain represents and processes language
(or speech)” (17, p. 342); b) diagnostic procedures dependent on
perceptual assessment of abnormality which often results in
vague or imprecise descriptions; c) the use of speaking tasks that
involve sentence repetition and oral reading of sentences which
do not access on-line discourse or speech planning; d) the lack of
information on the range of normal variations in the natural uses
of non-affective prosody (2, 18); and e) lack of consensus about
the functional units of prosody.

2. REVIEW OF NON-AFFECTIVE PROSODY
2.1. Definition. Most data about the boundaries between normal
and atypical prosody derive from clinical studies on the
production of non-affective prosody in patients with either left or
right hemisphere infarcts or in neurologically healthy adults
(e.g., 1, 17-21). In regard to left hemisphere damage due to
ischemic etiology and  based primarily on autopsy data, only two
studies have clearly identified discrete lesions associated with
aphemia (22, 23 [patient #2]). Key features that appear to define
aphemia, in contrast to Broca’s aphasia, dysarthria, apraxia, or
foreign accent syndrome, are: (a) involvement of the inferior
portion of the left precentral gyrus, (b) intact language
comprehension in the oral and print domains, (c) a slowed rate
of speaking, and (d) prosodic abnormalities. Right hemisphere
damage following ischemic infarction that results in difficulty
modulating affective prosody appears associated with the right
inferior frontal and anterior-inferior parietal regions (24).
Although aphasia is not common, problems with inferencing and
planning may be present because of the frontal lobe involvement
(25, 26). Pertinent findings from the right hemisphere research
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on production suggest that variations in fundamental frequency
are essential to the signaling of affective meanings (1, 21, 27)
and that both cerebral hemispheres may contribute to the non-
affective prosodic aspects of language expression (e.g., 21).
Moreover, Positron Emission Tomography (PET) data on
patterns of pitch perception in a tonal language (Thai) versus
English show that the acoustic properties of prosody may not be
as relevant for their encoding, relative to hemispheric speciali-
zation, as is functional experience with a particular language
(28).

2.2. Difficulties in description. In general, there are two
problems hampering understanding of the functional-anatomical
contributions of the left and right hemispheres to the production
of non-affective and affective prosody. The first pertains to
sample selection. There is wide variability in defining lesion
size and sites in individuals with left anterior infarcts (29). The
second involves differences in procedures (30). The tasks
selected commonly involve highly constrained speaking
activities, such as isolated sentence or word reproduction, which
do not require planning comparable to natural discourse and
speech production. Second, variations in speaking tasks and
their level of cognitive demand, as well as features of the social
context, can also lead to tradeoffs in the allocation of attentional
resources to speech planning versus discourse planning (6, 7, 31,
32). As a consequence, greater variability in speaking rates,
pausal patterns, and articulatory precision may be noted.
Moreover, for clinical studies in the past 13 years, when
acoustic parameters of prosodic production have been
instrumentally analyzed (e.g., 21, 27, 30, 33-38), these
measurements have been interpreted as single dimensions
independently of the discourse or speech planning situation.

2.3. Hesitation phenomenon. A different picture of prosodic
production may emerge when interactions among the discourse
and speech planning systems are considered (37, 39, 40).
Discourse planning has primarily been studied through the prism
of hesitation phenomenon research. The basic premise is that
cognitively and socially difficult tasks influence speakers to
pause more as information processing demands increase (13,
41), while highly familiar, repetitious, or memorized content
contains less hesitations and results in less pausing (4, 42, 43).
Moreover, the discourse production process evolves in a
rhythmical, or cyclical, manner (6, 7, 31, 41). In encoding a
chunk of speaking, a planning phase characterized by more
intervals of pausing alternates with an execution phase, where
phonological encoding takes place for the transformation of
discourse and linguistic elements into speech (41). A point of
unresolved contention concerns whether the unit of discourse
planning is semantic, syntactic (clausal), supraclausal, or, even,
prosodic.

It is the purpose of this project to: (1) Contrast the
information obtained through clausal, prosodic, and supraclausal
methods of investigating prosody; (2) Investigate the role of
acoustic measurement in the determination of prosodic patterns
in discourse that might correspond with a disruption in non-
affective prosody; and (3) Compare variations in prosodic
correlates as obtained from three discourse samples with those
obtained from three traditional sentence level tasks.

3. METHOD
3.1. Participants
3.1.1. Clinical Cases.  Two patients, HC, age 57 years, and AI,
age 50 years, were studied.  Each patient presented with
prosodic and other speech disturbances due to brain infarctions
involving the precentral gyrus.  Both patients underwent brain
MRI examinations.  Localization of their infarctions to the

inferior portion of the left precentral gyrus was verified by the
mapping technique of Sobel et al. (44).

An MRI performed on HC the second day after his stroke
showed that the upper two thirds of the inferior portion of the
left precentral gyrus was damaged. He exhibited severe
disruptions in prosody and articulation that were typical of
traditional definitions of aphemia. HC was then seen again at 57
days poststroke for administration of discourse and speech
production tasks by a neurology resident.

With AI, MRI findings on the third day poststroke showed
an infarction isolated to the middle third of the inferior section
of the left precentral gyrus. AI presented with a disturbance of
nonaffective prosody. AI was first videotaped two days
poststroke and then videotaped at 55 days, 62 days, and 117
days poststroke by the attending neurologist.
3.1.2. Controls.  Two men, matched by age and educational
level, served as control subjects. Their performances on the
discourse and speech tasks would serve as an index of normal
variation.

3.2. Stimuli and Procedures.
3.2.1. Expository Tasks. Three expository tasks were randomly
presented, videotaped, and digitally audiotape recorded in a
quiet room. These samples were analyzed with respect to
planning cycles as an overall measure of discourse planning (32,
45, 46) and with acoustic measures traditionally associated with
speech planning (21).
   Using the pitch contour subroutine of the Computerized
Speech Laboratory (CSL), Henderson’s (46) procedures for the
determination of planning cycles were updated.  Planning cycles
were defined by periods of relative fluency in which no pause
exceeded 250 msecs. and periods of relative pausing in which
silent pauses were > 250 msecs. (12, 47-49). The durations of
fluent and pause periods were computed and plotted as a step-
graph with Claris Works.  The planning cycles then were
visually compared within and between subjects to verify the
existence of planning cycles independent of individual
differences and to note differences in the shape of the cycles that
may be attributed to style of discourse planning (proximal vs.
distal planning), discourse complexity and/or size and location
of cerebral lesion.
   In order to permit more detailed acoustic analysis, each sample
was transcribed orthographically and then segmented into
Communication Units (C-Units) (50), a clausal unit, and
Intonation Units (IPs) (5), a prosodic unit. To assess the
consistency of C-Unit and IP segmentations, two independent
raters evaluated all of the transcripts by relistening to the
video/audio tapes and judging the accuracy of the transcriptions
and unit boundaries. Interobserver reliability was determined
with the kappa formula (51).
   Acoustic analysis of the discourse-based data for individual
C-Units and IPs was carried out. The following measures were
obtained: (1) normalized pause durations between units or the
sum of all pre-unit pauses divided by overall duration (both in
msecs.); (2) pause-to-speaking ratio (PSRAT) (32); (3)
coefficient of variation for frequency and amplitude values (21);
and (4) speaking rate in syllables per second for each discourse
sample (52). The first measure considered individual planning
style while the second focused on local planning.  The last two
measures covered the more traditional view of prosody as
including variations in f0, amplitude and timing.

3.2.2. Constrained Speaking Tasks. To assess the speaker’s
use of prosody in isolated sentences, three more constrained
speaking tasks were administered for comparison with the
expository tasks. These three tasks involved the production of
sentences that manipulated or violated certain prosodic
parameters, such as intonation, word stress and pause placement
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(adapted from 53). The tasks were designed to examine
volitional production of certain aspects of prosody. These
performances were analyzed using the pitch and amplitude
contour subroutines of CSL, as well as for the durations of
specific units.

4. RESULTS
4.1. Methods of investigating prosody. Proximal and distal
planning styles were evidenced in both clinical and control
cases. This would suggest that planning style was not
interrupted by cerebral infarction. Hesitations were noted in
both groups and were indicative of lexical search or thematic
shifts in focus. Location of hesitations seemed to correspond
more closely with the IP than the C-Unit. Hence, the unit of
encoding seems to be something other than the clause.

4.2. Role of acoustic measurement. In terms of the
measurement of non-affective prosody, the largest pre-unit
pauses for all participants occurred in two contexts, when they
initiated speaking on the topic and when they shifted to a new
thematic focus.  In addition, shifts in thematic focus were
marked by predictable increases in PSRAT. In other words, at
these points, more pauses were present when new thematic units
were being planned for expression.

For AI, who had the most circumscribed lesion, timing
differences were evident only in the clause level communication
unit (C-unit) data, while HC had consistent timing difficulties
within both the C-unit and IP data. However, there were
overlaps in values for syllables per second and PSRAT between
AI and the two controls. These overlaps suggest that no single
measure was sufficient to diagnose disturbed prosody.
Coefficient of variation for frequency also differed with AI
having more difficulty controlling the frequency range of his C-
units. These values differed between the two cases and the two
controls, suggesting that the type of prosodic disturbance,
clinically described as aphemia, affected pitch use. However,
amplitude values did not differ for the two cases nor did
amplitude measures differentiate the two cases from the
controls. This result may indicate that amplitude does not
function as a key acoustic parameter in aphemia.

4.3. Comparisons among tasks. Speech production task results
indicated that both AI and HC were experiencing a prosodic
disturbance that was not attributable to a demonstrable
dysarthria or apraxia. Both men were able to produce the
sentences varying prosodic elements successfully. However,
individual variability was noted in how each produced the
desired prosodic target. For example, AI had more difficulty
modulating pitch as the primary element of prosody and relied
more on manipulating segmental durations. On the other hand,
HC experienced trouble regulating duration. Instead, he
produced the target prosodic elements by using pitch variation
strategies. The control subjects experienced no difficulties with
these tasks.  While more robust, these findings were similar to
those evidenced in the discourse level data.

5. DISCUSSION
The advent of neuroimaging techniques in the 1970’s made it
possible to identify pathologic anatomy in patients with aphasia.
Observational studies of patients who have undergone
neuroimaging studies have lead to revised notions about the
patho-anatomic localization of Broca’s area.  Mohr, et al. (54)
observed that infarctions restricted to Broca’s area did not
produce a persistent disorder of language, but rather a “mutism
that is replaced by a rapidly improving dyspraxia and effortful
articulation” (p. 311). The complete syndrome of Broca’s
aphasia is now thought to be a sequela of damage to several

contiguous areas located within the peri-Sylvian region of the
language dominant hemisphere (55).

Our research supports observations that small lesions at
different sites within the peri-Sylvian region produced
distinctive clinical syndromes.  Lesions that involve the inferior
frontal gyrus, but spare the precentral gyrus, produce
impairments in language and speech initiation, but do not
interfere with repetition or articulation. Lesions limited to the
inferior portion of the precentral gyrus and adjacent pars
opercularis are associated with impaired articulation, but normal
initiation of language and speech (55).  In the two patients
described, who had lesions confined to the inferior portion of the
precentral gyrus, dysprosody was the primary language
impairment.  The few prior case studies that included detailed
speech and language analyses, performed on patients with
postmortem or neuroradiographic evidence of lesions confined to
the precentral gyrus, also suggested damage confined to the
inferior portion of this gyrus produces a slow, dysarthric, and
dysprosodic speech pattern (22, 56-58). Thus, elements of
Broca’s aphasia can appear in isolation from other clinical signs
that are typically found in this type of aphasia.

Since small, discrete lesions of the peri-Sylvian region
produce impairments of specific components of linguistic
expression, it appears that individual systems governing
different aspects of expressive language are located within
anatomically distinct sites.  The “classical” Broca’s area is
comprised of several smaller anatomic foci which interact to
generate spoken language.  Precisely how these foci interact is
not known.
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ABSTRACT 
The aim of this paper is to emphasize the importance of 
combining phonetics research with the research in conference 
interpreting. The conclusions of the case study of simultaneous 
conference interpreting from Spanish into Slovene show that the 
prosodic elements (intonation, accent, pauses and pronunciation 
of particular sounds in the source language) as well as the speed 
of speaking have a great influence on the perception and 
understanding of the message delivered in the source language 
(Spanish) and on its correct transmission into the target 
language (Slovene) by the interpreter who is only an 
intermediate addressee, however, the most important element in 
this kind of communication. 

1. INTRODUCTION 
Conference interpreting is a relatively young activity which 
came into being in the period between the two world wars and 
was for a long time only a practical activity, an example of 
applied linguistics. Only more recently conference interpreting 
has become an object of research. The research was mainly 
oriented to pedagogical issues (error analysis, aptitude testings, 
quality in conference interpreting, skill components, 
comprehension, memory), to neuropsychological research, to 
concrete interpreting issues (machine interpreting, 
videoconferencing), but curiously enough very few studies of 
conference interpreting and phonetics were published. The 
opposite situation would be normal since simultaneous 
interpreting is an oral activity, a twofold communication with 
the interpreter in the middle playing a primordial role in the 
process of communication. The phonetic features are of great 
importance for perceiving and passing through the message. 

In Slovenia conference interpretation has a rather long 
tradition. The Association of Conference Interpreters of Slovenia 
was founded in the beginning of 1973 and its active members 
mainly work as free lance interpreters. They cover a great 
number of languages and work in both modalities of conference 
interpreting: the consecutive and the simultaneous. Conference 
interpreting is becoming more and more important for Slovenia 
especially since 1992 when Slovenia gained independence and 
became an active member of the international community 
(member of UNO, Council of Europe, WTO and many other 
international organizations, candidate for a full membership of 
the European Union, NATO, etc.). The need of producing good 
conference interpreters has become urgent and with it the 
importance of good training and relevant research studies of this 
branch of applied linguistics. 

2. CASE STUDIES 
2.1. Introduction 
Although in Slovenia the language combination Spanish Slovene 
for simultaneous conference interpreting is rather rare due to an 
unexplained reduced number of international conferences with 
Spanish as a working language held in Slovenia, we 
concentrated on the study of this particular language 
combination. This situation tends to change as there is an 
increased interest of Slovenes in Spanish language at all levels. 
The aim of the study was to understand better the errors of 
interpretation due to misunderstanding the original speaker in 
Spanish and to use these results to improve our training 
programme at the Faculty of Arts of Ljubljana. The number of 
interpreters who participated in this research was six, four of 
them working into Slovene from Spanish and two of them 
working in both directions Slovene into Spanish and Spanish 
into Slovene. The study was restricted only to the language 
combination Spanish - Slovene and in the phonetic/prosodic 
features of the original speaker in Spanish which could have 
some influence on the rendering correctly the message into 
Slovene. The environment of this empirical study was twofold : 
a natural one, that is, the scope of the real conference, and an 
artificially created conference environment (interpreting taped 
conferences and speeches delivered by a native speaker in the 
university teaching laboratory). The method was that of listening 
to interpreters, analyzing the taped interpretations and 
discussing the problems with interpreters themselves. All the 
interpreters were Slovene native speakers although two of them 
have lived in Spanish speaking countries for a long time. 

2.2. Some phonetic and prosodic features which could be 
responsable for errors in transmitting the message 
In this section some phonetic and prosodic features in Spanish 
which presumably may cause some difficulties for interpreters, 
native Slovene speakers, working from Spanish into Slovene are 
presented. 

The Spanish vowel system is, in comparison with the 
Slovene vowel system, very simple and symetric and for the 
Slovene speaker doesn’t represent a great difficulty, therefore in 
the interpreting from Spanish into Slovene by Slovene 
interpreters the Spanish vowel system is not a problem, but it 
would be in the opposite situation, if a native Spanish 
interpreter would work from Slovene into Spanish, which for the 
time being is not the case. 

Spanish and Slovene consonants do not differ considerably. 
Nevertheless for the native Slovene interpreters working from 
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Spanish some difficulties may be caused by the fricative variants 
of bilabial voiced plosives /p 8 Y/ which appear in positions 
other than initial and not after nasal (and lateral for d), the 
fricative interdental voiceless sound /8/ typical for the Spanish 
spoken in the larger part of Spain and the two alveolar vibrant 
phonemes (simple /r/ and multiple /r-r) because they don’t exist 
in Slovene. Other features of Spanish consonantism which may 
create an obstacle in understanding the message are the 
neutralization of phonemes in the case of the phenomena as 
“yeismo” and “seseo” and the consequential loss of the 
distinctive value of the phonemes in different parts of the 
Spanish speaking world, and the tendency of the consonants in 
final position of the word or syllable to aspiration or to 
disappear, mainly in some Caribbean regions. 

It is well known that intonation may affect meaning and 
perception and that intonational choices facilitate or obstruct 
communication. Therefore the intonation in simultaneous 
interpreting has a relevant role. The Slovene intonational 
patterns generally speaking don’t differ very much from the 
Spanish ones. Both have the general patterns of falling nuclei, 
rising nuclei and neutral nuclei for different kinds of utterances, 
but the different combinations of these nuclei can signalized 
different kinds of emotional involvement of the speaker and 
different degrees of expressivity and may change the message. It 
is therefore important for the interpreter to detect these changes 
and pass them through into the other language. The interpreter 
must also pay attention to two important prosodic features, 
carriers of meaning,: the stress and the pauses. Spanish has a 
regular stress on one syllable (except somethe adverbs of mode), 
but there exists also the so called “acento afectivo o enfatico” 
which stresses another syllable in a particular word to which the 
speaker wants to convey meaning. 

2.3. Main problems the interpreter has to cope with 
After examining the recorded interpretations and comparing 
them with the original speeches, having analyzed them with the 
interpreters and having dicussed other problems we concluded 
that the biggest interference in perceiving the message comes 
from the speed of Spanish speakers, a fact that causes the 
abovementioned phonetic and prosodic difficulties even greater. 

Apart from speed we found the following phonetic and 
prosodic features to obstruct more or less the message delivered 
in the target language: 

-The aspiration and/or disappearance of the fricative 
alveolar voiceless /s/ in position at the end of the syllable or 
word as for instance the disappareance of the mark of plural /s/ 
( todo lo nifio) and consequently the lenghtening of the last 
vowel / todo: lo: nifio: /. In combination with speed this 
phenomenon causes in the interpreter hesitation, subsequently 
loss of time and missing part of the message. 

-The interpreters also complain about some Latinoamerican 
speakers which would drop the last syllable of the words 
especially at the end of phonic groups, which forces them to 
guess or infer the meaning of the message or wait for the next 
portion of speech to render it correctly, which is always a danger 
because important portions of discourse can be lost if you are 
not fast enough. 

-The intonation of speakers may not be such a problem for 
the interpreter when the conference is an official meeting about 
routine matters or a scientific symposium where emotions are 
mostly absent of the speeches. But in meetings where matters of 
importance are discussed and speakers try to defend their 
positions vividly and attack other points of view, it is a problem 
for the interpreter to render this excitement in the Slovene 
language as Slovene speakers are more sober and less 
temperamental as the Spanish speakers can be. There is a 
problem not only in rendering the great number of epithets but 
also the apropriate stress and rythm. All this in conjunction with 
speed, which is so characteristic for Spanish speakers, makes 
the task rather difficult for the interpreters who work into 
Slovene. In our case they mainly tried to deliver the meaning of 
the ideas expressed and to convey somehow the atmosphere of 
excitement and agitation with more rythm, stress and, curiously 
enough, speaking louder and quicker. 

-The social origin of the native speakers and the use of 
dialectical elements, the social registry, the rhetorical capacity 
as well as the provenance of the speakers (from different parts 
of Spanish speaking world) were also emphasized by our 
interpreters as problems in perceiving the message and putting 
the speech correctly into the target language. In the international 
conferences the speakers usually are educated people and use a 
neutral and correct Spanish without many regionalisms avoiding 
typical melodical curves and intonational patterns from their 
country of origin. The differences between different variants of 
Spanish on the phonetic-prosodic level are obvious (for instance 
the Spanish variants from Spain, Argentina and Mexico differ 
quite a lot on this level) and the interpreters must get used to 
them. 

-The interpreters stressed the difficulties they have when 
Spanish native speakers pronounce foreign words and names as 
they lose time to recognize those words and names and have 
problems to catch up with the ongoing speech. 

3. CONCLUSIONS 
Most of our conjectures about the importance of 
abovementioned prosodic and phonetic features at transmitting 
the message were shown to be correct. We noticed especially the 
importance of coping with speed, which shows to be an 
important obstructing element to understanding the source 
language and producing the speech correctly in the target 
language. Both speed and prosodic features sometimes have the 
power to blur the main idea. Therefore they, as well as other non 
verbal communication features of the speakers, have to be taken 
into account in the training programmes of our interpreters. The 
above described analysis points out also the elements we have to 
consider when we work in this special language combination. 
We must not forget the situation a conference interpreter finds 
her/himself in: she/he is in a sound proof booth, she/he does not 
always have a good view of the speaker whose message she/he 
has to render as accurately as possible. It is a stressing situation 
in which the interpreter has to indulge at the same time in a 
series of mental activities (listening, understanding, analysing 
and re-expressing [2]. There are two main difficulties in 
simultaneous interpreting, an acoustic one (the interpreter has to 
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speak and listen at the same time) and the intellectual one (the 
lack of the whole context, as the interpreter must follow the 
original speaker closely). It is of great importance for the 
interpreters to maintain as much as possible eye-contact with 
delegates in the conference room because non verbal 
communication helps them in many cases to solve some 
problems of understanding. We hope that the results of this 
research, although carried out with a small sample, will 
encourage the interdisciplinary research in phonetics and 
conference interpreting, help our teaching strategies in 
conference interpreting and improve our own interpreting. 
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PROSODIC FEATURES IN AUTOMATIC LANGUAGE IDENTIFICATION
REFLECT LANGUAGE TYPOLOGY

Ann Thymé-Gobbel and Sandra E. Hutchins
Natural Speech Technologies

ABSTRACT
Results from a prosody-based automatic language
discrimination (LID) system suggest that the difficulties
reported by other sites in incorporating prosodic information
into LID systems may have been caused by their not using
appropriate task-specific features.  Running averages and
correlations of prosodic features capturing syllable pitch and
amplitude contours, duration and phrase location were
evaluated by deriving a LLR function for each feature and
language pair, then evaluating the effectiveness of that function
as a discriminator.  Data consists of speech in 11 languages
(OGI database) representing a cross-section of traditional
typological categories and relationships.  Results show that
prosody is highly useful in LID if complex perceptual events
are broken down into simpler physical events and features are
chosen based on task.  Prosodic features can distinguish
between language pairs as predicted by language typologies,
suggesting that new languages can be classified using existing
models of similar languages.

1.  INTRODUCTION
1.1. Other LID studies
Past approaches to automatically identifying the language
spoken in a conversational context have used broad phonetic
features, detailed acoustic features, raw waveforms, pitch
contours, vocabulary, etc. [4, 8].  The utility of prosodic cues
like stress and rhythm realized as a function of three acoustic
parameters (pitch, amplitude, duration) was unclear and
therefore was typically not pursued in most studies.  A few
earlier attempts to use prosodic features found them only
marginally successful:  speech rate and syllable timing offered
small improvements [5];  some differences were found between
tone and non-tone languages in pitch change over the duration
of the sentence and the word [6].

We would argue that prosodic features can be useful only
if the appropriate features are used and that the lack of
successful uses of such features in the earlier studies can be
traced to not relying on task-appropriate features.  It is not
enough to derive a large set of general prosodic features
because much more than language identity is encoded in the
prosodic information.  Suprasegmental features also encode
discourse structure, emotion, native language and dialect,
stylistics (e.g. read, spontaneous, lecture), utterance purpose
(e.g. threaten, inform, persuade, flatter), speaker identity, etc.
Since each aspect is encoded by a complex set of overlapping
features, it is better to derive a smaller set that is maximally
reliable for the task.

A recent pairwise language discrimination study using
only two prosodic features – F0 and amplitude envelope
modulation – to discriminate between five languages with a
recurrent neural network has produced some of the most
encouraging results for prosodic LID to date [1].  The network
was able to find generalizations in the temporal patterns of the

data; error distributions reflected traditional rhythm-related
language classes.  Our earlier work on pairwise discrimination
between English, Spanish, Japanese and Mandarin used a much
larger set of prosodic features than [1] and showed that those
features can be very successful in LID [7].  We showed that the
strengths of particular prosodic features and classes of
features—primarily pitch, secondarily duration and
location—reflect differences between the languages as
predictable from prosodic classifications.

1.2.  Prosodic language categories
The results from [1] and [7] suggest that a familiarity with the
variation found in prosody and an understanding of the
relationships between physical measurements and perceived
events help in effectively identifying appropriate features,
particularly if training data is limited, and predicting the
discrimination success of specific language pairs.  Most in-
depth cross-linguistic prosodic studies have focused on a small
set of languages, on controlled speech, on particular theoretical
claims, or are purely descriptive and the standard prosodic
classification recognizes categories of pitch use (pitch-accent,
tonal, non-tonal languages) and rhythm (syllable-timing, stress-
timing, mora-timing).

Pitch-related language categories differ with respect to
amount of overall pitch variation, location of pitch change
within a phrase, presence/absence of specific pitch contour
types, pitch contours at different locations within a phrase,
correlations between pitch and amplitude or duration features,
and so on.

Rhythm is crucial in parsing and intelligibility; however,
there seems to be no simple measure of rhythm.  Isochronous
stresses or syllables are perceived and may be measurable in
read speech or poetry reciting but are apparently not usually
physically present in unplanned speech other than as
tendencies.  A solution is to break complex perceptual
phenomena into simpler easy-to-measure interacting properties.
A study comparing five languages differing in timing and tone
concluded: “The difference between stress-timed and syllable-
timed languages has to do with differences in syllable structure,
vowel reduction, and the phonetic realization of stress and its
influence on the linguistic system.” [2]  The suggested
existence of preferred tempos in the 1.4-2.0 Hz range [3] may
also interact with syllable structure, vowel reduction and pitch
use to explain a language's choice between salience of distance
between syllables or stressed syllables.  This suggests that by
measuring simpler features such as distance between syllable
onsets, between syllable nuclei, and between prominent
stresses we should be able to identify differences between
rhythmically different languages.

In general, we expect languages that are more similar in
pitch use and/or timing-related structure to be more difficult to
differentiate automatically.
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2. METHODS
2.1. Data
We used data from the Oregon Graduate Institute Multi-
Language Telephone Speech Corpus [5], a set of responses to
prompts by native speakers of one of eleven languages:
English, Farsi, French, German, Hindi, Japanese, Korean,
Mandarin, Spanish, Tamil, and Vietnamese.  These languages
provide a good cross-section of language types, representing
stress-timed, syllable-timed, mora-timed and phrase-timed
languages, tone languages and pitch-contour languages,
differing amounts of diachronic relationship, and variation in
syllable structure, with stress-timed languages having more
complex syllable structure than syllable-stressed languages,
which in turn tend to have more complex syllable structure than
tone languages.  In this study, we used only the 50-second
unrestricted open-topic monologue segments typically
involving descriptions of vacations, place of residence, or
occupation.  We divided that data into two batches: TR (the
original OGI training data; 50 files/language) and DF (the OGI
devtest and final data; 40 files/language).  An additional 20
files of the same type were available for testing in nine of the
languages.

2.2. Model Architecture
Our prosody-based LID system differs from most other LID
systems in that no manual tagging of training data is necessary.
The system consists of an acoustic front end which extracts
pitch and amplitude information as a function of time, a
prosodic analysis unit which performs syllable segmentation
(where a syllable is simply a segment with smooth pitch, low
frication, and rising+falling amplitude) and extracts pitch and
amplitude contour information on a syllable-by-syllable basis, a
statistical module which computes inter-syllable timing-related
relationships in the pitch and amplitude information, a training
module which collects histograms of features, and a
discrimination module which computes log likelihood ratio
(LLR) functions from the histograms and uses the LLR
functions to evaluate unknown input in pairwise discrimination.
In calculating the LLR of a feature or feature pair on a pair of
data sets, we use the LLR to identify regions in which the two
data sets (Language A and Language B) have differing
distributions.  If the distribution (or joint distribution) for a
feature (feature pair) is given by p(x) then the LLR(x) is given
by equation (1):

(1) log( p(x | Language A) / p(x| Language B) )

The distributions (p(x)) are approximated by gathering
histograms on the training data. The histograms are subjected
to smoothing and backfill before being normalized for the LLR
calculation.  If the feature is a single feature, x enumerates the
bins in its histogram.  If the feature involves a joint distribution
of two features, x enumerates the bins in the joint (two
dimensional) histogram.

Based on our own research and research reported in the
linguistic and phonetic literature, we implemented a large set of
possible prosodic feature measurements designed to capture
pitch and amplitude contours on a syllable-by-syllable basis
that would be potentially useful for LID but could also be used
for other tasks including emotion and stylistics detection.  The
statistical module measures 224 individual features that can be
used individually or in pairwise combination with any other

feature.  Originally only a small subset of features or feature
pairs appropriate for the task was used in the training and
discrimination modules—our modified system automatically
derives large sets of features.  Features can be divided into
eight descriptive classes: Pitch Contour (slope and shape of
pitch contour on a syllable); Differential Pitch (inter-syllabic
pitch differences); Size (syllable duration, distance between
syllable onsets); Differential Size (differenced log syllable
distance and log syllable duration); Amplitude (slope and shape
of amplitude contour on a syllable); Differential Amplitude
(inter-syllabic amplitude differences); Rhythm (low frequency
FFT of amplitude envelope; syllables per second in a breath
group); Phrase Location (estimated location in breath group
based on syllable distance ratios and silence).  Within each
class are running averages, deltas (difference of current value
and running average), and standard deviations.

In evaluating features for a language pair, we looked at the
minimum and average over four cross-validation runs of the
percent-correct and a figure of merit (FOM) derived on a
speaker-by-speaker basis.  Given the TR and DF data for two
languages, A and B, the cross-runs involve the four possible
assignments of train and run sets to the two languages in which
the run data does not equal the train data.  The FOM of a
feature x for a pairwise discrimination of a set of speakers
drawn from two languages A and B is the difference in the
means of the LLR for x given each language divided by the
sum of the standard deviations of the LLR for x given each
language, as shown in equation (2):

(2) (E(LLR(x | A)) - E(LLR(x | B)) )  /
(StD(LLR(x | A)) + StD(LLR(x | B)) )

Evaluating features according to the minimum in cross-
validation runs allows us to eliminate features that are
unreliable for LID due to influence by stylistics or emotion.

3. RESULTS
3.1. Experiment 1: Best single feature
Using cross-runs, we isolated the single best feature or feature-
pair for each pair of languages, "best" being defined as the
feature with the highest minimum percent correct (min%)
across the 4 runs.  This is a simple way to avoid unstable
features.  It also gives a baseline that should be close to a
lowest expected result on similar test data.  Results are shown
in Table 1.

en ge fr sp fa hi ta ja ko m vi
en 62 70 71 80 74 72 73 77 83 73
ge 70 72 82 75 79 79 81 89 72
fr 62 79 74 65 81 73 87 79
sp 69 66 69 77 68 86 75
fa 63 73 84 72 89 80
hi 61 76 72 84 80
ta 75 69 88 79
ja 73 78 85
ko 81 78
m 78
vi
Table 1. Percent correct pairwise LID best single feature
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The results reflect prosodic similarities between languages
through lower percent correct for more similar languages and
higher percent correct for less similar languages.  Plotting
percent correct against FOM, Figure 1 illustrates how language
pairs tend to separate into groups corresponding to traditional
linguistic rhythm-related categories based on degree of
prosodic similarity.  The best feature is also representative of
the area of greatest dissimilarity between the languages, e.g.
English vs. Spanish differ in timing and syllable structure: the
best feature pair is the delta log distance between syllables at
decay 8 + average pitch slope; English vs. Mandarin differ in
tone, timing and syllable structure: the best feature pair is the
delta log distance between syllables + pitch change over the
first half of the syllable; Japanese vs. Spanish differ in pitch use
more than in timing: best feature pair is the pitch change over
the last half of the syllable + the difference between start and
end pitch for the syllable.

1.3

.30

.50

.70

.90

1.1

60 65 70 75 80 85 %corr

tone/tone
tone/syllable-timed
tone/stress-timed

stress-/syllable-timed
stress-/stress-timed
syllable-/syllable-timed

Figure 1. Percent-correct and FOM for pairwise LID by type

3.2. Experiment 2: Generic vs. task-specific feature sets
The purpose of the second experiment was two-fold: to verify
expectations that (1) a single set of features manually chosen
from the best performers among a representative subset of
languages does not yield results as good as task-specific
features, and (2) a set of features is stronger and more robust
than a single feature since sufficient difference between data
sets means we cannot predict which feature will perform best
on a new data set.  The "generic" set consisted of 15 features
found to be among the best for the pairs
English/Spanish/Japanese/Mandarin.  The task-specific set was
chosen by cross-runs on the 90 original files and pared down to
a set of 5-15 features through a heuristic involving minimum
FOM and range of FOM as well as the min% from cross-runs.
Discrimination was performed with a set of 20 reserved similar
files from a representative subset of languages.  Results are
shown in Table 2.

The results show that for almost all language pairs the
results are better with task-specific features.  In some cases the
improvement is large, e.g. English vs. French (+22%).  Only
for one pair, English vs. German, does the generic set clearly
outperform the task-specific set (-16%).  Since English and
German are prosodically  similar in both syllable structure and
timing, it is not surprising that the percent correct is low and
the higher score for the generic set may be a fluke for this
particular dataset.  Again, the features that perform best reflect
the prosodic differences between the languages: detection of
tone languages involves pitch contour and pitch slope features
and syllable distance features against stress-timed languages;
detection of stress-timed languages involves rhythm features,
pitch, syllable distance and syllable size to varying degrees
depending of the type of the other language in the pair;
detection of syllable-timed languages involves pitch and
rhythm depending on the other language.

A comparison of cross-runs of feature sets vs. a single
feature in 8 pairs of English vs. other languages showed a good
alignment, suggesting that the min% of the single best feature
is a lower bound to feature set performance. Only English vs.
Hindi disappoints by being 5% lower as a set than the single
best.  A comparison of the min% from cross-runs of the single
best feature to the final percent correct in the test data in the
same 8 pairs of English vs. Other_language showed that 4 of
the 8 final pairs scores are close to the min% and 4 final scores
give higher results, suggesting that the best min% is a fair
lower bound to performance.

language  generic  task-spec.   change
pair  %corr  %corr    in %
EN/GE 73 61     –12
EN/FR 53 75     +22
EN/SP 77 85     +  8
EN/TA 68 85     +17
EN/JA 93 90     –  3
EN/MA 77 85     +  8
EN/VI 55 70     +15
JA/MA 72 75     +  3
JA/SP 93 95     +  2
MA/SP 89 95     +  6

Table 2. Percent-correct for generic and task-specific features

4. DISCUSSION
Results from both experiments suggest that the prosodic
similarity between languages is reflected both in the percent
correct with similar (by family relationship or synchronic
category) languages scoring lower and in what features
contribute most to the score.  Complex timing structures can be
broken down into combinations of simpler features involving
segment duration and pitch.  Tone languages have strong pitch
contour features, stress- and syllable-timed languages are
differentiated through features involving rhythm and
segment/gap duration reflecting differences in syllable
structure, etc.  The fact that the strongest features match
linguistic expectations suggests that our prosodic system
captures the appropriate relationships between languages of all
types, allowing a categorization by type.  New languages on
which no training has been performed are expected to behave
in discrimination similarly to the prosodically most similar
trained language.  The results further showed that to use
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prosodic features successfully it is crucial to identify which
features are encoding what aspect of speech so that only task-
appropriate features are used—cross-validation runs and a
figure of merit were found to be simple but useful tools in
identifying those features.  We are currently working with an
automatic feature selection process that lets us select useful
features from a much larger set than we had been using for the
manual and semi-automatic evaluations discussed in this paper.
Through this selection process, we are modifying the heuristic
feature ordering process to favor a greater variety of feature
classes by preferring feature pairs that introduce new features
and feature classes.  Previous analyses indicated that a variety
of features and feature classes led to better overall results and
early results show a slight (< 5%) increase in performance over
representative language pairs.  We suspect that the reason that
many earlier systems did not find prosodic features useful is
that they did not attempt to differentiate between the large
number of different possible features to use only those that are
appropriate for LID.  Since prosodic variation within a
language can be larger than across languages due to emotional
or stylistic variation, some technique for choosing features is
crucial to the success of the system.

In general, then, computationally efficient prosodic
measures can provide a semi-independent noise resistant source
of information for LID without any need for costly hand-
tagging of training data.  Our system could provide a very
quick categorization of unknown language data.  For best LID
results, prosodic measures should be combined with other
information, such as segmental distribution or word
recognition.  For discrimination in a multi-language context
where the number and identity of the present languages are
unknown, a good use of our fast prosody-based LID system can
be to do an initial decision and a paring down of possible
languages.  Based on the prosodic categorization, an
appropriately limited set of segment-based language models
can be applied for the final LID decision.
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ABSTRACT
Casual speech tends to exhibit a larger proportion of reduced
sound segments than careful speech; e.g. she packs shorts,
will be /Si pQk S�:ts/ rather than /Si: pQks S�:ts/. In the present
paper, we ask whether we can find comparable effects in
English intonation.

Pitch accent distribution in three speaking styles was
examined: read, semi-spontaneous and spontaneous speech.
The data were taken from the IViE corpus [4], and were
transcribed prosodically in the IViE labelling system, an
autosegmental-metrical transcription system for comparative
intonation analysis. After labelling, pitch accent types were
counted and compared. The results showed that in casual
speech, speakers used fewer complex pitch accents than in
careful speech. Our findings offer support for autosegmental
approaches to intonation analysis such as the ones proposed
by [5] and [2] which allow for a number of phonological
processes in intonation, including continuous speech
processes.

1. INTRODUCTION
In segmental phonetics, differences between careful and casual
speech have been modelled by continous speech processes
such as assimilation or elision [6], and it is generally assumed
that casual speech exhibits more instances of such processes
than careful speech. In the present paper, we ask whether we
can find comparable evidence for continuous speech processes
in English intonation.

Direct analogies between segmental and prosodic levels
of linguistic structure can be derived from the autosegmental-
metrical models of intonation proposed by Gussenhoven [5],
and Grabe [2]. These models postulate a limited set of tonal
alteration rules which modify the structure of pitch accents in
certain contexts, and a subset of these tonal alteration rules
can be compared to continuous speech processes. For instance,
in prenuclear position, a falling accent H*+L, may undergo
DISPLACEMENT [2], [5]Õs Ôpartial linkingÕ), a process
which is similar to regressive assimilation. In regressive
assimilation, a postulated segment such as the /s/ in /Si: pQks
S�:ts/ is modelled as having adopted some or all of the

characteristics of the following segment /s/, and one may say
that as a result, the assimilator and the assimilee have become
more similar, or more closely related structurally. When
DISPLACEMENT has applied, a comparable process has
taken place; in certain contexts, the second tone of a pitch
accent is shifted away from the first to the right, approaching
more closely the following pitch accent. In GrabeÕs account,
H*+L with DISPLACEMENT is transcribed as H*+_L, and
this is the notation we will use in what follows. In H*+_L,
the fall in pitch is more gradual than in H*+L, and spans
several syllables. Figure 1 below illustrates H*+L without
DISPLACEMENT on the left, and with DISPLACEMENT on
the right.

Unmodified realisation  Tone DISPLACEMENT
H*+L     H*+L

My brother lives in Denver.   

H*+_L     H*+L

My brother lives in Denver.

Figure 1. The unmodified realisation of of a sequence of H*+L
accents is shown in the left panel, and H*+L with
DISPLACEMENT is illustrated in the right panel.

Another tonal alteration process which may affect prenuclear
accents, and which we investigated in the present paper, i s
tone DELETION ([2], [5]Õs 'total linking'). DELETION is
illustrated in Figure 2. The process involves the removal of
the second element of a pitch accent and can be compared to
the elision of a segment. DELETION applied to a falling pitch
accent H*+L, for instance, produces an accent transcribed as
H* which is realised as a level pitch movement rather than a
fall in pitch.

Tone DELETION

  

H*     H*+L

My brother lives in Denver.

Figure 2. DELETION of L in H*+L.

In the present study, we hypothesised that DISPLACEMENT
and DELETION can be compared to continuous speech
processes such as assimilation and elision. Our hypothesis
predicts that we should find a higher proportion of pitch
accents which have undergone DISPLACEMENT and
DELETION in faster, more casual speech, than in careful
speech. Our experimental methodology is described in the
following section.

2. THE EXPERIMENT
2.1. Method
2.1.1. Data
We analysed a subset of data from the 'Intonation in the
British Isles' corpus [3, 4]. The data were produced by two
speakers of General Southern British English (GSB) in three
speaking styles: read speech, semi-spontaneous speech, and
free conversation. We assumed that the degree of fomality
would decrease from one speaking style to another; the read
speech would be the most formal, the semi-spontaneous speech
would be intermediate, and the spontaneous speech would be
the least formal. From each speaking style, we analysed about
10 minutes of speech. Data from GSB, rather than data from
another variety of English was chosen for the purposes of the
present study because the Gussenhoven system, the first
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2

derivational account of English intonation, was designed for
Southern Standard British English.

2.1.2. Subjects
Data from one male and one female subject were analysed. The
speakers were pupils at Hills Road Sixth Form College in
Cambridge and were 17 years of age. They had always lived in
the Cambridge area, and their parents came from the South of
England. The spontaneous speech data were produced in
conversation with a further two speakers, one male and one
female (single-sex pairs). The data produced by the additional
speakers in the free conversation was included in the
comparisons discussed below.

2.1.3. Tasks
The data were elicited as follows.

(a) Read speech
Speakers were asked to read aloud a modified version of the
fairy tale ÔÕCinderellaÕ Modifications involved, for instance,
the replacement of words with little voiced segmental
materials with others which contained more voicing, the
addition of, and a range of tags. ÔCinderellaÕ was chosen,
because this particular fairy tale is widely known, and as a
result, the possible interpretations of the text are more limited
than if speakers had been asked to read a text new to them.
Additionally, Cinderella is commonly read to children, and
the text is therefore likely to elicit animated and varied
productions with large pitch excursions. Such data offer a
felicitous starting point for prosodic analysis, especially
when supplemented with comparable data from other speaking
styles.

(b) Semi-spontaneous speech
After having read the passage of text, the speakers were asked
to retell the fairy tale from a series of pictures. No time was
given for preparation, the speakers were not prompted at any
time, and they were not allowed to make notes before they
started.

(c) Spontaneous speech
In the third task, the speakers were paired with another
interviewee, and were asked to talk for about 5 minutes about
the effects of tobacco advertising on their view of smoking (the
topic had been in the news at the time the recordings were
made).

2.2. Analysis
The data were transcribed by the first author in the IViE
labelling system (/aIvi:/,   I  ntonational     V    ariation   i  n     E    nglish
[3]. IViE is an autosegmental-metrical transcription system,
designed specifically for comparable transcriptions of data
from different varieties of one language, or different speaking
styles. IViE works in conjunction with Xwaves (Entropic)
under UNIX. The IViE transcriber tool is modelled on the
ToBI labelling tool [1], and shows a waveform and the
corresponding fundamental frequency (F0) trace, as well as a
labelling template (but note that IViE and ToBI labels differ,
and that IViE has a larger number of tiers for transcription than
ToBI). The IViE labelling template has five tiers on which the
orthography, the rhythmic structure, the auditory phonetic
realisation and the phonological structure of texts can be

transcribed. In the present paper, our discussion is limited to
the phonological tier.

After labelling, a subset of the transcriptions was
discussed and verified with three other trained transcribers,
and in a small number of cases the labelling was adjusted
(majority decisions were taken). Then, the distribution of a
subset of labels was examined in each speaking style. This
subset of labels involved three types of pitch accents:

(1) Tone labels transcribing fully realised accents
H*+L high target followed by low target
L*+H low target followed by high target

(2) Tone labels involving DISPLACEMENT
H*+_L low target shifted to the right
L*+_H high target shifted to the right

(3) Tone labels involving DELETION
H* high pitch target, low target deleted
L* low target, high target deleted

The text files containing the phonological labels were
transferred to a spreadsheet (Microsoft Excel), tone labels
other than the ones listed under (1)-(3) above were deleted
(e.g. boundary tones, or labels for rise-falls). Then the data
were separated into two groups:

Group     I:       All      pitch      accents
Group I contained labels for all pitch accents listed under
(1)Ð(3) above separately for each speaking style. The instances
of each accent type were counted with the help of a script
written in Perl, and sorted into the categories Ôspeaking
styleÕ (read, semi-spontaneous, spontaneous) and Ôcomplexity
of pitch accentÕ (full, displaced, deleted) in Excel.

Group     II:       Prenuclear      pitch      accents
Group II contained labels for prenuclear accents, again,
separately for each speaking style. The data were counted and
sorted in the same way as the data in Group I above.

Prenuclear accents were examined separately because the
models proposed by [2] and [5] predict that in English, tonal
alteration rules such as DISPLACEMENT and DELETION
apply to prenuclear, but not nuclear accents ([2] suggests that
the application and function of tonal alterations is language-
specific, and shows that in German, tone DELETION applies
to prenuclear and to nuclear accents).

2.1.1. Predictions
We predicted that instances of tone DISPLACEMENT and
tone DELETION should increase from read speech to free
conversation.

2.3. Results
2.3.1. Group I: All accents
Table 1 below shows the raw results for all accents and Table
2 gives the percentage occurrence of a particular accent type in
each speaking style (in Table 2, the findings which support
our predictions are given in bold). Table 1 shows that 1275
pitch accents were labelled in all; 627 in the read speech data,
399 in the semi-spontaneous speech, and 249 in the free
conversation.
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Full DISPLACE-
MENT

DELETION Total

Read
speech

453 35 139 627

Semi-
spont.

232 80 87 399

Spont.
speech

132 19 98 249

Table 1. All pitch accents: raw data.

Table 2 shows that the percentage of fully realised accents
decreased from read speech to spontaneous speech, even when
we combine nuclear and prenuclear accent patterns, whereas
the number of accents with DELETION increased.

Full DISPLACE-
MENT

DELETION Total

Read
speech

72% 6% 22% 100%

Semi-
spont.

58% 20% 22% 100%

Spont.
speech

53% 8% 39% 100%

Table 2. All pitch accents: percentages.

Table 2 also shows that the results for our intermediate
category 'DISPLACEMENT'', however, do not appear to
conform with any pattern and do not appear to support our
predictions. However, as DISPLACEMENT and DELETION
were predicted to characterise accents in prenuclear position
only, we need to examine the labels for prenuclear accents
separately.

2.3.2. Results for Group II: prenuclear accents.
Figure 3 illustrates the number of fully realised prenuclear
accents in the three speaking styles.
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Figure 3. Distribution of  fully realised prenuclear accents.

The results support our predictions; speakers produced more
fully realised prenuclear accents in read speech than in semi-
spontaneous speech than in the free conversation.

The results for accents with DELETION supported our
predictions and are illustrated in Figure 4. Figure 4 shows
that we found more instances of DELETIONS in semi-
spontaneous and in spontaneous speech than in read speech.
Note, however, that the results for read and semi-spontaneous
speech, do not seem to differ, suggesting that with respect to
DELETION, read speech as a speaking style may differ
crucially from spontaneously or semi-spontaeously produced
speech data.
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Figure 4. Results for prenuclear accents with DELETION .

The results for DISPLACEMENT shown in Figure 5,
however, did not support our preductions, and confirmed the
suspicion raised by the complete set of labels in Group I.
Unlike the distribution of fully realised accents, and accents
with DELETION, the distribution of DISPLACEMENT does
not appear to be correlated with speaking style. Figure 5
shows that in each speaking style contained., roughly the
same number of accents with DISPLACEMENT.
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Figure 5. Distribution of prenuclear accents with
DISPLACEMENT.

Table 3 below gives the raw data for the three pitch accents
types in the three speaking styles with percentages
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underneath. Again, the results which support our predictions
are given in bold.

Full DISPLACE-
MENT

DELETION Total

Read
speech

199
(54%)

29
(8%)

138
(38%)

366
(100%)

Semi-
spont.
speech

56
(36%)

11
(7%)

89
(57%)

156
(100%)

Spont.
speech

50
(31%)

16
(11%)

86
(58%)

152
(100%)

Table 3. Raw data for prenuclear accents.

4. DISCUSSION

The findings of the present study suggest (a) that one may
draw an analogy between segmental and tonal reductions in
casual speech, and (b) that there is a difference in the way
changes in speaking style affect the tonal reduction rules
DISPLACEMENT and DELETION. The former finding, that
is, the one showing that one may posit something akin to
continuous speech processes in intonation, will be discussed
first.

At the beginning of the present paper, we predicted that
more formal speaking styles would be characterised by a larger
number of complex accents that less formal speaking styles.
Our findings for fully realised accents and accents with
DELETION supported our prediction. In read speech, we
found more complex, fully realised pitch accents than in semi-
spontaneous speech and free conversation. Conversely, the
semi-spontaneous speech and the free conversation exhibited
more reduced pitch accents than read speech.

Our findings can be accounted for parsimoniously in
'derivational' models of English intonation such as the ones
proposed by [5] and [2] which allow us to account for
segmental and suprasegmental reduction effects with similar
mechanisms. In [5] and [2]. the assumption is that in certain
contexts, pitch accents are subject to a limited set of
intonological adjustments, and [2] hypothesises that one
context which is likely to trigger the application of the tonal
reduction processes DISPLACEMENT and DELETION is a
change in speaking style. Our result for DELETION support
this hypothesis; when the speaking style becomes less formal,
we find more instances of tonal reduction. Non-derivational
models of intonation which do not allow us to draw explicit
analogies between segmental and suprasegmental levels of
represenatation (e.g. the system which underlies [1]), cannot
capture segmental and suprasegmental reduction effects with
comparable mechanisms.

Secondly, our results suggest that the nature of
DISPLACEMENT differs from that of DELETION. Unlike
fully realised pitch accents and pitch accents with
DELELTION, The number of accents labelled as having
undergone DISPLACEMENTS did not correlate with changes
in speaking style. This findings suggests that the status of
DISPLACEMENT may require some rethinking. The acoustic
and auditory effect of DISPLACEMENT (i.e. the shifting of the
second target in a bitonal pitch accent to the right) may not
reflect the application of a phonological process in intonation,
but a difference in the phonetic realisation of an intonation

pattern. Future research in this area could involve a perceptual
experiment comparing the perceptual difference between fully
realised accents and pitch accents with DISPLACEMENT and
DELETION. The findings from the present paper suggest that
listeners may judge that the difference between fully realised
and deleted versions of H*+L or L*+H is significantly larger
than the difference between fully realised accents and accents
with DISPLACEMENT.

5. SUMMARY AND CONCLUSION
In the present paper, we investigate pitch accent distribution
in three speaking styles: read speech, semi-spontaneous
speech, and free conversation. Our results suggest a
correlation between pitch accent complexity and speaking
style; more formal speech is characterised by a larger number
complex pitch accents (e.g. H*+L), and less formal speech i s
characterised by a larger number of simplex, 'reduced' pitch
accents (e.g. H*). We argue that our findings illustrate an
analogy between segmental and suprasegmental
representations of speech, and that they lend support to
derivational models of intonation such as the ones proposed
by [5] and [2]. The models proposed by [5] and [2] offer
mechanisms which can capture parsimoniously the analogy
between between segmental and suprasegmental levels of
linguistics structure which we characterise our data. In
segmental phonetics, reductions of segmental structure have
been associated with more casual speaking styles, and have
been modelled as phonological processes such as assimilation
or elision. Our findings suggests that similar effects apply in
intonation. The models put forward by [2] and [5] allow us to
capture segmental and suprasegmental reduction effects with
comparable mechanisms at different levels of linguistic
structure.
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ABSTRACT
This paper describes a set of experiments using French reiterant
speech (on a canonical [ma] syllable).  Experiments are designed
to perform a diagnostic evaluation of the linguistic performances
of synthetic prosody.  Different experimental procedures are
organised to match either synthetic or natural utterance, in their
reiterant or lexicalised versions.  The natural procedures are used
as a reference (natural prosody is supposed to be well-formed),
synthetic ones test the performance of the synthetic prosody, and
the mixed synthetic and natural conditions (presented here)
measure the distance between the ideal natural prosody and the
actual synthetic realisation. The Analysis of the results of the last
two experimental conditions shows this paradigm ability to point
out which linguistic function is performed by a given prosody,
and into what extents.

1.  INTRODUCTION
During the passed years, an increasing need for new paradigms to
evaluate the quality of synthesised speech and more specifically
to improve the diagnostic function of evaluation was claimed by
scientists [1], [2].  Such diagnostic analysis of synthesiser are
useful to improve the systems, or to test the capabilities of each
module [3], [4].  Evaluation can be held in different ways: (i) by
means of subjective quality/acceptability judgements; (ii) by
adequacy rating of the synthetic utterances, made by a direct
comparison with a natural reference (in a subjective and objective
way); and (iii) by the evaluation of the linguistic competence,
through the functional equivalence between a natural and a
synthetic sentence.  We present here a method testing the
functional equivalence of a synthetic prosodic continuum vs. a
natural one.

Constructing such a diagnostic of prosody alone requires to
be able to deal with prosodic informations only, without
interference from the other linguistic levels.  There are at least
two ways to neutralise the influence of the other linguistic levels:
(i) counter-balancing the influence of the disturbing levels by, for
instance, transplanting different sets of prosodic parameters on
the same lexical structure (see [5]); or (ii) forbidding the access
to any linguistic level except to the prosodic one, by using
delexicalised speech.  Delexicalised speech is useful for many
purposes, and many tools have been proposed in literature: the
use of filtered speech [6], ÒnonsenseÓ speech [7] [8], the PURR
method [9], or reiterant speech [10] [11].

Since a perceptive study, held by Larkey [12], showed the
adequacy of reiterant speech (on a canonical [ma] syllable) to
keep and carry pertinent prosodic informations for listeners; and
because of its interesting acoustic properties (neutralisation of
individual segment intrinsic duration, continuous voicing of the

[ma] syllable), we chose this method to produce delexicalised
speech.

2.  METHODOLOGY
As explained above, the experiments presented here are based on
the use of [ma] reiterant speech, and were designed to test the
adequacy of a synthesised prosodic continuum for a linguistic
function.  We are here interested in one of the function held by
prosody, that is the hierarchisation and segmentation function, as
it is of primary importance to provide a well-formed synthesised
speech.

The experiments use a set of declarative read French
sentences, extracted from a corpus (built to design the ICP
prosodic model [13]), and respecting a set of minimal pair of
syntactic oppositions.  Each sentence is produced in a synthetic
or a natural version, in its lexicalised and reiterant form.

2.1.  Theoretical Design
Experiments are based on the systematic opposition of a
lexicalised vs. a reiterant sentence, the synthetic and natural
version mixed through the different experimental conditions.  It
results in six different experimental conditions, differing in the
nature of the stimuli proposed to listeners, but all based on the
same experimental procedure; each single condition tests a
precise kind of information.  Experimental conditions are
summarised in table 1.

Condition number Reiterant stimulus Lexicalised stimulus
C1 natural reiteration text alone
C2 natural reiteration text + natural speech
C3 synthetic reiteration text alone
C4 synthetic reiteration text + synthetic speech
C5 synthetic reiteration text + natural speech
C6 natural reiteration text + synthetic speech

Table 1: nature of stimuli for each of the
 6 experimental conditions.

The C1&2 conditions (conditions presented in [14], the two
plain natural conditions, are designed first to test the feasibility of
this paradigm (the use of reiterant speech, as a non-ecological
material requiring a metalinguistic ability, has to be validated),
and secondly to serve as a reference to the next conditions.  As
natural stimuli are supposed to be well-formed, the question
raised by the C1 condition which is Òhow farÓ can prosody
facilitate the syntactic segmentation and hierarchisation function.
The C2 condition, as it proposed an oral lexicalised reference to
listeners, answers the topic of the Òlinguistic intelligibilityÓ of
natural prosody.
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Conditions C3&4 (see [15] for a more detailed analysis) are
the plain synthetic conditions, and propose an evaluation of
synthetic prosody.  More specifically, the result of C3 can be
directly mapped to C1, to point out the major differences between
the natural and the synthetic function efficiency.  The
interpretation of C4 results is more problematic: in the C2
condition, subjects use the natural lexicalised sentence as a well-
formed reference to judge the functional adequacy of the reiterant
prosody; but the lexicalised sentence in C4 is a synthesised one,
and we are not aware of its well formedness.  Then, to interpret
the listenersÕ answer, we need a quality rating of the lexicalised
synthetic sentence, that can be retrieved in the C5 condition.  C4
was performed anyway, because of the poor quality of synthetic
stimuli (in comparison to the natural ones), that only perform the
segmentation and hierarchisation function: their computation by
listeners should be more simple.

Enumeration
"Je mangeais du vin, du Boursin, et du pain."

"I was eating wine, Boursin and bread"

Adjective/Noun Opposition
"Ce beau passant chantait." vs. "Ce passant fou chantait."

"This beautiful passer-by was singing." vs.
"This crazy passer-by was singing."

NG-VG vs. ClauseÐClause Opposition
ÒÊCe passant chantait tous les six mois.ÊÓvs.

ÒÊCe passant chantait, Toto dansait.ÊÓ
"This passer-by was singing every six months." vs.
"This passer-by was singing, Toto was dancing."

NG-VG vs. GV-GO Opposition
Ò Ce beau passant chantait.ÊÓvs. ÒÊOn entendait des pas.ÊÓ

"This beautiful passer-by was singing."
vs. "We heard some steps."

Table 2: some representative examples of syntactic construction
from the corpus

Conditions C5&6, the mixed natural and synthetic
conditions are the main purposes of this paper.  The C5
condition, which compares a reiterant synthetic stimulus to a
natural lexicalised one, is not a transposition of C2.  The
reference is well-formed (natural), but not the judged stimulus,
and the results must be compared to those of C2 to be explained.
If C5 results are coherent with C2 results, we can conclude that
the reiterant synthetic prosody is well formed. If they are not
compatible, we can conclude that the reiterant prosody is an
acceptable variant of the underlying linguistic functions
(unwillingly produced by the synthesiser).

Results of the C6 condition have to be compared to C5
results. As both conditions are orthogonal, if the results are
consistent, we will conclude that the synthetic stimuli presented
in the C6 condition carry an adequate variant  of the C5 natural
one, for the same function. In the contrary case (non-concordant
results), the paradigm itself should be reconsidered, as the
subjects do not give the same answer for both conditions.

2.2.  Experimental Design
2.2.1.  Procedure.  The basic experimental procedure, underlying
each condition, is identical. It is based on the successive
presentation of stimuli couples, by way of a computer screen for
text display and headphones for the recorded sentences. The
stimuli couples construction follows the condition description
summarised in tableÊ1.

For each stimuli couple, the text of the sentence is displayed
first on a computer screen.  The subject reads it and clicks onto a
button to hear the related sentence.  Reiterant then lexicalised (if
the condition requires it) sentences are played once, in
headphones, at a comfortable hearing level.  The instructions
given to listeners are translated in figureÊ1.

The possible answers for the instructions are ÒYesÓ or ÒNoÓ.
Subjects also have to give the confidence level they feel towards
their answer, on a 1 (quite sure) to 5 (not sure at all) scale. Then,
they click onto a button to start the next stimuli. The reaction
time between the end of the sound presentation and the last click
is recorded for each stimulus presentation.

The stimuli are presented at random, without the same
sentence being presented twice successively (either the reiterant
or the lexicalised ones). A given stimulus is presented only once
to each listener.

  A sentence will appear on the screen.  Please read it
carefully and press the button ÒListenÓ.
  You will hear a sentence in which each syllable is replaced
by the syllable [ma], and then hear the sentence written on the
screen, normally pronounced.  Both sentences have the same
number of syllables.
  You will have to answer ÒyesÓ or ÒnoÓ to the following
question: ÒCould the mamama utterance you have just heard
be rightly associated to the sentence on the screen?Ó
  Next, you will have to give your level of confidence when
answering the question, on a scale ranging from 1 (ÒI am
positive about my answerÓ) to 5 (ÒI feel very uncomfortable
about my answerÓ).  Then press the button ÒOKÓ to switch to
the next question.

Figure 1: experimental instructions given to subjects.

We should note that the paradigm used for the C1&2
conditions presents some differences from the paradigm
described here.  This is the consequence of the exploratory
character of these two conditions.  They were held first, during a
first exploration of the reiteration paradigm.  The new paradigm
used for the next experiments is the result of what we have learnt
from these first conditions.

The presentation of the stimuli is the same as in the new
paradigm.  Major differences can be found in the results format:
listeners have to answer the same question (ÒIs the reiterant
prosody adequate for the sentence presented on screen?Ó) by
ÒYes, ÒNoÓ, or ÒI donÕt knowÓ, instead of a simple Yes/No
answer plus a confidence scale.  Reaction times were not
recorded for these first two conditions.

2.2.2.  Stimuli.  As already said, the corpus sentences are based
on a corpus made for the construction of the ICP prosodic model
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[13], and present a set of minimal pair opposition of syntactic
function, at the group and clause level (see tableÊ2 for examples).

Natural lexicalised stimuli are directly extracted from these
corpus, produced by a male speaker, (EV).  Each other stimulus
is based on a recto-tono natural signal recorded by an other male
speaker (YM), who produces a set of lexicalised (for the
synthetic lexicalised stimuli) or reiterant (for the natural and
synthetic reiterations) sentences.  Then the prosodic parameters
for each sentence are applied on these flat recordings by an
analysis-resynthesis method (using a TDPSOLA coder).  The
parameters for the synthetic stimuli (either lexicalised or
reiterant) are taken from the output of the ICP synthesiser; and
parameters for the reiterant natural stimuli are calculated on the
basis of the lexicalised natural stimuli.  Such a method was used
to avoid the low segmental quality of the synthesiserÕs output,
which can influence the listenerÕs judgement.

2.2.3.  Subjects.  The subjects of these experiments are all native
French speakers, without any listening problem.  13 listeners
performed the C5 condition, and 7 the C6 one.  The C6 condition
is not yet finished and more subjects should performed it.

3.  RESULTS
The results concerning the C1&2 conditions were presented in
[14], and the results concerning the C3&4 conditions in [15].  We
are interested in this paper in the analysis of the C5&6 conditions
results, and because  they need to be interpreted under the light of
the C2 results, we will shortly introduce them.  Then, results
from the C5&6 condition will be described and analysed.

3.1.  C2 Condition Summary
This condition proposes to listeners a reiterant natural sentence
matched with text and a natural lexicalised sentence. Association
scores (ÒYesÓ answer to the question ÒIs the prosody adequate?Ó)
are high for homogeneous stimuli (both reiterant and lexicalised
sentences based on the same sentence). This result is in
accordance to the validation procedure of the natural stimuli
quality [14].  For the heterogeneous stimuli (the reiterant
sentence divergent from the lexicalised one), results are in
accordance to the classical descriptions of prosody for its
segmentation and hierarchisation function (see [16] for example):
emergence of major syntactic groups, primary importance of the
syntactic boundary placement, and lower influence of the level
and nature of the syntactic components.

3.2.  The C5 condition
The homogeneous stimuli (direct validation of the prosodic
adequacy, compared to the natural reference) present a low
association score (73% vs. 90% in C2). Such a first result
illustrates the somewhat poor overall quality of synthetic
prosody, in comparison to the natural complexity.

A more detailed analysis points out some sentences as badly
produced by the synthesiser. Two structures receive a 70%
dissociation score, and two others are around the average.  One of
the badly rated sentence has an enumeration structure, which is
not a common structure in the building corpus of our prosodic
model. The three other structures are clauses, more difficult to
produce.

Heterogeneous stimuli, compared to the C2 results expose
some differences in the subjectÕs answers.  Such differences can
be divided into two categories:

First the unrecognised prosodic shapes. That is the prosodic
parameters, validated in the homogeneous comparison, but
unable to discriminate other structures, whereas natural prosody
is able to discriminate it.  We found some examples of such
weaknesses for the segmentation and the hierarchisation
functions.

Secondly the adequate prosodic variant: a badly produced
sentence is found to be adequate for another structure (that
natural prosody does not associate). The synthesiser has
involuntarily produced a variant of the second structure. The
example of this behaviour is the enumeration sturcture reported
on a clause structure.

3.3.  The C6 condition
The C6 condition proposes to listeners a natural reiteration
associated with a synthesised lexicalised ÒreferenceÓ.  Results
need to be interpreted by comparison to C5 ones.

For the homogeneous stimuli, results show a specific
behaviour, in respects to the other conditions: the synthetic
utterances known to be incorrectly produced are rejected around
the average, but some other sentences are rejected by listeners,
that were never extracted by the other conditions.

For the heterogeneous ones, major tendencies are respected
but the overall results are brought back closer to the average.

4.  ANALYSIS
The result analysis is based on a systematic comparison based on
syntactic oppositions, of the different conditions. In a first step,
the homogeneous stimuli, then each major oppositions listed in
the C2 condition description are reviewed.  All the results can not
be describes hereafter in extension, but we will try to explain and
summarise the kind of information that can be extracted from
such an analysis.

4.1.  Same sentences
Homogeneous comparisons allow a direct validation of the
relevance of the synthetic prosody for the task it was produced. It
is the basic evaluation level of our paradigm, with a binary
answer: is this prosody good or not?

4.2.  Different sentences
Heterogeneous oppositions are the diagnostic part of our
experiment. Such oppositions are designed to test, for each
minimal pair oppositions if (i) the tested prosodic parameters are
a possible and acceptable variant - and the acceptability level of
this variant; (ii) the relative contribution of prosody in the
realisation of a given linguistic function; and (iii) the distance (in
terms of performance) between the natural reference and the
tested synthetic prosody.

For example, the assimilation by listeners of two sentences
opposed by  the hierarchical level of their syntactic component
exhibits the lack of our model to produce such a distinction.

The major oppositions tested during our experiments are
(i)Êthe localisation of the major syntactic boundary, which is not
sensitive enough in regards to the natural prosody performances;
(ii)Êthe nature of the sentences major syntactic groups, which
seems to be a low informative indices for natural prosody, and
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completely unsufficient for the synthetic one; and (ii) the
hierarchisation indices, that is not relevant for our synthetic
speech.

We note that both the hierarchisation and the nature indices
in combination generate a pertinent discrimination indices for
listeners; that can be interpreted as the summation of two
insufficient indices: the synthesiser seems to produce
hierarchisation and nature indices, but a single one is too weak to
be adequately perceived by listeners.

5.  CONCLUSION
The paradigm proposed here is not simple to construct and to
drive out. Some questions can be rised about the task, that is a
non ecological one, required the explicit use of metalinguistic
abilities from listeners; about the adequacy of reiterant speech as
a tool for evaluating linguistic material, and as a material that can
be produced by synthesisers.  The problem of the listenersÕ
ability to make the most of metalinguistic informations on the
basis of reiterant speech has been raised, as soon as the listenersÕ
answer for natural prosody is coherent with the known functions
of prosody, and answers for synthetic speech extract really bad
formed sentences.

Moreover, the strength of such a paradigm is its ability to
produce a very precise and tuneable diagnostic of prosody, with a
complete decorrelation from the underlying linguistic material.  It
fulfils our attempt to propose an alternative paradigm that allows
(i) an analysis of the performance of a given synthetic prosody
with reference to a natural reference; and (ii) to diagnose the
competence of the model which produced the tested prosody.
Each different experimental condition from C3 to C5 behaves
like a series of filters, with a different selectivity: C3 selects only
the worst sentences; C4 has a central position; and C5 is very
selective, as the appropriateness of synthetic prosody is matched
to a natural reference.
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ABSTRACT

Vowel-Consonant-Vowel (V1CV2) sequences are synthesized
using a vocal-tract synthesizer. A deliberately simple phoneme
concatenation by interpolation of their target area functions is
employed to derive the time-varying area function, which is fed
into the synthesizer. The sequences involve three vowels, /i/, /a/,
and /u/, and stops. First, a uniform tube having a single
constriction section at an appropriate place is used as the target
area for the consonant. Listening tests indicate that when V2 is
/u/, the synthesized [k] is not always satisfactory. Second, in
order to improve the phonetic value of [k], we modify the
consonantal target to take into account for the "anticipatory"
effects of [u], such that the lip section during the k-closure is
already rounded. After the modification, [k] is judged highly
intelligible by all the listeners. It is concluded then that the
libialization is not anticipatory coarticulation, but the auditorily
required articulation for [k].

1. INTRODUCTION
In speech production, movements of individual articulators such
as the jaw, tongue, and lips are not synchronized to each other
[1]. Because of this asynchrony, acoustic characteristics of
successive phonemes will be fused, i.e. coarticulated. Moreover,
different articulators can acoustically compensate for each other
in the production of certain phonemes [9, 10]. Inter-articulator
asynchrony and compensation make articulatory movements
immensely variable and complex.

It seems reasonable to question, however, whether all of
complex movements are perceptually relevant and are necessary
to convey the identity of phonemes. Some of observed
movements could be the consequence of constraints imposed by
the biomechanical and neurophysiological machinery. In fact, a
study by Carré et al. [2], for example, has suggested that in
vowel identification tasks, the ears are not so sensitive to certain
articulatory variations, including an inter-articulator phasing (or
asynchrony). It could well be that certain articulatory
movements are critical in encoding phoneme identity into
streams of speech sounds and other movements are not. How do
we distinguish the critical movements from the non-critical
ones?

In order to answer this question, we are carrying out V1CV2
synthesis experiments using a vocal-tract syntesizer. The idea is
the following: Time-varying area function for a V1CV2
sequence is calculated by temporarily interpolating between the

two target area functions of successive phonemes. The whole
part of the vocal tract varies synchronously from one
configuration to another. There is no particular spatiotemporal
organization here, but only smooth temporal transitions from
one sound to another. Such extremely simple scheme is bounded
to fail, at least for some V1CV2 sequences, which is exactly the
point of this experiment. If a synthesized sequence is not
correctly and "easily" identifiable by listeners, some
modifications in the specification of time-varying area function
are in order. The necessary sophistication that makes it closer to
a more realistic articulation signifies a perceptually critical
articulatory maneuver.

In this paper, we focus our attention at an [aku] sequence. A
particularity of this sequence is that the lip is often rounded
already during the k-closure. Many authors interpret this
rounding as an anticipatory coarticulation of the following vowel
[u] (e.g., page 378 in [7] and [18]). We would like to show that
the rounding is a part of the explicit articulation necessary for
the consonant to be perceived as [k].

2. VOCAL TRACT SYNTHESIZER
Since, the human vocal tract constitutes a narrow tube, the
generation and propagation of sounds inside the tract can be
described by a set of one-dimensional aerodynamic and acoustic
equations, and equivalently simulated by a lumped transmission
line [e.g., 3, 5, 8]. The main reason for using the acoustic
simulation is that it allows a straightforward segment
concatenation with area functions, which are only the input to
the synthesizer. The vocal tract during speech production is
nothing but a smoothly time-varying acoustic tube. Such a
physical characteristic can be mimicked by smooth temporal
interpolations between successive target area functions, for
example, by a cosine law. The burst and fricative noise at the
supraglottal constriction can be automatically generated
whenever the aerodynamic condition is appropriate for. It may
be noted that targets for both consonants and vowels are
specified by the same area functions having different shapes, the
interpolations therefore can be explicitly defined across a vowel
and a consonant. In a formant synthesis, for example, this is not
always the case.

In the vocal tract synthesizer, the noise is "automatically"
generated as a function of tract shape, i.e., of area function, as it
occurs in the human vocal tract. In synthesis, the noise is
nothing but a band-pass filtered sequence of random numbers,
which is injected at the exit of the constriction or at some point
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in the downstream from the constriction [6, 12, 13]. The
magnitude of noise is modulated by a function of the cross
sectional area of the constriction and the airflow level.
According to a square law proposed by Flanagan [5], the
magnitude is proportional to the square of airflow and inversely
proportional to the cross-section area of the constriction.

The airflow which is necessary to determined the noise
magnitude can be calculated by using a so-called low frequency
model [e.g., 6, 11, 12], where airflow is determined by the
function of the sub-glottal air pressure, Ps, which is fixed at 8
cmH2O in our simulation, and the flow resistance at the two
major constrictions, one at the glottis and the other in the
supraglottal tract. The flow resistance can be approximated by
the sum of the Bernoulli kinetic resistance and viscous
resistance, which is a function of the constriction geometry and
the airflow itself.

The value of the scaling coefficient for the noise magnitude
is empirically determined so that the level of the synthesized
burst noise relative to that of surrounding vowels is realistic.
Although the coefficient value (and also the spectral
characteristics of noise source) varies in a function of detailed
constriction shapes and of airflow level [e.g., 13, 14, 16], we use
a fixed scaling and a fixed noise-source spectrum shape for
different consonants, just for the sake of simplicity.

3. TARGET INTERPOLATION
3.1. Area functions
Each phonemic segment (henceforth, 'phoneme' for short) is
specified by a predetermined area function as its target. The
area function is specified by a fixed number of sections in which
the k-th section is defined by the cross-sectional area, A(k, t),
and the length, x(k, t). Obviously, we must have transition
period from one phoneme to another so that the area function
smoothly varies between phonemes. The interpolation of A and
x is done section by section synchronously using cosine law. The
stationary part of each phoneme is specified by the same target
value at the onset and offset. This is all we need to concatenate
V1CV2 sequences.

Figure 1. The temporal variation of a vocal-tract section area,
corresponding to the constriction, in V1-stop-V2 is indicated by
the thick line with open circles. The thin line with filled circles
indicates the variation of a slow time-varying component of the
glottis area. The markers specify points at which a target area is
specified. Note that vocal-tract sections and the glottis are not
necessarily always synchronized.

Figure 1 illustrates a detail temporal pattern of a section
corresponding to the consonantal constriction.. The target area
of the initial vowel (V1) is specified at the onset (t0) and offset
point (t1), indicated by the corresponding open circles. During
this interval, the section area is kept at the target value. The
area becomes zero at the closure onset (t2). The transition from
the V1 offset to the closure onset is specified by the cosine law
mentioned before. The stop closure duration is fixed to 80 ms

and release duration to 17 ms with the transition interval of 3
ms in between. The total consonant duration equals to 100 ms.
Note that a stop consonant is specified by two target area
function, one for closure and the other for release. The voice
onset of V2 occurs always at 230 ms, the VOT becomes 30 ms
regardless of place of articulation in this sturdy. Since the
second syllable (CV2) is stressed, the V2 duration is fixed to
150 ms, which is considerably longer than that of V1.

It may be noted here that the target area function for a
consonant is a uniform tube having a constriction shaped by a
single section at an appropriate place for that consonant. Such a
model has been employed by Stevens [15] in the theoretical
analysis of consonantal acoustics. In principle, a variety of
consonants can be synthesized by just varying the position of the
constriction section along the length of the vocal tract. As
described later however, for certain consonants in a certain
vowel context, it was necessary to modify the target area as a
function of V2 identity. For vowels, we use realistic area
functions as their targets.

3.2. Glottal section
The temporal pattern of the glottal section is specified by the
sum of slow and fast time-varying components. The muscular
adjustments in the laryngeal system determine the slow
component Ag0. When certain aerodynamic and biomechanical
conditions are met, the vocal folds vibrate, which is described
by the fast pulsating oscillation of the glottal section in the
simulation.

The adjustment of Ag0 is important for the generation of the
burst and fricative noise. Since the airflow inside the vocal tract
is approximately equal regardless of the position and the noise
magnitude is inversely proportional to the constriction area, as
mentioned earlier, the burst and frication noise dominate over
the aspiration noise at the glottis only when the glottis area
becomes greater than the supra glottal constriction area, as
shown in Figure 1. During the stationary part of vowels, the
value of Ag0 is kept at zero in this synthesis experiment with a
male voice.

The vocal fold oscillation is specified by using a descriptive
model proposed by Fant [4]. Since we assume a fixed glottal
pulse shape, a pulse train is determined by only two parameters,
voice fundamental frequency (F0 Hz) and peak value of the
glottal pulse, Ap (cm2). In the synthesis, we specify the target
values of these two parameters at appropriate transition points
and then their values at any given time is calculated by linear
interpolations. An example of calculated temporal variations of
glottis section are shown in Figure 2a.

4. SYNTHESIS OF [aku]
The target area function for [k] is specified by modifying a
uniform tube so that it has a constriction at 6 cm from the lip
opening. Figure 2a shows the temporal variations of the glottal
area Ag and the constriction area Ac superimposed for [aku]. Ac
is visible only at the vicinity of the closure-release portion. The
calculated airflow using the low-frequency model and radiated
sound are indicated, respectively in (b) and in (c). An informal
listening indicated that the quality of this [aku] token was
inadequate. This failure is puzzling, because when the V2 =[a],
this token sounds perfectly [aka]. What went wrong?
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Figure 2. Simulation of [aku]: Temporal variations of specified
glottal area, Ag cm2, and constriction area, Ac cm2, in (a),
airflow, Udc cm3/s, calculated by a low-frequency model in (b),
and radiated sound signal in arbitrary units in (c).

It appears that the occurrence of a prominent peak (or a
concentration of energy) in the k-burst spectrum at the vicinity
of F2 onset of V2 is the critical attribute for the consonant to be
perceived as a [k] [17]. This was the case for the successful
[aka] token. Moreover, the prominent peak of [k] followed by
[u] in natural utterances often occurs around 1 kHz, which is
close to the F2 vowel onset, as shown in Figure 3a as an
example. The synthetic [aku] sequence lacks this critical
attribute in its spectrogram, as seen in Figure 3b. The prominent
peak, corresponding to the first quarter-wave length resonance
of the front cavity, occurs about at 1.5 kHz, which seems too
high.

(a)                                  (b)

        
Figure 3. Spectrograms of consonant-vowel segments extracted
from natural [aku] utterance in (a) and from synthetic one with a
6 cm long uniform front cavity for the consonant in (b). (The
horizontal grids are spaced by 1 kHz, and vertical grids, dashed
lines, by 100 ms.)

The most acoustically effective means to lower the first
resonance frequency of the front cavity is to form a constriction
at the lip opening, forming a Helmholtz resonator. As mentioned
before, the rounded lip during the k-closure is often observed in
natural speech when it is followed by [u]. As shown in Figure 4,
with the constricted lip section, the prominent burst peak is now
positioned close to the F2 onset frequency of the vowel [u].
Having the front cavity length of 6 cm, such low first resonance
frequency is possible only by the concomitant constrictions at
the lips and in the velar region to form the Helmholtz resonator.
In an informal listening, this synthetic token is perceived as
[aku].

     

Figure 4. Spectrogram of
consonant-vowel segment
extracted from a synthesized
[aku] sequence with a 6 cm
long uniform front-cavity
having a constricted lip
section, which is indeed
perceived as [aku].

5. PERCEPTION TEST
In order to confirm the informal impression of these two
synthesized [aku] tokens, listening tests are conducted. To
distinguish two tokens, which are different only in the front
cavity geometry of target area function of the intervocalic
consonant, let us use the following notations, 'aC6u' for one with
the 6 cm long uniform tube and 'aC6ru' for the other with the
uniform tube having the same length but with the constricted
(i.e., rounded) lip section.

Since it is not so appropriate to perform tests with only a
single pair of stimuli, other two pairs of tokens related to [aki]
and [aka] are added. In one case for [aki] tokens, a 5 cm long
uniform tube is used as the front cavity of the consonant target
and denoted as 'aC5i'. Due to its uniform front cavity, the first
prominent spectral peak of the burst, corresponding to the first
quarter-wave length resonance, should occur about at 1.75 kHz.
This peak position is too low in comparison with the F2 onset
frequency of the second vowel [i]. We expect therefore a poor
rating of this token. In other case, the front cavity having the
same length is tapered out to form a conical horn, denoted as
'aC5ci'. The conical expansion grossly approximates the tapered
opening of the front cavity after constriction, which occurs
during speech production. The acoustic consequence of this
modification is that all the resonance of the front cavity would
shift up to higher frequencies [3]. In our simulation, the first
prominent spectral peak appears at 2.4 kHz, which is
somewhere between F2 and F3 of the second vowel [i]. We
expect, therefore, a high rating for this token as an [aki]
utterance.

In [aka] tokens, the constriction section is place at 6 cm from
the lips in one case, denoted as 'aC6a', and at 2 cm in the other
case, noted as 'aC2a', resulting [aka] and [ata], respectively.
When the second vowel is [a], the simple uniform tube as the
front cavity is adequate as the target area functions of these two
consonants. In total, we have six different stimuli.

Eight listeners participated in the test. The stimuli are
repeated 10 times in random order. The listeners are asked to
judge, after each presentation of a stimulus token, whether the
intervocalic consonant is a good [k], [t], or something else. The
percentage scores across listeners are listed in Table 1. The full
score (100%) corresponds to 80 votes (=10 repetitions x 8
listeners).

'a C6ru' 'a C6 u' 'a C5c
 
i' 'a C5 i' 'a C6 a' 'a C2 a'

[k] 98 29 94 41 94 4
[t] 1 51 0 4 4 96

else 1 20 6 55 2 0
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Table 1. Percentage scores across eight listeners. The subscript
of 'C' of stimulus labels indicates the length of front cavity (in
cm) of the consonant target area function. (See text for detail).

Since the consistency of responses of the individual listeners
is relatively high, we interpret the scores such that all the
listeners judges the stimulus synthesized with the front cavity
having rounded lip, 'a C6ru', as [aku]. The stimulus with uniform
front cavity, 'a C6 u', is judged either [t], [k], or something else
depending on listeners. The result confirm, therefore, that a
"clear" [k] requires the lip rounding when it precedes [u].

Similar results for [aCi] tokens: with the conical front cavity,
'a C5c

 
i', all the listeners judged the stimulus as [k], but with the

uniform front cavity, 'a C5 i', as [k] or something else. In the case
of [aCa] tokens, all the listeners judged [k] when the front-cavity
length is 6 cm, and [t] when the length is 2 cm.

(a)                                       (b)

Figure 5. Lower lip position during /k/ productions in various
contexts with many repetitions shown in (a), and during /k/
followed by /u/ (in "school") with many repetitions in (b). The
x-y coordinates are in mm. (These figures were kindly prepared
by Jim S. Dembowski at University of Wisconsin-Madison,
using "Wisconsin X-ray microbeam speech production
database".)

6. CONCLUDING REMARKS
If the lip rounding during [k] were auditorily required when it
precedes the rounded vowel [u] the "anticipatory" rounding
maneuver, intentionally or not, must be controlled and
articulated. If this is the case, we should expect in articulatory
data that the variability of the "articulated" rounded lip position
during [k] is small when it precedes the vowel [u]. In contrast,
the dispersion of non-controlled lip positions before others
vowels should be large, because there is no acoustic and
auditory reason to precisely articulate the lips during [k]. The
data shown in Figure 5 seem to support our assertion: The lower
lip position during [k] production in various contexts, shown in
Figure 5a, exhibits a large dispersion. Whereas the dispersion of
lip positions for [k] extracted form many tokens of the English
word "school" is vary small as shown in Figure 5b. The same
contrastive dispersions were observed for the upper lip position.
We interpret this small dispersion as an indication that the
speaker articulated the rounded lips, because it is perceptually
required.

In conclusion, the acoustical considerations, perception test,
and articulatory data indicate that the labialization of [k]
followed by [u] is not a "simple" anticipatory coarticulation, but
an auditorily required explicit articulation.
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ABSTRACT

In this paper the effect of syllable structure on bilabial coupling
is  investigated from a coordinative dynamics point of view.
Data will be presented on four normal speaking subjects, who
were asked to reiterate at a fast rate sequences of monosyllable
and disyllable non-words, differing in syllabic structure. The
dynamics of the coupling between upper and lower lip was
measured in using continuous estimates of relative phase values.
The results show a clear effect of syllable structure on the
coupling of the lips while producing bilabial closing gestures. In
particular, it was found that sequences in which cv-syllable
structure was repeated, showed a marked difference in terms of
lip coupling characteristics and associated speech rates
compared to other sequences. The findings are discussed in
terms of underlying dynamics of bilabial coupling, in which
relative coordination and self-organization are key features.

1.  INTRODUCTION
The syllable as a unit of speech production has received much
attention in the (psycho) linguistic and motor control literature.
It has been shown that repetition of the same syllable structure
in non-word sequences, regardless of its phonetic context,
facilitated verbalization [1]. In coordinative dynamics the
syllable may act as a production unit where consonant
movements are organized within the context of vowel-to-vowel
cycles [2]. Furthermore, consonant and vowel productions are
conceptualized as dynamically specified actions, in which
individual articulatory movements are constrained to various,
task-specific degrees (e.g. [3]). These constraints determine the
amount of flexibility and stability that is available in the system
[4].

In our companion paper [5], we looked at the variability
and latency of bilabial relative timing for discrete syllables. The
aim of this paper is to investigate the effect of syllable structure
on the coupling dynamics between upper and lower lip in
reiterated bilabial closure gestures. In particular, this study tests
the hypothesis that the manner in which syllables are produced
represents an emergent property of articulatory dynamics.

2. METHODS
2.1.  Subjects
Four normal speaking male subjects (age range 23-25 years), all
native speakers of Dutch, participated in the experiment. All
subjects had normal hearing acuity, normal language and voice
quality. They were volunteers paid for their participation.

2.2. Stimuli and procedures
 In this experiment pronounceable but meaningless sequences of
letter strings were used as stimuli. Each sequence belonged to
one of seven possible categories (Table 1). For each category
there were 4 different stimuli, repeated 2 times, giving a total of
56 sequences. A subject was instructed to repeat each of them as
fast as possible for 10 seconds while maintaining intelligibility.
Sequences contained one or more bilabial gestures ([R] sound).
However, some sequences in categories 1 and 7 did not contain
a bilabial gesture. These were not analyzed, since the main focus
was on bilabial coordination.

As part of another experiment, not discussed here, subjects
were required to produce each sequence in isolation in two
separate blocks of trials prior to the experiment. This way
potential problems in the pronunciation of the sequences could
be identified and corrected.

Category Vowel Context Example
(1) CV.CV.CVC Same [RK.RK.V�¯]
(2) CVC.CVC.CVC Same [RKR.RKR.V�¯]
(3) CV.CV.CVC Different [RK.VC.M�¯]
(4) CVC.CVC.CVC Different [RKR.VCR.M�¯]
(5) CV.CVC.CVC Same [RK.RKR.V�¯]
(6) CVC.CV.CVC Same [RKR.RK.V�¯]
(7) CV.CVC.CV.CVC Same [RK.V�¯.RK.V�¯]

Table 1. List of categories that define syllabic structure

2.3. Instrumentation
Kinematic data associated with tongue, lips and jaw movements
were collected using an electromagnetic midsagittal
articulograph or EMMA system (AG100, Carstens
Medizinelektronik GmbH). For this purpose, small sensor coils
(about 2 mm in diameter) are attached to the surface of the
tongue (on tongue blade, 1 cm behind apex, and on tongue body,
3 cm behind first tongue coil position), lips and lower jaw. For
the lower jaw, a small thin mouthpiece was custom made for
each subject (using Vinyl Polysiloxane; 3M Express STD) to fit
the contours of the subject's lower incisors and gums. The jaw
sensor was attached to this mouthpiece to ensure an accurate and
reproducible position for transducing lower jaw movements.

Movement data were sampled at 400 Hz for each channel
(both dimensions). Acoustic recordings, sampled at 16 kHz,
were made simultaneously using the EMMA acoustic recording
facilities. All data were processed and analyzed using HADES, a
data processing and analysis software package [6].
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2.4. Measurements
All movement data are normalized towards a common horizontal
axis, as defined by EMMA measurements of the subject's
occlusal plane. Coordination or coupling between upper and
lower lip was measured using continuous estimates of relative
phase [7]. Average relative phase values and their standard
deviations were calculated using circular statistics [8].  An
illustration of this measure is shown in Figure 1.

From the acoustic recordings, the middle four seconds of a
ten-second trial were selected. The number of syllables within
this interval as well as the interval-durations between the vowel
peaks of the individual syllables were calculated. The latter
measure, denoted as mean syllable duration, was used for
further analysis. Contrasts of interest were tested using Watson's
F-test for two circular means. Alpha-levels for significance were
set at 0.05, adjusted for the number of contrasts using a
Bonferoni correction.

3. RESULTS
A first analysis (per subject) was done on differences in relative
phase as a function of vowel context. According to Sevald et al.
[1], such a difference should not have a significant effect on the
ease of articulation for a given syllable structure. Indeed, the
results showed no significant difference for any of the subjects
between sequences of categories 1 and 3 and sequences of
categories 2 and 4. Furthermore, no differences were found for
stimuli belonging to the categories 1 and 7. Therefore, the data
from categories 1, 3 and 7 were combined as well as the data
from categories 2 and 4. Thus, the principal contrasts of interest
are between stimuli with a congruent cv (1+3+7) and cvc (2+4)

pattern and discongruent, e.g. cv-cvc, (5+6) patterns.
Table 2 lists the average bilabial relative phase values (Phi)

and average standard deviations for relative phase within trials
(SD Phi) for each subject. The mean syllable durations
(Duration) found for the cv-congruent (cv), cvc congruent (cvc),
and incongruent (Inc) conditions are added in the third column.
For the average relative phase values, all subjects showed a
significant difference between the cv and cvc conditions, as well
as between the cv and Inc conditions. However, differences
between the cvc and Inc conditions were only found to be
significant for s03. In general, the cv condition showed a more
symmetric pattern (closer to 180 degrees) then the other
conditions. The differences for average syllable durations
paralleled the effects for relative phase in that mean syllable
durations for the cv-condition were much shorter then for the
other conditions. Regarding the standard deviations for relative
phase (based on individual trial data), the effects were
somewhat mixed. Subjects 1 and 2 showed significant
differences between cv and cvc, as well as between cvc and Inc

conditions. However, such effects were not found for subjects 3
and 4.

In Figure 2 the individual data for relative phase are plotted
against the individual data for mean syllable duration. A few
observations can be made. First, cv and cvc conditions are
clearly distinguished in terms of their combination of relative
phase and mean syllable duration values. Part of the latter effect
is obviously related to the difference in number of segments [9].
Furthermore, the Inc condition seems to be characterized by
values that can take either side, that is, they may fall within the
region of the cv-condition, or they fall within the region of the
cvc condition. One could say that in producing bilabial gestures

Upper lip position (normalized)

Lower lip position (normalized)

Upper lip velocity (normalized)

Lower lip velocity (normalized)

Continuous estimate relative phase (degrees)

[RK.RKR.V�¯]

Figure 1. Illustration of continuous estimate of relative
phase for normalized upper and lower lip data
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in these sequences, this articulatory system is attracted by one of
two possible states or attractors. For a given setting, the (linear)
relationship between speech rate and relative phase value is
weak, both for the cv (R2 = 0.05) and cvc (R2 = 0.01) condition.

Phi SD Phi Duration
S01

Cv
Cvc
Inc

176.68 (14.7)
152.19 (8.6)
147.31 (16.3)

44.56 (6.5)
22.96 (6.7)
37.55 (15.9)

184.38 (8.1)
237.40 (23.3)
221.04 (16.2)

S02
Cv
Cvc
Inc

171.44 (10.8)
151.06 (10.9)
153.03 (11.2)

42.04 (1.9)
26.74 (2.7)
42.13 (3.0)

171.8 (10.2)
234.2 (17.3)
207.6 (21.1)

S03
Cv
Cvc
Inc

174.59 (7.0)
155.41 (6.0)
165.19 (9.2)

20.43 (7.9)
24.43 (6.5)
32.17 (11.4)

149.8 (7.5)
205.3 (20.3)
171.9 (12.8)

S04
Cv
Cvc
Inc

168.21 (6.3)
152.09 (6.5)
156.30 (12.3)

21.13 (8.7)
19.27 (8.9)
25.46 (10.2)

169.3 (10.7)
205.1 (21.7)
193.2 (19.4)

Table 2. Mean relative phase values (Phi), mean standard
deviations of relative phase across individual trials (SD Phi),
and mean syllable durations (Duration) for cv-congruent (cv),

cvc-congruent (cvc), and incongruent (Inc) conditions (between
() standard deviations across repetitions)

There is a complicating factor in this study. In repeating
sequences at a high speech rate with two bilabials following
each other very closely in time (as in [RKR.RK.V�¯]), it is possible
that the two bilabials are reduced to a single gesture, thereby

creating a different type of sequence ([RK.RK.V�¯]).
A closer look at some of the movement patterns for this

type of sequences indeed showed examples of cluster reduction.
For example, in Figure 3 it is shown that this subject produces
mostly a simplified sequence ([RC.RC.V�¯]) instead of the
intended more complex sequence [RCR.RC.V�¯], although the
subject does produce it sometimes as seen in the right part of
Figure 3. Also note, that at the moment where a  [t] sound is
produced, the lower lip moves upward.

Even though all lower lip movements are (linearly)
corrected for jaw movements, there seems to be some influence
of the upward jaw movement present. The most interesting part,
however, is the fact that the upper lip makes a corresponding
downward movement (but to a lesser extent as for a target lip
closure).

This upper lip movement does not appear to be a simple
mechanical or reflex based reaction to the lower lip movement,
since the upper lip movement starts at the same time or in some
cases even precedes the onset of the lower lip movement (see
ellipses in Figure 3). That is, the two lips behave like a unit,
maintaining their coupling, even if there is no acoustic or
phonological target for such coordinated lip movements as in [t]
production.

Additional analysis, the details of which are left out due to
space limitations, revealed that in general there is a clear
separation in terms of relative phase and speech rate
characteristics for cv-congruent constructs and other syllable
constructs. This finding seems in line with the claim that the CV
syllable has a special status in speech production ([10]).
Furthermore, it was found that for the non-cv congruent
structures, the number of bilabial gestures within a particular
sequence influenced the variability of the relative phasing. More

1 0 0

1 2 0

1 4 0

1 6 0

1 8 0

2 0 0

2 2 0

2 4 0

2 6 0

2 8 0

3 0 0

9 0 1 3 5 1 8 0 2 2 5
R e la tiv e  pha s e (d eg )

D
ur

at
io

n 
(m

se
c)

c v-con

cvc -con

incon

average  cv

average  cvc

Figure 2. Relationship between relative phase and mean syllable durations for all subjects for cv-
congruent (cv-con), cvc-congruent (cvc-con) and all incongruent (Incon) conditions
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bilabials in a sequence reduced the variability of the bilabial
coupling.

4. DISCUSSION AND PRELIMINARY CONCLUSIONS
Looking at the coordination between upper and lower lip in
verbal sequences that differ in syllabic structure, it was found
that:
a. if the second syllable of the sequence repeats a cv -

structure, the coupling between the lips
• tends towards symmetry (1800)
• is relatively variable ( SD > 250)
• is associated with relatively faster speech rates (around

170 ms/syllable)

Figure 3. Example of sequence with mixed occurrences of
double (intended) and simplified bilabial clusters

b. if the sequence represents the other conditions (cvc-
congruent or any discongruent condition), the coupling
between the lips
• tends to be more asymmetric (around 1500)
• is relatively stable (SD < 250)
• is associated with relatively slower speech rates

(around 200 ms)
• shows a decrease in relative phase variability with an

increase in the number of bilabial gestures in the
sequence

These characteristics were found to be rather consistent across
different speakers and suggest that they act as indices of
relatively stable solutions ("attractors") for bilabial coupling.
However, it should be emphasized that interarticulatory coupling
is not characterized by invariant (point-attractor) targets. Rather,
the coordination between the lips shows a more flexible type of
organization, as we would expect from a truly dynamical system
[4,11].

We also noticed that in a number of trials subjects added

bilabial movement sequences, the main purpose of which may
be to maintain the integrity of the phase coupling between the
lips. Since the added gesture does not have a valid acoustic or
phonological target, it may indicate that speech movements are
coordinated as coupled (non-linear) oscillators beyond the time-
window of a single discrete gesture. Furthermore, the interaction
between the coupled articulators determines the type and
stability of the coupling, which is a trait of self-organization. For
a given structure speech rate and relative phase seems to be
rather independent from each other. Further analysis on the
time-series of relative phase data are in progress in order to gain
more insight in the underlying dimensionality of these signals,
and the way the dynamics of the speech motor system may differ
between normal speakers and people who stutter.
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ABSTRACT

In a non-linear dynamical framework, degrees of freedom are
controlled by means of self-organization, giving rise to so-called
coordinative structures, in which the actions of the individual
articulators are constrained with respect to their gestural target
(e.g., bilabial closure). The constraints are task-specific and
allow for a type of coupling in which the system can adapt
quickly to varying input conditions (i.e., flexibility) but perform
a given task in a relatively stable and predictable manner (i.e.
stability).  We examine flexibility and stability in lip closure
gestures by calculating the variability associated with lip
latencies and sequence patterns, and across different sessions.
While the nature of  the coupling can vary across sessions,
closure gestures with longer time lags between velocity peaks
generally are less variable than more symmetric gestures.

1.  INTRODUCTION
 Controlling the degrees of freedom in speech production is a
long lasting issue in speech motor research. From a non-linear
dynamical point of view, degrees of freedom are controlled by
means of self-organization, giving rise to so-called coordinative
structures, in which the actions of the individual articulators are
constrained with respect to their gestural targets (e.g., bilabial
closure). The constraints are task-specific and allow for a type of
coupling in which the system can adapt quickly to varying input
conditions (i.e., flexibility) and, at the same time, perform a
given task in a relative stable and predictable manner (i.e.,

stability). One way to examine the relative degree of coupling
between articulators is to examine the variability in
interarticulator temporal coordination. More variability within
certain limits of a stable performance signifies a more flexible

type of coupling, whereas less variability signifies a more
constrained performance within these limits [1,2]. In the first of
two companion papers, we examine the flexibility and stability
of lip closure gestures by calculating the variability associated
with lip latencies and sequence patterns. Further, we examine
the day-to-day stability of the bilabial coupling by examining the
variability in temporal coordination across multiple sessions in
time.

2. METHODS
The movements of the tongue blade, lips, and jaw were
transduced by electromagnetic midsagittal articulography
(EMMA), (AG100, Carstens Medizinelektronik GmbH).
EMMA signals were digitized at 400 Hz while the
corresponding speech acoustic signals were digitized at 16 kHz.
A single session included twenty repetitions of /pap/, /tat/, and
/sas/ imbedded in a carrier phrase at normal, slow, and fast
speech rates. The 60 phrases were blocked by rate and produced
first at a normal speech rate, than again at a fast rate, and finally
at a slow rate. Seven male native-speakers of Dutch participated
in the experiment. Only data associated with syllable initial /p/
closure during the normal rate condition are discussed here.
Sessions were repeated three times, and the interval between
sessions was about two weeks. Displacement onset and offset
for syllable initial stop and fricative closure were marked by
standard velocity criteria. Data were processed and analyzed
using HADES [3].

3. RESULTS
3.1.  Sequence patterns
Figure 1 shows the relative distribution of the upper lip, lower
lip, and jaw sequence patterns for /p/ closure. The dark portions

Figure 1. /p/ closure across sessions and subjects. Relative Distribution of each sequence re peak velocity.
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of the bars represent the upper lip, lower lip, and jaw sequence,
the light portions represent the lower lip, upper lip, and jaw
sequence, and the hashed portions represent all others. By far,
the predominant sequences are those in which lip movement
occurs first and jaw movement occurs last. First, the figure
shows that either lip lead sequence is equally likely to occur. For
example, Subject 1 prefers the lower lip lead sequence while
Subject 3 prefers the upper lip lead sequence. Second, the figure
shows that some subjects, for example Subjects 6 and 7, show
no clear preference for either lip lead sequence. Note that for
these two subjects that either lip lead sequence occurs about 50
percent of the time. Third, the figure shows that two of the
subjects, 2 and 4, show a clear reversal in the lip lead sequence
across sessions. For example, Subject 4 utilizes an upper lip
lead sequence in sessions one and three but a lower lip sequence
in session two. Subject 2 is most unstable in regard to temporal
order; a predominate upper lip lead sequence is shown in
session one, equal occurrence of either lip lead sequence is
shown in session two, and three different patterns (i.e., upper
lip-jaw-lower lip in addition to either lip lead sequences) are
observed in session three.

3.2.  Interarticulator relative time
One of the reasons that the sequence pattern is not stable across
time is that it does not reflect interarticulator relative time [2]..
Subjects who demonstrate symmetric lip movements for bilabial
closure, for example, would have a higher probability of
producing both lip-lead sequences compared to subjects who
demonstrate longer relative timing of the lip movements. This is
demonstrated in Figure 2, which shows the lip relative time and
the lagging lip to jaw relative time for the session average
sequences. A session average sequence represents the ensemble-
averaged trajectories associated with the movements of the lips
and jaw. Only two average sequences occurred; the lower lip,
upper lip, and jaw sequence was predominate follow by the
upper lip, low lip, and jaw sequence. Note that the relative time

for lip movements in the case of Subjects 6 and 7 is less than
five ms. Recall that Figure 1 showed that these subjects
demonstrate nearly equal probability of producing either lip-lead
sequences.

In addition to interarticulator relative time, Figure 2 also
shows the sequence pattern of the average sequences and
demonstrates that three of the subjects are inconsistent in at
least one of these two temporal parameters across sessions. The
hashed bars represent the lower lip, upper lip, and jaw sequence
and the light-dark solid bars represent the upper lip, lower lip,
and jaw sequence. Subject 2 shows a sequence reversal and
Subjects 1 and 4 show relatively large differences in
interarticulator relative time across sessions.

3.3.  Relationship between lip latency and variability.
We turn next to the issue of the nature of the coupling between
the upper and lower lips in bilabial closure. To this end, we
examine the lip latencies across all sequences per subjects and
sessions. Shown in Figure 3 is the average lip latency in ms for
20 bilabial closures per subject for each session. Note that in all
cases but one, subjects produce lip latency values that cluster
within two ranges. Subjects 3, 5, 6, and 7 produce consistent lip
latencies of less than 10 ms across sessions, whereas subjects 1
and 4 produce lip latencies of much greater duration, generally
20 to 60 ms across session. Only subject 2 is different. This
subject produces relatively long lip latencies in sessions 1 and 3
(i.e., 18 and 37 ms respectively) and a short latency of 4 ms in
session 2. The observation that subjects consistently enlist either
short or long latencies in bilabial closure is interesting from a
dynamical point of view, to which we will return later, and led
us to examine the relationship between interarticulator timing
and relative variability as a function of latency duration.

The demands of rapid conversational speech require an
appropriate balance of stability and flexibility in coupled
systems. The nature of the coupling can be explored by
examining the relationship between the duration and the relative

Figure 2. /p/ closure across sessions and subjects. Relative time of average sequence re peak
velocity.
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variability of the interarticulator latency. The notion is that more
flexible systems are associated with shorter but more variable
latencies whereas more stable systems are associated with
longer but less variable latencies [1,2].
Figures 4 and 5 show the relationship between the mean lip
latency in ms and the coefficient of variation for long (defined as
longer than 10 ms) and short (defined as 10 ms or shorter) lip
latencies, respectively. Figure 4 shows the latency-variability
relationship for all sessions for subjects 1 and 4, and for two of
the three sessions (1 and 3) for subject 2. Figure 5 shows the
latency-variability relationship for all sessions for subjects 3, 5,
6, 7 and for one of three sessions (2) for subject 2. Note, first,
that in the case of both long and short latencies, that there is a
non-linear relationship between latency and variability. Using

regression statistics, the coefficient of variation predicts 51
percent of the latency means (R2=.51, F=.07) using a non-linear
exponential model in the case of long latencies (Figure 4) and
60 percent of the latency means (R2=.60, F=.0008) using a non-
linear logarithmic model in the case of short latencies (Figure
5). In general, non-linear regressions reached a higher level of

significance than the linear model for both latency conditions.

4. DISCUSSION
The results demonstrate considerable across subject and session
variability in the temporal coordination of the lips and jaw for
bilabial closure in terms of interarticulator relative timing and
sequence patterns. Similar results were observed in the spatial
domain in terms of relative lip and jaw displacements [4].
However, motor equivalence covariability was observed for all
closing gestures and thus the gestures were considered well
coordinated even though spatial and temporal instabilities were
observed frequently across sessions.

The observed variability reported here in the relative timing
of the lips is related to the absolute time lag between the
velocity peaks of the lip movements. For the two main latency
categories, shorter or longer than 10 ms, longer time lags are
associated with reduced variability, whereas shorter time lags
are associated with increased variability. This latency-variability
relationship influences the prevalence of specific sequence

patterns, particularly at short latencies. In general, more variable
short-latency gestures yield more alternate sequence patterns
compared to less variable short-latency gestures. The latency-
variability affect may reflect the inherent preference, or attractor
state, of the motor system along a stability-flexibility continuum
in resolving conflicting demands; on the one hand, the demand
to adapt quickly to time varying input conditions (flexibility),
and on the other, the demand to perform a given task in a
relatively stable and predictable manner (stability).

The results of this experiment led us to investigate the
control of degrees of freedom issue further by examining
continuous bilabial gestures in varying syllabic structures using
a phase analysis paradigm. The results of our companion paper
presented at this conference support the observations made here
[5].
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ABSTRACT
In this 1investigation, movement data on articulator
gestures are examined, in order to understand timing
principles underlying the production of French rounded
vowels. The extent of anticipatory labial and lingual
activities, tied to vowel production, is analyzed in different
consonantal contexts. X-ray and acoustic data are acquired
from two speakers producing sentences at two speaking
rates. Results show that anticipatory extents are comparable
in single consonant contexts, and that loading the obstruent
interval with a sequence of plosives restrains the
anticipatory gestures. Increasing speaking rate provokes
speeding up of articulatory activity and compression of
acoustic durations, but does not significantly modify the
relative timing of these anticipatory gestures.

1. INTRODUCTION
Rounding is a linguistically relevant gesture in French, and
its influences on adjacent segments may be more or less
remarkable. The anticipatory extent of such a gesture is said
to be a production mechanism, related to the coordination of
relatively sluggish physiological speech structures.
However, this anticipatory phenomenon would also offer
early acoustic information that listeners had evolved ability
to exploit. Various models in speech production have
provided contradictory accounts of the nature and extent of
such anticipatory gestures. Our view is that the extension of
gestures does not obey optimal linguistic requirements.
Rather, anticipatory behaviour may emerge when gestural
overlap is a linguistically viable configuration, and thus its
extent would largely depend on factors such as the nature of
the adjacent or neighbouring segments, the articulators
coming into conflict in producing the sound sequences,
speaker specific strategiesÉ

This research will observe for the presence or
absence of anticipatory labial and tongue activities in the
production of rounded vowels. Anticipatory activity will be
examined for two speakers, in different consonantal
contexts and in different speech rates, to be able to evaluate
its domain, its degree of variability and its robustness [1].

2. METHOD
The corpus consisted of 58 sentences that embedded the
target words. The words chosen allowed investigating: (1)
the influence of anticipatory vocalic coarticulation on
consonant types [p, t, k, b, d, g]; (2) the temporal extent of
anticipatory labial activity across consonant sequences
[kt]. The corpus provided the following sequences: (1)
Vunrounded + C1 + Vrounded; 2) Vunrounded + C2 + Vrounded

(where there was no intrusive vowel between C1 and C2). The
unrounded vowels were either [i] or [a] and the rounded
vowels were either [u] or [y]. Two speakers uttered the
speech samples at two speaking rates (normal and fast). X-
rays and a simultaneous audio recording of the speakersÕ
production were obtained under medical care.

With the help of a grid, measurement parameters
for vocal tract configurations were determined on mid-
sagittal profiles related to: (1) upper lip position,
horizontal and vertical displacements; (2) lower lip
position, horizontal and vertical displacements; (3) lip
opening or the vertical distance between the upper and lower
lips; (4) jaw position, vertical and horizontal
displacements; (5) tongue-tip vertical displacement,
monitored following a specific point in the alveolar region
of the grid, where contact woud be located; and (6) tongue-
body displacement, monitored following a specific point in
the velar region of the grid, where either contact or
minimum constriction would occurr. Temporal events were
detected on the audio signal and specific timing relations
between these events allowed determining, in the VCV
domain, acoustic durations that correspond to articulatory
opening and closing gestures.

3. GENERAL COMMENTS
 3.1. Behaviour of articulators

The displacement of the jaw did not show any
remarkable contribution to the anticipatory characteristics
that will be discussed below. However, its movements,
although of little amplitude, did reveal its nature as a carrier
of the lower lip and of the tongue body, with movements
being positively correlated in all cases. Protrusion of the
upper lip was always accompanied by a vertical upward
displacement, without this vertical displacement showing
any decisive contribution to labial anticipation in terms of
movement amplitudes. It has been shown [2], however, that
peak velocity, associated with this raising movement, may
be relevant in distinguishing anticipatory influences from
different vowels. The protrusion of the upper lip was highly
correlated with that of the lower lip. As intra-class
correlations were significantly high, values were then
collapsed across all classes and conditions in order to
observe the global scenario. Scattergrams in Figure 1
indicate the close relationship between these two structures.
However, it was the upper lip protrusion that demonstrated,
in general, more regular and prominent behaviour than the
lower lip. Protrusion measurements, in this research, will
henceforth focus only on the activity of the upper lip.
Moreover, as upper lip protrusion was always negatively
correlated with lip opening, within and across classes and
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conditions (Figure 2), it becomes a good candidate in
analyzing the coarticulatory effects of the two rounded
vowels studied here. In one instance, however, Speaker
M.M. did not show perceptible upper lip protrusion (in the
consonant sequence context); it was lip opening that seemed
to ensure the anticipatory activity. Vowel anticipatory
extents were similar in both the voiced and voiceless
contexts. Thus only results pertaining to the voiceless
category will be presented here. The activiy of all
articulators was sped up with increased speaking rate. In
some instances, gestures occured simultaneously in fast
speech, even within a single structure like the tongue [1],
where the tongue body occlusion may coincide with that of
the tongue tip, as in the sequence [ikty].

3.2. Acoustic durations
Durations of both vocalic and consonantal portions of the
acoustic signal were compressed in fast speech, reflecting
the global speeding up of articulatory activity. However,
consonant closures were more resistant than vowels to
reduction of their durations. This was especially true in the
consonant sequence context [kt]. Noticeable reduction of the
rounded vowels in fast speech did not seem to affect the
anticipatory extent of the vowel gestures, as we shall see
later.

4. RESULTS AND DISCUSSION
4.1. Timing of articulatory gestures
4.1.1. The bilabial context [ a p u ]
It is interesting to understand the timing of the gestures
participating in the production of the rounded vowel, in a
bilabial consonantal context, where the lips are used for
both approximation and protrusion. The temporal
coordination of protrusion of the upper lip and vertical
displacelment of the tongue body are closely examined. The
former's behaviour is closely tied to the production of the
vowel, with possible conflicting demands coming,
however, from bilabial closure; whilst the latter's activity i s
essentially related to the production of the vowel. In normal
speech, results show that protrusion begins before lip
contact, and increases (4 mm for both subjects) through lip
closure. Maximum protrusion (of 10 mm for A. K. and 7 mm
for M.M.) is observed during the configuration of the
rounded vowel. The displacement of the tongue body
indicates that the gesture for vowel constriction of the
rounded vowel is also initiated before lip closure, varying
through this closure by 4 mm and 6 mm for A.E. and M.M.
respectively, and attaining a maximum value of 11 mm of
variation for both speakers, which corresponds to minimum
constriction, i.e. when the surface of the tongue is closest to
the palate. Increasing speech rate does not significantly
modify the timing of these articulators, nor does it alter the
amplitude of articulator displacements. These results reveal
similar strategies for both speakers, showing that the
anticipatory labial activity of the rounded vowel is also
accompanied by an anticipatory tongue body gesture of this
vowel. It is, nonetheless, lawful to believe that the
protrusion of the upper lip, in this context, may portray
both the linguistic vowel gesture and the labial component
of the consonant. The next two contexts should give better
insights into this question.

4.1.2. The tongue tip context [ a t u ]
The articulators monitored in this context for anticipatory
behaviour are: upper lip protrusion, lower lip vertical
displacement, lip opening, and tongue tongue body vertical
displacement. Compared with the previous context, more
structures are available in this case to analyse the
anticipatory phenomena of the rounding gesture, since only
tongue tip is actively recruited in producing the consonant
(Figure 3). The data shows (Figure 4, Speaker A.E.), in
normal speech, that protrusion is gradual (frames 1112 -
1115) before tongue tip contact (frame 116), and increases
by 9 mm from contact "onset" to "release" (frames 1116 -
1121). Infact, maximum protrusion is attained during the
final obstruent configuration of the consonant. The vertical
displacement of the lower lip, contributing also to the
rounding gesture, begins its upward movement (frames
1113-1115) before consonantal closure. During this tongue
tip closure, the lower lip continues its upward trajectory,
varying by 5 mm during the obstruent phase of the vocal
tract, with maximum displacement taking place during the
obstruent configurations (frames 1120 - 1121). Lip opening
is negatively correlated with upper lip protrusion. It
diminishes before tongue tip contact (Figure 3), and a
reduction of 10 mm is registered during contact. The vertical
displacement of the tongue body, reflecting the size of the
constriction for the rounded vowel in the back cavity, also
initiates its elevation before the obstruent phase of the
apical consonant. The vocalic constriction is further reduced
by 7 mm during apical contact (frames 1116 - 1121). These
timing patterns are structurally the same for Speaker M.M,
although her gestures are relatively lower in amplitude; this
point will be taken up again later. Increasing speaking rate
does not modify the global timing of the articulators either.
Taken together, these results confirm the above mentioned
finding, that both the rounding gesture and the constriction
gesture for the production of the vowel are anticipated well
beyond the non labial consonant, and up to the late
configurations of the unrounded vowel. What happens to the
labial gestures (protrusion and lip opening), when the
tongue body gesture for the vowel is also recruited for the
production of the consonant? In other terms, would the
tongue gesture conflict have any consequence on the
anticipatory extent of the other structures, even when these
structures are anatomically independent? The following
sequence provides elements of response to this question.

4.1.3.The tongue body context [ a k u ]
The timing of upper lip protrusion, of the vertical
displacement of the lower lip and of lip opening are
examined here in order to account for anticipatory
phenomena. In a normal speech rate, protrusion begins
before tongue dorsum contact and increases during the
contact (by 6 mm for A.E. but only by 2 mm for M.M.). The
lower lip vertical displacement is not significant before
consonantal contact, but increases during the obstruent
configuration (6 mm for A.E. and 4 mm for M.M.). Lip
opening reduces (5 mm and 3 mm for Speakers A.E. and
M.M. respectively), from a relatively stable configuration
for vowel [a], to tongue body contact, and continues its
reduction (4 mm for both speakers) through the closure. At a
fast speaking rate, the timing of articulators is globally the
same, with displacement values being less remarkable, in
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this prosodic context also, for speaker M.M. On a whole, no
compensation strategies are observed: labial anticipatory
activity is neither extended in time nor enhanced in
amplitude when the tongue body vowel gesture is in conflict
with the consonant gesture [3]. On the contrary, the
anticipatory gesture of the lower lip vertical displacement
does no longer go beyond the obstruent phase, as was the
case in the apical context. This tendency for vowel [u]
gesture spreading to diminish, when the vocal tract i s
obstructed in the velar region is more noticeable in Speaker
M.M., who in general has less pronounced amplitude
variations. What happens when the obstruent phase i s
loaded with two consonants? The next section deals with
this question.

4.1.4. Consonant sequences [ ikty]
The articulators observed for anticipatory effects in this
context are the following: upper lip protrusion, lower lip
vertical displacement, and lip opening. In normal speech
rate, and for Speaker A.E., upper lip protrusion becomes
significant only after the end of tongue dorsum contact,
increasing by 4 mm in the occlusion phase of the apical
consonant. For Speaker M.M., however, upper lip
protrusion is hardly perceptible, and does not vary (1 mm)
along the entire sequence. The lower lip vertical
displacement, for Speaker A.E., starts its rising movement
after the obstruent phase of the velar consonant; it varies by
4 mm within the obstruent phase of the apical consonant.
For Speaker M.M., the scenario is similar, with a
comparable variation in amplitude. Lip opening for Speaker
A.E., like upper lip protrusion, only diminishes after tongue
body contact, varying by 7 mm during the end of the tongue
dorsum obstruent phase and the end of the tongue tip
obstruent phase. For speaker M.M., while upper lip
protrusion did not seem relevant in the production of the
sequence, the size of lip opening reduces (by 6 mm), as from
the tongue body obstruent configuration to the tongue tip
obstruent configuration. In fast speech, the timing of the
different gestures is comparable to that of normal speech
rate, for both speakers. To summarize, when the upper lip
protrusion gesture is not efficient for Speaker M.M., it is lip
opening that seems to ensure the anticipatory extent of the
vowel. It should be noted here that the tongue body lowering
movement after the obstruent phase, begins before contact
for the apical consonant, and varies by 4 mm for both
speakers, in both speech rates. This lowering of the tongue
body is not only related to consonant release, but also to an
extension of the rounded vowel gesture into the apical
configuration. In all cases, no gesture goes beyond the
tongue dorsum occlusion phase; they may at best coincide
with the begining of that phase.

5. CONCLUSIONS
5.1. The extent of anticipatory vocalic gestures

In the single consonant context, the French rounded vowel
[u] was produced with all of the labial components
extending beyond the consonant, into the late
configurations of the [a] vowel [4]. When the tongue body
gesture was not sollicited for the production of the velar
consonant, its elevation, to obtain the desired constriction
of the rounded vowel, also extended over the preceding
consonant into the first vowel. Loading the obstruent phase
with a sequence of two plosives, seems to restrict the
anticipatory influences from the rounded vowel on the
consonants [5]: this sequence of plosives thus seems quite
resistant to the anticipatory effects of the vowel, even when
that vowel is the highly rounded French vowel [y].
Nevertheless, the anticipatory phenomenon is still
noticeable [6]. One example of delaying a gesture until a
previous one had been implemented Ñ because of gesture
conflict Ñ was found in this investigation [7]. These
different strategies reveal, on a whole, similarity between
the two speakers. The extension of articulatory movements
seems to be implemented whenever physiologically
possible without any application of formal rules. Advantage
would then be taken by listeners, of speakersÕ ability to
overlap gestures.

5.2. The perceptual extent of ant i c ipa tory
ges tures
Positing that listeners exploit early motoric cues related to
upcoming speech elements, future work will be carried out
on the perceptual effects of these anticipatory vocalic
gestures. Some gestures are naturally visible (lip rounding)
and others could be uncovered by experimental techniques
(lingual gestures). The pertinent question is to find out the
auditory-acoustic extent of these gestures. In other words,
what is the extent of their audible portions ?

NOTE
1. In loving memory of Christian Beno�t.
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Figure 1. Scattergrams of lower lip protrusion as a function
of upper  lip protrusion. All conditions collapsed.

Figure 3. Vocal tract sagittal profile for  [atu]. Normal
speech.
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TWO KINDS OF PALATALISATION IN JAPANESE:
AN ELECTROPALATOGRAPHIC STUDY

Mitsuhiro Nakamura
Department of Phonetics and Linguistics, University College London, UK

ABSTRACT
This paper reports preliminary experiments describing patterns of linguo-
palatal contact in VCV and VC/j/V sequences analysed using the electro-
palatographic (EPG) technique to study the articulatory nature of Japanese
palatalisation. We examine the articulatory nature of /i/ and /j/ and that of
/n/, /s/, /k/ in the palatalising environments. Of specific interest are the
areas of contact and timing of the dorsum involvement. We assess quali-
tatively the EPG correlates of Japanese palatalisation and its nature is
discussed in the light of the theoretical assumptions made by Articulatory
Phonology. EPG evidence suggests that articulatory blending operates at
the level of the whole gesture (constriction location, degree, and stiffness).
The paper gives support to the account made by Articulatory Phonology,
suggesting that the model provides a good ground for capturing the secon-
dary articulation as a language-specific aspect of articulatory organisation.

1. INTRODUCTION
'Coarticulation' is a widely accepted and variously conceptualised hypothe-
sis that the movements of articulatory organs overlap in time with those of
different articulatory organs or different parts of the same organ. In effect,
sounds are influenced by their phonetic context [1]. The growing interest
in the research paradigm of coarticulation explicitly demonstrates a shift
in focus from characterising speech as a series of static postures to char-
acterising it as a dynamic articulatory process. Coarticulation is first iden-
tified as one research strategy, for explaining phonetic variability, in order
to supplement the postural description of speech. In current research it is
hypothesised that coarticulation is an actual operational system underlying
speech production. This has effectively led to a review of the traditional
explanations based on allophonic rules or phonological rules in the
phonological component, offering new proposals based on organisation of
articulatory gesture or rules in the vocal tract.

In this paper we are concerned with one common secondary articu-
lation of consonantal segments in Japanese, palatalisation. There is fairly
general agreement that palatalisation is a distinctive characteristic in the
sound system of Japanese: Consonants are palatalised before the high
front vowel /i/ and the palatal approximant /j/; palatalised consonants are
phonologically contrastive before nonfront vowels /a, o, u/ where they are
analysed phonemically as /Cj/. The combinations */Cj/+/i/ and */Cj/+/e/
are not permissible in the native and Sino-Japanese lexicon. We can con-
veniently summarise the palatalisation of  /n/, /s/, /k/ as the rewrite rules
below.

(1) /n/ -> [ø]/ ___ /i/ (2) /nj/ -> [ø]/ ___ /a, o, u/
/s/ -> [þ] /sj/ -> [þ]
/k/ -> [kJ] /kj/ -> [kJ]

The rules say that, while the consonant acquires the phonetic feature of /i/
in (1), the preceding consonant and /j/ coalesce into one in (2). Although
the existence of two palatalising environments suggests that there may be

two distinct kinds of palatalisation in the language, the phonetic effects of
/i/ and /j/ upon the target consonant are assumed to be the same in the
segmental specification above. This paradoxical situation drives us to the
question of whether there is any difference in what is characterised as the
same palatal(ised) segment, and also in what is characterised as different
palatalising environments.

Given the coarticulation hypothesis, we can see palatalisation as a
particular use of the tongue. To approach and develop our theme, we must
separate the issue of the articulatory nature of the two palatalising envi-
ronments on the one hand, from that of palatal(ised) consonants on the
other. The latter issue includes how the tongue dorsum raising gesture is
involved in the production of the palatal(ised) segments described by the
same IPA symbols as in the rules (1) and (2).

The pioneering EPG studies of Japanese palatalisation report that
the articulatory gestures for /i/ and /j/ are characteristically different [2, 3],
suggesting that the nature of Japanese palatalisation lies in the [j]-element
of articulatory gesture rather than the [i]-element [3]. However, this ap-
parently contradicts the fact that a consonant becomes palatalised before
the high front vowel. Articulatorily the two palatalising environments are
rather similar in the sense that they involve the tongue dorsum activities. If
similarities, as well as differences, between the two are captured, it may
be more accessible to the proper characterisation of the palatalising envi-
ronment.

Languages may differ in the constriction place for /j/ [4] and it may
correspond to a unique acoustic target of their own [5]. This suggests that
the tongue dorsum raising gesture, to effect palatalisation, varies cross-
linguistically and it is constrained by the phonology of a given language. In
Catalan the dorsum raising gesture for the sequence [nj] is surprisingly
small compared to that for [ø] or the sequence [ni] [6]. This can be ex-
plained by the fact that [ø] has a phonemic status in the language. Thus,
the three-way distinction is made in terms of the magnitude and timing of
the dorsum raising gesture [6]. It is expected that, since Japanese [ø] is an
allophone of /n/ and /nj/, the gesture is actively controlled in two ways
depending on the palatalising environment. The same expectation can be
made for the other (target) consonants.

In the framework of Articulatory Phonology [7, 8] gestures are
events in the vocal tract and abstract phonological entities specified using
a set of tract variables. The relevant tract variables for our discussion are
tongue-tip (TT) and tongue-body (TB), their constriction location (CL),
constriction degree (CD) and stiffness (duration of a gesture). It is hy-
pothesised that /j/ has the same CD and CL as /i/ (a TB [narrow palatal]
gesture), but /j/ differs in having an [increased] value of stiffness [7].
These variables, together with others, form a gesture and gestures are
organised into larger co-ordinative structures. There is a broad distinction
for the oral constriction gestures vocalic and consonantal. The examples in
(1) and (2) are regarded as co-ordination of vocalic and consonantal ges-
tures or articulatory blending of the above variables in the vocal tract. It is
predicted that the CL of two original gestures merges with each other,
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resulting in an intermediate articulation, even though the affected conso-
nant has its unique gestural specifications. The question remains as to the
palatalising effects of /i/ and /j/ hypothesised to have different stiffness.

The aims and objectives of the experiments described here are to
provide some preliminary data on Japanese palatalisation and to examine
the systematic articulatory control underlying it. The specific question to
be explored is how blending of the two palatalising gestures will take
place. It is hypothesised that articulatory blending is not limited to CL but
includes CD and stiffness.

2. EXPERIMENTAL METHODOLOGY
The EPG system used in this study is the Reading system (EPG2 Electro-
palatograph) described in [9]. The tongue-palate contacts are detected by
62 electrodes embedded in the surface of the custom-made artificial pal-
ate. The electrodes are arranged in 8 horizontal rows, which correspond to
anatomical landmarks. The frontmost row has only 6 electrodes and the
other 7 rows have 8 electrodes. The surface of the palate is divided into
four major zones: alveolar (rows 1-2), postalveolar (rows 3-4), palatal
(rows 5-7), and postpalatal (row 8). These zones are based on several
written sources [1, 4, 10] and also are identified in the course of the pres-
ent experiments. This is because the zoning should take account of actual
articulations involved in the production. It is generally taken for granted
that the part of the tongue making a contact against the palate is that
which lies directly under that location, except retroflexes.

Two native speakers of standard Japanese, one male (MN) and one
female (TM), took part in the experiment. General articulatory character-
istics and linguopalatal coarticulation were studied for (i) /i/ and /j/ in the
symmetrical V_V sequences with the nonfront vowels /a, o, u/, and for (ii)
VCV and VC/j/V utterances that include all the possible combinations of
the vowels /i/, /a/, and /u/ and the consonantal phonemes. The speech
items were mostly nonsense disyllabic (two-mora) words. All the target
words were embedded in a frame sentence '/moo ___bakarida/ (There
is/are only ___ now)'. They were written on a series of cards where one
sentence containing one target word was written in the Japanese kana
characters. After more than thirty minutes practising the cards were ran-
domised. The subject then repeated the sentence six times at normal
speed without an accent nucleus on the target word. Five repetitions were
used for the analysis. The EPG and acoustic recording were done in the
Phonetics Laboratory at the School of Oriental and African Studies, Uni-
versity of London.

In this paper data will be reported for (i) the /ViV/ and /VjV/ with
the nonfront vowels /a, o, u/, and for (ii) the /aCi/ and /aCja/ with the
consonants /n/, /s/, and /k/. The palatalising effects are represented by a
contact profile at the maximum point of the closure or narrowing (MAX),
and by articulatory trajectories composed of four contours corresponding
to the four divisions of the palate mentioned above. The MAX point of /s/
is derived from the fricative midpoint with the aid of an acoustic recording
simultaneously made. Both of these representations were averaged over
five repetitions. The Reading EPG2 in this study tracks 302 frames per
second (1 frame = 3.31msec). The time is indicated by the number of
frames over the linguopalatal contacts. Due to space limitations, contact
profiles and articulatory trajectories are presented for one speaker only.
Similar results were obtained from the data of the other informant.

3. RESULTS
3.1.  /i/ and /j/
Figure 1 summarises the contact profiles of /i/ and /j/ in the symmetrical
vowel contexts [a_a], [o_o], and [µ_µ]. The averaged electrode activa-
tion (Elec.Act) is plotted along the ordinate against the abscissa that repre-
sents the EPG rows. It can be seen that the vowel /i/ shows the contact
variation either in the anterior half (rows 1-4) or in the posterior half (rows
5-8) of the palate, depending on the contextual vowels. However, the
approximant /j/ reveals the contextual variation only in the anterior half of
the palate: The posterior contact is relatively stable. Comparing the two
contact profiles, it can be observed that, while both segments are articu-
lated with the tongue mediodorsum raising gesture towards the palatal
region  (rows 5-8), /j/ indicates relatively greater magnitude. The anterior
(peripheral) contact of /i/ extends up to the alveolar region, yet that of /j/
shows no contact at all. In terms of the two-component model of the
tongue, we can say that the dorsum (posterior) component dominates the
(tip/)blade (anterior) in the production of /j/.

Articulatory trajectories of /aia/ and /aja/ are given in Figure 2,
which shows dynamic articulatory movements in each region in terms of
the percentage of on-electrodes averaged over five repetitions of each
target word. The electrode activation (Elec.Act) is put along the ordinate
against the abscissa indicating time in the number of frames. The charac-
teristics in the contact profiles are captured dynamically. The general
trend of the trajectories displays overall similarities between the two target
segments.
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The four contours are ordered like a concentric circle, in which the poste-
rior activities include the anterior ones, reflecting the gestural characteris-
tics. It can be observed that the /j/ trajectories (bottom) are temporally
compressed and the activities in the alveolar region are delimited. The
electrode activation of the postalveolar region at the MAX point (= the 0
frame) is not very different (/i/ = 32.5%, /j/=27.5%), whereas that of the
palatal and postpalatal regions shows the characteristic difference
(/i/=46.7%, 60.0% and /j/=55.0%, 72.5% respectively). The tongue-
palate contact lasts relatively longer for /i/ than for /j/: /i/=264.8msec,
/j/=201.9msec (palatal trajectories are compared).

Both gestures involve the same active articulator (the tongue medio-
dorsum) and CL (rows 5-8). Yet, they differ in their CD and stiffness
(/i/</j/). When compared to /i/, a gesture for /j/ is characterised as the
consonantal gesture that has a greater degree of constriction and a shorter
time constant, than the vocalic gesture.

3.2. Target Consonants in Two Palatalising Environments
3.2.1. Contact Profiles. Three panels in Figure 3 show profiles for the
MAX point of [ø], [þ], and [kJ] and the graphs in each panel compare
coarticulatory effects of /i/ with those of /j/ upon the target consonants. In
the [ø] panel (leftmost) the /ana/ profile is included as a reference.

Evidently there is no substantial divergence between the two profiles
of each target consonant. In spite of the two distinctive conditioning fac-
tors, the profiles of maximum constriction are almost identical. For the
production of [ø] we can say that, with reference to [n], the tongue-palate
contact at the frontmost row is suppressed and this effectively shifts the
point of maximum constriction backwards. It is supposed that, since the
tongue tip is directed downwards during the articulation, the closure is
made mainly by pressing the tongue anterodorsum against the alveolar
and postalveolar regions (rows 2-4). These spatial configurations charac-
terise two [ø]s as an 'alveolopalatal' nasal, rather than a palatal nasal. For
[þ], maximum constriction is formed at the postalveolar region (rows 3-4)
accompanied by the side contacts. In [ø] and [þ] a large contact area over
the surface of the palate is achieved by the extension of the side contacts
towards the mid-sagittal line. For [kJ], complete contact across the back of

the palate (row 8) is made and the side contacts extend further forward to
the  alveolar region (row 2). Since the artificial palate does not cover the
soft palate the examination of constriction at the velar region becomes
inconclusive, particularly in the vowel /a/ context. Even if such a technical
factor is considered, we may say that velic closure is fronted.

3.2.2. Articulatory Trajectories. Figure 4 shows articulatory trajectories
of  [ø], [þ], and [kJ] (left = the /Ci/ series, right = the /Cj/ series). There are
two general tendencies in the data of [ø] and [þ]. One is that the peak of
alveolar contact completely overlaps that of postalveolar one. The other is
that, while in the /i/ context (left top two) the tongue dorsum activity
comes after the (post)alveolar withdrawal is set in motion, in the /j/ con-
text (right top two) the  activity completely synchronises with the tongue
(tip/)blade. There is a temporal lag between the peak of postalveolar
contact and that of palatal contact: 59.58msec in [aøi], 6.62msec in [aøa],
72.82msec in [aþi], and 13.24msec in [aþa]. For both [ø] and [þ], the
interval between the two peaks of the gesture is shorter in the sequence
with /j/. In other words, the /Cj/ sequence displays nearly complete
blending of the two components of the tongue.

In the /k/ and /kj/ trajectories we can find the trace of the two pala-
talising gestures relatively unmodified (see Fig. 2) when we focus on the
postalveolar and palatal trajectories. For /aki/, the maximum palatal con-
striction occurs at the -8 frame, and is relatively steady during and after
complete postpalatal closure (from -17 to +8 frames). For /akja/, the
maximum palatal constriction is attained at the -2 frame during complete
palatal closure (from -18 to +14 frames). Duration of complete closure is
relatively longer for /akja/ (109.23msec) than for /aki/ (86.06msec). This
contrasts with the results of /n/, complete closure of which lasts relatively
longer for /ani/ (49.65msec) than for /anja/ (13.24msec). This suggests
that the result of articulatory blending is different corresponding to the
conflicting and competing demands involved.

4.  CONCLUSION
The observations of contact profiles and articulatory trajectories can be
summarised by three main points: (i) the target consonant at the MAX
point shows the same spatial configuration, regardless of the two palatal-
ising environments; (ii) /i/ and /j/ display their unique palatalising effects
upon the preceding consonant mainly in the temporal domain, reflecting
the inherent articulatory properties; (iii) the affected consonants, particu-
larly /n/ and /k/, demonstrate different results of articulatory blending. It is
reasonable to conclude on the basis of these preliminary results that the
process of articulatory blending operates at the level of the whole gesture,
rather than that of individual tract variables.

If we assume the gestural specification of [narrow palatal] for both
Japanese /i/ and /j/, the different CD observed in the two gestures and the
characteristics in articulatory blending are direct consequences of stiffness.
This gives us a unified account of two kinds of Japanese palatalisation. It
would seem that two palatalising effects can be treated as a single phe-
nomenon at some level of the sound system of Japanese. In traditional
phonetics there is an idea for capturing the phonetic individuality of a
language. It is 'articulatory settings' [11]. Essential in the notion is that
systematic articulatory manoeuvres are language-specifically decided.
This point has a connection with the coarticulation hypothesis and could
be generalised as one language-specific coarticulatory strategy.
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AN EPG STUDY OF PALATALISATION IN FRENCH
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ABSTRACT
This paper studies palatalisation gestures that are present in the
realisation of phonemes /t/ and /d/ in French. Production of these
consonants in different vowel or approximant contexts by four
Belgium French speakers is compared with that of /t+5/ and /d+</
sequences by the same speakers. This study deals with temporal
aspects (based on acoustic output and EPG), articulatory patterns
(EPG) and devoicing phenomena. Influence of the environment
on the place of articulation is studied to establish coarticulation
patterns. Results are examined in terms of co-ordination patterns
to explain variations of realisation and palatalisation in two
French variants (Belgium, and Quebec, where palatalisation leads
to affricated realisations), these patterns being shown to result
from biomechanical constraints on the articulators. Results are
also compared with diachronic data to propose explanations to
French evolution patterns.

1. INTRODUCTION
The aim of this paper is to study palatalisation and to suggest
hypotheses about the control on articulatory gestures and about
the strategies implemented during the production of the
consonants studied. Temporal, articulatory and devoicing patterns
are linked to conclude about gestures co-ordination processes.
The main idea of this study is that the organisation of articulatory
gestures reflects inherent control processes, and that the
interactions between gestures give clues about this organisation.

By comparing palatalisation traces (/t/, /d/, Belgium
speakers) with stop + fricative sequences (/t5/, /d</, Belgium
speakers) and affricated stops (/t/, /d/, Quebec speakers [1]), this
study aims at explaining co-ordination patterns as resulting from
biomechanical constraints on articulators. This paper also
compares these results with diachronic data, showing that
biomechanical constraints and their consequences on realisation
can explain both synchronic variants and diachronic evolution
patterns, in the sense that variations of realisation, present
because of mechanical reasons, can be considered as resources
for the direction of sound change patterns.

2. METHOD
Short sentences containing 71 V(#)-t/d-(A)V (1st corpus) and 21
V(#)-t5/d<-V (2nd corpus) items were produced by each subject
(4 subjects). Right vocalic environments are described in table 1.

i y oe a u e Ä jV �V
1st c 12 12 6 6 6 6 6 12 5
2nd c 5 -- -- 5 5 2 4 -- --

Table 1: number of items for each type of vowel following the
consonants in the 1st (/t/ and /d/ grouped) and 2nd (/t5/ and /d</

grouped) corpuses.

The experiment was conducted via the Physiologia
workstation [11], which allows to deal simultaneously with
acoustic signal, electropalatography (EPG), aerodynamic data

and electroglottography (EGG). The EPG system is Reading's
EPG2. It uses an acrylic 0,8mm-thick plate of 62 contact
electrodes. The EGG system is Fourcin's laryngograph.

Several parameters are examined for this study. Temporal
measures on consonants combine EPG and acoustic information.
Closure duration is the interval between first total closure (first
EPG frame showing a complete row contacted) and closure
release (first EPG frame showing an opening of the closure).
"Friction" (1st corpus) or fricative (2nd corpus) duration is the
interval between this second moment and the beginning of the
following vowel (based on acoustic data). The term "friction" is
used in the 1st corpus because it represents the interval where a
turbulence noise can occur due to a constriction (cf. § 4.4.).

Different EPG patterns are examined: first closure frame (I),
maximum closure frame (II), closure release frame (III) and end
of friction frame (IV) (i. e. beginning of the following vowel) for
the 1st corpus, or the most stable constriction frame for the 2nd
corpus (IV). EPG data are described in terms of graphs giving the
articulatory patterns as contact profiles with the number of
electrodes contacted (Y axis) for each row (X axis). The first row
is the most anterior one and has 6 rather than 8 electrodes.

3. RESULTS
3.1. Temporal aspect
Table 2 shows mean duration (4 subjects) of stop closure and
following friction (1st corpus) or fricative (2nd corpus) of the
voiced and voiceless consonants.

V t V V t5 V V d V V d< V
Closure 85 97 79 88
Frict. 50 106 18 56
Total 135 203 97 144

Table 2: mean duration (n=4) in ms of closure and friction or
fricative parts of the voiceless and voiced consonants in the 1st

and 2nd corpuses.

Several temporal relationships can be noticed. For both
experiments the voiceless consonants have a longer duration than
their voiced equivalents. The friction following the voiceless stop
in the 1st corpus also has a more important duration than the one
following the voiced stop. These results match those mentioned
in Calliope [4].

In the 1st corpus, closure duration is longer than the
following friction duration. This is less the case for the items with
an approximant following the stop, especially the voiceless stop.
Table 3 shows duration difference (closure duration – friction
duration “cl-fr”) first as a mean value for all items (for /t/ and for
/d/), and then as a mean value for the items with a following
approximant. For these items, the difference is smaller (friction
duration being more important), or even negative (friction
duration being longer than closure duration).
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cl-fr: t
(n=36)

cl-fr: tj
(n=6)

cl-fr: t�
(n=3)

cl-fr: d
(n=35)

cl-fr: dj
(n=6)

cl-fr:d�
(n=2)

ms 35 8 -5 55 33 53
Table 3: mean duration differences (closure – friction) of the

voiceless and voiced stops in all contexts (/t/: n=36, /d/: n=35)
and followed by approximants.

In the 2nd corpus, the stop in the voiceless sequence is
shorter than the following fricative, while the stop in the voiced
sequence is longer than the following fricative. The average
duration relationship is thus, from the shorter to the longer:
<<d<t<5. These results also match those mentioned in Calliope
[4] and those of Hardcastle and Clarke [6] about fricatives.

3.2. Devoicing phenomenon
Some of the productions of /d/ in the 1st corpus present a more or
less important devoiced part. This phenomenon affects only
female subjects (69% of devoiced /d/ for S1 and 26% for S2), and
can affect the end of friction, the whole friction, the end of
closure and the whole friction, or the whole consonant. The third
type (end of closure and whole friction) is the most common
(58% of devoiced items for S1 and 88% for S2).

The mean duration (2 subjects) of a devoiced /d/
(70+27=97ms) is only slightly longer than that of a voiced /d/
(72+21=93ms), whereas it is considerably shorter than that of a
/t/ (91+50=141ms), regarding both closure and friction durations.
This suggests that the difference between the voiced and
voiceless consonants can be made by means of duration
differences.

In the 2nd corpus, some productions of the /d</ sequence are
also devoiced. This affects the female subjects (73% of devoiced
/d</ for S1, 80% for S2) more than the male subjects (27% for
S3, 36% for S4). The most common type of devoicing is also the
third type (end of closure and whole fricative), which rates 52%
of the devoiced items for the four subjects.

The duration of the devoiced /d</ sequence (93+63=156ms)
is longer than that of the voiced /d</ sequence (81+48=129ms)
but is shorter than that of the voiceless /t5/ sequence
(97+106=203ms), especially regarding the fricative part. This
duration difference should allow correct identification.

These temporal results also suggest that these phenomena
could be due to mechanical constraints on the realisation of a
voiced consonant (cf. § 4.2.).

3.3. EPG: Influence of the vowel following the consonant
Figure 1 shows the contact profiles (number of contacts per row)
for the release of closure (III) of subject S3 in the 1st corpus,
according to the following vowel. The results are grouped
according to the items having the same following vowel, and do
not take into account the voiced/voiceless feature of the stop.

The vowel's influence can be noticed from the release frame,
sometimes from the maximum closure frame and from this time
on. Figure 1 only shows moment III, but the four moments will
be discussed. The differences between the configurations of the
consonants according to the following vowel are first noticeable
in the posterior part of the palate, consonants followed by /i/, /y/

or by their corresponding approximants or by /u/ showing more
(lateral) contacts in this area than those followed by /oe/, /a/ and

/Ä/. Those followed by /e/ are close to the mean result.

Figure 1: contact profiles (1st corpus, S3) for the release of stop
closure according to the following vowel (items with /t/ and /d/

are grouped). (o is /Ä/, and y’ is /�/).

At the end of the release, the same tendencies extend to the
front part of the palate. Contact in this area is more important for
the stops followed by /i/, /y/, /j/ and /�/, and are less important for
those followed by /oe/, /a/, /u/ and /Ä/. At the back of the palate,
contact is more important for the stops followed by /i/, /j/, /y/, /�/
and /u/, while those followed by /oe/, /a/ and /Ä/ show less
important lateral contact.

The influence of the vowel following the stop on the stop's
articulatory pattern across time can be summarised in this way.
The vowel modifies the production of the preceding stop in the
second part of its realisation and its influence consists of
anticipating the position of the tongue for this vowel, which, for
high front vowels and approximants, results in maintaining an
important constriction after the release. The stops in that kind of
environment show important lateral contact as early as at
maximum closure.

In the 2nd corpus, figure 2 (moment III for subject S3) shows
no particular influence of the following vowel on the production
of the sequence. The differences noticeable are rather due to the
preceding vowels, which were not controlled so that their
influence be neutralised. This leads to conclude that the
production of the fricative consonants does not vary and is
independent of the nature of the following vowel, and that
fricatives are resistant to coarticulation. This matches what Hoole
et al. [7] show, saying that fricatives set heavy constraints on the
general position of the tongue because of its more important
implication of the back of the tongue. The following vowel has
no stable or important influence on the production of the stop
because of the presence of a fricative, which resists
coarticulation.
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Figure 2: contact profiles closure (2nd corpus, S3) for the release
of stop according to the following vowel (items with /t5/ and /d</

are grouped). (o is /Ä/).

4. DISCUSSION
4.1. Temporal aspect
Table 2 shows that closure and fricative (2nd corpus) durations
are longer than their equivalents in the 1st corpus. This seems due
to the fact that the tongue maintains longer contact because of the
constriction to be made for the fricative rather than the less
constrictive position of a vowel. This matches the results of Mair
et al. [9], which show that the /t/ closure is released more quickly
than that of /t5/. The release of the stop is slower when it is
followed by a fricative rather than by a vowel. The constrictive
part is also longer and released more slowly. These results are
consistent with those of Fletcher [5], which show that the
affricate release action is slowed down or even stopped.

This is also consistent with the results shown in table 3. The
friction interval is longer when the stop is followed by an
approximant because it involves a constriction gesture which
makes the tongue release more slowly than it would in its
opening movement for a following vowel. (cf. § 4.4.).

It is interesting to notice that similar results are obtained for
affricates in English and two-phoneme sequences in French.
Rather than revealing a monophonematic nature in French, these
results more likely give clues about coarticulation phenomena.
The duration of /t+5/ sequence (97+106=203ms) is shorter than
that of an intervocalic /t/ added to that of an intervocalic /5/
(136+144=280ms). This tends to show that the stop and fricative
gestures are reorganised in order to reduce the V-to-V interval
rather than just being the sum of two isolated consonant gestures.

4.2. Devoicing phenomenon
The temporal results about devoiced consonants show that their
production is not identical to that of voiceless consonants. The
devoicing of voiced stops seems due to mechanical reasons,
namely sub-glottal and intra-oral pressure becoming equal, which
stops the laryngeal vibrations. The duration of a /d/ is therefore
shorter than that of a /t/, in order to prevent this devoicing
phenomenon. The closure and friction durations of a devoiced
stop remain shorter than those of a voiceless stop, because in the
latter case, the activity of the vocal folds is submitted to
commands controlled by the speaker, which take time to be
executed. In the former case, devoicing is purely mechanical and
uncontrolled. There is no such command to activate, because the
controlled activity of a devoiced /d/ is the same as for a voiced
/d/, which has a shorter duration.

In the case of the stop + fricative sequences, the devoicing
phenomenon can be explained to result from a compensation

mechanism, which is mechanical and uncontrolled. Again, the
duration of a devoiced /</ is more similar to that of a voiced /</
than to that of a voiceless /5/, which is longer because it is easier
to maintain. Indeed, maintaining the turbulence noise that
characterises a fricative implies a minimal level of oral airflow,
which the adduction position of the vocal folds does not always
allow. It can be compensated by opening the glottis, which entails
a devoicing mechanism.

4.3. EPG: lingual constriction gestures
Figure 3 shows the contact profiles of subject S3, comparing
moments I (first closure) and II (maximum closure) in the 1st
corpus with those of the 2nd corpus.

Figure 3: contact profiles (S3) for moments I (first closure) and II
(maximum closure) of the 1st (/t/ and /d/ grouped) and 2nd (/t5/

and /d</ grouped) corpuses.

Moments I and II show that the closure location is more
posterior in the 2nd corpus, when the stop is followed by a
fricative. This is due to the fact that during the production of the
stop, the tongue anticipates the position for the fricative. Indeed,
the place of articulation of a /t/ followed by a fricative is similar
to that of an intervocalic fricative. Thus, the fricative modifies the
place of articulation of the stop.

Reorganisation of gestures occurs according to the type of
adjoining gestures. The fricative does not vary and sets heavy
constraints on the position of the tongue. Its target is more precise
and has to be carefully reached because the acoustic result
depends on a precise position of the articulators [3]. It shows less
variation than the stop, which allows more instability because
different articulatory patterns are not acoustically perceived [2].
The place of the stop is thus assimilated to the place of the
fricative because the gesture with a more precise target will have
a more complete execution.

4.4. EPG: Influence of the vowel following the consonant
The production of the stop varies according to the following
vowel, this modification consisting of anticipating the position of
this vowel. In the case of a high vowel, this anticipation is more
demanding since an important constriction has to be maintained,
as seen in the massive lateral contact.

The results and conclusions already mentioned help to bring
closer the two French variants and show how traces of
palatalisation gestures (in Belgium French) are similar to the
affrication phenomenon in Quebec French. When an alveolar
stop is followed by a high vowel or front palatal approximant, an
important constriction is made and maintained after the release as
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an anticipation of the high position of the tongue for that type of
vowel. The channel through which the air passes after the release
burst is narrow and can entail an automatic turbulence noise.
Affricates are stops with a prolonged transitory friction after the
release [8]. It can thus be shown here to result from a
coarticulation phenomenon, namely the tongue anticipating high
front vowels.

4.5. Perceptual and diachronic aspects
Articulatory results about the influence of a following high vowel
or approximant and temporal results about stop + approximant
sequences can be linked to describe the nature of co-ordination
patterns and to  explain synchronic variants as well as diachronic
data. The friction interval following a stop is longer when an
aproximant follows the stop, especially in the case of a voiceless
stop. What happens is that the approximant shares the
voiced/voiceless feature of its preceding stop. The long friction
part, characteristic of the release of a stop in such a context, is
thus voiceless after a /t/, and, since it is easier to maintain, also
has a longer duration.

This explains why voiceless affricated stops are more
frequent than voiced ones in Quebec French [1]. A voiceless
friction is easier to produce and has a more important turbulence
noise, which should make it more easily identifiable. Once again,
explanations given to a French variant without recognised
affricated stops are likely to apply to another French variant. This
is because Quebec affrication is due to biomechanical constraints
and will automatically appear in a particular context.

This affrication phenomenon and the causes of its existence
also allow to explain some diachronic data in the evolution from
Latin to French [10]. Palatalised dental and velar consonants
were palatalised in Latin when they preceded /j/, /i/ or /e/. Then
(II and III c. AD) they were segmented by an anterior tongue
movement during production, leading to an affricated realisation.
By 1200, the plosive part disappeared, leading to a palatalised
constrictive consonant.

The results of this study allow to suggest explanations to this
evolution pattern. During the production of an alveolar stop, the
tongue anticipates its position for a high vowel or approximant,
because this position has to be reached more precisely than that
of the stop. The increase in lateral contact narrows the air channel
to an important constriction, which creates an automatic
turbulence noise, leading to an affricated release. The perceptive
saliency of a voiceless constrictive as opposed to a stop should
explain the later stage in this evolution. The affricated realisation
present in Quebec French and in the evolution pattern can be
explained by results from the production of Belgium French
speakers, because this explanation is based on constraints
resulting from the co-ordination of gestures simultaneously active
during the production of the studied sequences.

5. CONCLUSION
The influence of a following fricative or high front vowel or
approximant on the production of an alveolar stop has been
shown to explain synchronic variants as well as diachronic data
by revealing the nature of the co-ordination of adjoining
articulatory gestures. Gestures with contradictory targets come
into conflict, which leads to coarticulation. Articulation patterns
reflect movement traces directed each to a unique target. The
gesture with the most precise target is the one whose acoustic
result depends most heavily on a precise position of the
articulators. This kind of gesture thus sets the heaviest constraints

on the articulators, and its realisation will be the most completed.
A gesture co-ordination aphorism would be that the most
demanding gesture tolerates less coarticulation but provokes it to
less demanding adjoining gestures.

The phenomena described in this study have been shown to
result from biomechanical properties of articulators and the
constraints they are submitted to, as regards the status of the
glottis and the patterns of tongue movements. But if these
constraints explain why a phenomenon is present in a particular
context, it does not explain why it is more present or salient in a
language variant than in another. A unique phenomenon can be
normalised and ignored by speakers of one variant (Belgium
French in this case), or be preserved, amplified and recognised as
typical by speakers of another variant (Quebec French). Co-
ordination and coarticulation phenomena depend on universal
neuro-muscular constraints as well as on the structure of the
phonological system in which they appear.

This research has been supported by the Convention ARC
“Dynamique des systèmes phonologiques” 98-02, n° 226.
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FUNDAMENTAL FREQUENCY CONTOUR IN HEBREW SYNTHESIS
BY RULE – AN IMITATION OF A SPEECH COMMUNICATION MODEL
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ABSTRACT
Our Hebrew speech synthesis (although based entirely on rules)
attempts to resemble natural speech production.  Our speech
communication model assumes that speech (both in production
and perception) is constructed from sequential segments, which
form a continuum.  Communication occurs simultaneously on
various levels, which can be differentiated by the length of their
segments.  The basic segment length is that of the phoneme.
Higher levels, consisting of longer segments (syllables, stress-
units, sense-groups, breath-groups, and intonation-groups),
conform to associated rules that affect the lower levels.

The F0 contour is chosen to demonstrate synthesis rules
derived from our model.  It is shown how F0 can be created step
by step, taking into account the different layers of speech
production or perception.  We demonstrate how F0 is molded as
a result of the influence of a few levels and how mutual effects
among levels lead to the construction of the composite
fundamental frequency contour.

1.  INTRODUCTION
The authors of this paper are involved in a major project to
create synthesized speech from regular Hebrew text.  The
method employed for synthesis in this system is based entirely
on rules, yet it attempts to resemble natural speech production.
Therefore, the rules of synthesis are designed in such a way that
they imitate a model of natural speech communication.

The first part of this paper is devoted to a description of our
model of speech communication. The second part will

concentrate on one specific parameter of speech synthesis,
namely the fundamental frequency.  Some of the F0 synthesis
rules as derived from our model will be demonstrated.  It will be
shown how the F0 contour can be created step by step, taking
into account different levels of speech production.

2.  THE SPEECH COMMUNICATION MODEL
The essence of our model of speech communication is very
simple.  Speech, both from the production and from the
perception points of view, can be considered a linear sequence
of segments.  On the other hand, speech is complex because it is
produced (and perceived) on several parallel levels
simultaneously.

The various levels of speech differ mainly in their segment
length.  The segment length of the basic level is that of the
phoneme.  Segments of higher levels are (see table 1): the
syllable, the stress-unit (laymen may call it a foot or “word”),
the sense-group (which may be called a clause or “phrase”), the
breath-group (often called a “sentence”), and the intonation-
group (paragraph).  According to our model, speech is a linear
concatenation of segments transmitted simultaneously on various
levels.  Since the segment length of the basic level is that of the
phoneme, speech can be looked upon as a chain of phonemes
(consonants and vowels).  At the same time we can say that
speech is a chain of syllables, or stress units, or sense-groups, or
breath-groups, or intonation-groups (Table 1, lines 1-6).

Level Type of Segment Concatenation of Segments

1 Phoneme
  (consonants & vowels)

P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P+P
( /CVCCCVCVCVCVCCCVCVCCVCVCVCVCCVCVCCCVCCV/ )

2 Syllable Syll.+Syll.+ Syll.+ Syll.+ Syll.+ Syll.+ Syll.+Syll.+ Syll.+ Syll.+Syll.+ Syll.+ Syll.

3 Stress Unit
  (foot or “word”)

Stress-unit +Stress-unit + Stress-unit +Stress-unit + Stress-unit +Stress-unit +
Stress-unit +Stress-unit + Stress-unit +Stress-unit

4 Sense-group
  (clause or “phrase”)

Sense-group +Sense-group +Sense-group +Sense-group +Sense-group +Sense-group
+ Sense-group

5 Breath-group
  (“sentence”)

B r e a t h - g r ou p  +  B r e a t h - g r ou p  +  B r e a t h - g r ou p  +  B r e a t h - g r ou p
+  B r e a t h - g r ou p

6 Intonation-group
  (“paragraph”)

I n t o n a t i o n - g r o u p  +  I n t o n a t i o n - g r o u p

Table 1.  Levels of speech communication and their respective segment concatenations

In addition to this basic common characteristic (that each
level is composed of a concatenation of its segments), there are

two additional characteristics common to all levels:  (1) A
segment of a specific level is built of elements which are
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themselves the segments of the next lower level.  (2) There is at
least one element in each segment that serves as a nucleus,
which binds together all the elements in the segment.  As a
result of this, neighboring elements within one segment are
bound to each other more closely than neighboring elements that
belong to different segments.

For example, consider the syllable level.  (1) The syllable
segment is composed of elements, namely phonemes, which are
themselves the segments of the next lower level. (2) In each
syllable there is one element, usually a vowel that serves as a
nucleus, which holds the elements of this syllable together.

The principles of this model can be illustrated by employing
the model to construct the framework of a representative
paragraph step by step, as follows: The basic level is a
concatenation of phonemes (some of which are consonants and
some of which are vowels; Table 2, line 1).  The phonemes are
then grouped into a concatenation of syllables (Table 2, line 2).
Note that borders of syllables are marked with periods.

Climbing up one level, to the stress-unit level, we again
find the same principles:  (1) The stress-unit segment is
composed of the elements of its lower level, i.e. of syllables.  (2)
In each stress-unit we find one syllable which serves as a
nucleus, the stressed syllable that holds all the syllables of this
stress-unit together.  The result of this is that the syllables
within one stress-unit are tied to each other more closely than
neighboring syllables of different stress-units.  Note that the
stress-unit nuclei have been marked with apostrophes and each
stress-unit is underlined (Table 2, line 3).

Going up another level to the “sense-group” level, we find at
least one prominent word that serves as its nucleus [7, 8].  Once
more, the elements of this unit are the segments of its lower
level, the stress-units.  In Table 2 each asterisk marks a “sense-
group” nucleus, each sense-group is double-underlined, and two
neighboring sense-groups are separated by a vertical line  (Table
2, line 4).

Level Type of Segment Concatenation of Segments
1 Phoneme /CVCVCVCVCVCCCVCVCVCVCVCVCVCVCCVCCVC/
2 Syllable /CV.CV.CV.CV.CVC.CCV.CV.CV.CV.CV.CV.CV.CVC.CVC.CVC/
3 Stress-unit /CV.’CV. CV.CV.’CVC. CCV.’CV.CV.’CV.’CV.CV.CV.’CVC.CVC.’CVC/
4 Sense-group /CV.’CV.CV.CV.*CVC| CCV.*CV| CV.*CV| ’CV.CV.CV.’CVC.CVC*CVC/
5 Breath-group /CV.’CV.CV.CV.*CVC| CCV.*CV  ||  CV.*CV| ’CV.CV.CV.’CVC.CVC*CVC/
6 Intonation-group { /CV.’CV.CV.CV.*CVC| CCV.*CV || CV.*CV| ’CV.CV.CV.’CVC.CVC*CVC/ }

Table 2.  Levels of speech communication and representative segment concatenations

As noted, “sense-groups” are clustered into a higher unit
we call a “breath-group”.  Again, the sense-groups are the
elements of the breath-group.  In table 2, line 5, a double
vertical line marks the border between two breath-groups.
“Breath-groups” are assembled into an even higher unit we call
an “intonation-group” (enclosed in curly brackets in table 2, line
6).

All in all, according to our model, speech can be described
as a concatenation of phonemes, that are grouped into a
concatenation of syllables, that are grouped into a concatenation
of stress-units, that are grouped into a concatenation of sense-

groups, that are grouped into a concatenation of breath-groups,
that are grouped into an intonation-group.

This can be illustrated by a concrete example of one short
Hebrew intonation-group (“paragraph”) [SOUND
0210_01.WAV].  The speech is described in Table 3 according
to the aforementioned levels.

There is an even lower, more fundamental level than the
phoneme level.   This is the allophone level, which can be
designated as level Zero (Table 3, line 0).

Level       Characteristic                    Segment Series
Hebrew Transcription           • • •  • • • •  • • • • • ; • • •  • •  • • • •  • • • • • .

  0 Allophones [ανι  µΙϖακεΣ σλιΞΑ  ανι λοΕ µΙδαβεΡ ιϖριτ]
  1 Division into phonemes /?ANIMEVAKESHSLIXA ?ANILOMEDABER?IVRIT/
  2 Division into syllables /?A.NI.ME.VA.KESH.SLI.XA.?A.NI.LO.ME.DA.BER.?IV.RIT/
  3 Division into stress-units /?A’NI.ME.VA ’KESH.SLI’XA. ?A’NI.’LO.ME.DA’BER.?IV ’RIT/
  4 Division into sense-groups /?A’NI.ME.VA*KESH | SLI*XA  | ?A*NI  | *LO.ME.DA’BER.?IV ’RIT/
  5 Division into breath-groups /?A’NI.ME.VA*KESH   SLI*XA  || ?A*NI  *LO .ME.DA’BER.?IV ’RIT/
  6 Intonation-group { /?A’NI.ME.VA*KESH  SLI*XA || ?A*NI  *LO .ME.DA’BER.?IV ’RIT/ }

Table 3.  An example of a Hebrew paragraph segmented according to various levels

As mentioned, the essence of our model is that each higher
level segment is composed of segments of the level below it.  As
a result, a higher level possesses associated appropriate rules

that influence the segments of its lower levels.  Such rules were
applied in our speech synthesis program.  This influence will be
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illustrated in the case of one specific synthesis parameter,
namely the fundamental frequency.

3.  THE FUNDAMENTAL FREQUENCY CONTOUR
Our synthesis program deals with changes in the F0 contour on
various levels. First, the changes associated with the highest
levels are applied.  Next, the changes due to the successively
lower levels are introduced.  Finally, the changes due to the
basic levels, those of the phoneme and allophone, are added.
The interaction of the changes associated with the various levels
leads to the construction of the composite fundamental
frequency contour.

3.1.  Width of pitch ranges in a section, in an intonation-
group and in a breath-group

Observations and measurements on natural Hebrew speech led
us to introduce into our synthesis calculations various rules
dictating the hierarchy of “pitch ranges” in the high levels.  (A
“pitch range” is defined as the range of F0 values in an interval,
measured from the lowest possible F0 to the highest possible
F0.)

We have observed that consecutive breath-groups, which
form one paragraph (intonation-group), have their “pitch ranges”
arranged in a descending order, as shown by the pairs of
horizontal lines in figure 1.  The differences in the width are
mainly in the top end.  The first breath-group in the paragraph is
wide, the last – is narrow, and there is a general narrowing of
each group in between.  Such behavior helps to join the breath-
groups together into one integral intonation-group.  This feature
has, therefore, been incorporated into our software calculations.

Figure 1.  Descending pitch ranges of consecutive breath-groups, which form one paragraph

At a higher level we observed a similar phenomenon.
Consider a section of speech that is composed of two
paragraphs.  After the completion of a full intonation-group a
subsequent new series of descending pitch ranges begins for the
following intonation-group. The pitch range at the beginning of
the second paragraph is slightly narrower than the pitch range at
the beginning of the first paragraph.

A similar phenomenon was observed also at a lower level,
the breath-group level.  Therefore, we applied rules that cause
consecutive sense-groups, which comprise a specific breath-

group, to have their pitch ranges arranged in a gradually
descending order.  This phenomenon helps to combine these
sense-groups together in our perception into one integral breath-
group.  At the beginning of the next breath-group the pitch range
sequence will be “reset”, except that the pitch range of the first
sense-group of this next breath-group will become a little
narrower than that of the first sense-group of the previous
breath-group (Figure 2).

Figure 2.  Descending pitch ranges of consecutive sense-groups, which form one breath-group

3.2.  Fundamental frequency contour at the sense-group
(“phrase”) level

A sense-group was chosen as the smallest speech unit to be
treated by our synthesizer. Our major calculations of F0 are
made at the sense-group level.  A sense-group can be divided
into four parts: the pre-head, the head, the nucleus and the tail.
The possible sense-groups are summarized in the formula:

Sense-group = (pre-head +) (head +) nucleus (+tail)
Note that the parts in parenthesis are optional in Hebrew.  We
treat a nucleus and its (optional) tail as one unit and call its F0
contour a “nuclear tone”.  We employ six types of “nuclear
tones” in our synthesis; this increases the possible number of
“intonation patterns”.  (These terms are defined in [7] and
resemble those of [8].  Other researches use various names for
similar units, such as: “Tone-groups”, “Tone-units”,
“Phonological phrases”, “Intonational phrases”, “pitch
contours”… see, for example: [3, 4].)

We can listen to our six “nuclear tones” embedded in one
particular sense-group, creating six different intonation patterns
[SOUND  0210_02.WAV].

3.3.  Sense-group component
The place of the nucleus plays an important role in the F0
contour.  We can hear this effect if we choose one particular
sense-group with a fixed “intonation pattern” and change only
the location of the nucleus [SOUND  0210_03.WAV].

3.4.  Fundamental frequency contour at the stress-unit level
On a still lower level, that of the stress-unit, we again employ
changes in this same physical component, the F0 contour, to
cause the distinctive stress in Hebrew [6];  compare this to the
findings in [1, 5].  A sound sample [SOUND 0210_04.WAV]
illustrates a stress difference in three minimal pairs in Hebrew.

Note that fluctuations of F0 on a lower level than the
sense-group level are referred to as “microintonation” [9].

Breath-group 1                       Breath-group 2                           Breath-group 3                           A new paragraph

Sense-group 1                          Sense-group 2                               Sense -group 3                      A new breath-group
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3.5.  Fundamental frequency contour at the phoneme level
In Hebrew, as in other languages, it has been observed that F0
rises after voiceless consonants [2, 6].  Accordingly, an
appropriate rule was implemented in our synthesis.  Thus, the
F0 contour is changed also at the phoneme level.

4.  CONCLUSIONS
We have presented a simple model of natural speech
communication.  We have demonstrated the model by describing
how the F0 contour is formed through our synthesis program.  It
should be noted, however, that we have hardly scratched the
surface of the rules needed to build just the fundamental
frequency contour, which is only one of the parameters needed
to synthesize speech.  We have shown that our rules are based
upon a model of natural speech, in which higher levels influence
the most basic level.
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USING PROSODIC STRUCTURE TO IMPROVE PITCH RANGE
VARIATION IN TEXT TO SPEECH SYNTHESIS
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ABSTRACT
The intonation produced by current text-to-speech systems is often
either flat or artificial sounding. Pitch range is one of the contribut-
ing factors which could be improved by more detailed linguistic
knowledge.

In this study, a corpus of read speech is analysed to provide
information about prosodic structure and pitch range, which can be
used to improve the intonation models for speech synthesis.

The results show how the pitch range variation is most appar-
ent at atone grouplevel of prosodic structure, and how phrase ini-
tial and phrase final tone groups have significantly different pitch
ranges from tone groups which are phrase medial.

1. INTRODUCTION
One speaker from the Boston Radio News Corpus (f2b) [4] is anal-
ysed in this study to determine what part phrasing and pitch range
play in the intonation characteristics of this particular speaker.

The prosodic structure of the utterances in the corpus is taken
to be: sentences, consisting ofphrases, consisting oftone groups.
The terms used here for phrase structure units have been chosen
to avoid possible incorrect implications that might be associated
with some of the more traditional terms. However, the idea of tone
group used here is similar to the tone group label used by Ladd
[3] (although the implication that it is the same unit should not
necessarily be made). The termphraseis being used instead of
intonational phrase[1], again to avoid possible confusion.

One of the reasons that confusion exists between definitions
of levels of phrasing is due to the nature of the example utterances
which are used as illustrations. Short utterances will hide any com-
plex underlying structure, as one high level of phrasing consists of
exactly one phrase unit from the level below it, effectively mask-
ing any distinction between these levels. Unfortunately example
utterances given in the literature to illustrate phrasing are often of
this type.

In this study, the phrase is defined as something equivalent to
a length of utterance ending with a extended ToBI[5] break index
of 5 [6], and the tone group is defined as a length of utterance
ending in a break index of at least 3.

The analysis involves an investigation of statistical differ-
ences in pitch range characteristics between tone groups and
phrases in different positions within the utterance.

2. MEASUREMENTS
The data, consisting of around 2700 tone groups, was initially au-
tomatically labeled for phrases and tone groups. These labels were
based on the presence of the ToBI boundary tones and break in-
dices. These labels were then refined by hand, special attention
being given to phrases of large numbers of tone groups, as there
was usually an obvious phrase boundary which was missing from

the automatic labelling.
For each tone group the following measurements were then

taken:

start f0: The f0 value at the onset of voicing at the beginning of
the tone group.

end f0: The f0 value at the cessation of voicing at the end of the
tone group.

max f0: The maximum f0 value within the tone group.

� f0: The difference between the maximum and minimum f0
values within the tone group.

mean f0: The mean f0 value within the tone group, calculated asP
f0

n
for each pitch tracked f0 point within the tone group.

std: f0:: The standard deviation of f0 points from the tone group
mean.

(min f0 is omitted as it is a linear combination ofmax f0 and
� f0.)

The f0 data was extracted from a pitch tracking file created
using a super resolution pitch detection algorithm. This was then
median filtered with an order seven filter to correct outliers, and
f0 values below 100Hz were doubled to correct octave errors. The
above variables were then extracted from the data for every tone
group in the corpus.

If the start or end of the tone group was unvoiced, the second
defined f0 value moving towards the center of the tone group was
the value taken (the first point was often found to be a remaining
outlier).

Before the data could be statistically analysed, decisions had
to be made on how to group the data. Tone group position within
the phrase, and phrase position within the sentence can be num-
bered1 ton, wheren is dependent on the phrase or sentence length
respectively. Length here is a measure of the number of lower level
units a particular unit is comprised of, for example a phrase of
length3 would be a phrase consisting of three tone groups.

The problem with numbering1 to n is that phrase final tone
groups do not get grouped together, and any property of phrase fi-
nal tone groups would be lost, as would any property of sentence
final phrases. Hence both tone group and phrase position are mea-
sured1 to n � 1 andf , wheref denotes a unit in final position.
Tone groups in phrases of length1 still pose a problem as they are
initial 1 and finalf .

The final decision after some exploratory statistical analysis
was to group the data into subsets, where each subset consisted
of tone groups in phrases of a particular length. This effectively
eliminates the above problems.
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3. RESULTS
3.1. Overview
The resulting measurements are summarised graphically in fig-
ure 1. In the figure, the pitch range of each tone group is repre-
sented by a dark grey box enclosed in a light grey box. The light
box extends vertically from the minimum to the maximum f0 val-
ues found within the tone group. The internal dark grey box ex-
tends vertically one standard deviation in each direction from the
mean f0, which is represented by a horizontal line. Thestart f0,
end f0 andmax f0 are represented as black dots joined by lines.
The numbers above the boxes signify the number of cases in that
category.

The most obvious feature visible on the graph concerns the
first tone group in each phrase. The first tone group in a phrase
appears to have a greater pitch range and a higher mean than the
other groupings. The f0 mean of the non phrase-initial tone groups
is around 165-170Hz, whereas the f0 mean of the phrase-initial
tone groups is around 200Hz. This shows that the first tone group
may have some special status. The phrase final tone groups appear
to be slightly lower than the other categories, but not to the same
extent to which the phrase initial tone groups are higher.

It is also quite noticeable that the medial tone groups all ap-
pear to be very similar in their characteristics.

The graphs indicate that phrase position in the sentence plays
no or little part in determining the pitch range used. The statistical
analysis further supports this observation, as described below.

3.2. Statistical Analysis
Two way (phrase position vs. tone group position), multivariate
analysis of variance shows that phrase position is not a main effect
for any of the independent variables. With this in mind the data
is split into subsets to produce statistical results which are more
interpretable.

3.2.1. Within subsets analysis.Each subset, as mentioned
above, contains only tone groups from phrases of a particular
length. Within-subset effects with regard to tone group position
can be analysed along with between-subset effects, comparing tone
groups with the same position in phrases of different length. This
grouping also eliminates the problems with grouping initial and fi-
nal tone groups together. In the within-subset analysis, tone group
position is a main effect, significant atp < 0:01 for all the de-
pendent variables (not shown). Table 1 shows repeated contrasts
results for this data.

Repeated contrasts show significant differences between adja-
cent tone groups. The initial analysis suggested that the initial and
final tone groups differ from each other, and from medially posi-
tioned tone groups, but that all medially positioned tone groups are
effectively the same. For this hypothesis to hold we would expect
to see a contrast between first and second tone groups and between
penultimate and final tone groups.

The contrast results show clearly that the first and final tone
groups of a phrase differ from those between them. For all groups,
the only repeated contrasts found to be significant are between the
first and second tone groups in a phrase, or between the penulti-
mate and the final tone groups.

For phrases of length 2, all of the variables tested showed

Dependent Variable t-test results
TGs per TG typeStart End Max � � �

phrase contrast t t t t t t

2 1–2 5.90 8.12 16.15 11.41 16.23 11.03
3 1–2 3.47 2.56 9.67 7.13 10.35 5.42

2–3 3.25 6.15 3.93 1.84 4.05 1.71
4 1–2 3.29 1.06 6.16 4.37 7.97 3.58

2–3 1.05 1.13 1.09 0.85 1.92 -0.09
3–4 1.46 4.04 2.13 0.41 2.09 0.98

5 1–2 5.58 5.76 11.82 8.44 13.67 7.46
2–3 1.28 1.16 -1.03 -1.42 0.16 -1.35
3–4 -1.87 0.50 -1.29 -1.01 -0.69 -0.67
4–5 -2.26 0.14 -3.36 -2.98 -4.67 -2.42

6 1–2 6.79 4.61 8.42 4.52 11.82 3.95
2–3 0.47 -1.38 -1.56 -0.79 -1.56 -1.14
3–4 -1.61 -0.25 -1.36 -0.62 -0.52 -0.70
4–5 -1.28 0.46 -0.25 -0.32 -0.81 0.42
5–6 -1.99 0.04 -1.37 -0.71 -3.63 -0.06

Table 1: ANOVA repeated contrasts for analysis of phrases of
equal number of tone groups. Significant (predominantly atp <

0:01) values are shown in bold.

a contrast significant at 1%. For phrases of length 3, the final-
penultimate position contrast is lost for� f0 and std: f0, and
the initial–second contrast forend f0 has dropped to 5%, but the
other 9 contrasts remain at 1%. For phrases of length 3 theend f0

initial–second contrast is no longer significant, and in addition to
the loss of the final–penultimate contrast forstd: f0, it has also
been lost forstart f0. Phrases of length 5 and 6 have all the
initial–second contrasts at 1%, while phrases of length 5 have all
but theend f0 final–penultimate contrast, and phrases of length 6
have only this contrast forstart f0 andmean f0.

If this data were to show a final lowering effect we would
expect theend f0 contrast to show up as significant between fi-
nal and penultimate tone groups, but this is not reflected in the data
here. Evidence of final lowering can be difficult to capture with au-
tomatic pitch tracking with no manual intervention as the speech
signal tends to degrade at such points. This especially problem-
atic with natural speech where phrase-final voicing cannot be con-
trolled for in the same way as in examples specifically constructed
to measure this phenomenon. This is the most likely reason that we
do not find a significantend f0 contrast. The presence of other ef-
fects though, does suggest that phrase final tone groups are special.

We can therefore safely conclude that there are clear pitch
range differences between individual tone groups in a phrase, and
one such difference specifically manifests itself as a very clear dis-
tinction between a tone group which is phrase-initial and those that
follow it. There is also a distinction between the pitch range char-
acteristics of a final tone group in the phrase and those that precede
it, although this may not always be as clear as the phrase-initial dis-
tinction.

3.2.2. Between subsets comparison.We now turn to an across-
subsets analysis to see if the pitch range characteristics of thenth
tone group in a phrase are affected by the total number of tone
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Figure 1: Graphical representation of the pitch range of tone groups and phrases
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Figure 2: Figure showing two possible alignments for the first tone group in a phrase of 2 TGs compared to the first tone group in a phrase
of 3 tone groups.

groups in the phrase.
This analysis concerns the behavior of the overall pitch range

structure as the number of tone groups in the phrase is varied. For
example (see figure 2): if we compare a phrase consisting of 2
tone groups to one consisting of 3 tone groups, are the pitch range
characteristics of the second tone group the same in each case? or
are there controlling factors which force them to be different? If
we expect that pitch always lowers to the same level at the end of
a phrase (there may be multiple phrases to a sentence so we may
or may not expect this phenomenon to occur) then we may expect
the second tone group which is phrase-final to be lower, or at least
finish lower, than the second tone group that is non-final.

The analysis of variance results, for this cross-subset compar-
ison (not shown) reveal in general no interactions between factors,
and showphrase length to be a clear main effect for most vari-
ables. There is also a significant main effect for phrase type for
a few variables. There are no significant phrase type contrasts,
making an interpretation of this variable difficult. We therefore
concentrate on the phrase length main effect.

The repeated measures contrasts, see table 2, show that signif-
icant differences only occur between the categories which involve

a tone group in phrase-final position. For example: There is only
a contrast for the third tone group in a phrase, between phrases of
length 3 and 4; here the tone group is in final position in the phrase
of length 3, and in non-final position in the phrase of length 4.
This seems to be generally true for all of the dependent variables
measured.

This reaffirms our hypothesis that a phrase final tone group
has special status, and the tone group’s finality overrides properties
defined by its relative position from the beginning of the phrase.
These results also show us that all phrase initial tone groups (ex-
cluding those that are also phrase final of course) have the same
properties, suggesting that the correct relationship is as shown in
figure 2a.

4. RESYNTHESIS MODEL
A crude resynthesis test was used to see if the pitch range distribu-
tions that were found are useful for speech synthesis.

The method involved imposing a new mean and standard de-
viation onto the f0 distribution of each tone group tone of an utter-
ance. A transform was applied to each successive tone group which
first normalised the f0, and then mapped the new f0 distribution to
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Dependent Variable t-test results
TG Start End Max � � �

pos. contrast t t t t t t

1 1–2 -1.25 -3.12 -1.81 0.21 -4.48 -0.60
2–3 -0.39 -2.59 -0.92 0.99 -2.49 0.64
3–4 0.39 -0.74 -0.01 0.31 -1.50 -0.04
4–5 0.36 -0.38 -0.39 -0.98 0.04 -0.46
5–6 -2.28 -0.53 -0.42 0.61 -2.41 0.54

2 2–3 -2.49 -7.36 -7.01 -4.28 -7.17 -4.83
3–4 0.26 0.89 0.11 0.30 -0.82 0.34
4–5 -0.46 -0.42 0.59 0.77 -0.67 0.81
5–6 0.05 1.70 0.32 -0.20 0.52 0.40

3 3–4 0.37 -7.64 -5.55 -2.76 -5.15 -3.30
4–5 0.91 0.52 0.95 0.59 -0.95 0.81
5–6 0.85 0.51 0.31 -0.12 -0.88 0.06

f 1–2 3.91 1.06 9.91 9.94 6.80 8.49
2–3 1.20 1.61 -0.93 -1.11 -0.88 -1.61
3–4 0.74 -0.36 -0.16 -0.48 -0.03 -0.49
4–5 -0.51 1.19 0.31 0.27 1.27 0.36
5–6 0.39 -1.54 -0.65 -0.02 -0.41 0.25

Table 2: ANOVA repeated contrasts for cross comparison of tone
groups in the same positions in phrases of different lengths. Sig-
nificant (predominantly atp < 0:01) values are shown in bold.

that determined by the new mean and standard deviation.
No analytical comparison of different f0s or perceptual testing

has been carried out at this stage, as a framework for the method-
ology to do this in a meaningful way is still being developed [2].
However, the overall impression from listening to the resynthesised
utterances is that the model produces a more varied and ‘lively’ f0
contour than broader statistical methods produce. This suggests an
improvement in pitch range control as long as the resulting liveli-
ness can sound natural.

There is however one noticeable problem with the resynthe-
sised phrase initial tone groups, in that they sound artificially high
in pitch when compared to the rest of the phrase. This suggests that
the results shown by the tone group analysis do not show enough
detail to capture this effect correctly, and that it is not the tone
group as a whole that needs to be raised in pitch, but just part of the
tone group or particular pitch events within the tone group. Resyn-
thesis using non phrase initial tone group values for the phrase ini-
tial tone group removes the artificial ‘highness’ of the tone group,
but loses the initial high which characterises the start of the phrase.

This motivates current ongoing work which is investigating
the alignment of pitch events within the tone group. Alignment of
events is being considered in terms of their pitch placement with
respect to the overall pitch range of the tone group and their time
placement with respect to the segmental material in the tone group.
Early indications suggest that the raise in pitch is concentrated at
the beginning of the tone group, but is not limited to just the first
pitch event of the tone group.

5. CONCLUSIONS
We have shown that, of the two levels of phrasing analysed, it is
the pitch range of the tone groups that varies with respect to the

position of the tone group within the phrase. There is no significant
role played by the overall pitch range of the phrase itself.

We have seen that phrase initial tone groups generally have a
higher and wider pitch range than non-initial tone groups, and that
resynthesis techniques can reflect this phenomenon. A finer level
of control in applying this high not to the tone group as a whole,
but only to the initial part of it, would improve results further.

We have seen that phrase-medial tone groups generally have
the same pitch range characteristics as each other, and can be mod-
eled as such. The fact that their start points are higher than their
end points suggests a pitch range reset between tone groups.

Additionally, there are some contrasts between phrase-medial
tone groups and phrase-final tone groups, specifically in that they
have a lower mean, showing that there is a lowering effect present
at the end of the phrase.

Finally, the analysis provides the ground work for further in-
vestigation into how particular pitch events within a tone group
align, and how they affect the pitch range of that tone group. This
investigation is currently under way and the results will hopefully
provide a comprehensive model for varying pitch range in this par-
ticular type of speech.
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DEVELOPMENT OF A SYSTEM FOR THREE-DIMENSIONAL
FLESHPOINT MEASUREMENT OF SPEECH MOVEMENTS

Andreas Zierdt, Philip Hoole and Hans G. Tillmann
Ludwig-Maximilian Universitaet Muenchen, Munich

ABSTRACT
EMA systems have provided invaluable information on speech
kinematics. Existing systems restrict the measurement area to
the mid-sagittal plane of the subject and are therefore unable to
track lateral movements of the tongue. They place severe
restrictions on subjects' freedom of movement and thus
potentially compromise the naturalness of their speech. We are
developing a new EMA system that derives not only three-
dimensional spatial coordinates, but also the orientation of the
sensors. We briefly review the mathematical background and
report on the development process. We were able to develop a
new digital-featured device. We discuss initial measurement
results and give an outlook on the next steps to be taken.

1. INTRODUCTION
Existing electromagnetic mid-sagittal articulography (EMA)
Systems have provided invaluable information on speech
kinematics, especially for the tongue.

Two main drawbacks remain, however. Firstly,
phonetically relevant tongue movements are of course inherently
three dimensional. Secondly, great care must be taken to ensure
that the measurement plane of the apparatus and the mid-sagittal
plane of the subject remain in alignment. This places severe
restrictions on subjects' freedom of movement and thus
potentially compromises the naturalness of their speech.

A related problem is that substantial lateral deviations of
the tongue from the midline cannot be captured without error.

Accordingly we started the development of a new
electromagnetic articulography system, which is able to acquire
data within a cubic or spherical area without further restrictions.

2. THE 3-D EMA-SYSTEM
2.1. Theoretical background
2.1.1. EMA-Basics. EMA-Systems operate with EM-field
generating coils which one can regard as antennas for very low
frequency radio waves. Actually the waves differ in some points
from regular radio waves i.e. they do not interfere with most
matter, are semi-stationary and do not interfere with each other.

All EMA-Systems are determined by the fact that the field
generated by a coil has dipole character and that the received
signal becomes zero when transmitter and receiver are
perpendicular to each other.

Thus, the signal varies not only with distance between
transmitter and receiver coil, but also with the angle between
transmitter and receiver axis. While the first effect yields the
calculation of the distance through the “one over cubed
distance”-formula, the second is most unwanted and results in

the restriction to a planar measurement area.

2.1.2. How 3-D-EMA works. As mentioned before a
receiver-coil is a kind of dipole and therefore has five degrees of
freedom. These are the three X, Y and Z co-ordinates and the 2
angles that describe the alignment of the dipole.

In order to determine the position in a three dimensional
area, all five values must be known. Furthermore, the system
should be able to measure all directions with the same
efficiency.
This is realised by the spherical placement of six transmitter
coils. Thus there is between every two transmitter coils a right
angle; the placement is absolutely symmetrical. Each coil
indicates a value, therefore, in mathematical terms, we have a
set of six equations with five unknowns.

When aligning the transmitter coils one should consider
that the induced voltage becomes zero when the transmitter and
receiver axis are perpendicular. In this case, no information is
available concerning the distance between transmitter and
receiver.

Fig. 1: Spherical placement of the 6 transmitter coils.

Therefore the alignment of the transmitter coils has been chosen
so that the receiver, regardless of how it is turned, is never
perpendicular to more than three transmitter coils at one time.
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2.1.3. Calculating the position. Each transmitter coil
induces a signal into the receiver which is a function of the
relative position and alignment of transmitter and receiver. On
the other hand five values are necessary to describe position and
alignment of a coil as already mentioned.

So, for every measurement point a set of 6 equations must
be solved in order to determine the position of the receiver coil.
Because the field equations are not linear the solution must be
computed numerically. Therefore a modified form of the
Newton-algorithm is used. This algorithm calculates the
numeric solution of n-dimensional equations.

Because we have an overdetermined system with 6
equations and 5 variables, the standard Newton-method is
merged with the Householder-Transformation, which is used to
estimate the solution of an overdetermined linear equation set.

To treat both translation and rotation co-ordinates in the
same way, a projection is applied to the two angles. It
transforms the two angles, which define a point on a sphere, to a
point on the projective plane.

The result is transformed back to positional and alignment
co-ordinates of the sensor.

2.2. Technical realization
2.2.1. New concepts. When it came to the technical
realization, we decided against an improvement of the Carstens
AG100, as far as the signal processing components are
concerned. We do use the AG100’s amplifier circuits and the
transmitter coils and resonance circuits (with minor changes)
due to their well known electrical properties.

Because of the massive evolution in the field of Personal-
Computers and digital signal-processing, we were able to
develop a new digital-featured device. So we reduced the
proportion of analog circuits to the absolute minimum, aiming to
receive more flexibility in the area of signal processing.

With a digital system the algorithm is coded in software
rather than in custom circuits. So the system can be easily
speeded up as soon as faster computer chips become available.

Another advantage of this new design is that it will be
possible to change the algorithm after the development phase
without redesigning the hardware, e. g. with more experience in
collection of 3-D data. A good example for this is the
demodulation of the sensor signal.

While the AG100 uses an analog circuit to obtain the
amplitude of each transmitter signal, we are just pre-amplifying
the sensor signal and then perform an A/D-conversation. Now
we can test several approaches to demodulation of the raw
signal, using standard components like MATLAB Scripts. The
AG100 mechanism was phase sensitive, so it always took some
time to calibrate the device until the signals were in phase. We
use an algorithm based on digital data that is not affected by any
phase lag and therefore get a much easier calibration-sequence.

The separation of the algorithm from the underlying
hardware also gives us major advantages during the
development cycle, since both parts can be developed in parallel
[3]. This matters since the 3-D articulograph is more complex
then it’s 2-D predecessors, so it is vital to split development into
clear units.

2.2.2. The new ‘helmet’. Fig. 1 shows schematically the
placement of the 6 transmitter coils in principal. Since the new
3-D EMA system has no preferred measurement plane, the
structure can be rotated to fit the subjects head within.

Fig. 2 shows the final coil mounting structure for the 3-D
EMA in a side view with 4 of the 6 transmitter coils visible. The
structure is build from 2 triangles with a transmitter coil on each
vertex. Not only is this a very straightforward design, but also a
mechanically robust structure.

Fig.2: Final coil mounting structure for the 3-D EMA.

2.2.3. Transmitter Device. We are using a regular PC to
drive the 6 transmitter coils. It is equipped with a fast Digital
IO-card from National Instruments and runs a program which
generates 6 sinusoidal signals with different frequencies in real-
time.

Fa. Carstens, who build the commercial EMA-System
AG100 provides the still necessary custom hardware. This
comprises a custom QSPI-fast-serial interface, a separate device
with D/A-Converters, power-amplifiers and the resonant circuits
along with the transmitter coils.

We have a preliminary structure to mount the 6 coils, but a
more suitable structure is already under construction.
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Fig.3:Schematic diagram of the components of the 3-D articulograph.

2.2.4. Receiver-PC and data-processing. The receiver
operates with regular monoaxial receiver coils, due to their
low costs and small dimensions. The pre-amplified signal is
digitized by a National Instruments Multi-I/O-card, which is
part of the Receiver-PC and written to disk.

It is planned to use this second PC for real-time data-
preprocessing and to use a third PC for position-calculation
and analysis of the data.

So at the moment we are using up to three PC’s on a
Windows-NT platform to perform data acquisition and
analysis and a fourth PC to move the receiver coil on a
predefined path (see section 2.3).

It is obvious that the device is not very ‘handy’ at this
stage of development, but there are multiprocessor PC’s
available by now so we will be able to reduce the number of
separate computers.

2.3. Initial measurement data
Since February 1999 the preliminary device has been ready to
go and we started the collection of measurement data. A
receiver coil is moved by a three-axis motor controller on a
well defined path and data is collected at equidistant points.

The resulting signals are de-modulated and serve as input
data for the position-calculating algorithm. Finally the
calculated positions can be compared with their desired
values. Since all parts of the system have very open interfaces
at the moment, we are also able to analyze raw data along with
several intermediate results of the algorithm.

The very first results of these studies let us qualitatively
reconstruct the shape of a given receiver path, but do not allow
statements of reliability in terms of position-error. This is
because several parts of the system (both hard- and software)
operate under test-conditions now and a lot more data is

needed to track the cause of occasional bad data and to verify
the state of the new digital components.

3. OUTLOOK
In the near future we will focus on the position calculating
algorithm. Results to date have been that measured amplitudes
differ from calculated ones in a systematic way. We are
probably faced here with a situation that is familiar from the
old 2-D system, where, as shown in Hoole [1] and Kaburagi &
Honda [2], it is actually quite an intricate task to derive a
voltage-to-distance relation that is equally valid for all parts of
the measurement field. If this applies for the new system too,
we will have to take some efforts to ‘tune up’ our
mathematical model.

One of the first tests planed with human subjects will be
the compensation of head movements during the measurement.
Looking at the head as a rigid body, with only two reference
sensors it should be possible to track any movements of the
head and to transform tongue-movement data into a skull-
based co-ordinate system. This feature enables subjects to
move their head freely while under study and should therefore
provide a more natural experimental situation.
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A NOVEL EFFICIENT ALGORITHM FOR VOICE GENDER CONVERSION

Bob Lawlor and Anthony D. Fagan
University College Dublin, Ireland

ABSTRACT
Realistic Voice Gender Conversion (VGC) requires
independent scaling of the glottal (pitch) and vocal tract
(formant) related features of the input speech signal. We
present a VGC algorithm which has two novel features.
Firstly, an efficient frequency scaling algorithm is presented.
Secondly, we use this to scale all frequencies in the input
signal by the desired formant scaling factor. We then
deconvolve the glottal contribution using a standard linear
predictive analysis and frequency scale it further such that the
desired pitch scaling factor is equal to the product of the two
frequency scaling factors. Finally, we resynthesize the
converted speech. The female-to-male results were excellent
while the male-to-female results sounded synthetic.

1. INTRODUCTION

Voice Gender Conversion (VGC) consists of modifying female
(male) speech such that it sounds male (female). Applications
include voice gender normalisation for improved speech
compression or recognition and voice disguise. In practice,
such applications require that the VGC algorithm runs in
realtime on inexpensive hardware. The human auditory system
is highly sensitive to voice perception and synthetic speech,
though intelligible, often sounds unnatural. The VGC
challenge is to convert the gender related parameters of the
speech signal without affecting naturalness. For a long time it
was felt that pitch was the dominant cue in voice gender
perception. However, Childers [1] showed that grouped
formant information gave a higher automatic gender
distinction success rate than pitch information. Hence,
realistic VGC requires independent modification of the glottal
(pitch) and vocal tract (formant) related features of the source
speech signal. Atal [2] presented a VGC algorithm using
linear predictive analysis to deconvolve the glottal and vocal
tract contributions. He applied independent scaling factors to
the pitch frequency and the formant frequencies and
bandwidths prior to resynthesizing to give gender converted
speech. The  scaling factors were based on typical male-to-
female vocal cord membrane and vocal tract length ratios. Our
approach is similar to Atal’s, but has two novel features.
Firstly, we present an efficient frequency scaling algorithm
based in the principle of time-domain overlap-add (TD-OLA).
Secondly, we use this to scale all frequencies in the input
signal by the desired formant scaling factor. We then
deconvolve the glottal contribution using Atal’s linear
predictive analysis and frequency scale it further such that the
desired pitch scaling factor is equal to the product of the two
frequency scaling factors. Finally, we resynthesize the
converted speech.

2. VOICE GENDER DIFFERENCES

A detailed explanation of the speech production mechanism
can be found in [3]. A typical male vocal tract is about 17.5
cm in length (i.e. from vocal cords to lips) while that of a
female is about 15.2 cm. The adult male larynx is about 1.2
times the size of that of the female. During puberty the male
larynx undergoes a change in shape (Adam’s apple protrusion)
such that the adult male vocal cord membrane length reaches
about 1.6 times that of the female. Analysis of male and
female voiced utterances shows that the female formant
frequencies are about 15% higher than male. This difference
is in close agreement with the male-to-female vocal tract
length ratio. Female pitch is generally about 1.7 times that of
male. This difference is attributed mainly to the difference in
vocal cord membrane length although other factors such as
male/female differences in the way in which the cords open
and close are believed to be relevant also [4]. The air pressure
variation produced in the region of the vocal cords is known as
the Glottal Volume Velocity Waveform (GVVW). During
voicing this has the form of that shown in Figure 1 [5].

Figure 1. Typical male (M) and female (F) GVVWs.

Monsen [5] suggests, and cites supporting references, that the
hump (indicated H) in the opening phase of the male GVVW
may be due to a slightly out of phase movement of the upper
and lower parts of each vocal cord, whereas the shorter female
cords come into contact with each other more as a single mass.
Four parameters which are often used to characterise the
GVVW are:

1. The AC flow which is equal to the peak-to-peak value of
the GVVW as shown in Figure 1.
2. The Maximum Flow Declination Rate (MFDR) is defined
as the minimum of d/dt(GVVW) and is generally equal to the
slope of the falling edge of the glottal pulses.
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3. The pitch period, T, which is the time between sucessive
peaks of the GVVW. The pitch frequency, F0 is equal to 1/T.
4. The average flow (Avg. Flow) which is equal to the mean of
the GVVW.

Sulter [6] carried out extensive tests on GVVW characteristics
across gender for both vocally trained and untrained subjects
under soft, normal and loud voicing conditions. Table 1
summarises the parameters of the GVVW which showed
major differences across gender for the untrained subjects
under normal voicing conditions only.

Parameter Female Male Ratio (F/M)

AC flow (l/s) 0.26 0.57 0.46

MFDR (l/s2) 504 1026 0.49

1/T (Hz) 253 145 1.7

Avg flow (l/s) 0.16 0.23 0.7

Table 1. GVVW parameters most affected by gender

2.1. Voice gender perception

For a long time it was believed that pitch was the dominant
gender cue. However, recent studies of the speech production
mechanism have revealed more subtle differences between
features of the male and female speech waveforms. One such
study [1] showed that grouped formant information can
provide a slightly higher automatic gender distinction success
rate (98.1%) than pitch information (96.2%). These figures
suggest that both pitch and formant information are important
cues in voice gender distinction.

3. LINEAR PREDICTIVE ANALYSIS/SYNTHESIS

Dudley [7] presented the channel vocoder (VOice CODER)
for speech compression. This is based on modelling the vocal
tract response with a time-varying filter. He used a 10 band
filterbank at the encoder to sample the short time magnitude
spectrum. At the decoder, these magnitude estimates were
used to control a bank of oscillators corresponding to the
filterbank centre frequencies. Flanagan [8] presented a
modification to the channel vocoder called the phase vocoder.
This included samples of the phase spectrum (as well as
samples of the speech signal short time magnitude spectrum)
which contains time-varying pitch (and its harmonics)
information. These phase samples were used at the decoder to
control the phase of the oscillators. Flanagan found that using
the phase vocoder in a back-to-back analysis/synthesis system
gave output ‘quality much better than the conventional
channel vocoder’.
Atal [2] presented the linear predictive approach to speech
coding based on the same speech production model as that
used by Dudley and Flanagan, i.e. a source excitation signal
driving a time-varying filter. However, Atal applied a time
domain least-mean square analysis algorithm directly to the
speech signal to estimate the parameters of the time-varying
vocal tract model filter. By passing the input speech signal
through the inverse of the vocal tract model filter he produced
a residual signal which was a good approximation to the
glottal source excitation signal. By passing this residual signal

back through the same vocal tract model filter, the original
speech is perfectly reconstructed. This analysis/synthesis
approach forms the basis of many modern speech compression
algorithms e.g. Code Excited Linear Prediction (CELP),
Multi-Pulse Excited Linear Predictive Coding (MP-LPC) [9].
The spectral peaks corresponding to the formant frequencies
are perceptually most important. As such peaks can be
accurately modelled using poles, Atal chose an all-pole vocal
tract model filter. The all-pole model also simplified the filter
parameter estimation. Atal’s main application of interest was
efficient storage and transmission of speech. However, he also
details a number of other applications of his linear predictive
analysis/synthesis algorithm such as formant analysis and
separating the spectral envelope and fine structure. He notes
that ‘the synthesis procedure allows independent control of
such speech characteristics as spectral envelope, relative
duration’s, pitch and intensity’. One such application which
he presents under the heading of ‘re-forming the speech
signal’, involves simulating a female voice from parameters
derived from a male voice. For this application he used a 10-th
order model filter (predictor).  He scaled the pitch period by a
factor of 0.58 and the formant frequencies by 1.14. He also
scaled the formant bandwidths by a frequency-dependent
factor given by 2 – Fi/5000 where Fi is the formant centre
frequency in Hz. The 5000 in this factor is equal to half his
speech signal sampling frequency.

4. TIME & FREQUENCY SCALING

If a signal is sampled using sample frequency, fs samples per
second, and then played back using a different conversion
frequency, fp, the duration of the signal will be scaled by the
factor, fs/fp and the frequency content of the signal will be
scaled by the factor fp/fs. Time-Scale Modification (TSM) of a
speech (or other audio) signal consists of modifying its
duration without affecting its perceived frequency content.
Similarly, Frequency-Scale Modification (FSM) consists of
modifying its frequency content without affecting its duration.
In 1985 Roucos [10] presented the Synchronised Overlap-
and-Add (SOLA) algorithm for speech TSM. With this
approach, overlapping segments (or frames) of the input
signal are first extracted, a frame being typically several pitch
periods in duration. By decreasing the overlap between
successive frames, time-scale expansion is realised.
Similarly, by increasing the overlap, time-scale compression
is realised. In the original SOLA algorithm [10], the segment
alignment was optimised by computing a normalised cross-
correlation measure, R, for a range of possible alignment
offsets and then choosing the offset for which R is a
maximum, indicating maximal similarity between
overlapping segments. High quality combined with moderate
computational load has made the SOLA algorithm the choice
for many speech and audio TSM systems. We present an
alternative TSM algorithm which offers a significant
reduction in computational load without loss of quality. If a
signal is time-scaled by some factor, TS, and then played at TS

times its original sample rate, the net effect is to scale the
frequency content by the factor, TS, without affecting the
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original duration, i.e. FSM. We use this approach to
frequency scale both the glottal and vocal tract related
components of speech independently to realise voice gender
conversion. First we describe our efficient TSM algorithm
which we call Adaptive Overlap-Add (AOLA).

4.1 Adaptive Overlap-Add (AOLA)

Figure 2. Adaptive Overlap-Add Algorithm

Referring to Figure. 2, the solid trace of plot (a) represents a
rectangular windowed segment of the input signal. The
window length, Z, is chosen such that it will accommodate at
least two pitch periods of typical male voiced speech. For
unvoiced speech, the choice is not critical and Z can be left
equal to the value chosen to satisfy the above voiced
condition. Assuming we wish to scale the duration of this
segment by some desired expansion factor, de, the steps
involved in the algorithm are as follows:
1.  The windowed input segment (a) is duplicated and the

duplicate aligned with (a) as shown in plot (b). The
alignment criterion is based on aligning the two largest
peaks or troughs.

2.  A synthetic segment, (c), is produced by fading gradually
from (a) to (b) in the overlapping region. The natural
expansion factor, ne, is given by the ratio of the lengths of
(c) and (a) as indicated.

3.  The rectangular window is stepped forward in time by st
=  |CD| = Z.(1-ne)/(1-de) and the new step-size segment
of the original concatenated with (c) as indicated dotted
such that the next segment to be expanded is the length w
portion of (c) above BD, see plot (e). Repeat from step 1
until the end of the signal being scaled is reached.

Rationale: Plot (d) represents the desired length to which we
wish to time-scale (a), i.e. Z.de. The segment of (c) above
AB has been time-scaled by the desired factor, de, and is
output from the time-scaling window. For each step of the
window we repeat the peak search and update ne. Assuming

ne to be approximately equal to its last value, segment BD of
(c) expands in the same way as (a) to length |BF| ≈ Z.ne. Step
size portion CD of (c) expands to length |EF| ≈ |CD|.ne, but
we require it to be expanded by factor de. To achieve this we
must apply our natural expansion factor A times such that neA

= de. If segment CD is to have A applications of natural
expansion factor, ne, before leaving the expansion window,
then from plot (f), our step size, st, must satisfy the following
equation

    .nest.nest.nest.ne
A

Z≈+++ �

2
         (1)

   
de

ne
.

ne

ne
.st A

−

−
=

−

−
≈⇒

1

1

1

1
ZZ      (2)

As ne is continuously varying, (1) (and (2)) is an
approximation. In fact, each of the ne and st terms in (1) are
slightly different. By updating ne and hence st for every step
of the window, the algorithm accurately adapts to the local
signal characteristics.
For time-scale compression the approach is similar. In this
case the peaks or troughs are aligned as before but the
sections of (c) to the left and right of the central overlapping
section are discarded leaving a naturally compressed
segment. If the input segment has a natural compression
factor, nc, and the desired compression factor is dc, then
equation (2) becomes

dc

nc
st

−

−
=

1

1
.Z (3)

5. VOICE GENDER CONVERSION

For female-to-male VCG we require to scale the formant
frequencies by some factor, SF, (~0.87 i.e. down 15%) and the
pitch frequency by some factor, SP, (~0.6). The steps involved
are as follows:
1. Time-scale modify the input signal by the factor SF using

the AOLA algorithm. This shortens its duration without
affecting its frequency content. If it is played back now at
SF times its original sample rate, the duration will be
restored to its original but all frequencies (pitch and
formants) lowered by the factor SF.

2. Apply linear predictive inverse filtering to separate the
formant information form the spectral fine structure
(pitch).

3. Time-scale modify the inverse filter output signal from
step 2 (residual) by the factor SP/SF using the AOLA
algorithm.

4. Using the vocal tract model filter coefficients of step 2 and
the time-scale modified residual of step 3, resynthesize the
speech signal and play it back at SP times its original
sample rate.

For male-to-female VGC the procedure is identical, but the
scaling factors are equal to the reciprocals of those for female-
to-male.

w

w

w .ne
w .de

st

st

st .ne

st.ne2st.neA

A B C D

E F

(a)

(b)

(c)

(d)
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6. RESULTS

We applied the algorithm to a selection of signals from the
DARPA TIMIT speech corpus [11]. We present here sample
results. The full path names of these speech signals within the
corpus are:
 \TIMIT\TEST\DR1\FELC0\SA1.WAV: for the original female
speech sample [SOUND 0027_01.WAV] and
 \TIMIT\TEST\DR1\MDAB0\SA1.WAV: for the original male
[SOUND 0027_02.WAV].
We tried various combinations of pitch and formant scaling
factors and filter orders. For female-to-male the pitch scaling
factors, SP were in the range 0.55 to .8 and the formant scaling
factors, SF in the range 0.82 to .92. The filter orders tried were
6, 8, 10 and 12. A filter order of 8 gave better results than 6,
while 10 and 12 gave no improvement over 8 so we used 8.
We found that SP = 0.74 and SF = 0.87 gave the best female-to-
male result [SOUND 0027_03.WAV]. For male-to-female
[SOUND 0027_04.WAV] we used the same filter order and
the reciprocal scaling factors. We also generated back-to-back
results, i.e female-to-male-to-female [SOUND 0027_05.WAV]
and male-to-female-to-male [SOUND 0027_06.WAV]. These
results are also available from the author by email
(rlawlor@faraday.ucd.ie).

7. DISCUSSION

The female-to-male results were excellent, the output
sounding completely natural. The male-to-female results were
not as good with many of the output samples sounding
unnatural. These findings are consistent with those of other
VGC researchers [12] [13]. Our scaling factors were very close
to those used in [12]. Childers [12] suggests that the reason
why male-to-female VGC is less successful when a single
formant scaling factor is used is that the factor should itself be
frequency dependent (‘higher frequency formants should be
shifted less than lower frequency formants’). As the single
compromise factor is greater than unity for male-to-female and
less than unity for female-to-male, the inadequacies of the
compromise will be more noticeable on male-to-female. Chan
[13] cites [12] but suggests that the reason male-to-female
VCG is more difficult is ‘unknown at present’. For the
improved speech recognition application and for most voice
gender disguise applications female-to-male VGC alone is
adequate. The improved speech compression application
requires good back-to-back performance. The back-to-back
outputs sounded like slightly noisy versions of their originals
but suggest that the algorithm can be used to normalise voice
gender to give greater compression of telephone quality
speech.

8. CONCLUSION & FURTHER WORK

We have presented an efficient VGC algorithm which gives
high quality female-to-male VGC but poor quality male-to-
female VGC. We feel that further improvement may be
possible with a suitable non-linear transformation of the
GVVW. This would, however, increase the computational
burden. The algorithm presented can be implemented in real-
time on a low cost digital signal processor.
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A NEW INTONATION MODEL FOR TEXT-TO-SPEECH SYNTHESIS
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ABSTRACT
The text-to-speech intonation model we are developing derives
from both linguistics, and the acoustics and aerodynamics of
speech production. Our underlying premise is that in human
speech production there are physical processes intrinsic to speech
production, and that some of these processes can be cognitively
represented – they can therefore become part of the domain of
language processing. The model is based on our general
philosophy of factoring out intrinsic and extrinsic physical
phenomena to create associations between physical and cognitive
representations. The model is easily extended to handle
variability beyond the neutral rendering of intonation, using
overlays to add pragmatically determined intentional and
emotional effects.

1 INTRODUCTION
The text-to-speech (tts) intonation model described here has

both physical and cognitive bases. We begin by identifying in
speech production a number of physical processes intrinsic to the
speech mechanism, some of which are amenable to cognitive
representation – this means they can enter into the symbolic
domain of language.

The model defines three types of physical process:
• Incidental processes which are intrinsic to the physical
system; these do not interfere with language but are not
directly involved in any encoding of linguistic content – e.g.
breathing, general mechanical and aerodynamic inertia.
• Intrinsic processes of the physical system, which can
be monitored and supervised by cognitive intervention [1] –
e.g. the progressive lowering or raising of sub-glottal air
pressure, or some mechanical and aerodynamic inertia like
voice onset time which differs systematically between
languages and at the same time is basically an intrinsic
phenomenon (processes of this type are the focus of
Cognitive Phonetic Theory [2]). Supervised intrinsic
processes contribute to the phonology of the language.
• Extrinsic processes which can be changed at will or
even reversed if necessary – e.g. vocal cord tension; such
processes are assumed to have negligible mechanical or
aerodynamic inertia (these processes are the focus of
Classical Phonetic Theory [3]). Extrinsic processes
contribute to the phonology of the language, and any
accompanying intrinsic coarticulatory or coproduction
processes are disregarded.
Thus the model distinguishes between directly controlled

processes not significantly constrained by processes intrinsic to
the system (type 3), processes which manipulate existing intrinsic
processes to make them significant (type 2) and processes which
are largely ignored in language encoding (type 1).

Most physical processes in speech production are type 3, but
many are type 2 – that is, some intrinsic phenomena can be

sufficiently supervised to be reliably included in language. There
are two general requirements for use in language [2]:

• a sound or prosodic effect must be able to be replicated
within production and perceptual constraints; this simply
means that any one sound must be able to be reliably
repeated in such a way as to be perceived as the same sound
each time it is repeated;
• any two sounds or prosodic effects which are intended
to be different must be able to be produced reliably and
repeatedly distinctly and perceived as different sounds.
These two criteria are the basis of phonological speech

patterning – a cognitive representational system enabling
speakers and hearers to have a shared understanding of which
sounds are the same and which are different

2. THE MODEL’S PHYSICAL BASIS
We classify the progressive long-term raising or lowering of sub-
glottal air pressure within type 2. Long-term here means over
stretches of speech linguistically classified as longer than a word.
We use the terms inclination and declination respectively to
refer to these changes in sub-glottal air pressure. We use the same
terms at the higher symbolic level to imply correlation between
physical and symbolic representations.

• We regard the basic long term intrinsic direction of
change of rate of vocal cord vibration as being associated
with falling sub-glottal air pressure – that is declination. We
regard inclination as successfully supervised declination. In
this model sub-glottal air pressure is progressively falling,
unless it is actively manipulated to rise.
• Short term changes of fundamental frequency
direction are brought about by local alterations of vocal cord
tension, and thus constitute a modulation of the current
inclination or declination.
• We recognise mid-term change in fundamental
frequency direction, often of word length. Human beings are
able to supervise changing sub-glottal air pressure – within
its general direction – to produce a mid-term ‘push’ in either
direction. Thus a push can be overlaid to produce a mid-
term increase or decrease in either downward or upward
trend – we call this turn-down or turn-up.

3. THE MODEL’S COGNITIVE BASIS
Cognitive processing in language is modelled symbolically, and
intonation is the symbolic correlate of fundamental frequency
change at the acoustic level. We assume there is association
between cognitive and physical phenomena, and thus there is
association between corresponding cognitive and physical
representations. We are careful to make each representation
transparently associated with the other, that is, the associations
are principled [4]

Speakers and listeners seem to be linguistically sensitive to a
number of physical properties of fundamental frequency, and
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these must figure in our symbolic representations. Among the
properties we have included in the model are:

• a basic f0 and intonational domain called the sentence;
• ‘breaks’ in the general f0 trend which often serve to
end-point subdomains called the intonational phrases;
• local f0 changes within intonational words;
• f0 changes within basic units called intonational
segments; these correspond to syllables.
These are the physical parameters available for association

with cognitive representations.
For both speakers and listeners there is a clear baseline of

expectation for intonation – a norm or neutral representation
which can be modified in special cases for adding emotional or
intentional content to the message being conveyed [5] [6].
Categories such as these, though often defined according to
linguistic function rather than in terms of physical parameters, are
used by many researchers, notably in recent times Pierrehumbert
[7] and Silverman et al. [8]. The concept of neutral intonation
has been discussed by a number of researchers, notably
Monaghan [9], usually in terms of an acceptable intonation for
synthesis constrained in range and rate of change to minimise the
impact of error. This is good practice in the design of tts
prosodics. However we introduce the idea of neutrality here on a
theoretical basis. We are explicitly modelling the system as a two
level process involving a basic neutral intonation and overlays for
special effects. Thus we introduce the concept of neutrality not
for practical reasons, but as an important part of our theory.

To give an example of how we explicitly relate cognitive
and physical representations, take declination – a physical event
which must also have a symbolic representation. Since people
report high-rate vocal cord vibration as producing sound high in
pitch we use the symbol H for an intonational point which is
reported as ‘high’. L is similarly used for a ‘low’ intonational
point. The relationship between H and L and fundamental
frequency is notional. A transition from H to L is thus
declination, and a successful reversal of the direction as a
transition from L to H is inclination (after Pierrehumbert [7] and
Silverman et al. [8]). We referred earlier to our use of the word
declination for both a physical and a cognitive phenomenon: this
is our key association between representations at these two levels.

4. THE SYMBOLIC REPRESENTATION
The top level domain of the symbolic representation is the
sentence. We represent sentence-wide slope (a generic term) –
inclination and declination, e.g.

# L[ ……… ]H # – inclination
# H[ ……… ]L # – declination

In the representation the sentence domain is bounded by #.
Since declination and inclination take in the entire sentence their
markers L, and H are used to bracket the sentence itself. L goes
to H for inclination and H goes to L for declination

Each sentence has one or more intonational phrases.
Intonational phrases are defined by the sentence syntax. The
sentence is parsed using a finite state grammar heavily dependent
on syntactic category markers on words in the tts dictionary
module. We also take advantage of the distribution of
punctuation marks in the input text [10]. We have developed a set
of heuristics which  assign boundary markers for intonational
phrases depending on the sentence surface syntactic structure.
For example, a boundary marker is inserted immediately before a

conjunction. Our intonational boundary marking is therefore
linguistic in origin. This contrasts with the statistical approach
adopted by some researchers [11].

Local slope is represented here too as modulation of
sentence slope, e.g.

# L[ ……… ]L H[ ……… ]H #
# H[ ……… ]H L[ ……… ]L #

Within each intonational phrase there are one or more
intonational words and these comprise one or more intonational
segments. Intonational segments, syllables [12], are either
stressed (S) or unstressed (U). Thus, e.g.

# H[ U | S U U | U | S U | U U S ]L #
The furniture would vanish overnight.

[For the sake of comparison with other researchers, we can
note that Pierrehumbert [13] includes two ‘tones’, H and L, in her
tone sequence theory for assigning intonation in American
English – our S and U are similar. Mertens [14] however includes
four tones in his model for French, and uses them in a slightly
different way.]

Push or mid-term changes in upward or downward trend in
intonation – turn-up and turn-down – are symbolised by T+ and
T- respectively. These are phenomena which occur in neutral
speech toward the end of intonational phrases. Thus, e.g.

# H[ S | S | U | S | S | S  T-]H  L[ U | S | S …
He wore a pale blue shirt, a dark red …

The accompanying diagrams (Figs. 1 and 2 – grouped at the
end of the text) show two sentences:

1. ‘We have to chain the garden furniture down or it would
vanish overnight.’
2. ‘He wore a pale blue shirt, a dark red tie and light green
socks.’

For each of these we show:
• A human waveform with neutral intonation (author
MT). There is nothing canonical about the pronunciation –
the sentences could easily have been spoken differently.
• The waveform’s measured f0. Again, not a canonical
version – just one possibility our subject happened to use.
• A symbolic representation of the mark-up of the text
as generated by our tts intonation model – this is not a mark-
up of the waveform above but the way our system assigned
a representation.
• The calculated f0 based on the generated symbolic
representation.
One additional symbol is present in the symbolic

representation in the diagrams – F. This mark is placed on the S
intonational segment of the word which has the greatest claim for
assignment of focus within the sentence domain. Focus is an
example of overlay – a term we use for effects which modulate
(both symbolically and physically) the neutral intonation to
produce special effects. We assign focus according to the
sentence parse arrived at earlier; Sproat [15] points out the need
for such a parse in some areas of English syntax. In this paper we
do not discuss these overlay effects per se – but provision of
pathways within the finite state transition network in Fig.3 is
represented by the [res] (reserved) symbol.

Fig.3 shows the possibilities for symbolic representation
within the intonational domains of sentence and intonational
phrase. This diagram is included to enable comparison with the
phonological model of intonation proposed by Pierrehumbert (of
which our representation is a development) we have adapted her
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finite state transition network [13] to show our overall
representational choices.

The diagram shows five nodes in the network involved in
representing possibilities in the intonational phrase domain. The
connection between the final and initial nodes indicates the
possibility (here unconstrained) of sequenced intonational
phrases. The initial node and node 1 are linked by declination
markers, as are node 3 and the final node: these outermost
connections establish declination or its modification to
inclination. Connections between nodes 2 and 3 determine turn-
up or turn-down. Intonation representation for words and
segments is handled between nodes 1 and 2. This part of the
diagram has been expanded separately. In the expansion the top
connection establishes the possibility (unconstrained here) of
sequence, and other connections indicated S or U symbols
establish stress possibilities. The connections labelled [res] are
reserved ‘hooks’ to peg other symbols used in the representation
of pragmatically determined overlays (see Morton [5] and
Morton and Tatham [6]).

5. FROM SYMBOLIC TO PHYSICAL REPRESENTATION
In our tts intonation model we move between the symbolic
representation outlined above and the final f0 by means of a
quasi-abstract physical representation. There are two reasons:

• we believe that the transition between the highly
symbolic representation and the f0 to be calculated is eased
by this intermediate representation;
• it provides a hook for rendering different voices by the
system – each with its own different f0 range.

1. We define an f0 range for a ‘voice’. The highest f0 to be
expected for a particular voice is assigned a value of 63 and the
lowest f0 for the voice is given a value of 0; the range is therefore
quantised linearly into 64 levels. As an example of how this
works we might assign to the first S segment within an
intonational phrase the value 40 and to the last S segment the
value 20. This establishes the declinational baseline for this
sentence for this speaker and all S segments are notionally
allocated a value associated with this baseline.

2. U segments derive their values from their surrounding S
segments (except for phrase-leading and -trailing ones). In an
intonational phrase having a declination baseline, for example, a
sequence of one or more U segments drops sharply from the S
preceding it to ‘recover’ f0 as the sequence approaches the S
following it. We have introduced a number of rules which deal
with how sequences of U segments relate to one another within
this general recovery of f0. This removes any awkward
perceptual effects associated with too linear a movement of f0.

3. T+ and T- (turn-up and turn-down) are in general given a
local domain of a single intonational word. For a good percentage
of the time spent on the word unit f0 is incremented or
decremented beyond the normal expectation to produce the
special effect. The percentage of the word depends on the S and
U sequence within the word and on its position within the
intonational phrase. In Figs.1-2 there are examples of T-
occurring finally in intonational phrases.

4. Finally, the entire quasi-abstract representation of f0 is
smoothed to remove abrupt transitions between values and to
minimise the quantisation error introduced by the abstraction.
This smoothing is varied for special effect – but in the examples

it is set to its minimum value throughout. At this point the
representation is translated into an actual f0 contour by defining
the appropriate voice range.

6. SPECIAL EFFECTS
We have referred several times to special effects – a cover term
for intonational effects going beyond descriptions of normal
utterances to embrace the whole gamut of pragmatically
determined variations [5]. Intonation is not the only parameter
used in rendering such effects – the other prosodic phenomena of
rhythm and stress are also involved. We have been modelling
these effects as overlays on neutral contours generated by the
model described here. It seems to us that this is a good route
toward handling the variability problem in modelling intonational
effects conveying phenomena such as emotion and intention. In
this paper we have not dealt with these effects, and the basic
model has been designed assuming the general overlay concept.
We have built in various hooks and other devices to ensure the
extensibility of the model into situations where the most basic
neutral intonation is inappropriate.

7. CONCLUSION
We have presented the major properties of our tts intonation
model. The model has a number of features reflecting our
approach of factoring out intrinsic and extrinsic physical
phenomena to create associations between physical and cognitive
representations. The model is linguistically, not statistically
based, and is generalisable to assign intonation for many voices
rather than just one single voice. The model is transparently
extensible to handle variability beyond the neutral rendering of
intonation, using the concept of overlays to incorporate
pragmatically determined intentional and emotional effects.
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Fig.1 We have to chain the garden furniture down or it would vanish overnight – showing a. an example human waveform, b. the
measured f0, c. generated text symbolic mark-up, and d. the calculated f0.

Fig.2 He wore a pale blue shirt, a dark red tie and light green socks – showing a. an example human waveform, b. the measured f0,
c. generated text symbolic mark-up, and d. the calculated f0.

Fig.3 Finite state transition network showing the overall symbolic representational choices in our tts intonation model.
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ARTICULATORY PROSODIES IN GERMAN REDUCED SPEECH

Klaus J. Kohler
Institute of Phonetics and Digital Speech Processing, University of Kiel, Germany

ABSTRACT
Starting from spontaneous speech data of the Kiel Corpus, reduct-ion patterns
of function words are described, which also incorporate more global
articulatory prosodies, such as nasality, labiality and glottalization. The results
of 4 perceptual experiments support the hypothesis that these long components
of speech production are mapped onto perception. The discussion is also a
contribution to a new paradigm for the analysis of  non-lab and non-scripted
speech.

1. PRODUCTION PATTERNS OF FUNCTION WORDS
1.1. Articulatory Fusion and Lexicalization
The phonetic form of function words in German shows great variability along
an articulatory scale from strong elaboration to a high degree of reduction [7,
8], depending, among other factors, on prosody, especially sentence accent as
well as prosodic grouping, and context of situation. In sequences of unstressed
function words,  reduction may result in their articulatory fusion, e.g., of
prepositions with articles (a) or of auxiliary verbs with enclitic pronouns (b).

This may lead to the emergence of new lexical items, for example, in

category (a), to monosyllabic “zum” [tsUm] (“to the”) by the side of

bisyllabic “zu dem”, which varies along the reduction scale from [tsu_ de_m]

to [tsU bm]. Although related historically and with regard to articulatory
reduction, the mono- and bisyllabic phonetic forms today pattern differently in
phrasal collocation due to the lexicalization of “zum”, as in “er kam zum
Schluß” (“he came at/to the end”) vs. “er kam zu dem Schluß, daß...” (“he
reached the conclusion that...”). In the parallel case “mit dem” (“with the”),

on the other hand, articulatory fusion to monosyllabic [mIm], beyond the

bisyllabic reduction scale from [mIt de_m] to [mI bm], does not result in
a new lexicalization.

 Similarly, “haben/können/sind/sollen/wollen wir” (“have/can/
are/shall/will we”), in category (b), vary along the scales from

[ha_b_n  vi__]/[k_n_n vi__]/[zInt vi__]/[z_l_n vi__]/[v_l_n vi__] to

[ham_]/[k_m_]/[zIm_]/[z_m_]/[v_m_], resulting in a new inflect-ional paradigm
of fused lexical items that are all bisyllabic. This reduction tendency is
particularly strong in spontaneous speech.

1.2. Articulatory Prosodies of Nasality and Labiality
The Kiel Corpus [2] contains the example “nun wollen wir mal kucken” (“now

let’s see”) in the phonetic form [nu)_ _)n_V_)_ Ma _kHUkN] for

unreduced [nu_n v_l_n vi__ ma_l _kHUkN] [7, 9, 10]. It has strong nasalization
across its first three syllables relating to  syllable-final nasal consonants, which
are reduced (deleted or shortened) in this hypo as against the hyper
pronunciation. There is additional labiodentalization around the third syllable

representing canonical [v] of �wir�. Other possible realizations

are [nu)_ _)(M/m)_) ma _kHUkN] [10], where the apical gesture of the medial
nasal is also eliminated or the consonant deleted altogether. So in these
fusions of function words articulatory residues may persist as non-linear,
suprasegmental features of syllables, reflecting, e.g., nasality or labiality
that is no longer tied to specific segmental units.

In those cases where the vowel in the first syllable bears a close

acoustic relationship to the vowel in the second syllable, i.e. [_ _] [_ _] in
[k_m_]/[z_m_]/[v_m_], the reduction can go further to a nasalised

monosyllabic realization [k_)(_)]/[z_)(_)]/[v_)(_)], in, e.g., “k_nnen/sollen/wollen
wir das machen” (“can/shall/will we do this”). Thus “nun wollen wir mal

kucken” may also be expected to be realised as [nu)_ _)(_) ma _kHUkN].
So nasalization may be the only articulatory parameter left to

differentiate the production of “sollen wir das machen” [z_)_) das �max_n]
from “soll er das machen” [z__ das �max_n] (“is he to do it”), which lacks

it. The same nasal/oral dichotomy may apply to “sollen sie” [z_)zi] (“are

they to”) vs. [z_zi] (“is she to”).

1.3. Phonatory Prosody of Glottalization
Besides the articulatory prosodies of nasality and labiality, the verb-al
paradigm also makes use of glottalization to differentiate “könn-
ten/sollten/wollten wir/sie” (“could/should/would we/they”) vs.

“können/sollen/wollen wir/sie”. Instead of stopping the air stream for [t]
by velic action in a nasal context, the velum may be lowered throughout,
and the signalling of a break, as for a plosive, may then be achieved by
glottal activity, in the extreme case by a glottal stop, but irregular glottal
vibration is equally possible at any point during the nasal segment  [5].

Thus [k _m0_]/[z_m0_]/[v_m0_], [k _n0 zi]/[z_n0 zi]/[v_n0 zi] (alternatively with an
additional syllabic modal-voice nasal after the glottalized part) are
possible realizations.

Furthermore, the nasal stop articulation may again be replaced by
syllable nasality overlaying at least the first vowel and the glottalization

then associated with its final section, as in [k_)0 zi]/[z_0) zi]/[v_)0 zi]. That is
less likely to occur in the context of “wir” because in more hyper
production this type of glottalization is con-nected with an oral occlusion,
and therefore presupposes a conson-antal gesture, as in the position before

[zi]. But in [m0_], after a vowel, the elimination of a labial closing
movement leads to vowel-internal glottalization. However, the
consonantal link remains and the probability of occurrence increases if,
within a frame of global syllable nasality, glottalization is coupled with a

lip gesture into and out of an approximant stricture, e.g. in  [z_)V)0_)] or [z_)B0)_ )].
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The distinction between a consonantal and a vocalic base of
glottalization plays an important role in German phonology. An example of the
former is the replacement of plosives in a sonorant, especially nasal 
environment, as outlined above; the latter functions as a word-initial boundary
marker. The different vocal tract reson-ances for the irregular glottal pulses in
the two cases are illustrated in the spectrographic analysis of “wir könnten ihn

fragen” (“we could ask him”) [vi_ k_nn0n i0_n _fra_gN] in Figure 1. Glottalization
to mark vowel onset may start in a preceding sonorant configur-ation, but this
“overspill” is much shorter than the actual vocalic-base glottalization, e.g. in

“wir können ihn fragen” (“we can ask him”) [vi_ k_nn i0_n _fra_gN] of Figure 2.

1.4. Reduction Rules
Reduction of function words in German exhibits patterns which can be
formulated in the following rules by reference to accented strong citation form
pronunciations:

(1) The degree of reduction depends on word class, morphol-ogical,
syntactic and prosodic structures as well as speaking style. It is particularly
high for articles and their combinations with prepositions as well as for enclitic
sequences of auxiliary verbs and pronouns, in certain cases resulting in new
lexicalizations.

(2) Diphthongs tend towards monophthongization, long vowels towards
shortening and all vowels towards more central and mid positions. In extreme

cases the result is [_], or [_] when phonological /r/ is involved:  “ein” [_n],
“der” [d_], “wir” [v_], “mit dem” [mId/t_m], “zum” [ts_m], “zur” [ts_].

(3) The glottal word boundary marker of an initial vowel may be
eliminated inside unaccented article + preposition and auxiliary + enclitic
pronoun constructions: “auf einen/einem”, “soll er”.

(4) [_], including the result of (2), may be deleted, e.g. “haben/

können/sollen/wollen” [ha_bm]/[k_nn/[z_ln]/[v_ln], “ein” [n], “mit dem”

[mId/tm],  “zum” [tsm]. Subsequent rules also apply to the segment
sequences resulting from (4).

(5) Interconsonantal /t/ may be deleted: “sind wir” [zIn v_].
(6) Apical stop consonants are assimilated in place to follow-ing

labials/dorsals, irrespective of word boundaries; apical nasals are also
adjusted to preceding labials/dorsals within the same word: “haben”

[ha_bm], “mit dem” [mIb/pm], “können/sind/sollen/wollen wir”

[k_M/mv_]/[zIM/mv_]/[z_lM/mv_]/[v_lM/mv_].
(7) Final /l/ may be deleted, even before initial vowels of en-clitic

words: “mal”, “soll(en)”, “solch”, “welch”, “will”, “wollen”.
(8) Velic closure in lenis plosives before nasals may be cut out  and

[M/mv] integrated in a single bilabial nasal gesture [m]: “haben”

[ha_m], “mit dem” [mIm];[ham_] etc..
(9) The velic closing movement for a plosive in a nasal environment

is relaxed and a prosody of irregular glottal activity produced instead:

“könnten” [k_nn0n], “sollten wir” [z_m0(m)_].
(10) A postvocalic closing movement for a nasal consonant is

reduced or totally eliminated, with nasality spreading, particularly across
the preceding vowel; mid to open diphthongs may be mono-phthongized:

“sollen wir” [z_)V)_)][z_)_)][z_)_], “sollten wir” [z_)V)0_)].

2. PERCEPTION PATTERNS OF FUNCTION WORDS
2.1. A Hypothesis and a New Experimental Frame
Since the production patterns found in function words are an essent-ial
feature of connected, especially spontaneous speech it must be assumed
that they also play a fundamental role in speech percept-ion. The question
thus is as to how listeners make use of phonetic parameters contained in
reduced speech to restore the intended words and utterances, and what
relevance should be attributed to the global prosodic features of
nasalization, labialization, and glottalization, as well as to articulatory
residues, over and above segmental information, for correct decoding of
connected speech.

To test this hypothesis we need a new type of data in our perception
experiments, compared with the traditional paradigm, which uses very
simple stimuli of syllable or word size, often of a nonsense word type,
within a standard metalinguistic sentence frame, systematically varying
acoustic parameters in speech syn-thesis. The Haskins experiments on
VOT and second formant transitions are classic examples. The aim of
such perception tests is to gain insight into the perceptual relevance of
specific parameter values for phoneme perception in word citation forms.

None of these heavy constraints apply to the phenomena at issue at
the utterance level. We first of all need speech data of at least sentence size
in a natural and meaningful context because it is only there that the
reductions occur and can be tested perceptually. Secondly, the acoustic
quality must be completely natural, so only high-level speech synthesis or
very careful time-domain splicing are feasible tools for signal
manipulation. Thirdly, the auditory test stimuli must be modelled on
production data found in large con-nected speech data bases, and they
should be convincingly reprod-uced and systematically varied in natural
production by competent,  phonetically trained native speakers for
subsequent processing and parameter variation according to new
experimental designs. Finally, the perceptual test will have to put
articulatory prosodies rather than segment-type phonemes in focus [6].

Such a test frame was implemented in the following steps:
• The spontaneous speech example discussed in 1.2 as well as

glottalization data from the Kiel Corpus were the start.
• The phrases (a) “soll er”, “soll(t)en wir”; (b) “soll sie”, “soll(t)en

sie”; (c) “wir könn(t)en ihn”; (d) “die könn(t)en (wir) uns” were put
in the utterance frames (a,b)“Was meint ihr?__das machen?”
(“What do you think? __do it?”); (c) “__fragen.” (“__ask him.”);
(d) “__abholen.” (“__collect them (for ourselves).”).

• The author produced each of these utterances with a broad array of
phrase realizations from hyper to hypo along the scales found in
connected speech data. The recordings were auditorily screened and the
most convincing rendering of each utterance, phrase and reduction type

selected for processing.
• The data were then analysed in xassp [3] and systematic splicing

was applied to create test stimuli for 4 listening tests:
(a) soller (b) sollsie, (c) konnfra, (d) konnab.
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• Each test stimulus, preceded by a 50ms sine warning tone and followed
by a 4s pause, was copied 10 times. The  stimuli were randomised and
copied onto 4 separate analog test tapes.

• Questionnaires were prepared with three alternatives in (a) and (b) (“soll
er”, “sollen wir”, “sollten wir”; “soll sie”, “sollen sie”, “sollten sie”) and
two alternatives in (c) and (d) (“können”, “könnten”) for forced choice
answers.

• All 4 tests were administered in a sound-treated room via loudspeaker,
first to a group of phonetics students in two sess-ions in the order (a), (b)
and (c), (d) and then to another group of phonetically naive students in
one session. The complete test with introduction and breaks lasted about
75 mins.

2.2. Prosodies of Nasalization and Glottalization: Exp. soller
2.2.1. Stimulus description and results. All stimuli for Exps. soller and
sollsie have identical frames “s__ das machen”, taken from the selected

production “soll sie das machen” [z_: zi das _max_n]. For Exp. soller the

following excerpts were spliced into this frame: “(s)oll er” [_l _] (ser1), “(s)oll

er” [_ _] (ser2), “(s)ollen wir” [_lM _] (ser3), “(s)ollen wir” [_) _)] (ser4), “(s)ollten

wir” [_l? M_] (ser7), all from the selected stimulus set “soll er/soll(t)en wir das
machen”.

Then signal manipulations were carried out. (a) One period was removed

from the centre of  [_)] in ser4 to give this stimulus the same duration as ser2.

(b) [_)] from natural ssi4 was spliced into the frame (ser5). The ssi4 vowel was

lengthened by duplicating central periods to give it the same duration as [_) _)] in
ser4 (ser6). (c) Glot-talization pulses, excerpted from natural “(s)ollten wir”

[_0? M_], were spliced into the vowel centre of ser4 and duplicated (ser8).
(d) In ser8 the second half of the glottalized section as well as 4 periods of the

following modal voice were replaced by the signal segment [M] of the source
stimulus in (c) (ser9).

ser1,3,7 represent less reduced and therefore clear cases of “soll er”,
“sollen wir”, “sollten wir”, respectively. ser2,4 are con-trasted by the
absence/presence of a nasal prosody to differentiate “soll er” from  “sollen
wir”. ser5,6 have a short vs. long nasalized monophthong instead of the
diphthong. ser8,9 introduce a prosody of glottalization into a global nasal
prosody without and with labiodentalization. The results of the listening test
are in Table 1.

2.2.2. Discussion.
• The anchors ser1,3,7 are uniquely identified.
• In ser2,4 a nasal prosody across the diphthong can signal the “soll

er”/“sollen wir” distinction, but no longer uniquely.
• As to the nasal monophthongs in ser5,6, the two groups behave

differently: in Gr1 “soll er” dominates, in Gr2 “sollen wir”, with fewer
“sollen wir” for the short vowel than for the long one in both groups. The
two groups rated the perceived nasality differently, presumably either as
a speaker’s voice quality or as a linguistic differentiator. One of the Gr1
subjects commented after the test that he had been uncertain as to these
interpretations. This coincides with the fact that Gr1 were the

soll er sollen wir sollten wir
Stim Gr1 Gr2 Gr1 Gr2 Gr1 Gr2
ser1 120 100 0 0 0 0

ser2 99 93 21 7 0 0
ser3 0 0 120 100 0 0
ser4 27 14 89 83 4 3
ser5 95 37 25 62 0 1
ser6 82 28 37 71 1 1
ser7 0 0 0 0 120 100
ser8 11 6 6 22 103 72
ser9 2 0 3 5 115 95
Table 1. Absolute frequencies in the 3 categories of Exp. soller

Group 1 N=120, Group 2 N=100

phonetics students who knew my voice, which is characterised by
slight nasality, whereas Gr2 were outsiders. But the quality and
duration of the nasalized vowel were further factors.

• The introduction of glottalization into the nasalized vowel in ser8,9
changes judgement to predominant “sollten wir” in both groups, but
more so in the case of added labiodentalization.

2.3. Prosodies of Nasalization and Glottalization: Exp. sollsie
2.3.1. Stimulus description and results. For Exp. sollsie the following

excerpts were spliced into the frame of 2.2.1: “(s)oll sie” [_l zi] (ssi1),

“(s)ollen sie” [_ln zi] (ssi3), “(s)ollen sie” [_) zi] (ssi4). “(s)ollten sie”

[_l?n zi] (ssi5), all from the selected stimulus set  “soll sie/soll(t)en sie das
machen”.

Then signal manipulations were carried out. (a)The  weak [:] in the

base stimulus of 2.2.1 was removed and compensated for by
duplicating every second period within the vowel (ssi2). (b) Glottal-

ization pulses, excerpted from natural “(s)ollten wir” [_0? M_], were spliced
in at the end of the vowel of ssi4 and duplicated (ssi6). (c) Another
stimulus was derived from ssi6 by removing 3 periods of modal voice to

get glottalization closer to the consonant [z] (ssi7).
ssi1,3,5 represent less reduced and therefore clear cases of “soll sie”,

“sollen sie”, “sollten sie”, respectively. ssi2,4 are con-trasted by the
absence/presence of a nasal prosody to differentiate “soll sie” from “sollen
sie”. ssi6,7 introduce a prosody of glottaliz-ation into a global nasal
prosody at different distances from the consonantal gesture. The results of
the listening test are in Table 2.

soll sie sollen sie sollten sie
Stim Gr1 Gr2 Gr1 Gr2 Gr1 Gr2
ssi1 120 100 0 0 0 0
ssi2 120 100 0 0 0 0
ssi3 3 1 117 99 0 0
ssi4 91 63 29 37 0 0
ssi5 0 0 2 0 118 100
ssi6 0 24 3 7 117 69
ssi7 2 32 3 17 115 51
Table 2. Absolute frequencies in the 3 categories of Exp. sollsie

Group 1 N=120, Group 2 N=100

2.3.2. Discussion.
• The anchors ssi1,3,5 are uniquely identified.

• In  ssi2,4 the nasal prosody can no longer signal the “soll sie”/”sollen sie”
contrast. ssi2 is uniquely, ssi4 predominantly identified as “soll sie” by
both groups. Here the linguistic interpretation of nasality was probably
difficult due to the short duration of the vowel (150ms vs. 220ms) and
to insuffic-ient  information from the situational context.

• Glottalization in the nasalized vowel of ssi6,7 changes judge-ment to
predominant “sollten sie” in  Gr1, as expected, but in Gr2 there is large
number of “soll sie” and for ssi7 also of “sollen sie” responses, without
a ready explanation.

2.4. Timing and Resonance of Glottalization: Exps. konnfr/ab
2.4.1. Stimulus description and results. For Exp. konnfr the following
stimulus selection and processing was done: (a) original “können ihn”
with /i/ glottalization (Figure 2) (kfr1), and original “könnten” with /n/
glottalization, put in the sentence frame of kfr1 (kfr9); (b) deletion of
glottalization in kfr1 (kfr2), combined with compensatory lengthening of
modal /n/ (kfr3); (c) replacement of the glottalized section in kfr1 by /n/
glottalization from original “könnten” of Figure 1 (kfr4), complementary
glottal lengthening and voice shortening - partial/total (kfr5,6); (d)
lengthening of /i/ glottalization in kfr1 (kfr7), preceded by equal-length /n/
glottal-ization from the stimulus in Figure 1 (kfr8). Stimuli kfr1,3,4,5,6,7
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have approximately the same duration to the onset of modal /i/.
In the construction of Exp. konnab original “können” was selected

(kab1) and used as the base for (a) /n/ lengthening (kab2) and shortening
(kab3), (b) splicing /n/ glottalization from original “könnten” into the second
or first half or the centre or the total duration of  /n/ (kab4,5,6,7). Original
“könnten”, spliced into the same sentence frame as the other items, was
included as a reference stimulus (kab8). The results of the listening tests are in
Table 3.

Stim können könnten Stim können könnten
kfr1 222 8 kab1 230 0
kfr2 230 0 kab2 230 0
kfr3 230 0 kab3 229 1
kfr4 3 227 kab4 3 227
kfr5 0 230 kab5 1 229
kfr6 2 228 kab6 0 230
kfr7 65 165 kab7 1 229
kfr8 220 10 kab8 0 230
kfr9 0 230

Table 3. Absolute frequencies in the 2 categories of Exps. konnfra (left) and
konnab (right); combined groups N=230

2.4.2. Discussion.
• There were no differences between the two groups.
• All stimuli that contain /n/ glottalization only, irrespective of its position

in the nasal and its extension, are uniquely identified as “könnten”:
kfr4,5,6, kab4,5,6,7,8.

• All stimuli that have only modal voice or /i/ glottalization are uniquely
identified as “können”: kfr2,3,8, kab1,2,3. This also applies to kfr1,
where there is a “spillover” of glottalization into /n/, which is however
small in relation to the one in /i/.

• When contiguous /n/ and /i/ glottalization are both lengthened judgement
is no longer unique, but “könnten” predominates.

3. CONCLUSION
The analysis of German function word production in connected and
spontaneous speech has shown the importance of global parameters in
articulatory reduction. Articulatory components become dissoc-iated from
segmental entities of speech sound size, manifesting themselves at highly
variable points in time and with highly flexible extension, usually in larger
units of at least syllable size. Thus glot-talization instead of velic elevation for
plosives in a nasal environ-ment may occur anywhere during the nasal context
and with a large range of durations up to the total length of the latter.The only
constraints are the incidence of the phenomenon and its link with consonantal
vocal tract resonance. If  there is a “spillover” into a vocalic configuration it
is relatively short.

Nasalization may become a feature of a syllable or a whole syllable
chain and not be tied to a delimitable nasal consonant. The same applies to
labi(odent)alization. Both nasal and labi(odent)al consonants may be absent
as separate units as long as the nasal and labial gestures are integrated in the
total articulatory complex. This results in articulatory residues in the fusion of
words.

These patterns of speech production find their parallel in speech
perception. The temporal indeterminacy in the production of glottalization in
nasal consonants is mapped onto a perceptual insensitiveness to this temporal
variability. Similarly, syllable nasal-ization as a residue of nasal consonant
deletion becomes a cue for reduced function word perception.

The long articulatory components and their perceptual counter-parts may
be regarded as prosodies in the Firthisan sense [1]. To deal with them
adequately it is mandatory to transcend the tradition-al paradigm of phonology
in two ways, by leaving word phonology and moving on to phrase level
phonology [6], and by abandoning the srtrictly linear frame-work in favour of
‘complementary phonology’ [4], which attributes a theoretical status to
articulatory prosodies by the side of phonemic segments in an ‘as well as’
approach.

Investigations of phrase level phenomena in general and of speech

reduction in particular also require different kinds of data bases from those
collected with the predominant concern for quest-ions of individual word
pronunciations. As regards speech product-ion, large corpora of dialogue
interactions, of a more natural, spont-aneous nature than read and lab
speech, have been collected and analysed. This development was largely
triggered by speech tech-nology projects. These data analyses have made
it possible to provide detailed descriptions of reduction patterns in
German.

The same reorientation towards more natural, phrase level data is
also necessary in perception research. It demands a new meth-odology that
introduces not only natural speech data but also a strong focus on context
of situation into the experimental design.

REFERENCES
[1] Firth, J. R. 1948. Sounds and prosodies. Transactions of the Philological Society
, 127-152.
[2] IPDS. 1994-1997. The Kiel Corpus of Spontaneous Speech. Vols. 1-3. CD-
ROM#2-4. Kiel: Institut für Phonetik und digitale Sprachverarbeitung.
[3] IPDS. 1997. xassp User’s Manual (Advanced Speech Signal Processor under the
X Window System). AIPUK 32, 31-115.
[4] Kohler, K. J. 1994. Complementary phonology. A theoretical frame for phrase level
phonology. Proc. CSLP94. Yokohama.
[5] Kohler, K. J. 1996. Glottal stop and glottalization. A prosody in European
languages. AIPUK 30, 207-216.
[6] Kohler, K. J. 1996. Developing a research paradigm for sound patterns of
connected speech in the languages of the world.  AIPUK 31, 227-233.
[7] Kohler, K. J. 1998. The phonetic manifestation of words in spontaneous speech.
In Duez, D.  (ed.), Proc. from the Esca Workshop on Sound Patterns  of Spontaneous
Speech. La Baume-les-Aix.
[8] Rehor, C. 1996. Phonetische Realisierung von Funktionswörtern im Deutschen.
AIPUK, 30, 1-113.
[9] Simpson, A. P. and M. Pätzold (eds.). 1996. Sound Patterns of Connected Speech:
Descriptions, Models and Explanations. AIPUK 31.
[10] URL: www.ipds.uni-kiel.de/examples.html

page 92 ICPhS99          San Francisco



THE EFFECT OF ORTHOGRAPHIC KNOWLEDGE
ON SYLLABLE SEGMENTATION: A CROSS-LINGUISTIC STUDY

Bruce L. Derwing* and Yeo Bom Yoon 

*University of Alberta, Edmonton, Canada,   Seoul National University of Education, Korea

ABSTRACT

Recent psycholinguistic research has revealed a variety of
significant intrasyllabic units, illustrating how segments can
cohere into higher-order constituents within a syllable.  Among
these are the rime (for English and perhaps also Chinese), the
body (for Korean), and the mora (for Japanese). However, the
native speakers tested so far in all four of the language groups
mentioned were all well educated, literate, and often even
bilingual. Thus they were all exposed to the writing systems of
their own and/or their second language, which (for different
reasons in each case) might have predisposed them to perform the
way they did. In the present research we are testing speakers of
these languages who have not been subjected to the influence of
L1 spelling. Results to date show no differences between literate
and preliterate Korean children, while research continues with
other nonliterate speakers and the other languages.

1. PRIOR RESEARCH
The research outlined here is part of a larger cross-linguistic
investigation of phonological units in languages of diverse types.
Previous research has focused on the status of the syllable (e.g.,
CVC) and a variety of its hypothesized intrasyllabic constituents,
including the segment (C or V), the rime (VC), the body (CV),
and the mora (a timing unit that can have several phonetic
manifestations, including CV). A variety of diverse experimental
tasks has been employed in this effort, including (1) word
blending, (2) global sound similarity judgments (SSJs), and (3)
concept formation.

Using a forced-choice version of the word blending task, for
example, it was found that English speakers preferred onset plus
rime word blends, with break points before the vowel (e.g.,
SIEVE + FUZZ > SUZZ), while Korean speakers preferred body
plus coda blends, breaking after the vowel (e.g., KANG + SEM >
KAM) [1, 2]. In addition, a linear regression analysis of SSJ
ratings for CVC-CVC pairs revealed that shared individual
segments (Cs or V) and a shared rime (CV) unit all made
significant independent contributions to mean similarity scores
from English speakers, while it was the body (CV) unit that
complemented the segments in the results of a comparable task
by Korean speakers; moreover, for CVC pairs sharing two
segments out of three, those which shared a final VC were judged
to be significantly more similar by English speakers than pairs
which shared a common initial CV, whereas the opposite was
true for Korean speakers [3, 4]. Furthermore, in a concept
formation study (not done in English), Korean speakers found
that a target set of words all sharing the common body element
/ka/ was easier to master than a target set of words all sharing the
common rime element /ak/ [5]. Taken together, these results
suggest that English and Korean CVC syllables may be
segmented differently, with onset (C) + rime (VC) constituents
manifested in English, but body (CV) + coda (C) units in Korean.

Other studies have likewise confirmed the possibility of a

mora unit in Japanese [6, 7], while the results for Chinese have
been mixed, depending on the nature of the task employed. This
suggests that a more complicated interplay of factors may be at
work in that language family [8].

2. THE INFLUENCE OF ORTHOGRAPHY
Apart from the Chinese case, however, the results of these prior
studies are rather remarkably consistent, especially  in view of the
diversity of experimental tasks that have been utilized, each of
which is very different in terms of  the kind of responses they call
for and/or the levels of metalinguistic awareness that they
presumably invoke. In word blending, for example, subjects
produce novel blends (or, in a forced-choice version of the task,
choose between one blend and another), a task which would seem
to overtly direct their attention to intrasyllabic break points, and
not necessarily to the whole units that are defined by these
breaks. In the concept formation task, however, subjects are
directed to overtly discover the phonological units that all
members of the target set share, guided by feedback as to which
stimuli belong to the target set and which do not. In the SSJ task,
by contrast, subjects are not required to attend to either break
points or constituent elements at all, but merely to make global
intuitive assessments of the overall similarity in sound of each of
the syllable pairs presented. The fact that all three tasks can lead
to the same conclusions (as in the Korean case) shows, at the very
least, that the findings are not the result of a strategy that is linked
to any specific task.

For all of this, at least one major problem remains which
makes the interpretation of the results of these studies difficult.
Specifically, all of the subjects tested in the research described
above have been literate adults, and mostly highly educated
university students, as well, and hence well versed in the
orthographic norms of the languages in which they were tested.
The factor of orthographic knowledge has therefore not been
controlled in any of the studies reported.

What kind of biases might knowledge of the writing systems
of the languages tested be reasonably expected to introduce? As
numerous investigators of child language have pointed out, since
standard English spelling contains units (letters and digraphs) that
largely represent individual phonemic segments, the writing
system provides a major (and perhaps decisive) impetus for the
identification of these segments; thus, some argue, it is more than
mere coincidence that phonemic awareness arises in English-
speaking children at just about the same time that they are
learning to read [9, 10, 11] (see also [12], which demonstrates
deficiencies in segment manipulation skills by Chinese speakers
who, though literate in Chinese characters, have not been exposed
to either English or any other segment-based transliteration
system, such as pinyin.)

On the other hand, though awareness of the segment may
well be implicated in exposure to a segment-based alphabetic
writing system, we have no hard evidence that any larger
phonological units are, such as the syllable or the rime. Thus,
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while it is true that English letters can sometimes represent
strings that are larger than a single segment (witness the letter X,
which often represents the sequence /ks/, as in the word MIX, or
even a whole syllable, as in X-RAY), such examples are atypical
and uncharacteristic of the writing system as a whole. Despite its
widespread use of digraphs and its many familiar irregularities
and inconsistencies (and even logographic tendencies), this
system still utilizes an alphabet that remains strongly attuned to
the ÒphonographicÓ tradition of its Graeco-Roman precursors,
which is to match individual letters with individual C and V
sounds [13].

In sharp contrast, however, the standard Korean orthography
contains not only symbols for individual segments but also
consistently bundles these elements into syllable-like packages,
by stacking the letters in vertical arrays. Moreover, in CVC
syllables where the vowel letter is itself written with a vertical
orientation, the first two letters (representing CV) are written on
the same (top) line, with the letter for the coda consonant written
below it. This orthographic convention thus strongly suggests that
vowels are more closely associated with preceding consonants
than with following ones, introducing a potential bias in favor of
a body or CV constituent.

In the case of Japanese, where the mora is the unit of
primary experimental interest, the case for potential orthographic
influence is even stronger, as both of the  so-called ÒsyllabariesÓ
of Japanese actually consist of symbols that represent individual
mora units, rather than either syllables or segments. Thus, for
words written in either of these kana, a mora count consistently
matches the number of letters used to spell it [14].

Finally, in the case of Chinese, the standard orthography, of
course, utilizes ideographic (or logographic) characters, each of
which is coextensive with both a single morpheme and a single
syllable. This might naturally be expected to introduce a bias in
favor of the syllable, but not towards any particular phonological
units smaller than this. The complication introduced in the
Chinese research, however, has not arisen through the standard
orthography, but through a secondary writing system that is
widely employed in Taiwan, where most of the prior research on
segmentation was carried out. This system, called chuyin-fuhao
(or bopomofo, informally), is used for schoolwork in Mandarin
during the early school years, while the children are still
struggling with the Chinese characters, and it contains symbols
which represent individual ÒinitialÓ (onset) and ÒfinalÓ (rime)
units. The potential bias so introduced in favor of an onset-rime
analysis for Mandarin is obvious, and we cannot discount the
possibility that this same bias might also be extended to spoken
Taiwanese, given the typological similarities of Mandarin and
Taiwanese and the fact that all Taiwanese speakers are required
to learn Mandarin in school.

In sum, therefore, we can see that (with the possible
exception of the rime unit in English), there is potential
orthographic contamination with respect to all of the units and the
languages focused upon in the line of research involved here. To
ensure that this bias was not responsible for the results obtained
in the earlier experiments with literate, adult subjects, therefore,
we are expanding our tests to include subjects who do not know
how to read or write the languages involved and who would thus
not be subject to the particular biases that each orthographic
convention might introduce.

3. TESTING PRELITERATE CHILDREN
Our long-term plans include the testing of three different types of
nonliterate speakers, including both illiterate adults and split-
literate bilinguals (such as emigrants to North America who have
learned to speak, say, Korean or Japanese near-natively, but have
learned to write only English). By far the most accessible of our
potential nonliterate subjects, however, are young, preliterate
children, so this is the group that we have decided to investigate
first.

Early pilot testing quickly revealed, however, that
someÑand perhaps allÑof the tests that we used with literate
adults (such as concept formation) were not well suited for testing
children. Thus the first priority in the present endeavor has been
the development of new experimental vehicles through which
both literate and  nonliterate children (as well as adults, with
appropriate modifications) might be tested and compared. After
much trial and error in pilot work, we seem finally to have
arrived at a task that meets that need.

We call this protocol the List Recall task. In this task,
children are presented with a mixed series of two types of lists,
each based on a particular unit of interest.  To illustrate for
studies comparing the rime vs. the body, two sets of monosyllabic
CVC nonsense words are employed, each representing the names
of some pictured made-up animals. In one list type, all of the
names in a given picture set rhyme, i.e., they all end with the
same VC sequence  (e.g., /- ip/, as in TEEP, HEEP, MEEP), while
the names for each picture set of the other type all share a
common body or CV sequence (e.g., /ki-/, as in KEET, KEEM,
KEETCH). Only nonsense words are used in order to avoid
familiarity and  frequency effects. Though all these made-up
names were phonotactically legal, the range of consonants and
vowels used in constructing the items was tightly controlled, in
order to permit the English and Korean stimuli to be as similar as
possible. Pilot work with English-speaking children indicated that
lists that shared common rime elements were learned and
remembered more readily than the other lists. Pilot studies also
indicated that lists of three or four words each were easy enough
to be learned, in whole or in part, with only two or three
exposures to each of the names.

Finally, a simple Reading Test has also been introduced, in
order to separate subjects into groups of readers vs. nonreaders.
In this test, subjects are asked to identify a series of 20 pictures of
familiar objects whose names are high frequency monosyllabic
(CVC) words (e.g., /kek/ 'cake') and then to select the correct
spelling of the word from a choice of four alternatives (e.g.,
CAKE, RAKE, CAVE, HOT). Notice that the first of the
incorrect spellings shares a rime element with the correct spelling
(the three letters AKE in this case), the second shares a body
element with it (the two letters CA), while the last choice has no
letters in common with the correct spelling.  The four choices
were presented in a different order for each word on the test, and
with the correct spellings appearing five times in each of the four
possible positions; the list of words was presented in a single
invariant order to all the subjects. As indicated below, readers
were distinguished from nonreaders by comparing their number
correct scores (on the full 20 items) with the expectation due to
chance (25%).

4. RESULTS
At the present time, the only results that we have available
involve the testing of literate and preliterate children in English
and Korean.
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4.1. Reading Test
The English results for the Reading Test were obtained from 45
preschool and first grade children who completed the test, and
these scores were used to distinguish readers from nonreaders. A
binomial test reveals that, for a forced-choice test of 20 items,
with 4 choices on each item, up to 9 of the 20 correct spellings
might be identified by chance at the .05 level; since we had no
subjects who chose precisely 9 correct spellings, we adopted the
more conservative score of 8 correct spellings or less to identify
those children who were evidently merely guessing on the
Reading Test. A total of 24 Canadian children scored from zero
to 8 correct on the Reading Test and these children were
classified as the nonreaders. Almost all of the remaining English-
speaking children tested scored between 14 and 20 on the
Reading Test, so this range was selected to define the class of
readers. (Note that 14 correct out of 20 represents the selection of
the correct spellings in over two-thirds of the items presented,
and is a score that would be expected to happen by chance with a
probability of less than one in a hundred thousand [p < .00001].)
A total of 21 children fell into this category.

The Korean version of the Reading Test was constructed on
the same principles as the English version. This test also involved
20 pictured high frequency monosyllabic words and the
systematic presentation of one correct and three incorrect
alternative spellings for each. The criteria for defining readers
and nonreaders were also the same. The results summarized
below came from the 15 Korean nonreaders and 19 readers tested
so far.

4.2. List Recall Test
The stimuli for the English version of the List Recall Test
comprised 12 lists of monosyllabic nonsense words, with 6 lists
in the rime category and 6 in the body category, plus a practice
list of each type. In each of these categories, four of the lists
contained 3 words each (corresponding to sheets with three
animal pictures on them) and two of the lists contain 4 words
each (with four animal pictures per sheet). The most important
thing about these stimuli was that the 3 (or 4) members of each
list in the rime category all rhymed (that is, they all ended in the
same VC sequence), while the members of each list in the body
category all contained the same body unit (i.e., they all begin with
the same CV). Note, finally, that members of all 12 lists shared
two phonemes out of three, namely, the vowel and one of the two
consonants.

A parallel set of stimuli was also constructed for the Korean
version of the List Recall Test.

For each English or Korean child, the 12 sheets of animal
pictures were mixed together and shuffled anew, so that every
child was presented with a new random and intermixed ordering
of rime and body lists. After two practice trials (one of each
type), the sheets were then shown to a child one at a time and the
names of each of the 3 (or 4) animals given; the child was then
asked to repeat each name aloud, as the experimenter pointed to
it. For each set of pictures, this sequence of hearing and then
repeating the animalsÕ names (always in the same order) was
repeated twice (for readers) or three times (for nonreaders). (This
variation in the number of repetitions provided for each animal
name was introduced on the basis of pilot work, in order to
minimize floor and ceiling effects. Note that this variation
introduces no problem in analysis, since our interest did not
involve comparing the absolute total scores of readers vs.
nonreaders. All we were interested in was the relative number of

names recalled from the rime lists vs. those recalled from the
body lists, so we were careful to control that each individual child
received the same number of name repetitions for each of the 12
lists presented.) On the final pass through the pictures on a given
sheet, the child was then asked to repeat the names for each
picture in turn, without prompting, as the experimenter  pointed
to it. Each childÕs score was calculated as the total number of
names correctly recalled out of the 20 on each set of lists.

Scores were tabulated separately for nonreaders and readers
on the List Recall Test. Each childÕs score represents the number
of names remembered out of the total of 20 for all six of the lists
presented in each category. Overall, the 24 English-speaking
nonreaders averaged 11.8 correct from the rime lists and only 9.0
correct from the body lists, a difference which a t-test shows to be
significant at the level of p < .001. Similarly, the 21 readers
averaged 16.6 correct on rime names and 15.0 correct on body
names, a difference that is significant at p < .003. For both literate
and nonliterate English-speaking children, therefore, the presence
of shared final VC (or rime) elements made an arbitrary set of
nonsense CVC syllables easier to remember than did the presence
of  shared initial CV (or body) elements for the complementary
set. For the English-speaking children, the rime unit was more
salient than the body unit.

Although only 34 children have been tested so far on the
Korean version of the List Recall Test, the results already seem
quite clear, with Korean readers and nonreaders both performing
very differently from their English-speaking counterparts.
Specifically, the 15 Korean nonreaders averaged only 7.4 correct
recalls from the rime lists but 10.5 from the body lists, a
difference which is significant at p < .001. The 19 Korean readers
did much the same, averaging 11.4 on the rime names and 13.6
on the body names (p < .001).

The key finding here, of course, is the one from the Korean
nonreaders, for whom the body stands out as the most salient
unit. This distinguishes them from the English nonreaders, who
did better with rhyming names than body-sharing names. And
since the Reading Test indicates that neither group knew how to
read, it seems that this result follows as a significant difference
between the two languages, and not one that can be viewed as a
mere consequence of differences in their writing systems.

5. SUMMARY AND CONCLUSIONS
In conclusion, we have for the first time found clear indications
that preliterate English and Korean children mirror the
performance of their older, literate companions. Specifically,
whether influenced by orthographic conventions or not, English
speakers are seen to segment syllables into onset (C) and rime
(VC) constituents, while Korean speakers break them into body
(CV) and coda (C) units. To strengthen this finding further
(particularly in the Korean case, which flies in the face of the
notion of the universality of the rime), we plan not only to test
larger numbers of preliterate children, but also to extend the
testing to nonliterate adults and to split-literate bilinguals, as
described earlier in this paper. As indicated in the Introduction,
we also plan to extend the testing to Japanese and Chinese, in
order to explore the rather different kinds of potential
orthographic effects that may be at work in those languages. Any
new results obtained by the time of the conference along either of
these lines will be included in the oral presentation.
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VOWEL PHONOLOGY OF ASIAN ENGLISHES: TOWARDS A
CHARACTERIZATION OF “INTERNATIONAL ENGLISH”

Paroo Nihalani
Oita National University, Japan

ABSTRACT

Various native varieties of English are shown to differ from each
other in major ways, as much, perhaps, as the non-native varieties
differ from the native varieties. Nevertheless, native speakers of
English appear to be mutually intelligible to a degree that does
not extend to the non-native varieties. Obviously there are
features that various native accents have in common which
facilitate their mutual intelligibility, and these features are not
shared by non-native accents. It is proposed that the foreign
learner of English adopts certain core features of English in his
pronunciation if he is to use English effectively as an
‘international language’. The common core that is significant in
the communication process is discussed.

1. INTRODUCTION
It is well known that the consonant system of English is relatively
uniform throughout the English-speaking countries. Accents of
English, however, are mainly known to differ in terms of their
vowel systems as well as in the phonetic realizations of vowel
phonemes. The paper is divided into three parts. To begin with, I
present the results of an acoustic study of vowel phonology of
Japanese English (hereinafter called JE), and then compare it
with that of Standard Singapore English and Educated Indian
English – varieties of English spoken in the ‘Outer Circle’.  I will
then attempt an interesting parallel that obtains between the
vowel phonology of these non-native varieties and that of RP and
Standard Scottish English- two native varieties spoken in the
‘Inner Circle’.  In conclusion, some pragmatic implications for
language planning in the context of ‘English as an International
Language’ (EIL) will be discussed.

2. INSTRUMENTATION
The data on vowels in Japanese English has been collected from
6 subjects who are undergraduate students of Oita University in
Japan. The subjects chosen are adult Japanese (4 male and 2
female students) between eighteen and twenty years of age. Each
speaker was asked to read a list of words in the carrier frame ‘Say
C-V-C again” where C represents a consonant and V represents a
vowel. The list contained words representing 10 potentially
accented simple vowels (monophthongs) as given below:

1. PETE 6.     PUT
2. PIT 7.     PORT
3. PET 8.     POT
4. PAT 9.     BOOT
5. PART               10.     BUT

  Descriptions of vowel quality based on auditory perceptions are
impressionistic and rather subjective.  The two features of

‘tongue height’ and ‘backness’ are best defined in acoustic terms.
The use of the sound spectrograph in describing the vowels
enables reliable and objective measurements of the vowels based
on formant frequencies. Table 1 at the end shows mean values of
F1 and F2’. These mean frequencies of F1 and F2’ (the distance
between F2 and F1) were computed for all tokens of 6 vowels for
all the subjects and have been plotted on the logarithmic scale
with F1 on the ordinate, reading downwards on the vertical axis,
and F2’ (F2-F1) on the abscissa, reading right to the left as shown
below in the vowel formant chart.

Formant Chart for JE Vowels

A vowel is identifiable by its F1 and F2’ frequencies. A careful
examination of the vowel formant chart clearly points to the
phenomenon of conflation of some pairs of vowels such as:
[i] and [I], [�] and [�], [U] and [u], [A] [Q] and [L].Since vowel
segments of each pair tend to cluster together, there seems to be
hardly any significant qualitative difference among these pairs of
vowels.  No wonder, pairs of words like beat and bit, pot and
port, cat, cart and cut, and pull and pool very often sound
indistinguishable from each other in Japanese English. Based on
the acoustic results, the vowels in JE can be classified as follows:

VOWEL DESCRIPTION
[i] and [I] high front

[e] low-mid front

[Q] [A] and [L]     low back

[�] and [�] low-mid back
[U] [u] high-mid back

page 97 ICPhS99          San Francisco



3. ANALYSIS OF RESULTS
The present acoustic study, though small in its sample size,
provides enough evidence that a JE speaker fails to maintain
sufficient perceptual distance between two vowels in each pair.
In native English, each of these pairs is reported to have a high
functional load. Therefore the textbooks on English
pronunciation repeatedly have pointed out that if a speaker of
non-native English fails to maintain this distinction, it could
cause a lack of ‘comfortable’ mutual intelligibility when (s)he
interacts with speakers of other varieties of English. We come
across a similar phenomenon in respect of Standard Singapore
English (Nihalani 1995) and Educated Indian English (Bansal
1966). Having said that, let me hasten to add that exactly a
similar phenomenon in respect of almost the same pair of vowels
in Scottish English has been noted as well.  Table 2 gives the
comparison of the Vowel Phonology of five varieties of English
from three concentric circles.

4.  DISCUSSION
Most of research in the past on the non-native varieties has
sought to identify the ways in which a non-native variety deviates
from a native variety at the segmental level and has highlighted
the so-called segmental interference. Bansal’s study, for example,
identifies the lack of contrast between ‘cot’ and ‘caught’ in
Indian English. The same is true of Standard Singapore English
and Standard Scottish English as well. To my mind, this is a
minor feature because for most speakers of Standard American
English, there does not exist, for example, a contrast between
‘bomb’ and ‘balm’. Both Indian and American speakers of
English distinguish between ‘caught’ and ‘court’, but this
distinction is lost in British English. If keeping the segmental

distinction were the primary purpose of teaching spoken English,
we would have to teach speakers of General American and RP to
keep the distinction they do not maintain. I wonder why no
segmental interference of any kind has ever been reported in
respect of these native varieties.  Obviously, there seems no
justification why the speakers of English from the ‘outer’ and
‘Expanded’ circles be advised to change their speech habits
whereas nobody expects Scots or North Americans to conform to
RP or any other particular model.  All the discussion of
‘international intelligibility’ and concern for native-like standards
has been primarily viewed from the perspective of monolingual
societies. This unfortunately runs counter to the sociolinguistic
realities and pragmatics of language teaching. English today
functions as a vehicle of ‘internal’ communication in the ‘outer’
circle, and ‘external’ communication in the ‘Expanded’ circle.
English is thus acknowledged to be the main language of
international communication.  With the demographic distribution
of its speakers all over the world, diversity seems inevitable.  The
learner of English therefore is dealing with a language that offers
a bewildering variety in its main transmission phase-its
pronunciation.
  Because of the ever-increasing use of English as a world
language, there may well of course emerge a form of
‘international’ pronunciation of English that may contain features
of the major national types of English. How far such a solution
lies, I wonder. But certainly it seems to be a distinct possibility,
in not too distant a future.  What could be the phonetic features
characterizing such a form of ‘international’ pronunciation of
English? ‘Ease of intelligibility’ and ‘Social Acceptability’ are
the two main criteria suggested by British linguists.

Table 2.  Vowel systems of Standard Englishes
---------------------------------------------------------------------------------------------------------------------------------------------------------

               SSE EIE JE  SCOTTISH RP
---------------------------------------------------------------------------------------------------------------------------------------------------------
bead i i

------ i i i

bid I I

--------------------------------------------------------------------------------------------------------------------------------------------------------
bed e e e

------ E E

bad Q

------ A

bard A

------ A a A

bud L L

--------------------------------------------------------------------------------------------------------------------------------------------------------
pot �

------ � � � �

port �

--------------------------------------------------------------------------------------------------------------------------------------------------------
pull U

------ u u u u

pool u

--------------------------------------------------------------------------------------------------------------------------------------------------------
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Two foreigners of the same nationality (Singaporeans, for
example) can converse with total mutual understanding in
English using their own phonetic and phonological systems. They
run a serious risk, however, of being quite unintelligible to a
speaker of English from the ‘Outer’ or ‘Inner’ circle. The learner
must therefore adopt certain basic core features of English in his
pronunciation if he is to acquire a linguistic tool of international
use.
  It is commonplace knowledge that various native varieties of
English differ from each other in major ways, as much, perhaps,
as the non-native varieties differ from the native varieties.
Nevertheless, native speakers of English appear to be mutually
intelligible to a degree that does not extend to the non-native
varieties. Obviously there are features that various native accents
have in common which facilitate their mutual intelligibility, and
these features are not shared by non-native accents. If so, it
becomes the responsibility of the language planners to identify
these common properties and build them into the curriculum so
that the foreign learner acquires an accent that is acceptable in all
international circles. This problem is of particular importance in a
cosmopolitan society such as Singapore, where we find a free
mingling of the British, American, Australian, and other accents.
  My initial hypothesis is that the common core of all native
accents is to be sought, not at the segmental level at which native
and non-native varieties of English exhibit a baffling degree of
differences. It is well known that American accents differ
radically from the British accents and both from the Australian
accents mainly in their system of vowels. If we examine the
common core at this level, we can hardly come up with any
significant set of properties that distinguish them from the
common core of the nonnative accents, as we have seen in the
data presented above.  It is also well known that all these native
accents make use of a stress-timed rhythm, while most nonnative
accents make use of a syllable-timed rhythm. It is this
observation that has led to the hypothesis that we must seek the
common core of native accents at the supra-segmental level.  If
this hypothesis turns out to be correct, then the implication for
pedagogy would be that we may retain the national identity by
keeping the segmental features and gain ‘ease of international
intelligibility’ by acquiring the supra-segmental features.  This
use of English in  the expression of national identity is most aptly
stated in the words of Professor of Tommy Koh, Singapore’s
Former Ambassador to the United States: “… when one is
abroad, in a bus or train or aeroplane and when one overhears
someone speaking, one can immediately say this is someone from
Malaysia or Singapore.  And I should hope that when I’m
speaking abroad my countrymen will have no problem
recognizing that I am a Singaporean”  (Quoted in Tongue [4])

5. CONCLUSION
The key to international intelligibility, in fact, lies more in
knowing how to move the voice according to accepted patterns of
stress and melody than in making or recognizing correctly the
component sounds. I therefore recommend the ‘top-down’
approach in which the emphasis is shifted from the teaching of
segments to the teaching of supra-segmental features. Instead of
taking the learner systematically through each English vowel and
consonant, perhaps one could concentrate on the ‘gross’ regional
features, and then quickly move on to features such as word
accentuation and rhythm. It is conceivable that a speech style

could be constructed which includes the essential elements of
word accentuation and rhythm that are most significant in the
communication process, but it also retains its national segmental
variations that help the speaker maintain a sense of national
identity.
  In conclusion, the foreign learner must adopt certain basic
features of English in his pronunciation if he is to use English
effectively as an international language. High in importance
among these features come the accentuation patterns of the
language and an alternation of strong and weak syllables, with an
essential obscuration of segments in the latter.  It may also be
advisable for the learner to be exposed to many varieties of
pronunciation, including native and non-native as well, in order
to enrich his repertoire. Undoubtedly, one meets many varieties
as one listens to radio, television, films. But exposure of this kind
should also be systematically incorporated in the learning
program. Moreover, the core component of supra-segmental
features be introduced through various activities such as drama,
nursery rhymes, debates and role-playing etc… making the
learning process more realistic and natural.
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Table 1: Mean Values of F1 and F2’ frequencies for JE Vowels
=====================================================================================
                      Speakers                 1      2      3      4      5      6 MEAN

=====================================================================================

i F1 280 260 300 300 280 350 295
 F2’ 2000 1990 1650 2100 1970 1350 1843

I F1 300 300 300 400 300 280 313
 F2’ 2000 1900 1650 2100 1900 1820 1895

e F1 500 500 400 400 450 450 450
 F2’ 1750 1500 1550 1900 1500 1400 1600

Q F1 400 680 450 380 650 750 551
F2’ 400 520 1000 520 550 550 590

A F1 500 700 700 300 650 750 600
F2’ 500 400 600 550 550 500 516

L F1 610 590 540 610 540 620 585
F2’ 800 520 600 650 600 550 620

� F1 500 400 500 500 450 500 475
F2’ 400 400 450 400 550 500 450

� F1 500 400 400 400 400 500 433
F2’ 400 200 400 400 400 400 366

U F1 400 350 350 460 350 450 393
 F2’ 1050 500 1400 1340 1450 1450 1198

u F1 380 315 380 420 400 300 365
 F2’ 1000 900 1600 1000 1100 1400 1166

=======================================================================================
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ACCOUNTING FOR SONORITY VIOLATIONS: THE CASE OF
GEORGIAN CONSONANT SEQUENCING

Ioana Chitoran
Dartmouth College

ABSTRACT

Georgian is one of several languages which allows consonant
sequences not predicted by the Sonority Sequencing Principle
(SSP). The goal of the present study is to formulate a new
generalization regarding consonant sequencing in Georgian, one
not necessarily relying on the SSP. This generalization refers to
observed preferences for combinations of certain feature
specifications in the sequences. Support for these preferences is
found in the acoustic properties of the sequences, which may
indicate that they best satisfy requirements for cue preservation,
while also being easier to articulate. Data from two native
speakers, one male and one female, are analyzed. The results
support the hypothesis that homogeneity of laryngeal features
within a sequence, and the front to back order of the places of
articulation present some articulatory advantages which may
explain why they are preferred in the language.

1. INTRODUCTION
Georgian, among other languages, allows long consonant
sequences, which are treated as surface violations of the SSP. In
this paper I propose that the principle underlying the ordering of
consonants is better understood by taking into consideration a
number of constraints on the feature specifications of adjacent
consonants. An acoustic study is carried out to test some of the
hypotheses based on the new generalization.

I begin with a short discussion of the SSP (section 2). I
present the possible consonant sequences of Georgian, focussing
on two-consonant sequences (section 3). In section 4 I propose a
new generalization based on the observed patterns. In section 5 I
present and discuss the results of the acoustic study. Conclusions
and directions for further research are discussed in section 6.

2. THE SONORITY PRINCIPLE
The SSP accounts for similar cross-linguistic ordering tendencies
among segments. It requires complex onsets to rise in sonority
toward the syllable nucleus, and complex codas to fall in sonority
away from the syllable nucleus. At the same time, it has been
observed that the notion of sonority is hard to define, mainly
because it lacks a consistent phonetic correlate.

By most definitions, sonority is related to the notion of
increased perceptibility of segments, sonorous segments being
more salient than less sonorous ones. Salience may be understood
in acoustic terms as higher intensity, or in articulatory terms as
greater amount of airflow in the production of a sound,
determined by the degree of openness of the vocal tract. In the
view expressed by Ohala and Kawasaki (1984), for instance,
perceptibility and salience refer to the ease with which a segment
is correctly identified. They suggest that the salience of an
acoustic signal may be given by maximal modulations in several

acoustic parameters varying simultaneously (amplitude,
periodicity, spectral shape, fundamental frequency). Preferred
sequences of segments are then determined by large modulations
in as many different parameters as possible, rather than by just
one single parameter as a correlate of sonority.

This view is not necessarily incompatible with formal
accounts of the SSP. Clements (1990), for example, defines the
sonority scale in terms of the major class features [syllabic],
[vocoid], [approximant], [sonorant]. The sonority of a segment
increases with the number of plus specifications accumulated for
these features. The values of these features are associated with
the degree of openness of the vocal tract, with the plus values
corresponding to a smaller constriction, and therefore to higher
perceptibility than the minus values.

In an attempt to reconcile the two views, I propose that
consonant sequencing in Georgian is best explained not directly
by the SSP, but by certain feature specification constraints which
reflect segment perceptibility requirements. In the next section I
present the possible consonant sequences of Georgian by manner
of articulation.

3. GEORGIAN CONSONANT SEQUENCES
The data presented here are collected during my work with 5
native speakers, and from grammars and dictionaries.

A three-way voicing contrast (voiced, voiceless aspirated,
ejective) is found in the Georgian stop and affricate series, and a
two-way contrast (voiced, voiceless) is found in fricatives:

(1) stops: b, d, g, ph, th, kh, p’, t’, k’, q’
affricates: dz, d<, tsh, t5h, ts’, t5’

fricatives: z, <� s, 5� ¢� :� h
sonorants: m, n, r, l, v/w

Each consonant constitutes a possible simple onset. All of them
occur in consonant sequences, except for /h/. In monomorphemic
forms a maximum of 5 consonants can occur in word-initial
position, and a maximum of 4 word-internally. Across a
morpheme boundary, with the addition of inflectional prefixes, 7
consonants can occur word-initially, and 5 word-internally.

In this paper I look at sequences of two consonants (C1C2).
The attested combinations are: stop-stop, stop-fricative, fricative-
stop, fricative-fricative, stop-sonorant, sonorant-stop, sonorant-
sonorant, fricative-sonorant, sonorant-fricative. Of these, I
discuss here stop-stop, sonorant-stop, sonorant-sonorant, and
sonorant-fricative sequences, leaving aside the rest for further
study.

I list below the patterns which emerge from a careful
consideration of the rest of the data. First, 55% of stop-stop
sequences consist of stops which share the same laryngeal
feature, and at the same time the articulation of C1 is further front
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than that of C2 (e.g. dg, tshkh, p’k’). Second, if C1and C2 do not
agree in laryngeal features, then the force of release of C1 is
stronger than the force of release of C2. In all such cases C2 is
voiced, while C1 is either aspirated or ejective (e.g. k’b, t’b, thb).
This preference suggests a ranking of the force of the release,
where an ejective or an aspirated release is perceptually stronger
than a voiced release. Ejective stops are known to have high
amplitude bursts, due to the compression of air in the vocal tract
between the glottal and the oral constrictions. This is especially
true of velar and uvular stops, where supraglottal air pressure is
very high.

There seems to be a preference in the language for stop-stop
sequences which follow one of the two generalizations above.
Even in the few word-initial three-stop sequences attested in
Georgian, the same generalizations hold. In two such sequences
all the stops share the same laryngeal features and have front to
back order of place of articulation (phtshkh, p’ts’k’). In one other
sequence the first two stops are ejective, and the third one voiced
(t’k’b).

Such sequences are not necessarily ruled out by the SSP in a
syllable onset. They constitute sonority plateaus, a less serious
violation than a sonority reversal. Sonority reversal does occur in
Georgian, in sonorant-stop and sonorant-fricative sequences. A
total of 35 sonorant-stop sequences are attested word-initially in
Georgian, most of them beginning with [m] (e.g. mt’, mkh, ndz,
rb, lb, lp’). The large number of [m]-initial sequences is due to
the fact that in some or them [m] is the remnant of a historical
prefix. Judging by native speakers’ pronunciations and intuitions
regarding the number of syllables in a word, none of these
sonorants are syllabic. A total of 11 sonorant-fricative sequences
are found (e.g. lz, m:, r:), and 10 sonorant-sonorant sequences,
another sonority plateau (e.g. vn, ml, lm, rv).

Any of the pairs above can combine in longer sequences, in
any order. The only combination that I could not find is one
containing more than two adjacent sonorants. This observation is
based not only on the inventory of Georgian consonant
sequences, but seems to be an active constraint in the phonology
of the language. Syncope in noun and verb morphology is
blocked, for example, when it would result in a sequence
containing three adjacent sonorants:

(2) Nominative Genitive
mts’eral-i mts’erl-is ‘writer’

    but: mthvral-i mthvral-is ‘drunk person’
*mthvrl-is

Other than this particular case, syncope is not blocked when it
results in sequences unacceptable by the SSP.

In the next section I propose an account for the allowed
sequences.

4. GENERALIZATION
I formulate below the generalizations based on the observed
patterns of consonant combinations in Georgian:
(3) a. No more than two adjacent sonorant consonants are

allowed in a sequence.
b. Two adjacent obstruents must share laryngeal features.
c. In a sequence of two stops, the place of articulation of C1

must be more anterior than the place of articulation of C2.
d. In a sequence of two stops which does not follow (b) or (c),

the release of C1 must be stronger than the release of C2.

We have seen that (3a) is the only pattern which actually
functions as an active constraint in Georgian, as seen in the
syncope process. The other three are not illustrated in
phonological processes. The question I ask at this point is
whether there are any phonetic considerations that would support
the observed preference for sequences following patterns (3b-d).
Does this particular sequencing of consonants present certain
advantages such as achieving maximum perceptibility or ease of
articulation?

Homogeneity of laryngeal features may present an
advantage in preventing changes in the configuration of the
glottis over a short period of time, within a stop sequence. The
front to back order of place of articulation may also reduce
articulatory effort, since the first stop is released into an opening,
rather than a more anterior closure.

Some perceptual advantages of such sequences were found
by Byrd (1992), in a comparison of labial-alveolar and alveolar-
labial stop sequences across a word boundary (‘bab#dan’ vs.
‘bad#ban’). Synthetic speech was used, and the degree of overlap
between the two stops was varied to observe its effect on the
identification of C1. C1 in b#d could still be identified at a larger
degree of overlap than C1 in d#b, suggesting that a tongue tip
gesture is more easily hidden by a following labial gesture than
vice-versa. Surprenant and Goldstein (1998) obtained similar
results with natural speech p#t and t#p in English. The tokens
used in the perception experiment exhibited the same
considerable amount of temporal overlap. C1 in p#t was
identified significantly more often than C1 in t#p. Work by Byrd
(1994), Zsiga (1994) showed that coronal-dorsal sequences also
allow more overlap than the opposite order.

A larger amount of overlap therefore constitutes an
articulatory advantage, but only to the extent that it does not
compromise perceptual cues for C1. Position in the word is a
relevant factor here. C1 is particularly vulnerable in word-initial
position, where, in the absence of transitions from or into an
adjacent vowel, the only available cue for it is its release burst.
Wright (1996) shows acoustic evidence from Tsou consonant
sequences, suggesting that the timing between articulations is
governed by such cue preservation requirements. He found that in
word-initial stop-stop sequences a smaller degree of overlap is
allowed, to ensure that the one available cue for C1 is preserved.

The acoustic study presented in the following section is
designed to determine whether the preferred C1C2 sequences in
Georgian present any articulatory or perceptual advantages. Are
there any particular strategies, for instance, that native speakers
resort to in order to reduce articulatory effort in such sequences,
while at the same time preserving (a) place cues, (b) laryngeal
contrasts and (c) manner cues?

5. ACOUSTIC STUDY
Three questions are asked in the acoustic study:
(i) do stop-stop sequences (including affricate-stop and

stop-affricate) show any amount of temporal overlap?
If position in the word is a relevant factor, the prediction is that
more overlap will be found in word-internal sequences, where
more cues are available for C1, than in word-initial sequences,
where only the release burst is available.

If the order of place or articulation is relevant, the prediction
is that more overlap will be found in front-to-back sequences
(e.g. dg) than in back-to-front ones (e.g. gd). The absence of a
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release burst for C1 is taken to indicate the presence of a large
amount of overlap.
(ii)  Stop-stop sequences with mixed voicing (e.g. k’b) are

rare cross-linguistically. Is voicing independently
controlled in each member of the sequence, or does
voicing assimilation occur?

In this case articulatory and perceptual requirements are harder to
reconcile than in the previous case regarding place of articulation.
Voicing assimilation would reduce articulatory effort only at the
expense of laryngeal contrasts. Therefore, if articulatory
requirements are more important, the prediction is that voicing
assimilation occurs in mixed stop-stop clusters. If perceptual
requirements are more important, the prediction is that voicing is
independently controlled in each member of the sequence.
(iii)  Manner cues in word-initial sonorant-stop/fricative

sequences are also hard to preserve. Can word-initial
[m], for instance, be identified before a stop or
fricative?

If preserving the cues is more important, the prediction is that
they can be identified in the signal. If reducing articulatory effort
is more important, then we expect a number of strategies to be
found, such as deletion of the sonorant, or insertion of an
epenthetic vowel, as well as, perhaps, voicing assimilation.

For the purpose of this study, two native speakers of
Georgian were recorded, one male and one female. The

recordings were done using an AKG unidirectional microphone
and a portable DAT tape recorder (Sony TCD-D8), at a sampling
rate of 48KHz. The data were transferred to a PC and
downsampled to 24KHz. The acoustic analysis was performed
using the KAY CSL system, based on waveforms and wideband
spectrograms. The tokens were spoken in a carrier phrase, with
three repetitions for each. A list of the relevant tokens is given in
each subsection.

5.1. Overlap by position in the word
The acoustic signal does not tell us much about the amount of
overlap, but it can tell us whether overlap exists at all. In
sequences containing stops, I take the absence of a release burst
for C1 to be an indication of overlap. In keeping with cue
preservation requirements, if a large amount of overlap is
allowed, we expect C1 to be more systematically released in
word-initial than in word-internal position.

The tokens analyzed here consist of word-initial and word-
internal C1C2 sequences, matched as well as possible for vocalic
environment. Most of the word-internal sequences were obtained
by adding a vowel-final prefix to a form containing the word-
initial sequence. Morphological boundary effects were also
controlled for. The results are summarized in Table 1.

word-initial word-internal
C1 release C2 release C1 release C2 release

male speaker 100% 96% 100% 86%
female speaker 100% 92% 100% 94%

Table 1.  Occurrence of C1 and C2 release bursts in word-initial and word-internal  sequences

The results indicate that C1 is systematically released (100%) in
both word-initial and word-internal position, by both speakers.
The amount of overlap is therefore controlled, so that the C1 cues
are not lost.

Voicing in these sequences was also observed. It was found
that the word-initial voiced sequences (bg, dg, gd, dzg) often
have no voicing, especially in the tokens of the female speaker.
Vocal fold vibration thus seems not to be maintained throughout
the duration of the entire sequence. For both speakers, the C1
release in gd is followed by a short period of voicing, which
looks like a vocalic portion. Since this sequence is the only one
with a back-to-front order of place of articulation, this vocalic
portion could be interpreted as an epenthesis. The vocalic portion
is found in the word-internal gd sequences, as well.

In the sequences of aspirated stops and affricates (thkh, khth,
tshkh, khtsh, phkh, phth), both C1 and C2 have an aspirated burst, in
both positions. It may be that the glottis is held open throughout
the entire sequence, or that it has several opening movements
during the sequence. Such information would not be available
from acoustic data. Although the first alternative may seem to
involve less effort, several opening movements of the glottis in
voiceless consonant clusters were reported by L»fqvist &
Yoshioka 1980.

 In sequences of ejective stops and affricates (p’k’, t’k’,
t5’k’) each consonant has a very strong burst, followed by some
aspiration and glottalization. This aspiration is not due to air flow

from the glottis, since in ejective the glottis is tightly closed
during the oral constriction and at its release. It can only result
from the release of air pressure built up between the glottal and
the oral constrictions. This pressure is higher in [t’] than in [p’],
and highest in [k’], where the supraglottal cavity is the smallest.
Correspondingly, a larger amount of aspiration is found at [k’]
release than at other places or articulation.

Glottalization for both C1 and C2 is seen fairly
systematically in word-internal position, but word-initially only
C2 release shows glottalization, which often continues into the
following vowel. This may suggest that in word-initial position
the glottis is maintained closed throughout the sequence, and is
not opened until after the C2 oral release. In this way,
information as to the laryngeal properties of C1 is lost. It may be
that this information is less important to preserve word-initially
than word-internally. If in a word-initial consonant sequence C2
is ejective, then C1 can only be ejective, as well. It was
mentioned earlier that Georgian does not contain word-initial
sequences in which the force of release of C1 is stronger than that
of C2. Thus, in word-initial position, the only cue that is
maintained is the place cue, found in the oral release burst. Word-
internally, however, the cue to laryngeal mechanism must be
maintained, the one to place being more easily recoverable.

5.2. Overlap by order of place or articulation
Another prediction made is that if any amount of overlap is
allowed, more overlap is possible in sequences with a front-to-
back order of articulation than in the opposite order, without
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losing any place cues. In order to test this prediction, I compared
the duration between C1 and C2 bursts in word-initial and word-
internal front-to-back and back-to-front sequences. The two
opposite orders are not attested for all the sequences, so only a
few minimal pairs could be found to be used for these
measurements. The list is given below:
(3) Wordlist
Word-initial sequences

dgeba ‘(s)he is standing’ gdeba ‘to be thrown’
VJMJG5K ‘pouring rain’ khthira ‘to spot smb.’
tshkhera ‘to look’ khtsheva ‘behavior’

Word-internal sequences
adgeba ‘(s)he will stand up’ agdeba ‘to throw in air’
bethkhili proper name dakhthira ‘spotted you’

Following Wright (1996) I measure the interval from the onset of
C1 release to the onset of C2 release. For the sequence containing
an affricate, however, a different interval had to be chosen, due to
the long duration of the affricate which would have been included
in only one order. In this case only the medial closure was
measured. The results are reported in Table 2 for individual
clusters, averaged across both speakers. The results were
evaluated by a two-tailed t-test.

sequence mean std. dev.
word-initial dg

gd
100
136

22.4
18.7

t(5) = 4.76
p < .05

VJMJ

khth

112
155

10.9
5.9

t(5) = 6.38
p < .05

tshkh

khtsh
56.8
72.8

12
15.2

t(5) = 2.7
p < .05

word-internal dg
gd

78
114

6.8
16.3

t(5) = 8.53
p < .05

VJMJ

khth

84
113

16.8
4.4

t(5) = 3.65
p < .05

Table 2. Mean inter-burst interval for front-to-back and back-to-front order of place of articulation

For all sequences, the difference in inter-burst interval is found to
be statistically significant, suggesting that a larger degree of
overlap occurs in front-to-back (shorter interval) than in back-to-
front sequences (longer interval). This result supports the
hypothesis that front-to-back sequences allow a larger amount of
overlap without risking the loss of C1 cues.

5.3. Voicing control in mixed sequences
Voicing was observed in the stop sequences k’b, t’b, tJb in word-
initial and word-internal position. Voicing appears to be tightly
controlled in the two ejective-voiced sequences. C1 burst is
followed by a period of silence leading up to the glottal release,
after which voicing for [b] begins. In some of the tokens of the
male speaker, voicing for [b] starts right at C1 release.

In the aspirated-voiced sequence, however, C2 is entirely
voiceless and aspirated for the male speaker, in both positions.
For the female speaker C2 is voiceless only word-initially, but
fully voiced word-internally. Voicing control is more difficult in
this sequence, especially word-initially, where the glottis, which
is wide open during C1, cannot close fast enough to start vocal
fold vibration  for C2. The movements of the glottis are less
extreme in ejective-voiced sequences, where the glottis is entirely
closed for C1, and needs to open just enough to start voicing for
C2.

5.4 Cues for [m] in m-obstruent sequences
The sequences of consonants observed here contain a word-initial
bilabial nasal followed by an ejective (mt’, mts’, mk’), a voiced
stop (mb, mg, md, mdz), a voiced fricative (mz, m<, m¢), an
aspirated stop (mtJ, mpJ, mkJ, mtsJ), and a voiceless fricative (ms,
m5, m:). For the most part voicing is independently controlled in
the nasal and the following obstruent. With respect to cues other
than voicing, some differences are found between the two

speakers. In 78% of the tokens of the male speaker, [m] has a
burst. The strategy which is most often employed by this speaker
is inserting a vocalic portion (mVC2). In only 30% of the tokens
of the female speaker [m] has a burst. No vowel insertion is
found in her tokens. In fact, in 11 out of 60 tokens [m] is absent.

6. CONCLUSIONS
While these results are limited by the type of information than
can be extracted from the acoustic signal, they nevertheless
suggest that C1C2 sequences in Georgian are sensitive to
simultaneous requirements to reduce articulatory effort and
maximize discriminability. Such requirements may not be
entirely incompatible with the requirements encoded in formal
accounts of sonority. A more detailed articulatory study is
needed, however, to reveal more detail of the gestural timing and
laryngeal control.
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ABSTRACT
This paper proposes constraints on the phonetic
interpretation of liquids in English.  Resonance categories
usually associated with laterals are shown to be associated
also with rhotics.  It is shown that the implementation of
clear/dark alternations in liquids is not only structure-
dependent but also dialect-specific.

Data were collected from a representative selection of
British varieties of English.  A distinction is drawn between
absolute clearness or darkness of liquids within any given
variety and the relationships of clearness and darkness each
liquid enters into in its phonological system.  Distinct
patterns were found for rhotic versus non-rhotic varieties,
reflecting differing systems of contrast.

Questions are raised regarding phasing of gestures in
different varieties of English.  A gestural model relies on
intrinsic interpretation of phonological units with reference
to limited structural information; the data presented here
support the need for structural information but challenge the
validity of intrinsic interpretation.

1.  INTRODUCTION
The experiment reported here was designed to test two sets of
findings in the light of additional data from other varieties of
English:
¥ the gestural phasing of laterals in English [1];
¥ the phonological relationship between laterals and

rhotics, which is often analysed simply as [±lateral]
(though not always [2]) but which also has consequences
for secondary articulation or resonance quality [3,4].

This paper uses the terms ÔclearÕ and ÔdarkÕ, as they are often
used in the context of laterals in English, to refer to particular
resonance qualities evident in the liquids.  Observations of
resonance quality were made which took into account the
identity of the liquid (whether the liquid is lateral or rhotic),
its position within the syllable and the variety of English
concerned.

The structure of the data set is outlined in Section 2.

2.  BRITISH ENGLISH LIQUID DATA
The data were recorded in a sound studio onto DAT then
resampled at 11025Hz into a Silicon Graphics Indy computer
running EntropicÕs ESPS and xwaves analysis package.

Section 2.1 describes the speakers used in the experiment
and the varieties of English they speak.  Section 2.2 outlines
the word list used for the experiment.

2.1.  Speakers
The speech of four speakers was examined.  All speakers were
males in their twenties, educated to university level, with
British regional varieties chosen to be representative of wider

dialect groups within the language.  These varieties,
summarised in Table 1, differ in rhoticity and in the clearness
or darkness of their initial laterals.

Initial lateral Nonrhot i c R h o t i c
Clear Wearside

(NE England)
Tyrone

(N Ireland)
Dark SE Lancashire

(NW England)
Fife

(E Scotland)
Table 1.  Varieties of English examined.

2.2.  Word lists
A subset of the data collected was used for the experiment
reported in this paper.  This subset contained 16 lexemes, all
of which are monosyllabic actually-occurring words of
English.  The data set included both monosyllables
containing initial liquids and monosyllables containing final
liquids.  Vocoids varied systematically in height and backness
so that a spread of contexts was analysed and the identity of
the vocoids would not skew the results.

The lexemes were embedded in the frame ÔSay ... againÕ
and recorded in blocks of ten in combination with filler words
included to avoid effects of list prosody.  Two tokens of each
lexeme were elicited from each speaker.

3.  SPECTRAL ANALYSIS
F2 frequencies were used as a correlate of clearness/darkness in
laterals [5,6].  Autocorrelation spectra with a 25ms hanning
window were used to compile values for F2 in Hertz in the
liquid portion of each lexeme at a relatively steady state in the
formant trajectory or (where there was no evidence of a steady
state) at the mid-point of the liquid.  All measurements were
checked by visual inspection of wideband spectrograms:
where autocorrelation-derived values differed greatly from the
spectrogram, estimates of formant frequencies were taken from
DFT spectra.

The F2 frequencies were subsequently bark-scaled.  The
results obtained are discussed in Sections 3.1 (for nonrhotic
varieties) and 3.2 (for rhotic varieties).

3.1.  Nonrhotic varieties
Table 2 shows the means of the bark transform of F2 in initial
liquids for nonrhotic varieties.  Nonrhotic varieties have no
contrast in the liquid system in syllable-final position.  There
is therefore no legitimate comparison to be made between
liquids at this place in structure.

The clear initial lateral variety (Wearside) has a relatively
clear lateral (higher F2) and a relatively dark rhotic whereas
the dark initial lateral variety (SE Lancashire) has a relatively
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dark lateral (lower F2) and a relatively clear rhotic.  SE
Lancashire laterals are darker than Wearside laterals; SE
Lancashire rhotics are clearer than Wearside rhotics.

Variety Mean F2:
initial lateral

Mean F2:
initial rhotic

Significance
of difference

Wearside 10.801 7.992 p<0.001
SE Lancashire 8.295 9.720 p<0.001

Table 2.  Means of bark-scaled F2 in initial liquids; nonrhotic
speakers.

Variety Mean F2:
initial lateral

Mean F2:
final lateral

Significance
of difference

Wearside 10.801 7.911 p<0.001
SE Lancashire 8.295 7.913 NS

Table 3.  Means of bark-scaled F2 in laterals; nonrhotic
speakers.

Both nonrhotic varieties have a final lateral which is
darker than their initial lateral (Table 3), though the difference
is less pronounced in the dark initial lateral variety than in the
clear initial lateral variety.  This effect may be due to an
extremes of resonance effect (in this case a lower limit on
darkness applying in the dark initial lateral variety): if initial
laterals are dark, then there is not much acoustic space in
which to squeeze a final, darker, lateral.

The longer-domain effects reported by Kelly and Local
[3,4] are also supported here in that Wearside vocoids have a
higher F2 after a lateral than after a rhotic while SE Lancashire
vocoids have a lower F2 after laterals than after rhotics (Table
4).

Variety Mean F2:
vocoid

following
lateral

Mean F2:
vocoid

following
rhotic

Significance
of difference

Wearside 11.035 10.187 p<0.05
SE Lancashire 10.456 10.613 NS

Table 4.  Means of bark-scaled F2 in vocoids following
liquids; nonrhotic speakers.

3.2.  Rhotic varieties
Tables 5-8 show the means of the bark transform of F2 in
liquids for rhotic varieties.  F2 patterns associated with liquids
in rhotic varieties are different from those associated with
liquids in nonrhotic varieties.  In nonrhotic varieties, the F2
patterns differ depending on whether the initial lateral is clear
or dark; in rhotic varieties, the (absolute) quality of the initial
lateral makes no difference to the pattern of relationships in
resonance quality.  Syllable-final liquid qualities are
appropriately included here since rhotic varieties do have
liquid contrasts at that place in structure.

Variety Mean F2:
initial lateral

Mean F2:
initial rhotic

Significance
of difference

Tyrone 11.545 9.577 p<0.001
Fife 9.117 8.718 p<0.05

Table 5.  Means of bark-scaled F2 in initial liquids; rhotic
speakers.

Variety Mean F2:
initial rhotic

Mean F2:
final rhotic

Significance
of difference

Tyrone 9.577 10.145 NS
Fife 8.718 11.170 p<0.001

Table 6.  Means of bark-scaled F2 in rhotics; rhotic speakers.

Variety Mean F2:
final lateral

Mean F2:
final rhotic

Significance
of difference

Tyrone 9.820 10.145 NS
Fife 9.238 11.170 p<0.001

Table 7.  Means of bark-scaled F2 in final liquids; rhotic
speakers.

Variety Mean F2:
initial lateral

Mean F2:
final lateral

Significance
of difference

Tyrone 11.545 9.820 p<0.001
Fife 9.117 9.238 NS

Table 8.  Means of bark-scaled F2 in laterals; rhotic speakers.

The rhotic speakers have darker initial rhotics than
initial laterals (Table 5) and final rhotics which are clearer
than both initial rhotics (Table 6) and final laterals (Table 7).
In rhotic varieties, the nonrhotic pattern [3,4] does not hold:
initial rhotics in the dark initial lateral variety are not clearer
than the initial laterals (as they are in the dark initial lateral
variety of SE Lancashire).  Differences in F2 are minimised in
the rhotic dark initial lateral variety (Fife), with the exception
that final rhotics are considerably clearer than other liquids.
Once again, this could be due to the extremes of resonance
effect (Section 3.1) since syllable-initial laterals are dark.

In vocoids following liquids in both rhotic varieties, F2
is higher when following a lateral than when following a
rhotic (Table 9).  This is the same pattern as is found in the
clear initial lateral nonrhotic variety (Table 4).

Variety Mean F2:
vocoid

following
laterals

Mean F2:
vocoid

following
rhotics

Significance
of difference

Tyrone 10.682 10.345 p<0.05
Fife 11.642 10.887 p<0.05

Table 9.  Means of bark-scaled F2 in vocoids following
liquids; rhotic speakers.

3.3.  Summary of F2 space analysis
There are three major results stemming from the analysis of
the F2 space:
¥ Initial laterals are clearer than final laterals;
¥ Nonrhotic varieties pattern as Kelly & Local [3,4]

suggest;
¥ Rhotic varieties have a fixed pattern of resonance

qualities.
Two principles can be drawn from these findings:

Extrinsic Phonetic Interpretation (Section 3.3.1) and
Maximal Differentiation (Section 3.3.2).

3.3.1. Extrinsic Phonetic Interpretation (EPI).
These data support the notion of extrinsic interpretation of
phonological categories.  In a rhotic dark initial lateral
variety, a syllable-initial lateral counts as phonologically
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ÔclearÕ because it contrasts with a dark rhotic in the same
system.  Yet this same lateral is phonetically dark: there is no
sense in which the lateral is intrinsically clear.  Such patterns
of phonetic detail which interact with phonological
categories in a partly absolute and partly relative fashion
demand an extrinsic interpretation function.

3.3.2.  Maximal Differentiation.  If categories
are differentiated maximally in the phonetic space, laterals
will be as different as possible from rhotics.  For nonrhotic
varieties there need be no reference to syllable position in
this statement since there is no contrast syllable-finally.
Syllable-initial and syllable-final systems are therefore
different and so the phonetics of the final position has no
bearing on the phonetics of the initial position.  Given that
resonance qualities exist, one liquid will be clear and the other
dark, and it does not matter which is which.  Maximal
differentiation thus predicts the variation which is indeed
found across nonrhotic varieties.

In rhotic varieties, laterals and rhotics contrast in both
initial and final positions.  If resonance quality is to be used
to differentiate categories maximally in the phonetic space
then for any given liquid, the other liquid in the same syllable
position will contrast in resonance quality (to differentiate
laterals from rhotics) and the same liquid in an opposite
syllable position will also contrast in resonance quality (to
differentiate syllable-initial position from syllable-final
position).  These two patterns are therefore predicted:
I {clear initial lateral & dark initial rhotic,

dark final lateral & clear final rhotic};
II {dark initial lateral & clear initial rhotic,

clear final lateral & dark final rhotic}.
Given that initial laterals are clearer than final laterals

(ruling out pattern II), maximal differentiation predicts that
the resonance quality pattern for rhotic varieties should be
pattern I.  Pattern I is indeed what is observed in the data.

4. TEMPORAL ANALYSIS
This section covers two temporal aspects of the data.  Section
4.1 contains remarks on the duration of liquids; Section 4.2
examines the relative timing of articulatory gestures as
reflected in the acoustic signal.

4.1. Durational analysis
There is no clear correlation in these data between duration of
a liquid and its identity as a lateral or rhotic in a given syllable
position.  Nevertheless, there are some durational
observations worth making.

Sproat & Fujimura [1] predict that initial laterals should
be darker if they are of greater duration, since the dorsal
gesture has more time to become prominent.  This prediction
has only in part been borne out by other work [7].  The
prediction is upheld in the nonrhotic clear initial lateral
variety, but the nonrhotic dark initial lateral variety has the
opposite pattern: the greater the duration of the initial lateral,
the clearer that lateral is (Figure 1).  This is an indication that
phonetic parameters related to liquids are phased in different
ways in different varieties.  An opposite pattern exists in the
rhotics of these varieties.

6

7

8

9
10

11

12

13

F2

0 20 40 60 80 100

Wearside

SE Lancs

duration

Figure 1.  F2 (bark) against duration (ms) for initial laterals;
nonrhotic speakers.

4.2. Relative timing of articulatory gestures
Table 10 shows the mean duration in milliseconds of the F2
transitions into and out of initial liquids in the nonrhotic
varieties.  The clear initial lateral variety (Wearside) has a
longer transition into rhotics than into laterals.  Conversely,
the dark initial lateral variety (SE Lancashire) has a longer
transition into laterals than into rhotics.  The pattern is
reversed in transitions out of liquids: the clear initial lateral
variety has a shorter transition out of rhotics than out of
laterals and the dark initial lateral variety has a shorter
transition out of laterals than out of rhotics.

LATERALS RHOTICS
trans.in trans.out trans.in trans.out

Wearside 59 51 76 44
SE Lancashire 94 63 53 68
Table 10.  Mean duration in milliseconds of F2 transitions

into and out of initial liquids; nonrhotic speakers.

Longer second formant transitions in liquids are likely to
reflect relatively slow dorsal gestures while shorter
transitions reflect relatively fast apical gestures [5].
Consequently, it seems that the clear initial lateral variety has
approximately co-extensive apical and dorsal gestures in
initial laterals.  In contrast, the dark initial lateral variety has
laterals with a dorsal gesture timed before an apical gesture
(since transitions into the lateral are relatively slow and
transitions out of the lateral are relatively fast).  The SE
Lancashire variety has shorter transitions into an initial
rhotic than out of it; the Wearside variety has longer
transitions into an initial rhotic than out of it.

Sproat & Fujimura [1] report an early dorsal gesture with
final laterals and predict that initial laterals would have a
relatively late (and relatively weak) dorsal gesture.  This is
evidently not the case for the SE Lancashire speaker, who has
noticeably dark laterals in all positions.  These temporal
results coupled with the spectral analysis in Section 3.1
(Wearside laterals are clear and Wearside rhotics are dark while
SE Lancashire laterals are dark and SE Lancashire rhotics are
clear) strongly imply that early dorsality is a marker of
darkness rather than of syllable-finality.  All these results are
generally reflected in the rates of transition as well as these
durations of transition and may also account for the durational
effect reported in Section 4.1 since longer SE Lancashire
laterals would include more time for a later apical gesture to
become more prominent, making the lateral clearer.
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As is the case with the spectral data presented in Section
3.2, rhotic varieties seem to pattern with the clear initial
lateral nonrhotic variety, whether or not their laterals are
phonetically clear.

5. DISCUSSION
This section contains discussion of gestural timing, aspects
of the phonetic interpretation of liquids in English and the
alignment of features or attributes in the prosodic hierarchy.

5.1. Gestural timing
The results outlined in Section 4 suggest a model of gestural
alignment closer to that sketched in Figure 2 than to that
outlined by Sproat & Fujimura [1].  Early dorsality is a marker
not of syllable-finality but of darkness.  The arrangement of
gestures is not intrinsic to the phonology of syllable structure
since it is dependent not only on position in structure but also
on dialect-specific phonetic interpretation.

clear initial
lateral

dark initial
lateral

time

ap
ex dorsum

apexdorsu
m

time

Figure 2.  Gestural alignments for initial laterals.

5.2. Phonetic interpretation of liquids in English
The data pose problems for analyses based purely on
articulatory dynamics.  Previous results for laterals [1] are
generally supported here (with reservations regarding the
phasing of gestures in dark initial laterals).  However, the fact
that the interpretation of syllable-initial liquids in a given
variety is dependent on whether that variety is rhotic
challenges universalist articulatory explanations since
interpretation requires knowledge of nonlocal but
tautosyllabic systems of contrast in addition to gestural
information.  Future articulatory work needs to recognise
abstract phonological entities as well as phonetic data in
order to constrain more accurately predictions regarding
phonetic interpretation.

5.3. Feature alignment in the prosodic hierarchy
Given a (non-segmental) phonology [8,9,10,11] where
contrastive features or attributes are distributed across the
prosodic hierarchy rather than being restricted to a terminal
node or (auto-)segmental level, the issue of alignment of
attributes in the hierarchy arises.

In an extrinsically-interpreted phonology, naming of
attributes is arbitrary.  It is a potential weakness of EPI that
the phonetics is related arbitrarily to the phonology.
However, the relationship is constrained by interpretation
being not only arbitrary but also systematic.  The patterning
and interactions reported in this paper support the notion of a
single liquid system with phonological attributes at more than
one place in the syllable.

If liquids comprise both consonantal (apical) and vocalic
(dorsal) gestures, the possibility arises that the consonantal
and vocalic attributes of liquids might be separated, with

vocalic attributes at rime level and consonantal attributes at
coda level.  This analysis is appealing since it would result in
the rime carrying typically vocalic attributes and the coda
consonantal ones.  Since the phonetics of the rime begins
earlier in time than the phonetics of the coda, this
arrangement would make accurate predictions about phasing of
gestures in syllable-final position, namely that the vocalic
(rimal) dorsal gesture precedes the consonantal (coda) apical
gesture.  The absence of an intermediate level in the prosodic
hierarchy between the onset and the syllable means that no
such constraints are placed on the timing of gestures in initial
position, predicting variability in syllable-initial position,
which is indeed what is found cross-dialectally.  Moreover,
this separation of vocalic attributes from consonantal
attributes also predicts ambisyllabicity data [12] in that coda
gestures occurring later in time would have a greater affinity
with the following syllable than would earlier rimal gestures,
and so would vary more under conditions of ambisyllabicity.

6. CONCLUSION
Liquids participate in phonetic patterning and interact with
syllable position: interpretation of onset liquids depends
crucially on which system obtains in the rime.  These
phonetic facts support the notion of a single liquid system in
operation at different points in structure.  The analysis
presented here provides systematic constraints on the
phonetic interpretation of liquids in English.

The phonetic interpretation of this liquid system is both
structure-dependent and dialect-specific.  A phonetic
interpretation intrinsic to the phonological representation
cannot account adequately for the phonetic facts as they relate
to the detail of complex articulations such as liquids in
English.  If there is to be any notion of a single liquid system
across structure or of a pan-dialectal phonology then phonetic
interpretation must be extrinsic.

REFERENCES
[1]  Sproat, R. & O. Fujimura 1993.  ÔAllophonic variation in English /l/
and its implications for phonetic implementation.Õ  Journal of Phonetics
21: 291-311.
[2]  Walsh Dickey, L. 1997.  The phonology of liquids.  PhD
dissertation, University of Massachusetts, Amherst.
[3]  Kelly, J. & J.K. Local 1986.  ÔLong-domain resonance patterns in
English.Õ  Proceedings of the International Conference on Speech Input
/ Output, Institute of Electronic Engineers: 304-8.
[4]  Kelly, J. & J.K. Local 1989.  Doing Phonology.  Manchester:
Manchester University Press.
[5]  Ladefoged, P. & I. Maddieson 1996.  The Sounds of the World's
Languages.  Oxford: Blackwell.
[6]  Stevens, K.N. 1998.  Acoustic Phonetics.  Cambridge,
Massachusetts: MIT Press.
[7]  Huffman, M.K. 1997.  ÔPhonetic variation in intervocalic onset /l/'s
in English.Õ  Journal of Phonetics 25: 115-141.
[8]  Ogden, R.A. & J.K. Local 1994.  ÔDisentangling autosegments from
prosodies: a note on the misrepresentation of a research tradition in
phonology.Õ  Journal of Linguistics 30: 477-498.
[9]  Local, J.K. 1995.  ÔMaking sense of dynamic, non-segmental
phonetics.Õ  Proceedings of the XIIIth International Congress of
Phonetic Sciences 3: 2-9.
[10]  Local, J.K. & R.A. Ogden 1998.  ÔNordic prosodies:
representation and phonetic interpretation.Õ  In Werner, S. (ed.) Nordic
Prosody.  Proceedings of the VIIth Conference, Joensuu, 1996.  Berlin:
Peter Lang.
[11]  Ogden, R.A. 1999, to appear.  ÔA syllable level feature in Finnish.Õ
In van der Hulst, H. & N. Ritter (eds.) The syllable: views and facts.
Berlin: Mouton de Gruyter.
[12]  Gick, B. 1998.  ÔArticulatory correlates of ambisyllabicity in
English glides and liquids.Õ  Paper presented at the Sixth Conference on
Laboratory Phonology, University of York.

page 108 ICPhS99          San Francisco

page 108 ICPhS99          San Francisco



SESQUISYLLABLES OF ENGLISH:
THE STRUCTURE OF VOWEL-LIQUID SYLLABLES

Lisa M. Lavoie and Abigail C. Cohn
Cornell University, USA

ABSTRACT
We investigate monosyllabic words with rimes consisting of a
diphthong or non-low tense vowel followed by a liquid, such as
file, foul, foil, feel, fool, fail; fire, flour and foyer, which we term
sesquisyllables.  Evidence from phonological distribution,
speaker intuition, metrical properties, variant pronunciations, and
an acoustic study converges on the interpretation that these are
trimoraic monosyllables. Comparison of durations for V, Vd, Vl,
and Vld rimes for low vowels and diphthongs revealed systematic
duration differences attributable to proposed mora count.  The
CV and CVd cases, both argued to be bimoraic, are closely
parallel in duration.  However there is a systematic difference for
the CVl and CVld cases, argued to be bimoraic for low vowels
and trimoraic for diphthongs.  We account for these results by
integrating the assignment of duration to moras and segments.

1.  INTRODUCTION
Linguists and native speakers alike have strong intuitions about
the syllable count of words.  Yet in one class of words, such
intuitions seem to break down.  These are the rimes consisting of
diphthongs or non-low tense vowels followed by a liquid, for
example:

(1) /l/-rimes:  file, foul, foil; feel, fool, fail
   /r/-rimes:  fire, flour, foyer

These cases fall somewhere between the clear monosyllables and
clear disyllables.  Consider the continuum in (2).

(2) Monosyllabic       Disyllabic
pill*  pole  pool  peel  pail  foil  pile  powell  paddle
*and fell, pull, Paul, pal, Sol, dull

It is this property, and the fact that they can often be produced as
disyllables, that gives the feeling that they are more than a
monosyllable; we refer to these as the sesquisyllables (sesqui,
from Greek, one-and-a-half) of English.

In this paper, we examine the structure of these rime types
by looking at their phonological distribution and phonetic
realization.  We investigate phonological distribution and speaker
judgments, and present the results of a preliminary acoustic
study.  The evidence from each domain converges and we argue
that they are indeed monosyllables, but that they are trimoraic, as
shown in Figure 1 for tire and compared to a bimoraic syllable
such as tie.

There is evidence of controversy over the status of these
syllables.  Although Kenyon and Knott [4] list the sesquisyllables
as strictly monosyllabic, such that veal is [vil] and fire is [faIr],
our intuitions closely correspond to those of Moser (1969) [8].

s                     s

m m m               m m

            t    a    j  r             t    a   j

Figure 1.  Mora association for tie and tire.

In One-Syllable Words, Moser organizes the nearly 14,000
monosyllabic words of English that he compiled over a 30-year
period, conveniently parenthesizing words that he suggests may
be pronounced with either one or two syllablesÑour
sesquisyllables. Moser states:  "Dictionaries follow the
conventional spelling form in indicating the number of syllables,
although exceptions are made.  Words enclosed in
parenthesesÑ(veal), (fire)Ñare words that, according to the
dictionary, may be pronounced with either one or two syllables
[1:xii]." Pronunciations given in Webster's Ninth New Collegiate
Dictionary [10] offer either monosyllabic or disyllabic
interpretations of the sesquisyllables, with optional schwas
between the nucleus and the coda liquid.  While we agree with
most of Moser's judgments, we differ in a few systematic ways,
which we note in the course of our analysis.

Despite the lack of consensus on how to characterize these
syllables, to our knowledge, no systematic phonetic or
phonological studies have been done to better understand this
class of monosyllables.  To account for the observed distribution,
we suggest an Optimality Theoretic [6, 9] account, whereby a
constraint banning trimoraic syllables (inviolable in many
languages) is violated to satisfy a higher ranking constraint
requiring /r, l/ to bear a mora in the syllable rime.

2.  PHONOLOGICAL DISTRIBUTION OF
SESQUISYLLABLES

Table 2 represents our intuitions about the weight status of
monosyllables of American English. All of the allowable vowels
(lax, tense, and true diphthongs) appear vertically along the left.
(Unlike Moser and some other researchers, we do not include /ju/
as a single unit.)  In the columns to the right, we indicate which
of these vowels can be followed by /r/ and /l/ and compare these
with the vowels that can occur in open syllables.  A sample word
is provided for all attested combinations. Before /r/, the tense/lax
distinction is neutralized which we indicate by merging the
relevant cells. Combinations that we argue are sesquisyllabic are
marked with a double outline.

merged sesquisyllable Ñ

vowels non-occurring
Table 1.  Key to table 2.
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r l ¯

I peer peel pea

I pill Ñ

e pale pay

E pear pell Ñ
¾ pal Ñ
a par pol pa
Ã (purr) hull Ñ

Ô Ñ pearl purr

u poor pool Pooh

U pull Ñ
o pour pole Poe
� Paul paw

aj pyre pile pie

aw hour owl paw

oj foyer foil poi

Table 2.  Monosyllables and sesquisyllables.

First consider the case of /l/ which can occur postvocalically
after all vowels, even /Ô/ (a sound whose treatment as a single
unit or sequence we have not fully determined yet).  After lax
vowels and low vowels, the resulting forms are clearly
monosyllabic.  After diphthongs and non-low tense vowels
(except /o/), the resulting syllable is clearly heavier than a regular
syllable.  There is an interesting difference between /o/, which
does not seem to be more than a monosyllable, and the other non-
low tense vowels. Moser indicates that /ol/ rimes as
sesquisyllabic, an analysis that we and our subjects do not agree
with.

The case with /r/ is a bit more complicated, due to the vowel
mergers before postvocalic /r/. Among the non-low vowels, there
is no tense-lax distinction.  (In our speech /¾/ also neutralizes in
this environment.) One author feels that the lax member of each
pair occurs, while the other feels that the vowel that surfaces is
somewhere in between.  In any case, these rimes are clearly
monosyllabic. Moser indicates both tense and lax variants as
alternant pronunciations, and indicates the lax variants as being
more than monosyllables, an observation that we do not agree
with.  The vowels, /a, Ã/ also surface before /r/, again producing
monosyllables. The diphthongs, on the other hand, result in
something heavier than a regular syllable.

Crucial to understanding this pattern is the grouping of
vowels in English.  There are:  (1) the lax vowels which we take
to be monomoraic, (2) the tense vowels which we take to be
bimoraic and (3) the true diphthongs which we also take to be
bimoraic.  We reserve the term "diphthong" for the true
diphthongs and do not include the tense vowels with diphthongal
offglides.  In addition, vowel height plays a crucial role, with the
low vowels behaving differently from the non-low vowels.

While some have argued that trimoraic syllables are
impossible, under Optimality Theory, the constraint against them
is violable constraint like any other constraint.  We believe,
however, that the trimoraic syllable is an inherently unstable
structure, resulting in the perceived or real variation in
pronunciation as one or two syllables. We take dialect differences
in realization of these syllables as additional evidence of their
instability.

Mora affiliation in English is for the most part a matter of
context.  We argue that coda consonants generally receive moras
only if necessary to meet the bimoraic word minimum.  For
example, any consonant in a monosyllable after a lax vowel
nucleus will receive a mora.  The fundamental intuition of our
analysis is that not only vowels, but also approximants in the
rime, are inherently moraic.  While *mmm is highly ranked cross-
linguistically and inviolable in many languages, there are
languages which allow trimoraic syllables [2], such as Hindi [1]
and Sinhala [5].  In English, it appears that despite quite complex
codas, syllables are generally bimoraic at most, yet in precisely
the cases of the sesquisyllables, trimoraic syllables arise. This
results from a constraint on /r, l/ in the rime whereby they must
bear a mora.  This constraint outranks *mmm.

(3) RIMER/L:  Liquids in the rime must bear a mora.

(4) *mmm:  No trimoraic syllables are allowed.

RIME R/L differs crucially in this respect from n/m whose moraic
affiliation is determined solely by context.

Despite the bimoraic status of the low vowels /a, �/ (as
evidenced by their ability to appear in open syllables), they do not
result in trimoraic syllables when followed by a liquid.  This is
not explained by the ranking of the two constraints though we
believe that this is the result of sonority differences and follow
Mor�n 1997 [7] in believing that /o/ patterns with /a, �/ in this
respect.

While this analysis accounts for our intuitions about the
distribution of trimoraic syllables, we now provide several
converging sources of evidence for the existence of trimoraic
syllables/sesquisyllables. This evidence includes metrical facts,
and dialect differences as well as a systematic study of speaker
intuition and the results of a preliminary phonetic study.

3.  EVIDENCE FOR SESQUISYLLABICITY
3.1.  Speaker Intuition
Six subjectsÑA, B, C, D, E, FÑall native speakers of northern
dialects of American English, filled out a syllable count
questionnaire.  The 170 questionnaire items systematically
represented all possible combinations of vowel plus coronal stop
or sonorant and included numerous pairs which are either
minimal pairs or homophonous like hire/higher and oil/loyal. We
included the coronal stop codas as probable unambiguous
monosyllables and the coronal sonorant codas as probable
sesquisyllables.  Filler items consisting of canonical 2 and 3
syllable words were also included in the randomized list. Table 3
lists the categories of words examined and examples.

Pattern Sample Words
1 syll, final d bid, bead, bide
1 syll, final t bit, beet, bite
1 syll, assorted final C aim, beige, choice
? syll, final l fill, feel, fail, file
? syll, final r fir, fear, fair, fire
? syll, final n fin, seen, fine
homophonous sets flour, flower; hire, higher
2 syll, syllabic resonant apple, bottom, kisser
2 syll, unambiguous clambake, valley, mushroom
3 syll, unambiguous cantaloupe, tambourine, volcano

Table 3.  Syllable count questionnaire categories and examples.

page 110 ICPhS99          San Francisco



Speaker judgments were strikingly consistent, that is, each
subject was internally consistent in evaluating the forms; similar
forms were given similar judgments.  Subjects correctly
identified the number of syllables in the polysyllabic words.  For
the more ambiguous words, the six subjects fell into two major
groups with respect to their judgments. Judgments were internally
consistent and subjects either found all forms to be monosyllabic
or found precisely the predicted sesquisyllables to be 1.5 or 2
syllables. Table 4 summarizes the speaker judgments. Among
these six speakers, there are three distinct, systematic patterns.

l r
syllables: 1 1.5 or 2 1 1.5 or 2

lax ABCDEF ABCDEF
tense BCE ADF BCE

diphthong BCE ADF BE ACDF
Table 4.  Subject ratings of syllables.

3.1.1.  Uncontroversially Monosyllabic.  All low and lax vowels
before /l/ were monosyllabic for everyone.  The mid vowel /o/
patterns with the low vowels in being uncontroversially
monosyllabic when followed by /l/.  For all speakers, /E, U, �, a,
Ô/ followed by /r/ were monosyllabic.  For one speaker, /Ir, Urd,
�rn/ were slightly more than monosyllabic.  And for two
speakers, /Ird, Ôl/ were slightly more than monosyllabic.

3.1.2.  Uncontroversially Disyllabic. For almost all subjects,
vial, loyal, and dowel were disyllabic. In these cases, the
orthography, independent of the morphology, had a strong effect
on the syllable count. For all speakers, /Ôl, ir (except one), er, or,
ur/ were disyllabic.  When suggested by the spelling or perceived
morphological structure, /ajr, ojr, awr/, were disyllabic, as in pairs
like lyre/liar and flour/flower. There is a clear influence from
orthography (and sometimes morphology) that overrides
speakers' other intuitions about these forms, though without
analyzing subjects' speech, it is unclear whether the orthography
influences the subjects' production or just their judgments.

3.1.3.  Split Cases.  For the rest of the casesÑtense /il, el, ul/ and
diphthongs /ajl, ojl, awl/Ñthere is a split between the speakers.
Speakers B, C, E, interpreted these words as monosyllabic
whereas speakers A, D, F, interpreted nearly everything else as
more than one syllable, whether 1.5 or 2 syllables.  For subjects B
and E, /ajr, awr/ are monosyllabic unless the spelling suggests
that they are disyllabic.  For subjects C, A, D, F, /ajr, awr/ are
more than monosyllabic.

Without further acoustic study, we cannot tell if the subjects
produce any phonetic differences paralleling their judgments.
We predict slight phonetic differences for morphologically
complex sesquisyllables but no phonetic differences due strictly
to the orthography.  This could be tested through a production
study, but perhaps equally well with a perception study where
duration is varied to determine if subjects perceive any systematic
difference in meaning, particularly in homophonous pairs like tire
and tier (one who ties).

3.2.  Metrical Evidence
Evidence from chanting and verse can provide additional
evidence of syllable count.  Bruce Hayes has suggested using the
chanting intonation as a diagnostic.  In our own speech, we find
that those which we take to be sesquisyllabic can be chanted in a
manner similar to disyllabic words.  To create an onset for the

"second" syllable, a vocalic onset (glide) is included in contrast to
single monosyllables where this is not an option and hiatus is
observed.

(5) disyllabic table te-bl
(6) sesquisyllabic peel pi-jl

fire faj-jr
owl aw-wl

(7) monosyllabic pill pI-Il, *pI-jl
far fa-ar, *fa-jr
all a-al, *a-jl, *a-wl

We predict that in emphatic speech, speakers will have a greater
tendency to produce disyllabic renditions.  Traditional verse
could provide examples of how these forms are scanned:  as one
or two syllables (Hayes, Bowers, p.c.).  These are areas in which
speaker judgments could be further tested.

3.3.  Dialect Variation
Sesquisyllables display a great deal of dialect variation.
Although we have not had the chance to investigate it
systematically, dialects do differ in their tendencies to
diphthongize the tense vowels and monophthongize the
diphthongs.  The diphthongized tense vowels often lead to an
uncontroversially disyllabic interpretation of some of the
sesquisyllabic words. This is an area for further research which
fits in well with our general stance that the trimoraic syllables are
inherently unstable and thus dispreferred.  We turn now to our
acoustic study.

4.  ACOUSTIC STUDY OF L-RIMES
Recent evidence supports the view that moraic structure can be
observed in terms of phonetic duration [1, 3].  While this
evidence is convincing, segments themselves also contribute to
duration so an integrated model, along the lines of Ham 1998 [2],
is clearly needed.  Our acoustic study is designed to determine the
phonetic realization of the sesquisyllables by systematically
investigating these and non-sesquisyllables.  Arguing that
duration is derived from both mora and segment count, we
predict that the sesquisyllabic rimes will show longer overall
duration than similar rimes with non-liquids.  That is, all else
being equal, a trimoraic syllable will be longer than a bimoraic
syllable.

4.1.  Methods
Real English words of the shape CV(C)(C) were studied.  Vowels
included /i, I, u, U, a, �, aj, aw/.  The initial consonant in all cases
was a voiceless fricative, /s/ or /f/ if possible.  The rime
consonants included /l, d, ld/.  Two female American English
speakers read four repetitions of each of these words in the frame
sentence Please say _____ for me, of which three were analyzed.

4.2.  Results
Systematic differences in duration, correlating with the proposed
differences in mora count, were found.  As a comparison of
Figures 2 and 3 reveals, the vowel plus /l/ rimes are
systematically longer than the vowel plus /d/ rimes.  The top two
bars of each figure show the vowel or diphthong and the bottom
two bars show the vowel or diphthong plus /l/.  In each pair, the
bottom member has /d/ as well.  In all of the cases studied, /d/
contributes a duration of about 55 ms, showing the duration of /d/
to be independent of moraic structure, in contrast to Vl nuclei (as
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compared to V nuclei) which have additional duration from the
presence of /l/.

Figure 2.  Averaged durations for low vowels (A)
in ¯, d, l, and ld contexts.

Figure 3:  Averaged durations for diphthongs (AW)
in ¯, d, l, and ld contexts.

Comparing, for example, low vowels (A) with diphthongs
(AW), we find that the CV and CVd cases, both argued to be
bimoraic, are closely parallel in duration.  For the CV cases, the
average low vowel duration is 139 ms and the average diphthong
duration is 143 ms.  For the CVd cases the average low vowel
duration is 126 ms with an additional 52 ms for /d/.  For the CVd
diphthong cases, the average diphthong duration is 128 ms with
an additional 57 ms for /d/.

For the V+l cases, there is a systematic difference for the
CVl and CVld cases, argued to be bimoraic for low vowels and
trimoraic for diphthongs.  For the CVl cases, the average Vl
duration is 154 for the low vowels and 201 for the diphthongs.
For the CVld cases, the average duration for the low vowels is
162 plus 51 ms for /d/ and for the diphthongs is 207 plus 58 ms
for /d/.  We account for these results by integrating the
assignment of duration to moras and segments.

5.  CONCLUSIONS
We have offered a systematic study of a previously unexamined
topic in English syllable structure, that of vowel-liquid
monosyllables. Our phonological analysis accounts for these facts
by ranking a constraint requiring liquids to bear a mora in the
syllable rime over a constraint banning trimoraic syllables.
Converging evidence from phonological distribution, phonetic
duration of /l/-rimes, and speaker intuition supports our proposal
that they are trimoraic syllables. Rime /l/ is shown to contribute
to duration of the syllable in a way that rime /d/ does not,

supporting our claim that rime /l/ is moraic.  These results support
a model of timing which directly integrates segments and moras.
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ABSTRACT
The purpose of the present study is to examine the influence of
acoustic features on the perception of English weak forms among
Japanese learners of English.  First, partial dictation tests were
designed to test the listening abilities for weak forms of Japanese
college students.  The average percentage of correct perceptions
for pronouns and articles ranged from 100% to 15%, depending
on the sentences tested. We observed that, among Japanese,
phonetic environments exerted a significant influence on the
degree of difficulty of perception.  A further study was made to
test for durational features affecting the perception of weak
forms.  We found that Japanese learners and native speakers of
English behaved very differently with respect to the perception of
durational features in their perception.

1. INTRODUCTION
The listening behavior of Japanese learners of English
demonstrated that factors of all levels—phonetic, phonological,
lexical, syntactic, semantic and discourse levels—contribute to
the difficulty in perceiving English.  Among these, one of the
conspicuous phonetic factors is the presence of unstressed
variants or weak forms in spoken English.  English is called a
stress-timed language, while Japanese is a mora-timed language.
In other words, rhythm in English is based on a combination of
stressed and unstressed units, while rhythm in Japanese is based
on mora.  This difference contributes to the difficulty that
Japanese learners experience in perceiving stress-related variants
and/or variations.
     Several studies have shown that stress-related variants
influence listening difficulty for Japanese.  Yoshida [4] analyzed
dictations taken by Japanese college students and reported twice
as many errors in function words, which were weak forms,
compared to content words.  Similar results were also shown in
Asao [1] and Ito [2].  The difficulty of perceiving function words
is partly due to vowel reduction in function words.  Among weak
forms, articles and pronouns were shown to be the most
frequently-misperceived variants [3].
     We were interested in investigating the perception of stress-
related variants.  The present study dealt with weak forms—
pronouns and articles—and examined their perception.  The
purpose of the study was to examine the perception of the weak
forms among Japanese learners and analyze the factors
contributing to their listening difficulty.  Also, we intended to
compare the influence of acoustic features on the perception of
the weak forms among Japanese learners with that of native
speakers of English.  It seems likely that Japanese learners would
employ different durational features in their perception since they
are not accustomed to controlling segmental duration according to
the stress pattern.

2. PERCEPTION EXPERIMENT 1—
PERCEPTION OF WEAK FORMS

2.1. Perception experiment on pronouns
2.1.1. Subjects.  We tested 235 Japanese speakers of English.  All
of the subjects were college students in their early twenties who
had never lived or studied abroad. All of the subjects had normal
speaking and hearing, according to a self-report.

2.1.2. Procedure.  A partial dictation test was designed to test
listening abilities in regard to personal pronouns.  We devised a
total of 40 sentences for the purpose of this listening test. One
pronoun—you, we, he or she—occurred after a noun in each of
the sentences. The sentences were devised in a way that the
pronouns did not receive strong stress. The linguistic materials
included 10 phonetic environments for each of the pronouns.  A
reading text with 200 sentences (40 sentences x 5 repetitions) was
arranged in a pseudo-random order.  An American professor of
English, a male speaker of General American, served as the
speaker.  He was asked to produce the sentences at a natural
speaking rate.
     On the answer sheet, not only the target pronoun but also the
preceding word was blanked out.  The listeners were instructed to
write down what they heard.  The listeners did not know the
specific purpose of this test.  The listening sessions were held in a
soundproof room at a university.

2.1.3.  Results.
Table 1 presents the average percentages of correct answers for
each pronoun in all the sentences and the patterns of
misperceptions. The overall average of correct answers for the
four pronouns tested in this experiment was 80%, ranging from
74% to 89%.  The pronoun “you” showed the lowest percentage
of 74% and tended to be perceived as “she” 11 % of the time. The
pronoun “she” showed the highest percentage of correct answers.
It is noteworthy that all the four pronouns were incorrectly
perceived as one of the other pronouns and nothing else except
for the case of  “no-pronouns.”
Pronou

n
Correct Errors(%)

answers
(%)

We You He She 0

We 77 - 8 6 5 4
You 74 5 - 7 11 3
He 78 4 7 - 7 4

She 89 1 3 4 - 3
Averag

e
80 2 4 4 6 4

Table 1.  Percentage of correct answers
and errors for pronouns.

   Table 2 presents the average percentage of correct answers for
each phonetic environment and the patterns of misperceptions.
The percentage of correct answers ranged from 35% for “you” in
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the environment of /ps/ to 96% for “she” in the environment of
/s/.  It can be clearly observed in the table that phonetic
environments play a significant role in the degree of difficulty
experienced in perceiving pronouns.  The environments which
showed below 70% of correct perceptions were /kt/, /ps/,/z/ for
the pronoun “he”, /ps/, /z/ for “you” and /z/, /0/ for “we”.
Consonant clusters seem to be one of the factors contributing to
the difficulty in perception.  For example, the pronoun “you” after
/s/ showed a percentage of 77%, while “you” after /ps/ showed
35% of the correct answers.  Likewise, the pronoun “he”
following /s/ showed as high as 84% of correct answers, while the
same pronoun following /ps/ showed a percentage of 57%.
However, consonant cluster is not the sole factor contributing to
listening difficulty, since some of the pronouns showed high
percentages of correct answers in the environment of a consonant
cluster.
     In order to examine the contributing factors for the listening
difficulties in more detail, spectrograms were made and analyzed.
Figure 1 shows the results of the measurements in the
spectrograms for the linguistic materials in this experiment (two
environments were excluded from the table because of the
difficulty in the segmentation).  In the figure, the average duration
of each pronoun for each of the eight phonetic environments is
plotted against the average percentage of correct answers.  We
can observe that the pronouns with longer durations tended to be
perceived correctly by Japanese learners.  In other words, a
shorter duration of a pronoun tended to contribute to
misperception.  The correlation coefficients showed that the
duration of a pronoun was correlated with the percentage of
correct answers (he: 0.75, she: 0.69, you: 0.63, we: 0.40).  It is
likely that a higher degree of vowel reduction in the case of a
pronoun with a shorter duration contributes to the difficulty in
perception for Japanese.  Also, a shorter duration with a higher
degree of assimilation might contribute to the difficulty in
perception. This would explain the high percentage of
misperception of “you” as “she.”

2.2. Perception experiment on articles
2.2.1. Subjects.  We tested 275 Japanese speakers of English.

All of the students were college students in their early
twenties who had never lived or studied abroad.

2.2.2.  Procedure.  A partial dictation test was designed to test
the listening abilities of articles.  The linguistic materials included
23 phonetic environments for each of the articles, “a” and “the”.
A reading text with 230 sentences (23 environments x 2 articles x
5 repetitions) was arranged in a pseudo-random order.   The same
American speaker as in the Perception Experiment on Pronouns
served as the speaker.
     On the answer sheet, not only the target article but also the
preceding word was blanked out.  The listeners were instructed to
write down what they heard.

Pronoun Correct Errors(%
)

answers
(%)

We You He She No
pronouns

/p/  we 78 - 11 5 1 5
you 78 5 - 10 3 4

he 86 1 6 - 2 5
she 95 0 0 2 - 3

/t/  we 78 - 11 3 4 4
you 78 4 - 10 6 2

he 87 3 5 - 3 2
she 72 1 8 16 - 3

/kt/
we

81 - 4 4 6 5

you 87 0 - 4 6 3
he 66 4 19 - 5 6

she 77 2 13 4 - 4
/f/  we 86 - 7 2 2 3

you 79 4 - 11 1 5
he 79 9 7 - 2 3

she 93 2 0 2 - 3
/v/  we 75 - 6 10 5 4

you 73 10 - 8 5 4
he 86 2 4 - 4 4

she 92 0 1 3 - 4
/s/  we 79 - 9 5 4 3

you 77 4 - 4 12 3
he 84 1 9 - 3 3

she 96 0 1 1 - 2
/ps/

we
84 - 3 4 5 4

you 35 2 - 6 55 2
he 57 7 5 - 27 4

she 92 0 0 5 - 3
/z/  we 65 - 3 11 18 3

you 66 4 - 6 21 3
he 65 1 9 - 18 7

she 89 2 2 3 - 4
/n/  we 83 - 9 4 1 3

you 84 5 - 4 2 5
he 86 7 4 - 1 2

she 94 0 1 3 - 2

/ 0/  we 68 - 15 8 5 4

you 83 9 - 3 2 3
he 88 2 5 - 3 2

she 93 1 0 2 - 4
Average 80 2 4 4 6 4

Table 2.  Percentage of correct answers and
errors in each phonetic environment.
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2.2.3. Results.  As in pronouns, we observed that phonetic
environments exerted a significant influence on the degree of
difficulty in the perception of articles for Japanese listeners (Table
3).  The average percentage of correct perceptions for “a” ranged
from 15% to 92% depending on the sentence used in the
experiment, while the average percentage for “the” ranged from
31% to 100%.  The highest percentage of correct perceptions was
observed for /k/ for “a”, and /z/ for “the.”  The lowest percentage
of correct perceptions was observed for /kt/ for “a” and /m/ for
“the”.  Most of the misperceptions occurred between the two
kinds of articles.  We observed a low percentage of errors in cases
other than where there was another article or no• article.
Spectrograms of the linguistic materials were made and analyzed.
The article “the” showed a tendency that the article with a longer
vowel duration was perceived correctly by the Japanese listeners.
In the case of “a,” the article with a longer vowel duration tended
to be misperceived.  The vowel duration of articles exerted an
influence on the Japanese perception of articles.
     In Perception Experiment 1 on pronouns and articles, we
observed that phonetic environments exert a significant influence
on the degree of difficulty in the perception of weak forms for
Japanese listeners. Further, an acoustic factor—the temporal
feature of a weak form—seems to contribute to the degree of
difficulty in their perception.  As described in the next section, we
examined the influence of the temporal feature of a weak form on
its perception in more detail by using speech stimuli in which the
durational characteristics were manipulated by a speech-wave
editing program. Also, we examined the influence of an acoustic
feature on the perception of a weak form among Japanese learners
in comparison with that of native speakers of English.  The two
groups of subjects might employ temporal features in a different
way if the primary feature of the weak form overrides the
temporal features.

3. PERCEPTION EXPERIMENT 2—PERCEPTION OF
ARTICLES WITH DURATIONAL MANIPULATIONS

3.1. Methods
3.1.1. Subjects.  Twelve Americans and twelve Japanese served
as subjects.  The Japanese subjects were college students who had
never lived or studied abroad.

Environ- Correct Errors(%)
ment answers(

%)
a the No article Other

/p/  a 68 - 22 4 6
the 90 8 - 1 1

/b/  a 61 - 27 10 2
the 79 5 - 15 1

/t/  a 75 - 12 7 6
the 73 21 - 6 0

/kt/  a 15 - 67 11 7
the 81 10 - 6 3

/nt/  a 66 - 27 3 4
the 77 16 - 2 5

/lt/  a 51 - 45 3 1
the 79 8 - 12 1

/ld/  a 62 - 26 8 4
the 60 35 - 3 2

/k/  a 92 - 4 4 0
the 83 10 - 7 0

/g/  a 90 - 3 5 2
the 85 9 - 5 1

/f/  a 52 - 26 17 5
the 89 3 - 5 3

/v/  a 68 - 12 12 8
the 93 4 - 3 0

/s/  a 65 - 32 3 0
the 95 2 - 3 0

/ps/  a 57 - 31 9 3
the 88 8 - 2 2

/z/  a 69 - 27 0 4
the 100 0 - 0 0

�6� C 88 - 10 2 0

the 90 3 - 5 2

�&� C 34 - 57 6 3

the 78 12 - 9 1

�5� C 64 - 31 3 2

the 91 4 - 5 0

�F<� C 90 - 7 2 1

the 96 2 - 1 1

�V5� C 90 - 8 1 1

the 94 2 - 3 1
/m/  a 87 - 6 7 0

the 31 57 - 11 1
/n/  a 80 - 18 2 0

the 57 35 - 8 0

�0� C 91 - 9 0 0

the 58 42 - 0 0
/r/  a 85 - 11 4 0

the 94 5 - 1 0

Table•3. Percentage of correct answers and
errors in each phonetic environment.

3.1.2. Procedure. The linguistic materials for this experiment
consisted of one of the pairs of sentences which was used in
Perception Experiment 1.
     1. He bought a paper.
     2. He bought the paper.
As shown in the above, the two sentences differed only in the
kind of articles, “a” and “the”.  These original sentences were
digitized at a sampling rate of 10KHz.  The speech waves were

Figure1. Durat ion of pronoun and t he
percentage of cor rect answers.
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displayed on a monitor screen.  The stimulus sentences were
prepared by the deletion or addition of a selected duration of the
speech wave.  In the case of the addition of a speech wave, a
cycle with the maximum amplitude was selected and added.  The
vowel duration of the article in Sentence 1 was manipulated in 10
steps over a range from 5ms to 194ms, and that for Sentence 2 in
10 steps over a range from 0ms to 150ms.
     In Perception Experiment 2, each sentence was presented five
times in random order to the American listeners and Japanese
listeners.  They heard five repetitions of the ten different versions
of each original sentence (a total of 100 sentences).  Each
sentence was separated by an interval of 4s.  The task for the
subjects in this experiment was to judge whether they heard “a,”
“the” or “no-article” (a three-way choice).
3.2. Results
Figure 2 presents the average percentage of responses by the
American subjects and the Japanese for the two sentence sets.
Figure 2(a) shows the average percentage of responses for
Sentence 1 where the article of the original sentence was “a.”
The original vowel duration of the article was 41ms.  As shown in
Figure 2(a), basically, the Americans did not change their
perception with respect to the vowel duration of the article.  In the
sentences where the original article was “a,” they always
perceived “a,” irrespective of the durational manipulation of the
vowel duration of the article.  The only exception was that they
reported “no-article” when the vowel duration was 5ms.  A
conspicuous difference can be observed in the data for the
Japanese.  When the original article was “a,” the lengthening of
the article duration contributed to the tendency for Japanese to
perceive “the.”  In Sentence 1, when the vowel duration was
41ms (the original vowel duration), the percentage of response for
“a” was 70% and that for “the” was 16%.  When the vowel
duration was lengthened, the response of “a” decreased, and that
for “the” increased.  We can observe a clearly different picture of
the perception patterns for Americans and Japanese.
     Figure 2(b) presents the average percentage of responses for
Sentence 2, where the article of the original sentence was “the.”
The original vowel duration of the article was 40ms.  As shown in
Figure 2(b), the Americans perceived “the” all the time.  They did
not demonstrate any influence of vowel duration in their
perception of the article.  It should be noted that the Americans
did not report any “no-article” even when the vowel was 0ms.  In
the case of the Japanese listeners, we did not observe a
conspicuous influence of vowel lengthening, as we did for the
sentences with the original article, “a.”  A significant difference
between the Americans and Japanese was observed when the
vowel duration was shorted.  The Japanese reported “no-article,”
while the Americans did not change their perception in response
to the shortening of the vowel.

4. CONCLUSION
We were interested in how rhythm in English influences the
perception of English by Japanese learners.  As one of the aspects
of rhythm, we wanted to investigate the perception of stress-
related variants.  The present study dealt with frequently-used
weak forms—pronouns and articles—and examined their
perception. This study showed that phonetic environments exert a
significant influence on the degree of difficulty in the perception
of pronouns and articles for Japanese listeners.  Further, we
measured the effect of temporal features on the perception of

weak forms.  Also, we compared the influence of the acoustic
feature on the perception of English weak forms among Japanese
learners, with that of native speakers of English.  A perceptual
experiment was conducted using speech stimuli in which the
durational characteristics were manipulated by a speech-wave
editing program.  We found that as a whole, the duration of weak
forms had an influence on the perception of Japanese, but not on
the perception of Americans.  Basically, Americans did not
change their perception with respect to the vowel duration of
articles. They always perceived the original article, irrespective of
the durational manipulation of the vowel duration of the article.
In the case of Japanese, the lengthening of the vowel duration of
the article “a” contributed to the increase of “the” responses.  It is
likely that the difficulty in the perception of the consonant
element in pronouns and articles contributes to an excessive
dependence on temporal features.
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ENHANCING ACOUSTIC CUES TO AID L2 SPEECH PERCEPTION

Marta Ortega and Valerie Hazan
Dept of Phonetics & Linguistics, UCL

ABSTRACT

Hazan and Simpson [3] showed that enhancement techniques that
selectively amplify regions of the speech signal containing
information to consonant identity increased consonant
intelligibility for VCV utterances presented in noise for both
native and non-native speakers. Here, we explored the
relationship between the effect of enhancement on perception of
speech in quiet by non-native listeners and ease of perception of
L2 phoneme categories, predicted on the basis of the degree of
assimilation of L2 contrasts to L1 categories.  The perception of
three English contrasts  (/r/-/l/, /w/-/r/, /w/-/j/ for Japanese
listeners and /d/-/D/, /t/-/d/, /D/-/t/ for Spanish listeners) was
assessed by means of syllable matching, identification and
discrimination tasks. Post-hoc analyses of the error rates in
identification tasks indicated that our enhancement techniques
improved the perception of those English contrasts that were
assimilated to a single L1 category in natural speech. Thus,
enhancements led to increased perception in speech in quiet
without previous training.

1.  INTRODUCTION
It is well known that second language learners have particular
difficulty in perceiving phonemic contrasts that do not occur in
their native language. According to Best’s Perceptual
Assimilation Model [1], ease of perception of L2 contrasts may
be  predicted on the basis of the degree of assimilation of L2
contrasts to L1 categories: two L2 sounds that are assimilated to
a single L2 category are predicted to be very difficult to
discriminate whereas L2 sounds which are assimilated to
different L1 categories may differ in discriminability.

Many studies [2, 4, 6, 7] have explored the effect of
auditory training in improving the perception of non-native
contrasts. The aim of such training methods is to focus the
listener’s attention on phonetically-relevant dimensions within
the speech signal. Some have had some success not only in
showing improvements in perception but also generalisation to
other stimuli or speakers and maintenance of the effect over a
period of months, but training is time-consuming and effortful [2,
4]. Another approach that has been shown to be successful in
improving consonant intelligibility by directing the listener’s
attention to phonetically-relevant parts of the signal is cue-
enhancement (e.g., [3]). In this technique, regions of the speech
signal containing information to consonant identity are
selectively amplified. Nonsense VCV utterances that were
enhanced in this way have been shown to be more intelligible in
noise both for native and non-native listeners [3]. The aim of this
study was (1) to investigate whether such a technique would also
be successful in increasing the intelligibility of L2 consonant
contrasts presented in quiet and (2) whether any effect of

enhancement would be dependent on the degree of assimilation
of L2 consonants to L1 categories. This study consisted of two
phases; first, the degree of assimilation of L2 consonants to L1
categories was evaluated for three consonant contrasts using a
consonant assimilation task. Then, L2 listeners’ intelligibility of
natural and enhanced versions of the consonants was evaluated
using identification and discrimination tasks.

2. CONSONANT ASSIMILATION TASK
2.1. Test material
Two sets of English phonemic contrasts were used. The first set,
which included /t-d/, /t-D/, /D-d/ was used to test the perception of
Spanish speakers of English. The second set, /r-l/, /r-w/, /w-j/,
examined consonant perception by Japanese speakers of English.
Target syllables consisted of CV stimuli in three vocalic contexts:
for Spanish speakers, /t/, /d/, /D/ were presented in the context of
the vowels /A/, /i/, and /o/, and for Japanese /r/, /l/, /w/, /j/ were
presented with /A/, /o/, and /e/.

2.2 Stimuli
Stimuli were recorded by four native speakers of South Eastern
British English accent (2 male and 2 female), aged between 25 to
35. In a sound-treated room, they read aloud several repetitions
of the target syllables and words within the carrying sentence
“Say _ please” and recordings were made onto a DAT tape. The
recorded material was then digitised at a 20 kHz sampling rate
with 16-bit amplitude quantisation. Two experimenters selected
the clearest repetitions to be used in the master tapes.

2.3. Experimental task
Syllable tests explored the assimilation patterns of the tested
English phonemes to L1 categories (Spanish or Japanese). They
contained four repetitions of each target syllable per speaker.
Repetitions were randomized, grouped in sets of 20, and played
every 2.5 seconds with a 4 second break after each block of 20.
Listeners were instructed that the English speakers were learning
Japanese (or Spanish) and had to identify the Japanese (or
Spanish) consonant that the English speakers intended to say.

2.4. Listeners
Thirty ESL speakers (12 Japanese with mean age of 27 yrs, s.d.
7.31), 18 Spanish with mean age of 24.50 yrs, s.d. 9.26) who
were attending a two week summer school on English phonetics
in the UK participated in the experiment. The mean age at which
subjects started learning English was 10.11 yrs (s.d. 2.83) for
Japanese subjects and 12.08 yrs (s.d. 0.79) for the Spanish
subjects. Listeners were in most cases monolingual, and none
spent more than 12 months living in an English speaking
country, although they had been studying English in their own
countries for at least 6 years.
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2.5. Test procedure
Listeners were tested in groups of 4 to 10. They first completed a
questionnaire that gathered information about their language
background. The consonant assimilation task was then presented.

2.6. Results
The matrices in Table 1 show the listeners’ assimilation patterns
between the English sounds and their L1 categories. Spanish
speakers mainly assimilated English /t/ to Spanish /t/, English /d/
to Spanish /d/ and /t/, and English /D/ to Spanish /d/ and /T/.
Japanese listeners mainly assimilated English /l/ and /r/ to
Japanese /r/, English /j/ to Japanese /j/, and English /w/ to
Japanese /w/.

Table 1. Matrices showing identification percentages

2.7. Discussion
The assimilation patterns obtained in the syllable tests can be
interpreted as One Category or Two Category contrasts as
described in the Perceptual Assimilation Model (PAM; [1]), if
assimilation is defined as a ‘high percentage’ of identification of
an L2 sound with an L1 sound. The patterns of assimilation that
were obtained are summarised in Figure 1.

Japanese English Spanish              English
/j/ /j/ /t/ /t/
/w/ /w/ /d/ /d/
/r/ /r/ /D/

/l/

Figure 1. Japanese and Spanish assimilation patterns to English

These assimilation patterns predict that Japanese ESL speakers
will perceive the English /r-l/ contrast as a One-Category contrast
and the English contrasts /r/-/w/ and /w/-/j/ as Two-Category as
Japanese ESL speakers assimilated each of these sounds to a
different Japanese phoneme. Spanish speakers perceived the
English contrasts /d/-/D/ and /t/-/d/ as One-category contrasts, and

/t/-/D/ as a Two-Category contrast. Moreover, PAM relates One-
and Two-Category contrasts with ease of perception. Two-
Category contrasts are easy to perceive, and therefore, good
identification and discrimination scores are predicted. One-
Category contrasts can vary in their level of perceptual difficulty,
and as a whole, are more difficult to perceive than Two-Category
contrasts. Thus, the results of the syllable test should predict the
perceptual difficulty that our L2 subjects encountered with the
English contrasts presented in the identification and
discrimination tasks.

3. IDENTIFICATION AND DISCRIMINATION TASKS
Identification and discrimination tasks were used to evaluate the

intelligibility of minimal pairs of words containing the phonemic
contrasts described above. Stimuli were presented both in natural
and enhanced conditions for both perceptual tasks.

3.1. Test material
The target words used for Spanish and Japanese listeners are
listed in Table 2. Each phonemic contrast was tested in three
different vocalic contexts.

/d-D/        /t-d/                   /t-D//
  /E/    dense   thence tense   dense         tense        thence
  /@P/  doze    those toes    doze    toes         those
  /AI/   die    thy tie       die          tie          thy

/r-l/          /r-w/   /w-j/
  /o/     raw    law raw war    war yaw
  /{/    rack    lack rack wack    wack yak
  /I/      rip    lip rip whip    whip yip

Table 2. English contrasts presented to Spanish speakers (top)
and Japanese speakers (bottom).

3.2. Methodology
In order to create the enhanced stimuli to be used in the
identification and discrimination tasks, speech files were
annotated using a waveform-editing tool to mark the
constriction/occlusion consonantal regions and the first five
cycles of the vowel following the consonant. For the vowel onset
region, the reduced amplitude as the consonant
constriction/occlusion was released was counteracted by
progressively amplifying the initial five cycles of the second
vowel by 8 dB (first cycle) to 4 dB (fifth cycle). For /d/ and /t/,
the burst transient was amplified by 12 dB and aspiration regions
in stops by 6 dB. For /D/, the friction region was amplified by 6
dB and for /w, j, l, r/ the glide regions by 9 dB. The amplification
was applied digitally by scaling the regions’ sample values. To
avoid waveform discontinuities at region boundaries, 5 ms
raised-cosine ramps were used to blend adjoining sections
together. Enhanced ([235_sp_enh.wav], [235_jap_enh.wav]) and
natural stimuli ([235_sp_nat.wav],[235_jap_nat.wav]) were set at
a constant rms level of 23 dB.

3.3. Experimental tasks
For the identification task, one repetition of the natural and
enhanced versions of the words listed in Table 2 produced by
four speakers were included, giving a total of 144 tokens. Order
of presentation of stimuli was fully randomised. Inter-stimulus
interval was 1.5 seconds, and a longer break was provided after
each block of 20 items. Listeners were instructed to circle, on a
printed answer sheet, which of the two words of the minimal pair
printed on each line had been heard.

An AXB procedure was used for the discrimination task. In
this task, each contrast was only presented in two vocalic
contexts /@P/ and /AI/ for Spanish listeners, and /{/ and /I/ for
Japanese listeners. A single repetition of the natural and
enhanced versions produced by four speakers was included,
yielding a total of 192 tokens. The inter-stimulus time was 0.5-
0.5-2.0 seconds with a longer break after each block of 20 items.
Listeners were instructed to circle 'A' on the response sheet if the
middle word was the same as the first and 'B' if it was the same as
the third word heard.

E
ng

li
sh

Spanish Japanese

t d T tS oth j r w oth
t 9 6 0 1 0 j 9 0 0 2
d 3 6 0 0 1 l 0 10 0 0
D 2 8 1 0 1 r 0 9 2 1

w 0 2 9 8
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3.4. Subjects
As above.

3.5. Results
In the identification tasks, in general, L2 listeners made fewer
mistakes in their perception of enhanced stimuli than of natural
stimuli. A within-subject three-factorial ANOVA was performed
for each task and language group. The three factors were
condition (enhanced versus natural stimuli), vowel context, and
contrast.

Figure 2. Performance of Spanish speakers in the identification
task

In the ANOVA for the identification task and Spanish group (see
Figure 2), a significant effect of condition [F (1,17)=32.329;
p<0.0001], contrast [F (2,34)=14.412; p<0.0001], context [F
(2,34)=6.446; p=0.004], and their interactions was found.
Multiple pairwise comparisons were performed for the contrast
factor for natural and enhanced stimuli separately, since subjects’
performance in each contrast changed with stimuli type. Only the
Two-Category /t/-/D/ contrast differed significantly from the other
two in the natural stimuli (p<.0001 and p<.0001), and the One-
Category /d/-/D/ contrast from the One-Category /t/-/d/ and the

Two-Category /t/-/D/ in the enhanced stimuli (p=.010 and
p=.014). The interaction between contrast and condition [F
(2,34)=11.009; p<0.0001] showed that listeners made fewer
errors in enhanced than in natural stimuli for the /d/-/D/ and /t/-/d/

contrasts. In the Two-Category /t/-/D/ contrast, however, there
was no improvement since there were virtually no errors.

For Japanese listeners (See Figure 3), in the ANOVA
performed on the identification data, only the effect of contrast [F
(2,22)=18.415; p<0.0001] and the interactions of ‘condition x
context’ [F (2,22)=6.673; p=0.005], and ‘condition x context x
contrast’ [F (4,44)=2.622; p=0.047] were significant.

Figure 3. Performance of Japanese speakers in identification task.

Multiple pairwise comparisons for natural and enhanced stimuli,
showed that the One-Category /r-l/ contrast differed significantly
from the two Two-Category contrasts (p=.021 and p=.005 in
enhanced stimuli, and p=.008 and p=.003 in natural stimuli). The
significant interactions indicated that for the contexts /{/ and /o/
and for the most difficult contrast, i.e. /r-l/, Japanese listeners
tended to make fewer errors in enhanced than in natural stimuli.
Japanese listeners made very few errors for the Two-Category
contrasts in both conditions, and consequently, enhancement did
not trigger a substantial reduction of errors. As for the /I/ context,
Japanese listeners made more mistakes in enhanced than in
natural stimuli in the One-Category contrast. Once words
containing /I/ were eliminated from the ANOVA, both contrast
and condition became significant main effects [F (2,22)=18.662;
p<0.0001 and F (1,11)=9.842; p=0.009].

Japanese and Spanish speakers were highly accurate in the
discrimination task (mean percentage correct: 94.95% for natural
stimuli, 95.28% for enhanced stimuli). ANOVAs showed the
effect of ‘contrast’ to be the only significant factor common to
both language groups. The effect of context was significant in
Spanish and the interaction of ‘contrast x context’ for Japanese.
Multiple pairwise comparisons for the contrast were performed
separately for natural and enhanced stimuli. In natural stimuli,
the Two-Category /t/-/D/ contrast differed significantly from the
other two in Spanish (p=.011 and p=.014), and the One-Category
/r/-/l/ from the Two-Category /w/-/j/ in Japanese (p=.026). In
enhanced stimuli, /r/-/l/ differed significantly from /w/-/j/
(p=.027).

In summary, for identification tasks, the effects of condition
(natural vs. enhanced) and contrast were significant for both
language groups once the context /I/ was eliminated from the
Japanese data. ‘Contrast x condition x context’ was the
significant interaction common to both language groups. It
showed that subjects made fewer errors in enhanced than in
natural stimuli for the One-Category contrasts in Spanish and in
Japanese.  These patterns repeated in all vocalic contexts except
for /I/ in Japanese data. In discrimination tasks, the effect of
contrast was the only common significant factor for Japanese and
Spanish. For natural stimuli, the /t/-/D/ contrast differed
significantly from the other two in Spanish and the /r/-/l/ from
/w/-/j/ in Japanese.

Previous studies [3] showed that the extent of the
enhancement effect varied across listeners and across speakers.
Here, the effect of enhancement was consistent for a majority of
listeners: for the Spanish group, no listeners obtained lower
scores for the enhanced condition, and for the Japanese, only
three out of 12 did (i.e. two listeners obtained –1% and one –
2%). Increases in intelligibility ranged from 0 to 16.89% in the
Spanish group, and up to 7% in Japanese.

As for speakers, all four were assigned fewer errors in the
enhanced stimuli by Spanish listeners, and two by Japanese
listeners. Paired t-tests showed that these differences were
significant in three of the speakers (p=.019, .029, .045) for the
Spanish group, in one speaker (p=.007) for the Japanese group.

5. DISCUSSION
Results confirmed predictions as both Japanese and Spanish
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listeners  experienced different levels of perceptual difficulty for
the tested English contrasts. In the natural condition, Spanish
listeners made more errors for the One-Category /t/-/d/ and /d/-/D/

English contrasts, and fewer for the Two-Category /t/-/D/
contrast. Japanese listeners found the One-Category /r/-/l/
English contrast difficult and the Two-Category /w/-/j/ and /w/-/r/
contrasts to be easy to perceive as shown by error rates obtained.
These results assign the same level of perceptual difficulty to the
English contrasts than those predicted by the consonant
assimilation test. Therefore, they provide independent evidence
for PAM’s claim [1] that ease of perception of L2 contrasts by L2
beginners can be predicted by the assimilation patterns that these
speakers establish between L2 and L1 sounds.

Pairwise comparisons of contrasts in enhanced stimuli also
indicated that the three contrasts were grouped into two levels of
perceptual difficulty. Japanese listeners perceived the One-
Category /r/-/l/ contrast as difficult and the Two-Category /r/-/w/,
/w/-/j/ contrasts as easy to perceive, while Spanish speakers
categorised One-Category /d/-/D/ as difficult, and /t/-/d/ (One-

Category) and /t/-/D/ (Two-category) as easy. Thus, for Spanish
data, /t/-/d/ changed ‘membership’ from ‘as difficult to perceive
as / /-/D/’ to ‘as easy as /t/-/D/’. This change of membership
interpreted together with the relationship between assimilation
patterns and level of perceptual difficulty illustrates some of the
effects of enhancement on L2 perception. Enhancement helped
Spanish speakers to hear English /t/ and /d/ as two different
phonemes as they did in the /t/-/D/ contrast.

The effect of enhancement in L2 perception is further
illustrated by the significant main effect of condition and the
interaction ‘condition x contrast x context’ in identification tasks1

in both language groups. While the effect of condition
demonstrated that enhancement had an effect in improving L2
perception, at least in the identification tasks, the interaction
showed that this effect depended on type of contrast and context.
As for context, improvement took place in all except for the /I/
context in Japanese. With regards to contrast, enhancement
significantly reduced error rate in the /r/-/l/, /t/-/d/, and /d/-/D/
contrasts, which were classified as One-Category contrasts in
natural stimuli. Thus, enhancement techniques embedded in word
minimal pairs improved the perception of phonemic mergers, or
One-Category contrasts, in both L1 groups. These techniques
helped L2 listeners to perceive the acoustic cues that did signal a
difference in meaning in L2 while ignoring those cues that did
not, even though the distinctive L2 cues were not used or used
differently in their L1 system.

As recent literature on L2 perception points out (e.g, [6]),
the above changes in L2 perception can be explained as changes
on selective attention during categorisation and perceptual
learning (e.g., [5]). Subjects assign different relevance to each
dimension of the object when classifying objects into different
categories. Since a successful classification requires processing
only those dimensions that differentiate categories, subjects
should focus their attention to these relevant dimensions.
Therefore, learning to classify a set of objects into two different
categorisation systems requires that subjects focus their attention
to the relevant dimensions for each categorisation system. For
example, our Spanish subjects categorised 12.27% of English /d/

as Spanish /t/ in natural stimuli, while this error percentage
reduced to 0.46% in enhanced stimuli. These differences in
performance can be explained if Spanish subjects paid more
attention to the pre-voiced / non-pre-voiced dimension in natural
stimuli while they focused on the aspiration cue in enhanced
stimuli during /t/-/d/ identification. Thus, within this theory of
categorisation, enhancement can be thought as the trigger that
switches focus of attention to the relevant L2 acoustic cues.

This experiment differed from the training studies
mentioned above with regards to the technique used in
redirecting the attention of L2 listeners to different acoustic cues,
amount of improvement obtained, and time spent to achieve
improvement. Using training techniques on the perception of the
/r-l/ contrast with Japanese ESL subjects, Lively [6], for example,
obtained around 7% improvement in word initial singletons after
3 weeks of training. Bradlow’s subjects [2] improved their
performance for word initial /l/ from 45% to 85% approximately
while they experienced no gain in /r/ after 45 training sessions. In
this study, 4.2% improvement was obtained in word initial
singletons in one 40 minute session and without any training.
The immediate perceptual improvement makes enhancement a
potentially useful technique for auditory training and for speech
technology applications for L2 users. Improvement obtained in
training techniques has been shown to generalize to unknown
stimuli, to last for at least three months [6], and ameliorate
production [2]. In order to know if enhancement is suitable for
L2 perceptual training, more research has to be done on
enhancement and its effects on generalization, memory, and
production.
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NOTES
1. The lack of significant effects for ‘condition’ in discrimination tasks
could be related to a ceiling effect due to a learning effect (i.e., all
subjects performed discrimination after identification tasks), and the use
of extra-cues such as intonation, since the similar items of the AXB task
were identical copies of the same token. A second experiment is being
prepared where these two problems are solved.
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TASK AND STIMULUS EFFECTS IN THE PERCEPTION OF SHORT-LAG THAI
STOPS BY NATIVE SPEAKERS OF ENGLISH

Joseph Pater, Terrance Nearey, and Wolf Wikeley
University of Alberta, Canada

ABSTRACT

This paper extends a previous study of the perceptual
acquisition of Thai stop voicing by native speakers of
English, which found that subjects performed better on
contrasts in voicing lead than lag. This finding, surprising in
light of earlier cross-linguistic VOT research, was attributed
to properties of the task employed. The present study further
investigated possible task effects by examining the
discrimination and categorization of the same stimuli in
various experimental conditions. Stimulus effects were also
investigated by performing token-based analyses of the
results, and by comparing them to acoustic properties of the
tokens. The outcome of the discrimination experiment was the
opposite of the earlier study, with significantly better
performance on contrasts in voicing lag than lead.
Interestingly, discrimination and categorization of the
shortÐlag stops indicates that the alveolars are perceived as
more "voiceless" than the labials, which is only partially
reducible to VOT differences.  

1.  INTRODUCTION
Curtin, Goad, and Pater [1] studied English speakers'
perception of the Thai three-way stop voicing distinction (e.g.
/b-p-ph/) by teaching subjects a set of 18 Thai words. In a
picture selection task adapted from Brown [2], subjects then
chose between pictures on the basis of an aurally presented
word. When English speakers were faced with a choice
between pictures that corresponded to minimal pairs differing
in voicing lead (/b-p/ or /d-t/), the mean proportion of correct
responses was .80, averaged across testing times.  When the
members of the minimal pair differed in voicing lag (/p-ph/ or /t-
th/), the subjects scored .64 correct overall.

The relatively high proportion correct on the prevoicing
contrast is surprising in light of the large body of research that
shows that English speakers label synthetic VOT stimuli as
'b' in the region called /p/ by Thai speakers, and that their
discrimination is much worse in the /b/ to /p/ than the /p/ to
/ph/ range [3]. Since the word-initial English voicing contrast
seems to line up much more closely with the Thai lag than lead
distinction, one would likely have predicted that English
speakers should discriminate the lag contrast better.  

Curtin et al. suggest that this divergence in outcomes i s
attributable to differences between the picture selection task
that they used and the phoneme identification and
discrimination tasks used in cross-linguistic VOT research.
Specifically, they point to the fact that successful performance
of only the picture selection task requires lexical access, and
argue that absence of an aspiration feature from lexical
representations [4] explains the relatively poor discrimination
of the lag distinction. They note that stimulus differences may
also be at issue, since they used natural as opposed to
synthetic stimuli, but contend that task differences are the

primary factor. This interpretation is supported by results from
an ABX task performed by the same subjects, which used the
same natural stimuli, but did not require lexical access. In this
task, voicing lag contrasts were discriminated slightly better
than voicing lead (overall mean proportion correct: .80 vs.
.75).

To better understand the contributions of task and
stimulus properties to this pattern of results, we ran two new
experiments. The first aimed to replicate Curtin et al.'s study,
using the same stimuli, with tasks that differed from one
another in whether they required lexical access. The main
methodological change from Curtin et al. was that the tasks
were modified to bring them as close together as possible in
terms of their demands on the subjects, so that they differed
only in the lexical access requirement. The second experiment
was of the categorization type employed by Abramson and
Lisker [3], in which subjects were asked to label stops with
their native language categories. Since the stimuli were again
those used in Curtin et al., this experiment allows a relatively
direct examination of task and stimulus effects.  In addition,
VOT measurements were performed on the stimuli, which were
compared to the results of the categorization experiment.

2.  DISCRIMINATION EXPERIMENT

2.1.  Method
2.1.1 Subjects. The subjects were 8 native speakers of
Canadian English, of university age, with no exposure to a
second language beyond high school French or German, and
no linguistics training. They were recruited through response
to posted advertisements, and were paid $20 each for their
participation.  

2.1.2.  Stimuli. The aural stimuli consisted of a set of 18 Thai
words recorded from 4 speakers of standard Bangkok Thai;
recording details are provided in Curtin et al. Three tokens,
each from a different speaker, were selected for each word for
the Curtin et al. study, and were also used here. The 18 words
were made up of 6 sets of 3 monosyllabic words differing only
in the voicing of the initial consonant. Half of the initial
consonants were alveolars and half labials, and half of the
words had low tone and half mid.
 The aural stimuli were paired with pictures of objects for
presentation to the subjects (these pictures did not depict the
original Thai meanings). Representative sound-meaning
pairings are provided in (1).

(1) a. b�t (flower) p�t (car)     ph�t (dog)
b. dam  (hat)    tam  (horse)     tham  (train)

2.1.3. Training. Training and testing took place over two
consecutive days, lasting about one hour a day. All stimulus
presentation and data collection was performed using
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PsyScope 1.2 [5] on a Macintosh computer. Aural stimuli were
converted from 44.1 kHz/16 bit digital format to analog using
an external Lucid ADA 1000 converter, were amplified using a
Rotel RA-970BX amplifier, and were presented to the subject
at a comfortable listening volume over Sony DR-S3
headphones. Visual stimuli were presented on a 17" color
monitor about two feet away from the subject.

In the first day, subjects were taught the meanings of the
words through repeated exposure to simultaneously presented
sound-picture pairs. The training was interpersed with tests in
which subjects had to indicate if a presented sound-meaning
pairing was correct. They were given immediate feedback on
the correctness of the answer, and the sound matching the
picture was repeated after each of these test trials. Minimal
pairs were kept as far apart as possible, and the amount of
exposure was held constant across subjects and stimuli.

Before the actual testing phase began on the second day,
subjects performed a shortened version of the training
procedure as a review.

2.1.4. Testing. Three discrimination tasks were administered
in random order, followed by a categorization task to be
described in section 3 below. The discrimination tasks were
all of the form XAB, where the subject has to decide whether
'X' matches either 'A' or 'B'. Tasks varied only in whether the
stimuli making up 'X', 'A', and 'B' were sounds or pictures. In
all cases the stimuli were presented sequentially, with 1500
ms. from the beginning of X to the beginning of A, and 1250
ms. from the beginning of A to the beginning of B. Pictures
were presented for 1000 ms. The combinations of sounds and
pictures used in each task are given in (2), along with task
names.

(2) 3 XAB Tasks
Sound Sound Sound (SSS)
Sound Picture Picture (SPP)
Picture Sound Sound (PSS)

The tasks with pictures (SPP and PSS) require lexical access
for successful completion, and are in this way parallel to the
picture selection task used in Curtin et al. They differ in that
their demands are closer to the sound-only SSS task than the
picture selection task would be, since it presented aural and
visual stimuli simultaneously. In each task, there were 72
trials in which A and B were members of a minimal pair, plus
54 foils in which A and B were not in a minimal pair
relationship. The foils were included not only as distractors,
but also as a measure of task difficulty, and of knowledge of the
sound-meaning pairings. All 126 trials were presented in
random order.

In (3), the structure of the minimal pair trials for the
representative set given in (1a.) is provided.

(3)      X    A     B
a. b�t        b�t   p�t (LEAD)
b. p�t   p�t   b�t (LEAD)
c. ph�t   p�t   ph�t (LAG)
d. p�t   ph�t   p�t (LAG)
e. ph�t   dam  ph�t (FOIL)

Trials like (3a.) and (3b.) test subjects' ability to discriminate
the voicing lead contrast, while (3c.) and (3d.) test their

knowledge of the voicing lag distinction. The location of the
match for X was balanced between A and B within all trial
types. Example (3e.) illustrates a foil trial. For tasks involving
sounds, each of the words was spoken by a different speaker.
Trials were each presented once in random order.

2.2. Results  
Table 1. presents the group mean proportion correct and
standard deviations for the voicing lead contrast trials
(LEAD), the voicing lag contrast trials (LAG), and the foils
(FOIL) in each of the three tasks.

SSS SPP PSS

LEAD 0.69
(0.15)

0.50
(0.07)

0.68
(0.14)

LAG 0.84
(0.13)

0.54
(0.08)

0.83
(0.09)

FOIL 0.96
(0.04)

0.97
(0.05)

0.97
(0.03)

Table 1. Overall results

The high scores on the foils indicate that the subjects had
learned the meanings of the words, and were capable of
performing all of the tasks. However, when the pictures in the
SPP task represented words in a minimal pair relationship,
subjects performed only at chance. This occurred consistently
across subjects (note the relatively low SD's), and across all
types of tokens. We have no explanation for this outcome, and
leave the results for this task out of all subsequent analyses.
 In the remaining tasks, we find that subjects performed
significantly better on the voicing lag distinction than on
voicing lead. An analysis of variance was performed with three
within-subject factors: voicing contrast (lead vs. lag), place of
articulation (alveolar vs. labial), and task (SSS vs. PSS). The
analysis showed a significant main effect only for  voicing
contrast (F1(1,7) = 8.624, p<.025, by subject; F2(1,143) =
21.647, p<.0002, by item). There was also a significant two-
way place by contrast interaction (F1(1,7) = 14.517, p<.007 by
subject; F2(1,143) = 24.842, p<.0002, by item). No other even
marginally significant main effects or interactions were
observed. Thus, in both the task that requires lexical access
(PSS) and the one that does not (SSS), lag voicing i s
discriminated better than lead.

The place by contrast interaction detected by the
ANOVA is evident in the means in Table 2, which separates
the trials according to place of articulation. Within the
alveolars, there is little difference between the lead and lag
voicing contrasts, whereas there is an especially marked
difference between discrimination of lead and lag voicing
contrasts on labials.

ALVEOLAR LABIAL

SSS PSS SSS PSS

LEAD 0.76
(0.19)

0.76
(0.19)

0.63
(0.11)

0.60
(0.13)

LAG 0.78
(0.09)

0.73
(0.13)

0.92
(0.04)

0.92
(0.08)

Table 2. Results for SSS and PSS tasks according to place
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Considering the results within each type of voicing contrast,
there are placeÐrelated differences: discrimination of the lead
voicing contrast is better in alveolars than labials, while
discrimination of the lag voicing contrast is better in labials.
Simple effects tests show that within voicing lead contrast
trials, there was a significant main effect for place
(F1(1,7)=5.7708, p<.05 by subject;  F2(1,71)=8.710, p<.0006
by item). There was also a significant main effect for place
within voicing-lag contrast trials, (F1(1,7)= 22.14 p<.003 by
subject;  F2(1,71)=17.81, p<.0002, by item).

One might infer from these discrimination results that the
short-lag alveolar stops are perceived as relatively "voiceless",
so that they are discriminated more easily from  prevoiced
stops, and with more difficulty from aspirated ones. This
interpretation can be tested by examining the categorization
results in the next section.

3.  CATEGORIZATION EXPERIMENT

3.1.  Method
3.1.1 Subjects. The subjects in group 1 were 10 native
speakers of Canadian English, of university age, with no
exposure to a second language beyond high school French or
German, and no linguistics training. They were recruited
through word of mouth, and were paid $10 for their
participation. The subjects in group 2 were 7 of the subjects in
the discrimination experiment above, who participated in this
experiment immediately following the previous one (one
subject was not tested due to experimenter error).  

3.1.2.  Stimuli. The aural stimuli were the 54 tokens used in
the discrimination experiment above.

3.1.3. Training. Subjects in group 1 had no exposure to the
stimuli before the testing phase. Subjects in group 2 were
exposed to the stimuli in the training and testing sessions
described in 2.1.3. and 2.1.4.  

3.1.4. Testing. The alveolar- and labial-initial words were
presented in separate blocks. In the alveolar block, subjects
were asked to identify the initial consonant of the words as
English 't' or 'd', and in the labial block they were given the
choice between 'p' and 'b'. Within each block the tokens were
presented in random order; the ordering of the blocks was
counterbalanced across subjects. For Group 1 each of the
tokens was presented 3 times; due to time constraints, Group
2 judged each token only twice.

3.2 Results
Table 3 presents the results of the categorization task in terms
of the proportion of voiced responses, averaged across
subjects in each group, and across tokens of each voicing and
place type. Mean voice onset time (VOT) for each type of stop
is also indicated in ms. VOT was measured by independent
inspection of waveform and spectrographic displays by
authors JP and WW, and subsequent consultation to resolve
differences. While we are reasonably confident about the
accuracy of these measurements, we note that there was
occasionally some ambiguity in where the onset of voicing
occurred in the shortÐlag stops. Standard deviations in table 3
indicate variance across tokens.

GROUP
1

GROUP
2 VOT

LAB 0.99
(0.02)

0.98
(0.05)

-95.03
(17.27)PREVOICED

ALV 0.99
(0.02)

0.98
(0.05)

-82.66
(18.10)

LAB 0.78
(0.21)

0.84
(0.26)

+7.39
(4.38)SHORT-LAG

ALV 0.40
(0.22)

0.41
(0.25)

+11.29
(3.74)

LAB 0.01
(0.02)

0.02
(0.04)

+70.90
(10.83)ASPIRATED

ALV 0.03
(0.03)

0.00
(0.00)

+71.24
(13.50)

Table 3. Proportion categorized as "voiced" and VOT
   
Unsurprisingly, the prevoiced stops are almost always
identified as voiced 'b' or 'd', while the aspirated stops very
rarely are. In the case of the short-lag stops, the labials behave
as might be expected from research on the perception of
synthetic VOT continua. The VOT of these stops is within the
range of synthetic stimuli usually labeled as 'b' by English
speakers, and these natural stimuli are predominantly
categorized as such. The alveolars, however, are most often
identified as voiceless 't'. Paired one-tailed t-tests by subjects
find the labial/alveolar difference to be highly significant for
both groups (Group 1: t(9) = 6.52, p < .0001; Group 2: t(6) =
3.89, p < .005),  as do one-tailed t-tests by items (Group 1 :
t(16) = 3.71, p < .002; Group 2: t(16) = 3.52, p < .002).

The longer VOT's of the alveolars appear to be only
partially responsible for these results. A simple regression
analysis with VOT and proportion of voiced responses as
factors finds only a moderate negative correlation (r = -.348,
F(1,34) = 4.70, p < .04). Figure 1 plots the categorization
results for both Group 1 and Group 2 against VOT.

Figure 1. Categorization vs. VOT of short-lag stops

As Figure 1 includes data points for both groups, there are
twice as many points as short-lag tokens. This small number of
tokens precludes detailed exploration of the relationship
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between acoustic cues and the listeners' judgements, but
preliminary analysis of a number of candidate cues failed to
reveal any strong relationships. Impressionistically, however,
the alveolars seem to be characterized by a greater degree of
"abrupt onset" (cf. [6]) than the labials.

4. CONCLUSION
This study set out to ascertain the relative contributions of
task and stimulus effects to the divergence of Curtin et al.'s
results from those of earlier VOT perception research.
However, the outcome of an attempt to replicate those results
was itself quite convergent with the synthetic VOT research.
Discrimination was significantly more accurate for the voicing
lag than the voicing lead distinction, the opposite of Curtin et
al.'s finding of better performance on the latter contrast, even
though the stimuli used in the experiments were identical. We
also failed to replicate the difference in voicing discrimination
between tasks that require or do not require lexical access (i.e.
picture selection and ABX); the results of the PSS and SSS
tasks here are remarkably uniform. The degraded performance
on the SPP task involving minimal pairs is puzzling, but i t
does not speak to this issue, as discrimination of neither the
voicing lead nor lag contrasts rose above chance.

We did uncover stimulus effects that were consistent
across tasks and across groups of subjects. In both the
discrimination and categorization tasks, the alveolar
shortÐlag stops seem to be consistently perceived as more
voiceless than the labials. This finding held for both the
trained and untrained listeners in the categorization
experiment. Moreover, the same place-related difference in
voicing discrimination, though slightly less robust, was also
reported for the subjects in the Curtin et al. study [7]. The fact
that this stimulus effect does not seem to be explicable in terms
of VOT alone suggests that other voicing cues might play a
role in English speakers' categorization of Thai shortÐlag
stops, or that some other voicing/place interaction is involved
in judgements. In ongoing research, we are examining the
behavior of a range of natural Thai stimuli, as well as synthetic
tokens, in the discrimination and categorization experiments
described above. Hopefully, this will shed further light on
both task and stimulus effects in this domain.
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THE PERCEPTION OF ENGLISH TENSE-LAX VOWEL PAIRS BY NATIVE
MANDARIN SPEAKERS: THE EFFECT OF TRAINING ON ATTENTION TO

TEMPORAL AND SPECTRAL CUES

Xinchun Wang and Murray J. Munro
Simon Fraser University, Burnaby, BC, Canada, V5A 1S6

ABSTRACT
Fourteen adult native speakers of Mandarin identified synthesized
English /hid/-/hId/ and /hud/-/hUd/ continua that differed in 6
equal spectral and temporal steps. Pretests were followed by short
training sessions (using the extreme tokens of the same two
continua) which were followed immediately by posttests. A
comparison group of 14 native speakers of English also
participated and took the pretests only. The results showed that
the majority of the Mandarin listeners relied heavily and
consistently on the duration cues for the / i/-/I/ but not the /u/-/U/
distinction in the pretests. In the posttests, the Mandarin listenersÕ
perceptual performance on both continua was comparable to that
of the English speakers, indicating that training effectively shifted
the Mandarin listenersÕ attention from the duration differences to
the spectral differences.

1. INTRODUCTION
Previous studies indicate that non-native vowel perception and
production are often influenced by the listenersÕ L1 vowel system
[1, 2]. However, studies have also shown that Mandarin and
Spanish speakers rely heavily on durational cues for the English
/i/-/I/ contrast, even though neither the Spanish nor the Mandarin
system uses vowel duration contrastively [3]. In a more recent
study, Wang [4] found that Mandarin speakers greatly
exaggerated the durational differences in their production of the
English /i/-/I/ but not the /E/-/Q/, nor /u/-/U/ tense-lax pairs. These
findings suggest that the Mandarin speakers did not generalize
the use of temporal cues for all English tense-lax vowel
distinctions. This study was carried out to examine Mandarin
listenersÕ perceptions of /i/-/I/ and /u /-/U/ to explore whether
Mandarin listenersÕ perceptual patterns would be similar to those
used in the production of these vowel pairs. In addition, brief
training sessions were conducted in an attempt to shift the
listenerÕs attention to the spectral properties of the stimuli.

2. PROCEDURE
The listeners were 14 adult native speakers of Mandarin (6 men,
8 women),  who were born and raised in northern China. All had
high proficiency in English and were enrolled as graduate
students at a Canadian university. Fourteen native speakers of
Canadian English participated as a comparison group. The two-
dimensional English /hid/-/hId/ and /hud/-/hUd/ continua were
generated using a Klatt synthesizer. The steady state F1-F3 values
for /i/ were 310, 2100 and 2960 Hz respectively, and for /I/, the
values were 410, 1850, and 2660 Hz. For the /hud/-/hUd/
continua, vowel steady state values of F1-F3 were 300, 900, and
2200 Hz respectively for /u/ and 450, 1150, and 2400 for /U/. The

intermediate values were calculated in linear steps. Both the front
and back vowel continua were synthesized with six temporal and
six spectral steps generating 36 tokens per continuum. For the
temporal steps, the six longest vowels were 250ms and the six
shortest were 125ms with 25ms difference per step. The /hid/-
/hId/ and /hud/-/hUd/ tokens (36 each) were randomly presented
in separate front and back vowel blocks with 3 repetitions of each
token.

For the Mandarin participants, the experiment consisted of a
pretest, a training session, and a post test. The stimuli used for the
pretest and the posttest were identical. The native English
subjects completed the pretest only. Individual listening tests
were held in a sound-treated room. The stimuli were presented
binaurally via a computer through headphones. The labels
appearing on the computer screen were ÔheedÕ and ÔhidÕ for the
front vowel continuum, and ÔwhoÕdÕ and ÔhoodÕ for the back
vowels. The order of the tasks was counterbalanced.

The stimuli for the training sessions consisted of the first and
last temporal steps of six tokens of each continuum (the six
longest and shortest tokens that differ in six spectral steps). They
were randomly presented four times with a total of 24 tokens in
each block. Immediate feedback was provided. Training sessions
were held for each listener repeatedly until a criterion of 95%
correct identification was reached (i.e. a maximum of one
mistake for each training block of 24 tokens). If a subject met the
standard after only one training session, then no further training
was necessary for that listener. No more training would be
provided if a subject still could not meet the criteria after the first
four training sessions. The post test was held immediately after
the training sessions.

3. RESULTS
The % identification scores for ÔheedÕ and ÔwhoÕdÕ for the
Mandarin listeners (pre and post tests) and the English
comparison group are presented for each spectral step (pooled
over the six temporal steps) in Figure 1. Overall, the Mandarin
listeners did not respond strongly to spectral cues in the /i/-/I/ and

/u/-/U/ pairs in the pretest. In the post test, the number of ÔheedÕ
and ÔhoodÕ responses dropped sharply as the spectral quality
changed between step 3 and step 4. Obviously, the training
dramatically increased the Mandarin listenersÕ sensitivity to the
spectral cues for both the /i/-/I/ and /u/-/U/ contrasts.

To examine the effect of duration on the Mandarin listenersÕ
perceptions of the vowel pairs, the % ID scores for ÔheedÕ and
ÔwhoÕdÕ by duration steps (pooled over the six spectral steps) for
each test are presented in Figure 2. In general, the Mandarin
listeners relied heavily on the temporal cues for the contrast
between /i/ and /I/. However, they did not show much reliance on
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the duration cues for the /u/-/U/ contrast in the pretest. Training
effectively shifted the Mandarin listenersÕ attention from the

duration differences to the spectral differences for the /i/-/I/
contrast.
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Figure 1.  Identification scores by spectral steps.
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Figure 2. Identification scores by duration steps.

3.1. Individual Differences
Individual Mandarin listenersÕ % ID scores for ÔheedÕ and
ÔwhoÕdÕ by each spectral and duration step are presented in Table
3 and Table 4 respectively. Noteworthy individual differences
were seen in the data. For example, although most of the
Mandarin listeners did not make clear use of the spectral cues in
the pretest for the /i/ - /I/ contrast, three of the Mandarin listeners
showed a clear pattern of consistent reliance on the spectral
properties for contrasting ÔheedÕ and ÔhidÕ. One listener showed a
reversed pattern of spectral properties for the ÔheedÕ and ÔhidÕ
contrast as the typical spectral steps of ÔheedÕ (step 1 and 2) were
all labeled ÔhidÕ and vice versa. It was obvious that this particular
listener made use of the spectral properties to contrast this pair of
vowels but was apparently confused about the orthography of the
labels. Ignoring the confusion caused by the orthographic
problem in the labels, then, four of the 14 native Mandarin
listeners demonstrated a clear reliance on the spectral cues for
contrasting the /i/-/I/ pair. Eight relied heavily on the duration
cues. Two of the listeners did not show a clear pattern of relying

heavily on either spectral or duration cues, but showed a tendency
to use both. Five of the 14 Mandarin listeners showed a fairly
clear reliance on the spectral cues for the /u/-/U/ contrast. Four
listeners seemed to rely on the spectral cues for the back vowel
pair contrast but were confused with the labels. (Their % of
ÔwhoÕdÕ ID increased sharply from spectral step 4 through step 6
as the spectral quality changed from ÔwhoÕdÕ to ÔhoodÕ.) For the
remaining five listeners who did not show clear use of the
spectral cues in the task, all appeared to have made use of the
duration cues to some degree, but only two seemed to rely
heavily on the duration cues for the /u/-/U/ distinction.

3.2. Effect of Training
Training appears to have effectively shifted the Mandarin
subjectsÕ attention from temporal to spectral differences. A close
examination of the individual listener data showed that seven of
the eight Mandarin listeners who relied consistently on the
duration cues for the front vowel pair contrast quickly learned to
attend to the spectral cues after brief session(s) of training with
feedback. Only one listener still appeared to be confused by the
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duration cues after the maximum four training blocks but showed
some improvement in the post  test.

4. DISCUSSION
In general, the data suggested that the majority of the Mandarin
subjects relied heavily on the duration cues for the /i/-/I/ but not

/u/-/U/ distinction in the pretest. These findings gave rise to the
question of why the Mandarin speakers reacted differently to the
same temporal and spectral information contained in the two

similar continua. This phenomenon needs further exploration as
neither /I/ nor /U/ exists in the Mandarin vowel system [4] and the
two pairs of vowels seem to differ along the same dimensions in
terms of duration and spectral differences. As seen in the results
of the present study, native English listenersÕ responses to the two
vowel continua were consistent. They used mainly the spectral
cues in contrasting both pairs. The influence of the temporal cues
was seen only in the case of insufficient spectral information in
the ambiguous stimuli.

Spec. Steps M01 M02 M03 M04 M05 M06 M07 M08 M09 M10 M11 M12 M13 M14

Spectral 1 100 58 100 67 42 67 58 58 75 58 0 83 50 92

Spectral 2 92 67 100 67 33 58 67 50 83 67 0 67 92 92

Spectral 3 75 42 83 58 50 58 67 50 75 67 25 33 83 0

Spectral 4 25 50 17 33 58 67 42 58 67 58 83 8 58 8

Spectral 5 8 50 0 42 58 67 58 42 58 50 92 0 50 8

Spectral 6 0 50 0 25 58 75 75 58 58 42 100 17 17 0

Spec. Steps M01 M02 M03 M04 M05 M06 M07 M08 M09 M10 M11 M12 M13 M14

Spectral 1 100 100 100 100 67 75 100 100 100 100 100 100 100 100

Spectral 2 100 100 100 100 75 83 83 100 100 100 92 83 100 75

Spectral 3 25 67 75 100 67 83 92 83 100 92 75 17 83 17

Spectral 4 0 17 8 75 42 33 17 33 25 83 25 0 33 8

Spectral 5 0 8 0 17 42 0 8 0 8 17 8 0 8 0

Spectral 6 0 0 0 0 33 0 8 8 0 8 0 0 0 0

Table 3. Percentage of ID of ÔheedÕ in the pretest (top) and posttest (bottom)

Interestingly, parallel results were found with Mandarin
speakersÕ productions of the two vowel pairs. Mandarin speakers
greatly exaggerated the duration differences between /i/-/I/ but

not between /u/-/U / in their productions [4]. The results of the

two studies suggest that the Mandarin speakers were inconsistent
in making use of the temporal cues in contrasting the English
tense-lax vowel pairs in perception and production.

Spec. Steps M01 M02 M03 M04 M05 M06 M07 M08 M09 M10 M11 M12 M13 M14

Spectral 1 100 8 58 75 100 100 50 50 92 8 33 0 17 100

Spectral 2 100 8 50 75 83 100 58 67 100 17 33 8 25 100

Spectral 3 100 17 50 50 42 75 58 67 92 25 58 17 0 75

Spectral 4 75 75 50 42 17 50 50 58 50 83 42 42 50 0

Spectral 5 25 100 50 42 8 17 25 58 0 100 50 92 67 0

Spectral 6 0 92 42 8 0 0 42 17 8 92 33 100 100 0

Spec. Steps M01 M02 M03 M04 M05 M06 M07 M08 M09 M10 M11 M12 M13 M14

Spectral 1 100 100 100 83 100 100 100 100 100 100 100 100 100 100

Spectral 2 100 100 100 92 100 100 92 100 100 100 100 100 100 100

Spectral 3 100 58 92 83 92 83 33 100 100 83 92 100 83 75

Spectral 4 58 25 25 33 0 58 25 50 25 33 50 67 50 8

Spectral 5 8 0 0 17 0 0 8 50 0 0 8 8 0 0

Spectral 6 0 0 8 0 0 0 42 0 0 0 0 0 0 0

Table 4. Percentage of ID of ÔwhoÕdÕ in the prestest (top) and posttest (bottom)
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In an attempt to account for the inconsistencies in the use of
the temporal cues observed here, a few explanations might be
considered. The first explanation is related to the difference in
functional load between the /i/-/I/ and /u/-/U/ distinction in
English. Although the front and back vowel pairs exhibit parallel

differences in terms of acoustic properties, the /i/-/I/ distinction
bears more functional load in English than does the back vowel
distinction. This is clearly reflected in the small number of
suitable minimal pairs possible for this type of experiment.
Hardly any commonly used vocabulary items are distinguished
by /u/-/U/ in English. Therefore, in real communication, the
confusion caused by the substitution of one by the other would
cause more problems for the front than the back vowel pair. The
greater need to contrast /i/-/I/ probably calls for more effort from
learners in finding the acoustic properties that signal the
difference between the vowels in order to understand and to be
understood in communication. From the standpoint of the
learners, if spectral differences did not seem to be sufficient to
cue the contrast, they would tend to attend to other acoustic
differences, especially temporal cues, for the contrast. For the /u/-

/U/ contrast, substitution of /u/ or /ou/ for /U/ was seen more often
in production [4].

Another explanation for the Mandarin speakersÕ
inconsistency in using the temporal cues in contrasting the
nonnative vowel pairs comes from the pedagogical perspective.
In debriefing, almost all of the Mandarin listeners reported that
the vowels in ÔheedÕ and ÔhidÕ were mainly different in duration.
while their description of the difference between ÔwhoÕdÕ and
ÔhoodÕ was much less clear. This strong belief in the long vs.
short nature of the front vowel distinction may have arisen during
instruction from foreign language teachers. Almost all the
Mandarin subjects in the present study reported that their English
teachers characterized the difference as long [i:] vs. short [i] in
their instruction. However, none of them reported that their
teachers described the difference in the back vowel pairs as long
[u:] vs. short [u]. The misdirection in pedagogy may well have

affected the Mandarin speakers in learning the /i/-/I/ distinction as
seen in both the present perception study and the previous
production study.

The findings reported here have a number of implications.
First, the Mandarin listenersÕ reliance on duration cues for two
English vowel distinctions was inconsistent. The findings of the
present study show that the use of duration differences in
contrasting nonnative vowels is more complicated than has
previously been supposed. Temporal cues do not kick in naturally
in the case of spectral insufficiency in vowel identification tasks.
Listeners do not automatically look for durational cues for
nonnative vowel distinctions even if these cues are systematically
present in the case of well-controlled synthesized vowel stimuli.
Therefore, the reliance on temporal cues for a nonnative vowel

contrast may be an acquired strategy. In the present study,
pedagogical misdirection in the case of the / i/-/I/ distinction may
well have played an important role in Mandarin speakersÕ heavy
reliance on the temporal cues in their perception and great
exaggeration in their production of /i/-/I/. Without the

pedagogical misdirection in the /u/-/U/ distinction in duration, the
Mandarin listeners tended to force themselves to rely more on the
spectral differences in the vowel continuum in the perception test
regardless of the orthographic problem. Similarly, as reported in
WangÕs production study [4], duration differences between /u/-/U/
were not exploited, even when the Mandarin speakers had serious
problems with their production of this vowel pair. Instead,
substitution appeared to be the major solution as both the
intelligibility test and the acoustic analysis showed that the
majority of Mandarin speakers substituted English /u/ and /ou/

for /U/ in their productions. More studies are needed to investigate
this issue. For example, pairs of tense-lax vowels similar to
English /i/-/I/ and /u/-/U/ existing in a language that is not familiar
to the learners may be used. In such instances, the use of duration
cues cannot be influenced by factors such as functional load and
pedagogical misdirection.

Another finding of the present study is the potentially useful
effect of training on the perceptual learning of nonnative vowel
contrasts. The present study confirmed that a short period of
training with feedback can be very effective in diverting the
listenersÕ attention from temporal properties to the more
important spectral properties in vowel perception tasks. Whether
such training can have long-term benefits for learners in terms of
perception and production remains to be explored.
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INDIVIDUAL DIFFERENCES IN THE ACQUISITION OF ENGLISH
FRICATIVE DISTINCTIONS BY NATIVE SPEAKERS OF JAPANESE

William Martens & Stephen Lambacher
The University of Aizu, Aizu-Wakamatsu, JAPAN

ABSTRACT

Both at the beginning and at the end of their first year of
education at the University of Aizu, a group of 80 native
speakers of Japanese participating in an English language
program were administered a five-alternative, forced-choice
(5AFC) test to measure changes in their ability to distin-
guish between English voiceless fricatives The 80 pairs of
the resulting 5-by-5 confusion matrices were submitted to
cluster analysis over individuals. The two cluster solution
was interpreted through an examination of changes in lis-
tener sensitivity and changes in response biases. Though
an ANOVA gave no evidence that these two groups differed
in their overall mean identification performance, there was
a significant interaction showing that the members of these
two groups used the response categories in a different man-
ner. The signal-detection-theoretic analysis showed that the
groups differed primarily in terms of bias toward particular
fricative response categories, but also showed contrasting
effects of vowel context on sensitivity versus response bias.

1. INTRODUCTION

A previous study by Lambacheret al [7] examined the abil-
ity of native Japanese listeners to distinguish between the
English voiceless fricatives /f/, /s/, /sh/, /�/ and /h/. The ex-
periment stimuli consisted of 75 nonsense syllables in which
the five fricatives (/f/, /s/, /sh/, /�/ /h/) were presented in five
vowel environments (/i E a o u/) and three different conso-
nant positions relative to the vowel: consonant-vowel (CV),
vowel-consonant-vowel (VCV), and vowel-consonant (VC).
A five-alternative, forced-choice (5AFC) answer sheet was
passed out to each of the subjects, and the subjects marked
one of five possible responses for each stimulus. Identifi-
cation scores ranged from a maximum of 88 % for the all
the /sh/ stimuli to 55 % for all the /�/ stimuli. The results
showed that the confusion rates were highest for the /�/ - /s/,
/sh/ - /s/ and /f/ - - /h/ contrasts. The results also revealed
that the subjects judgments were highly context-dependent,
with both vowel environment and consonant position having
a significant effect on the subjects’ perception of the target
fricatives.

2. METHOD

2.1. SubjectsThe subjects were 80 native Japanese adults
ranging in age from 18 to 20 years old. All the subjects were
first year students majoring in computer science at the Uni-
versity of Aizu in Fukushima Prefecture, Japan. As is com-
mon in Japan, all the subjects had six years of prior English
training at the junior and senior high school levels. None of
the subjects had any reported history of speech or hearing
impediments.
2.2. Training. All of the Japanese subjects were enrolled
in English as a Foreign Language (EFL) courses at the uni-
versity’s Center for Language Research (CLR). During the
first two years of study, students must take two EFL classes
each semester (4 semesters) for a total of eight classes. Al-
though all of the Japanese subjects had received six years
of prior English training at junior and senior high school
levels, the focus was on reading and grammar; very little at-
tention was given to listening, speaking, and pronunciation.
At the time of the first experiment, the subjects were tak-
ing a pronunciation course, but English fricative sounds had
not been covered. In addition, they were taking two other
courses in writing and conversation/listening, respectively.
After completing the first experiment, the subjects had four
more English courses – one in conversation/listening, one in
writing, and two in reading. Each English course was taught
by a native speaker and met once a week for 90 minutes for
a total of 13 weeks. The total hours in English class was
between the first and second experiments was 78 (4 courses
x 13 weeks x 1.5 hours). The subjects had other opportuni-
ties for English listening practice. For example, many of the
computer science courses at the University of Aizu are con-
ducted in English by foreign teachers, some of whom were
native speakers.
2.3. Stimuli. The stimulus set consisted of a total of 75 sylla-
bles presented in consonant-vowel (CV), vowel-consonant-
vowel (VCV), and vowel-consonant (VC) syllables spoken
within a varied-vowel environment /i E a o u/ by three native
speakers of English. These syllables were spoken at a nor-
mal rate by three phonetically-trained male native speakers
of English. The stimuli were recorded in three randomized
blocks.
2.4. Recording Method.The speech samples were generated
using a binaural recording system located in a large ane-
choic chamber at the University of Aizu. The talker was
located approximately two meters from the Bruel & Kjaer
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(B&K) Head and Torso Simulator (Type 4128), using the
Right Ear Simulator (Type 4158) and the Left Ear Simu-
lator (Type 4159). The talker was positioned at ear level,
but slightly off the median plane of the manikin, at an az-
imuth angle of approximately 15 degrees. This avoided the
rather unnatural sensation associated with monaural head-
phone listening. The samples were recorded at a 48 kHz
sampling rate using a Denon Model DTR-80P digital au-
dio recorder. The samples were reproduced via Sony HL-90
headphones in the University of Aizu Language Media Lab-
oratory and were presented at an average presentation level
of 69 dB.
2.5. Procedure.A brief introduction to each of the five frica-
tives was given to the subjects before each of the two iden-
tification tests, in the form of practice trials. The subjects
were told to identify each syllable they heard as contain-
ing /f/, /s/, /sh/, /�/ or /h/. A five-alternative, forced-choice
(5AFC) answer sheet was passed out to each of the subjects,
and the subjects marked one of five possible responses for
each stimulus. Four separate groups of subjects participated
in the test, and they were asked to give a response to each
item even if they were unsure of the identity of the fricative
they heard. The 75-tokens were randomly presented three
times to each of the subjects with a pause of about five min-
utes between each presentation. The stimuli were presented
to the subjects with a pause of five seconds between each
speech sample.

3. RESULTS

The resulting 5-by-5 confusion matrices were submitted to
cluster analysis, which revealed that within the sample of 80
subjects, two subsets of these subjects exhibited distinctly
different patterns of results. Though ANOVA gave no ev-
idence that these two groups differed in their overall mean
identification performance, a significant interaction was ob-
served that indicated that the members of these two groups
used the response categories in a different manner. The
response rates of these two groups of subjects were ana-
lyzed in terms of receiver operating characteristics, so that
changes in fricative identifiability (measured by the index of
sensitivity, d prime) could be distinguished from changes in
the likelihood of given fricative responses (measured by the
index of bias,�).

First, note that the main effect of group membership on
ratings was not statistically significant. The ANOVA gave
F(1,85)=0.076, p = 0.783. We are forced to conclude that
the two groups have the same mean response (if we were
to reject the null hypothesis here, there is a 78 % chance
that we make a type I error). Also, the interaction between
group and stimulus was very small, givingF (4; 340) =
1:336; p = 0:256. Again, we must conclude that the ef-
fect on stimulus on ratings did not depend upon group mem-

bership. But the effect of response category on ratings did
depend upon group membership. ANOVA for this interac-
tion gaveF (4; 340) = 7:734; p < 0:001. An even bigger
ratio was obtained for the three-way interaction of group,
stimulus, and response:F (16; 1360) = 38:046; p < 0:001.
The message is that paying attention only to student per-
formance, as measured, for example, by percent correct on
examination, will likely not reveal the differences that exist
between the students.

4. DISCUSSION

4.1. Individual differences in L2 speech learning.When ad-
dressing individual differences in the L2 speech acquisition,
the question may arise why some subjects’ sensitivity to the
fricative distinctions was greater than others. Is it a just a
case of some subjects having superior hearing ability than
others, or are there more subjective factors involved? A
brief look at the philosophy of individual learning differ-
ences may serve to offer some reasons for this.

Research has shown that learners vary in their learning
traits and processes of thinking, and in their aptitudes for
learning, willingness, and styles of learning which all im-
pact the learning process. Each learner approaches the
learning process with his/her own filter, and each learner
filters instruction through their own set of filters or lenses.
For example, in the case of L2 speech acquisition, a built-
in phonological filtering mechanism or process may prevent
L2 learners from accurately perceiving nonnative phonemes
([3] [12]. Phonological filtering makes distinguishing the
acoustic differences between native and nonnative sounds
for L2 learners more difficult. According to [12], a learner’s
phonological filter acts like “sieve” and passes only infor-
mation useful to categorizing sounds in the L1. As a result,
L2 learners have a tendency to disregard allophonic varia-
tions which distinguish L1 sounds as well as the subcategor-
ical phonetic differences which distinguish similar sounds in
L1 and L2 [11].

In this study, two groups of Japanese learners were in-
volved – each group having different sensitivity to some
fricative distinctions and also a different pattern of biases.
Significant individual differences exist between these two
groups regarding learning attributes they bring into the
classroom. How these differences might affect their ability
to successfully or unsuccessfully distinguish between En-
glish fricatives is worth addressing here. One major differ-
ence is in student motivation. For example, some learners
are more active participants than others. This may be due
to several reasons. The more active learner may want to in-
tegrate into the L2 culture and may therefore be more of a
risk-taker, not worrying about sounding more like a native
speaker.
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For the teacher of English as a Second/Foreign Language
(ESL/EFL), an awareness of individual learning differences
can be helpful in prioritizing training objectives, as well as
help teachers to better understand the difficulties in relation
to specific tasks. Individual learning differences can be at-
tributed to the mental processing required by the specific
learning task being performed. Thus, it is essential that the
nature of the learning task be seriously considered. Think-
ing and learning will differ based on the type of task be-
ing used. Learners possess varying aptitudes for different
learning outcomes. Although learners must be willing or
motivated to learn as well as have the ability to learn, but
they must also be exposed a classroom that effectively fos-
ters learning in order to be successful learners.
4.2. L2 speech training for individual differences.How can a
EFL/ESL teacher address individual differences in the class-
room and provide an environment that helps learners be
more sensitive to English voiceless fricatives distinctions,
and at the same time consider both types of learners to that
they both can benefit from the instruction? For example,
how does one take into consideration the strong bias factor
of one group of subjects in the the development of a training
program to help Japanese to learn to distinguish L2 speech
contrasts? According to [6], individuals react to different
forms of instruction in diverse ways, and learning outcomes
are affected by the form of instruction. Thus, different in-
structional activities will differentially affect learning out-
comes. In the case of L2 speech training, training the sub-
jects who are already more sensitive to begin with is much
less difficult. The main difficulty lies with training the bi-
ased subjects as they will need more focused training.

Researchers agree that a combination of auditory and vi-
sual feedback can be helpful in teaching sound segmentals,
suprasegmentals, and other aspects of pronunciation pro-
grams ([10] and [1]). The use of visual acoustic feedback
in addition to auditory only feedback can be effective in L2
speech learning. Many programs include a dual display with
top and bottom screens which help learners to objectively
evaluate their speech errors and progress through analyzing
and visually comparing their own pronunciation with a na-
tive speaker’s.

Exposing Japanese subjects to gairaigo or ”loan words”
containing voiceless fricatives and corresponding English
words can help them to perceive the phonetic differences
between them. For example, the English-language pronun-
ciation of ”milk shake” differs from the common pronuncia-
tion of the term by native speakers of Japanese. The /shE/ is
replaced by the /sE/ sound of the katakana character. When
these loanwords were adopted, the unusual English fricative
sounds were replaced by the closest sounds in the Japanese
syllabary.

Another effective method is the use tokens produced by

multiple tokens to provide more variability to subjects. For
example, research of [9] and [4] suggests that variability in
speakers and tokens during training results in improved cat-
egory formulation. In their experiments, Japanese learners
were better able to form robust categories for the /r/ - /l/ dis-
tinction if they are exposed to tokens produced by multiple
speakers rather than a single speaker.

Another method in L2 speech training should be a focus
on L2 speech production of sounds and not just perception.
Research shows that there is a direct link between speech
perception and production, and that improvement in percep-
tion of L2 speech contrasts transfers over to the production
domain and vice versa [2]. According to the motor theory
(e.g., [8]) listeners perceive speech in terms of their own ar-
ticulatory gestures. Also, the direct-realist theory of speech
perception (e.g., [5]) posits that listeners directly perceive
the articulatory gestures of the speaker in terms of the struc-
ture they impart to the acoustic medium.

5. CONCLUSION

Cluster analysis found that within the sample of 80 subjects,
two subsets of these subjects exhibited distinctly different
patterns of results. Though these two groups did not differ
in their overall mean identification performance, the mem-
bers of these two groups used the response categories in a
different manner. An appreciation of these results can be
beneficial to the teacher of English as a second language, as
pedagogical methods that take into account the observed in-
dividual differences in sensitivity and bias can meet student
needs more effectively.
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THE EFFECT OF PROFICIENCY IN A SPECIFIC FOREIGN LANGUAGE ON
THE ABILITY TO IDENTIFY A NOVEL FOREIGN LANGUAGE
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ABSTRACT

Adult listeners have the ability to identify spoken samples of a
language that they do not know and discriminate this language
from others. In previous investigations, we have found that
listeners attend to rhythm, pitch patterns, and segmentals as well
as speaker and voice characteristics. The question of interest in
this study are the effects of previous exposure to other
languages. Three groups of listeners participated in the study,
one group of monolingual American college students, and two
groups of bilingual English-Spanish, and Spanish-English,
respectively. All listeners first watched a brief Japanese cartoon.
After viewing it, they heard a test recording with samples of
five foreign languages. The listeners had to decide whether each
language sample was Japanese by responding ‘yes’ or ‘no’ on a
prepared answer sheet. In general, the groups were significantly
different from each other. The bilingual listeners exhibited
different confusion patterns from the monolingual listeners.

1. INTRODUCTION
After adult listeners have heard brief spoken samples of a
foreign language, they are able to identify new samples of the
same language or to discriminate it from other languages.
Listener judgements must be based on the phonetic
characteristics of languages because these judgements can be
made without grammatical or semantic knowledge.

The abilities of adult listeners to identify foreign
languages under some conditions have been well documented by
studies including Lorch and Meara [7, 8] and Bond and Fokes
[3], among others. However, very few studies have examined
the learning responsible for language identification. Muthusamy
et al. [10] reported on two experiments. In the first experiment,
listeners received training with 40 excerpts from 10 languages
and then were presented with new excerpts from the languages
varying in duration from one to six seconds. Listeners received
feedback about their judgement  on every trial. The second
experiment increased the number of trials and included listeners
whose first languages were used in the test. In Experiment 1,
listener performance did not change appreciably, but adding
more trials in the second experiment lead to improved
performance. Listeners could identify familiar European
Languages (French, German, Spanish) better than less familiar
languages. They were basing their judgements on multiple
sources of information, i.e. specific words which could identify
a language, easily perceived segments which would be
characteristic of a language, and prosodic features. In their
multi-dimensional scaling (MSD) investigation of same-

different judgements about foreign languages, Stockmal et al.
[12] found very similar listener strategies. Pitch inflections,
characteristic of both Chinese and Japanese led listeners to
judge these two languages as similar. Arabic and Russian were
also judged as similar but on the basis of rhythmic pattern.
Spanish was unique in being identified from familiar words and
was also judged similar to Indonesian on the basis of rhythmic
pattern. In a series of three experiments, Bond et al. [4]
investigated changes in listener ability to identify a language
after brief periods of exposure and the efficacy of two different
types of listening materials: word lists (which provide
information about the segmental and syllabic structure of the
language) and a story (which also includes information about
sentence prosody). This study showed that listeners  consistently
found Chinese and Indonesian to be more similar to Japanese
than either Arabic or Russian. This finding suggests that the
listeners were attending to prosodic information such as
rhythmic pattern and pitch contour. The listeners could reject
Arabic and Russian as different from Japanese on the basis of
stress-timed rhythmic structure and the other phonetic properties
associated with stress-based rhythm. In contrast, Indonesian, a
syllable-timed language, shares rhythmic properties with mora-
timed Japanese. Noticeable pitch excursions may have been the
basis for confusions of Chinese with Japanese.

From previous investigations, we can conclude that
listeners attend to rhythm, pitch patterns, and segmentals as well
as speaker and voice characteristics. The present study is
concerned with: 1) The effects of proficiency in a specific
foreign language on the task of identifying a novel foreign
language after a brief period of exposure; and 2) The properties
which listeners attend to, specifically whether monolingual and
bilingual listeners attend to different properties.

2. METHOD
2.1. Materials
The exposure material consisted of a Japanese cartoon which
lasted for approximately 10 minutes. The test materials
employed 30 different spoken samples from five languages. Ten
samples were Japanese, produced by two talkers from Tokyo.
The other 20 samples, five from each language, were provided
by one female native speaker of Arabic, (Mandarin) Chinese,
Indonesian and Russian, respectively. All language samples
were complete phrases or sentences produced at a normal rate
for that language. On the test recording, the samples were
presented in random order. Arabic and Russian were included in
the test because both are said to employ stress rhythm with
relatively complex phonemic inventories, including consonants
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which are not found in Japanese [9]. Indonesian and Chinese
represent Asian languages. Chinese has been found to be
confused with Japanese in previous studies, probably on the
basis of pitch excursion [4, 10, 11], even though it has a
different consonant inventory and may employ stress rhythm
rather than the syllable (or mora) rhythm of Japanese [6]. The
consonant inventory of Indonesian is a sub-set of the Japanese
consonant inventory [9] and to native speakers, the language
appears to be syllable- rather than stress-timed (like Spanish, for
example).

2.2. Listeners
Three groups of listeners participated in the study. The first
group was composed of 29 American college students in their
third year of Spanish study and relatively proficient in this
language (SP learners). The second group consisted of 20
monolingual American college students recruited from an
introduction to hearing and speech sciences course. These
students had no formal contact with or exposure to Spanish and
had not studied a foreign language. For the purpose of our study,
this group served as our control group. Finally, in the third
group we recruited 43 college students from Spain from an
advanced level English language course who were very
proficient in this language (SP native). All the listeners had self-
reported normal speech and hearing and voluntarily participated
in the study.

2.3. Procedure
All three groups of listeners were tested in their respective
university classrooms using the same procedure. First, listeners
watched a Japanese cartoon which lasted for approximately 10
minutes. After the period of exposure, the listeners heard the
test recording which contained brief samples of five languages,
namely, Arabic (AR), Chinese (CH), Indonesian (IN), Japanese
(JP) and Russian (RS). They were instructed to judge each
language sample as either Japanese or not Japanese. Listeners
recorded their answers on a prepared answer sheet.

3. RESULTS
3.1. Overall correct language identification and confusion
patterns
In order to investigate the overall correct language identification
and the confusion patterns, we conducted a mixed-model
MANOVA using the proportion of correct responses to
languages as the dependent variable. Language was the within
factor and group was the between factor. The interaction
between group and language condition was significant, F (2, 89)
= 11.215, p=.000. Tukey HSD posttest revealed that the groups
were significantly different from each other. Figure 1 shows the
correct responses by groups in terms of languages. Listeners
almost never confused Arabic or Russian with Japanese,
correctly rejecting these languages approximately 90% of the
time. Indonesian was equally confusing for all three groups. The
SP native learners were approximately 70% correct in rejecting
Chinese whereas the SP learners were 50% correct and the
control group, 45% correct in rejecting Chinese.

3.2. Specific correct identification of Japanese
In order to examine the correct identification of Japanese, we
conducted a one-way ANOVA using scores for correct
identification of Japanese. The results indicated that the groups
differed significantly, F (2, 89) = 4.445, p=.014. Tukey HSD
posttest revealed that the control group was significantly
different from the other two at the task of identifying Japanese.
Figure 1 shows that both groups, the SP learners and the SP
native, correctly identified Japanese 75% to 80% of the time. In
contrast, the control group was only 63% correct in identifying
the target language. In this sense, the SP learners and the SP
native behaved similarly and differently from the control group.
These results point to the direction that proficiency in a second
language may be exerting an effect on the listeners’ ability to
identify a novel foreign language.

Figure 1. Correct responses by groups.
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4. DISCUSSION
This study raises some issues concerning the language
properties to which the listeners were attending, on the one
hand, and the effects of second language proficiency in the
ability to identify a novel foreign language, on the other. From
their confusion patterns, it is evident that in general the listeners
found Chinese and Indonesian to be more similar to Japanese
than either Arabic or Russian. As discussed by Bond et al. [4],
this finding suggests that the listeners were attending either  to
prosodic information such as rhythmic pattern and pitch
contour. Although Arabic and Russian differ from Japanese in
segment inventory as well as in rhythmic patterns, the
segmental differences may not have been particularly salient to
the listeners. As Best et al. [2] have argued, listeners do not find
all segmental differences in foreign languages equally salient.
Rather, they assimilate some non-native segments to native
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language segments. The listeners could reject Russian and
Arabic as different from Japanese on the basis of the phonetic
properties associated with stress-based rhythm [1, 5]. In
contrast, Indonesian, a syllable-times language, shares rhythmic
properties with mora-timed Japanese.

Confusion patterns of Chinese with Japanese were
different for American listeners (the SP learners and the control
group) and for Spanish listeners (the SP native). Although
Chinese may be classified as syllable-timed, its prosodic
patterns are characterized by lexical tone, phonetically realized
as changes in fundamental frequency within syllables. Japanese
uses pitch accent rather than lexical tone. However, we found
that those listeners, who were native speakers of American
English encountered more difficulties in telling Chinese and
Japanese apart than the native Spanish speaking listeners.
American listeners may have identified Chinese as Japanese on
the basis of noticeable pitch excursions whereas Spanish
listeners do not seem to have relied on pitch excursions and
therefore do not confuse Japanese with Chinese.

Specific identifications of Japanese were different for
bilingual (the SP learners and the SP native) and monolingual
(the control group) listeners. Japanese was correctly identified
by the SP learners and the SP native while the monolingual
listeners in the control group faced more difficulties. We
speculate that the reasons why the bilingual listeners performed
so well are phonological similarities between Spanish and
Japanese. Proficiency in Spanish might have helped American
listeners rely on the vowel system, phonotactics, syllable
structure or rhythmical information to identify Japanese
correctly.

5. CONCLUSION
In the attempt to understand the effects of proficiency in a
particular foreign language to identify a novel foreign language,
we have shown that language proximity in terms of phonetic
properties plays an important part. Did the American listeners
exposed to Spanish (the SP learners) identify Japanese because
of the phonetic proximity of these two languages? We do not
know if this effect is due to language specific properties. Since
the control group had no formal foreign language exposure, our
current thinking is to use a control group with listeners
proficient in a foreign language that bears no common
properties with Japanese, such as German. The properties which
listeners exposed to a phonetically distant foreign language from
the target language attend to deserve further investigation.
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       ABSTRACT
These experiments explore rules for transforming the speech of
one talker so that it sounds like the speech of another talker.
Acoustic descriptors were measured from ten short sentences
spoken by two male and two female talkers. These descriptors
were used to derive rules for transformations of the speech
between two talkers of the same gender. One of the short
sentences was chosen for copy-synthesis of these talkers, and the
transformations were applied to these copy-syntheses. Listening
tests were used to test the effectiveness of these transformations
in changing the identity of the talkers.

1. INTRODUCTION
Listeners have the ability to recognize a number of talkers from
their speech. Differences among talkers occur in both anatomy
and learned speech patterns, and knowledge of these differences
is relevant to many areas of speech research. There is minimal
data on which acoustic, and, by inference, articulatory attributes
of a talker’s utterances are used by listeners to distinguish talkers.
The previous studies most relevant to this study are the ones
involving sinewave speech, which show that listeners can
identify familiar talkers from synthetic speech when the voice
quality cues are removed [1]. The purpose of the present study
was to discover the acoustic descriptors, including voice quality
descriptors, that affect a listener’s judgement of talker
identification using transformations based on the descriptors
from the synthesis of one talker to the synthesis of another talker.
The descriptors fall into four general categories: (1) vocal tract
resonance properties as related to vowel quality, (2) prominence
and declination properties, (3) timing and rhythm properties, and
(4) voice quality properties.

The synthesizer that was used here is a parametric
synthesizer, HLsyn, which provides quasi-articulatory control for
a Klatt formant synthesizer [2]. The HLsyn input parameters are
the first four formant frequencies, f1, f2, f3, and f4, the cross-
sectional area at the lips, al, the cross-sectional area at the tongue
blade, ab, the cross-sectional area of the nasal port an, the rate of
change in vocal tract volume, ue, the subglottal pressure, ps, the
fundamental frequency of vocal fold oscillation, f0, the glottal
cross-sectional area, ag, and the posterior glottal area, ap. There
are also speaker constants, such as average spectral tilt and
glottal area for modal voice. Rules applied to HLsyn parameters,
grouped according to acoustic descriptor category were used to
transform the copy-synthesis of one talker to that of another.

2. EXPERIMENTS
2.1. Recording, selection of talkers, and copy synthesis.
Ten talkers of each gender were recorded speaking ten short
sentences in a quiet room. The sentences contained six to seven
syllables, and in normal production, three of the syllables were

pitch accented. These speech samples were digitized at 11,025
Hz. The first task was to select five talkers within each gender
group that were judged to be most similar, and to select two of
these five as analysis talkers, for whom copy synthesis and
transformations would be carried out. This selection process used
five listeners with some phonetic training, including some of the
researchers in this project. The listeners were asked to judge the
likenesses of the recorded talkers within each gender group. A
likeness score was derived for each talker, indicating the number
of times that talker was judged similar to the other talkers. Based
on these judged likeness scores, the ten talkers within each
gender group were pruned to five that were judged to be similar
to one another. A pair of talkers from each group of five, the
analysis talkers, was chosen for characterization and
transformation. The remaining three of each gender group of five
were used as foils in listening experiments. The analysis talkers
were the talkers in the group of five who were chosen the least
often as being like one another, with the one exception that the
one talker in the group of five that had the lowest likeness score
was eliminated from consideration as a possible analysis talker.
With this strategy for choosing talkers we hoped to eliminate
outliers among the foil talkers while using analysis talkers with
enough differences to allow for perceptibly robust
transformations between their copy-syntheses. The two male
analysis talkers were PZ and EC, and they were familiar to the
investigators. The two female analysis talkers were CF and MB,
and they were not familiar to the investigators.
     One sentence from the group of ten, known here as the test
sentence was chosen for copy synthesis of the four analysis
talkers: “Five women played basketball”. After the copy
syntheses were completed, we performed listening tests to ensure
that they were identified as utterances of the intended talker. We
ultimately judged the effectiveness of the transformations in
relation to the appropriate copy-synthesis. For instance, if we
were transforming toward PZ we would compare the
transformations against the copy synthesis of PZ.
     The listening tests used the AXB design, and the following
description applies to each gender group separately. In these
baseline experiments X was always the natural test sentence
spoken by an analysis talker or a copy-synthetic version of the
test sentence. A and B were always natural versions of the nine
remaining sentences: the same sentence spoken by two different
talkers. There were 144 AXB stimuli. For 72 of these stimuli A
was spoken by one of the two analysis talkers nine times, one for
each of the nine non-test sentences, while B was always the other
analysis talker. This produced 36 stimuli, and for another 36 the
roles of A and B were reversed. For another 72 AXB stimuli
there was an even division of the A and B among the three
remaining talkers within the group of five, which were foil
talkers, with the sentences chosen randomly from the nine non-
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test sentences. The 144 stimuli were presented to listeners in
randomized order over loudspeakers in a quiet room. The
listeners were asked to identify the X token as being closest to
either A or to B on a sliding scale. The score sheet had five
circles for each stimulus, and each listener was asked to mark the
leftmost if they were fairly certain that the talker of the X
sentence was the talker who produced the A sentence, the next
leftmost circle if they felt that X could have been spoken by the
person who produced A, and the middle if they were uncertain if
X was produced by the person who produced A or the person
who produced B. The other two circles on the right applied to B.
The listener responses were scored so that for each AXB stimulus
the scores for talker of A and talker of B added to zero. If the
leftmost circle was checked then the talker of A received a 2 and
the talker of B received a -2; if the next leftmost circle was
checked then talker of A received a 1 and the talker of B received
a -1; if the middle circle was checked both talker of A and talker
of B received a 0. Similarly for the right side of the score sheet.
     The results of these baseline experiments, averaged over the
five listeners for the male talkers and averaged over four listeners
for the female talkers, are given in Figures 1 and 2.

Figure 1: Results of baseline AXB experiment for the male
analysis talkers PZ and EC. PZ_n is the average score received
by the talker PZ when X was the natural test sentence spoken by
PZ. PZ_cs is the average score received by talker PZ when X was

the copy-synthetic version of the test sentence spoken by PZ.
Foil_max (foil_min) is the maximum (minimum) score received

by a foil talker when X was either the natural or synthetic
versions of the test sentence spoken by PZ. Similarly for EC.

Figure 2: Results of baseline AXB experiment for the
female analysis talkers MB and CF. See legend for Figure 1.

 For the male talkers, the correct analysis talker was chosen
very consistently when the X utterance was a natural utterance.
The copy syntheses fared less well than the natural utterances,
but with scores substantially greater than 1.00. It should also be
noted that there is very little consistent confusion between the
foil talkers and the analysis talkers.
     The results for the female talkers are not as clear cut. The
talkers of the natural utterances were not identified as
consistently as for the male talkers and there was more confusion
with the foil talkers. The scores for talkers of the copy syntheses
were slightly less than one. This may be consistent with the fact

that there was some difficulty in matching the correct talkers in
the natural utterances. On average, though, the copy syntheses
were identified as the intended talker, although not always with
high confidence. The females may have not been more difficult
to synthesize. They may just have been more similar to one
another, resulting in greater listener confusion.

2.2. Acoustic Descriptors and Transformations
To perform the transformations on the copy syntheses between
analysis talkers, it was necessary to find acoustic descriptors that
could be derived from measures of each analysis talker’s speech.
The acoustic descriptors help to characterize a talker and,
therefore, provide a means for constructing transformations of
HLsyn parameters appropriate for one talker to those appropriate
for another talker. The values of the acoustic descriptors that
characterized each analysis talker were averages of
measurements taken from that talker’s ten sentences. The
transformations were (almost always) rule-based, where the rules
were derived from these descriptors. (The exceptions to this rule-
based approach will be discussed below.) To transform from the
copy synthesis of one analysis talker, the base talker, toward
another, the target talker, the appropriate parameters of HLsyn
were adjusted. (Transformations were performed in both
directions, with the role of the base talker and target talker played
by both analysis talkers of each gender.) In general, the
transformations were carried out in a stepwise fashion, with one
descriptor (or group of descriptors) changed first, and then
successively superimposing changes in additional descriptors.
The adjustments to HLsyn parameters were such that the change
in a particular acoustic descriptor of the copy-synthetic sentence
of the base talker was equal to the difference between the
descriptor value that characterized the target talker and the
descriptor value that characterized the base talker. For instance, if
the difference in the average third formant frequency (an
indicator of vocal tract length) value between the base talker and
target talker was 10%, all of the first four formant frequencies in
the base talker’s copy synthesis of the test sentence were adjusted
by 10%, whether or not this actually brought the formant
frequency values of the base talker’s test sentence closer to those
of the target talker’s test sentence. The success of this rule-based
approach is important for deciding how to characterize a talker
from a database of that talker’s utterances. The transformations
that were exceptions to this approach were used to find out
whether the details of the descriptors and the rules for
transformation we used were sufficient for the task. This
happened in the case of HLsyn input parameters f0, f1, ag, and
the ap contours, which were copied from the target talker’s copy
as one of the steps in the transformation.

Below we outline the measured acoustic descriptors and the
HLsyn parameters affecting those descriptors. There is not
sufficient space to indicate all the measured differences between
the two male and the two female analysis talkers, but we will
indicate where the greatest differences occurred between the two
sets of talkers, and some of the HLsyn parameters used for
transformation.
I) Vocal tract resonance descriptors
The average of third formant frequencies, F3s, measured at full
vowel values is directly affected by vocal tract length. Thus a
difference in the average F3 between talkers would mean that the
first four HLsyn formant frequencies, f1 through f4, should be
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scaled by the percent difference in average F3 when transforming
from one talker to the other. There was a 15% difference in
average F3 for the female talkers MB and CF. Average first and
second frequencies at full vowel centers, and near the ends and
beginnings of diphthongs indicate the vowel qualities specific to
a particular talker. There was a fronting difference for high front
vowels for the males PZ and EC. There were differences in the
way diphthongs were produced for the female talkers.
II) Prominence and declination descriptors.
Fundamental frequency contours of each utterance were
measured for their maximum and minimum values. These
measures were averaged over all of the utterances for a measure
of talker pitch range. Both the male talkers and female talkers
showed F0 range differences
III) Timing and rhythm descriptors.
Measures of cross-word foot durations were made to find
characteristic patterns of foot duration as a function of the
number of syllables in a foot. A linear regression of foot duration
versus number of syllables gives a quantitative measure of a
rhythmic factor [3]. This analysis was performed on the men
only, and no significant differences were found in this measure.
We derived average measures of vowel duration grouped
according to whether a vowel was prominent or not prominent,
whether it occurred in a phrase-final syllable or not, and whether
it was a diphthong, a tense vowel, or a lax vowel depending on
whether sufficient data were available [4]. These descriptors,
when there were large enough differences between talkers,
provided a factor to use for linear time-warping the vowels in the
copy-synthesis of one talker toward the other’s vowel durations.
     PZ had an average non-phrase final diphthong duration 1.45
times greater than the corresponding average duration for EC.
Phrase final syllables were 1.33 times longer for PZ than they
were for EC. CF had an average non-phrase final non-prominent
lax vowel (including reduced vowels) duration 1.41 times greater
than the corresponding average duration for MB.
IV) Voice quality descriptors.
The following measurements were made at the midpoints of
selected vowels in pitch-accented syllables, excluding high
vowels and  vowels in utterance-final position [5]. 1) H1*-H2*,
where the asterisks indicate that corrections were needed to
account for the proximity of nearby formants. This measure is
most directly related to the open quotient, and was used primarily
in transformation of OQm (Open Quotient for modal voice). 2)
H1*-A1 (where A1= spectrum amplitude of the first-formant
prominence). After open quotient had been set, this measure was
used to help determine the transformation of the HLsyn speaker
constant first formant bandwidth. 3) H1*-A3* (where A3=
spectrum amplitude of the third formant prominence) was
primarily used to transform spectral tilt, TLm (Spectral Tilt for
modal voice). 4) Regular occurrence of creaky voice was used to
transform a voice that tended to creak at sentence endings into
one that didn’t or vice-versa, primarily using the HLsyn input
parameter ag. For a non-rule-based transformation we copied
parts of the ag trajectory from one copy synthesis into that of
another. 5) Other regular spectral attributes could be used to
characterize a voice, such as the lack of harmonic structure in the
higher frequencies during voiced speech. We found the HLsyn
speaker constants of fifth formant frequency and bandwidth
could have a useful role for simulating the behavior of the voice
spectrum at higher frequencies.

      For the males, PZ had consistently creaky voice during the
final syllable of a sentence, while for EC this was not the case.
PZ had a lack of voice harmonics above 4 kHz, but EC showed
no such trend. For the females, MB had an average H1*-H2* of
3.6 dB and for CF this quantity was 5.6 dB. For MB the average
H1*-A1 was 1.7 dB and for CF this quantity was 0.8 dB. For MB
the average H1*-A3* was 21.9 dB and for CF this quantity was
21.7 dB. For CF there was consistent creaky voice during the
final syllable of the sentence. For MB there was not consistent
creaky voice during the final syllable.

2.3. Listening Tests on the Transformations
The transformations between the two male analysis talkers were
made in three steps in each direction: from base PZ to target EC
and from base EC to target PZ. The first transformation from
EC_cs (copy-synthesis of EC) toward target talker will be called
EC_cs_t1 and from PZ_cs toward target talker EC will be called
PZ_cs_t1. These transformed syntheses had all of the rule-based
transformations, except the voice quality transformations, applied
to them. The next transformed syntheses, EC_cs_t2 and PZ_cs_t2
had all the transformations applied in the first transformation
including the voice quality transformations. These rule-based
transformations were judged to produce the desired effect by
some of the investigators, but improvement was sought by other
investigators. The final step in the transformation process was not
rule-based. In the final transformation the contours of
fundamental frequency, f0, first formant frequency, f1, glottal
opening ag, and posterior glottal area ap were adjusted according
to details of each target talker’s copy synthesis contours.
      We confirmed through informal AXB listening tests that
PZ_cs_t1, PZ_cs_t2, PZ_cs_t3, and EC_cs provided increasing
improvement in the imitation of talker EC. [SOUND
0077_02.WAV, 0077_03.WAV, 0077_04.WAV, and
0077_05.WAV]. PZ_cs [SOUND 0077_01.WAV] is also
included here for comparison.
       Formal listening tests were performed with the same AXB
design as the baseline experiments reported in Section 2.1, except
that transformed syntheses were substituted in place of the
natural utterances in the X position. One of these experiments
was done with four listeners and tested the syntheses with all
transformations performed, except for the detailed
transformations of f0, f1, ag, and ap, so that X was either PZ_cs,
EC_cs, PZ_cs_t2, or EC_cs_t2. The other experiment was done
with three listeners and tested the syntheses with all
transformations performed, so that X was either PZ_cs, EC_cs,
PZ__cs_t3, or EC_cs_t3.
      Figures 3 and 4 show the results in a format similar to Figure
1 of the baseline experiments. The copy syntheses, including the
baseline experiment shown in Figure 1, had scores greater than
1.00 with one exception. In that one exception, shown in Figure
4, the transformation synthesis EC_cs_t3 actually did better than
the copy synthesis PZ_cs in being identified with the talker PZ. It
is important to note, however, that EC_cs_t3 was not a
completely rule-based transformation. Note that EC_cs_t3 and
PZ_cs_t3 had a tendency to perform better than EC_cs_t2 and
Pz_cs_t2 with respect to their target copy-syntheses.
     In making the transformed syntheses between the two female
analysis talkers, we generated three transformations in each
direction: from base MB to target CF and from base CF to target
MB. The first transformations, MB_cs_t1 and CF_cs_t1,
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transformed MB_cs and CF_cs, respectively, using all of the
rule-based transformations, except the vocal tract length scaling
based on average F3 and vowel quality, applied to them. The
next transformed syntheses, MB_cs_t2 and CF_cs_t2 had all the
rule-based transformations applied, including vocal tract length
and vowel quality transformations. Again, MB_cs_t3 and
CF_cs_t3 were created from MB_cs_t2 and CF_cs_t2 by copying
into these syntheses the f0, f1, ag, and ap contours according to
the details of each target talker’s copy synthesis contours.

Figure 3: Results from AXB experiments with full
transformations for male talkers, except for detailed f0, f1, ag,

and ap adjustments. PZ_cs is the average score received by talker
PZ when X was the copy-synthetic version of the test sentence
spoken by PZ. EC_cs_t2 is the average score received by talker
PZ when X was EC_cs_t2. Foil_max (foil_min) is the maximum

(minimum) score received by a foil talker when X was either
PZ_cs or EC_cs_t2. Similarly for the right side of the graph.

Figure 4: Results from AXB experiments with full
transformations for male talkers, including detailed f0, f1, ag and

ap adjustments. See legend for Figure 3.

     The AXB listening tests for the females were done for two
different groups of listeners. In one experiment with seven
listeners, the copy syntheses and the rule-based transformations,
CF_cs_t2 and MB_cs_t2, provided the X utterances (Figure 5).
In another experiment with a group of five listeners, the copy
syntheses, MB_cs and CF_cs, and the most thorough
transformations, CF_cs_t3 and MB_cs_t3, provided the X
utterances, similar to the way that the male analysis
transformations were tested (Figure 6). The group of listeners in
the experiment with the more thorough transformations (Figure
6) rated both the copy syntheses and the transformations more
like the target talker than did the listeners in the other experiment
(Figure 5).

Figure 5: See legend for Figure 3.
In fact, the copy syntheses of Figure 6 scored higher than in the
baseline experiments shown in Figure 2. Note also that the target
talker MB barely fared better than one of the foil talkers in being
identified as the talker of CF_cs_t2, and that there was greater
confusion with the foil talkers with the females.

Figure 6: See legend Figure 4.

3. DISCUSSION
The rule-based transformations were at least partially successful
in shifting the identity of one analysis talker to another. The
voice source differences between the males appeared to provide
the largest difference in identity, while it was vocal tract length
and vowel quality for the females. In the case of the males the
extra, non-rule based transformations seemed to provide a
improved transformation over the completely rule-based
transformations, but this was not clearly the case for the females.
This indicates that there is still progress to be made in detecting
salient features for talker imitation, even for short sentences. We
believe that a viable approach to this research has been initiated .
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ABSTRACT

This paper presents an approach to Automatic Language
Identification (ALI) based on a differentiated modeling of vowel
and consonantal systems. The objective is to consider phonetic
and phonological features that are not taken into account in the
standard phonotactical approach. For each language, two
Gaussian Mixture Models (GMM) are trained respectively with
automatically detected vowel and non-vowel segments. Since this
vocalic detection is unsupervised and language independent, no
labeled data are required. GMMs are initialized using a data-
driven variant of the LBG vector quantization algorithm: the
LBG-Rissanen algorithm. Experiments show that this algorithm
behaves efficiently to take the vowel system structure into
account.
With 5 languages from the OGI MLTS corpus and in a close set
identification task, we reach 85 % of correct identification for the
45 second duration utterances, considering the male speakers.

1. INTRODUCTION
Many efforts have been focused on speech technology to provide
reliable and efficient Human-Computer Interfaces. With the
development of the world communication and of our multi-ethnic
societies (European Economic Community…), the demand for
multilingual capacities becomes meaningful. This language
obstacle will remain until Automatic Language Identification
(ALI) systems reach excellent performances and reliability in
order not to be the bottleneck of the overall system.
The standard ALI approach is based on phonotactic
discrimination via specific statistical language modeling [11]. In
most systems, phone recognition is merely considered as a front-
end and not exploited for the language likelihood generation.
This method is efficient since good performances are reached in
11 language identification task. However, a quite long utterance
(45 seconds) is still necessary to identify languages with a good
probability (about 90 % in [11]). Moreover, rather few
improvements have been performed since a couple of years. In
fact, the phonotactical approach may reach its limit and other
methods should be investigated.
The phonotactical method yields a sub-optimal use of the
phonetic and phonological differences among languages though
they carry a substantial part of language identity. Generally
speaking, phonetic modeling is very resource consuming (in term
of time and hand-labeled data).
We propose an alternative approach that necessitates no labeled
data, resulting in an efficient unsupervised modeling. This
approach is based on differentiated phonetic modeling: it consists
in speech utterance segmentation according to phonetic
categories (vowels, voiceless fricatives…) and in separated

model processing convenient with each category. At this
moment, vowel system modeling has been widely investigated,
and a similar consonantal system modeling is proposed as well.
The framework of the proposed approach is settled in the next
section and the differentiated modeling system is also described.
The system implementation is detailed in Section 3. Section 4
deals with the experiments realized with the OGI multi-lingual
telephone speech corpus.

2. DIFFERENTIATED MODELING IN ALI
2.1. Objectives
The main goal of the differentiated modeling is to take phonetic
and phonological features into consideration. We develop this
topology in order to catch structural features about phonological
systems and we first focus on Vowel Systems (VS). This choice
is driven by phonological and acoustic considerations.
From a phonological point of view, languages may be partially
classified in an efficient way according to their VS [10, 8]: the
451 languages of the UPSID database [10] share 307 vowel
systems, including 271 language-specific ones. Thus, even if
phonological vowel system descriptions are not efficient enough
to discriminate among all the languages, they provide a relevant
information that ‘s worth being exploited.
From an acoustic point of view, it is quite obvious that
considering sounds that share the same acoustic structure in an
homogeneous model may be more efficient than merging
heterogeneous sounds in an unique model : taking both voiceless
fricatives and vowels in a single model may result in a less
accurate discrimination among fricatives and among vowels that
processing separated (or differentiated) models. Moreover,
differentiated modeling may enable to take sound specific rules
into consideration (vowel space boundaries, etc.).

2.2. Synopsis of the system
The system consists of two Gaussian Mixture Models (GMM)
that independently process vowel and consonant segments.
The training procedure (see Figure 1) consists in the following
processing:
• The a priori “Forward-Backward Divergence” algorithm [1]

provides long steady and shorter transient segments.
• A speech activity detector is applied to discard pauses.
• A language independent vowel detection locates vowel

nuclei [6].
• A segmental cepstral analysis is performed on each segment.
• Two GMMs per language (on for the Vowel System and the

other for the Consonant System) is computed with the set of
language dependent observations.

Note that, unlike most of acoustico-phonetic decoders, the
cepstral analysis is performed on variable length segments rather
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than on constant duration frames ; a temporal information, the
segment duration is added to the observation vector ; recognition
experiments have previously proved its interest [9].
The same acoustic processing is applied during recognition, and
the language is identified via a maximum likelihood computation
of the utterance according to the language dependent models.

Acoustic Modelling

Vowel Detection

Vowel System
Decision Rule

A priori Segmentation

VS Model - 1

VS Model - 2

VS Model - N

...

Speech Activity Detection

{ai,di,ci}

{ci}

{di}{si}

L*

Signal

Consonant System
Decision Rule

CS Model - 1

CS Model - 2

CS Model - N

...

Statistical
Merging

Figure 1 - Block diagram of the Differentiated Modeling
approach. The upper part represents the acoustic preprocessing

and the lower part the language dependent Vowel and
Consonantal System Modeling.

2.3. Statistical framework
Let L = {L1, L2,…LNL} be the NL languages to identify; the
problem is to find the most likely language L* in the L set.
After the acoustic processing, we obtain for each segment a
concatenation of cepstral features. Let T be the number of
segments in the spoken utterance. O = {o1, o2, …, oT} is a
sequence of observation vectors. Each vector oi consists of a
parameter vector yi and a macro-class flag ci, equal to 1 if the
segment is detected as a vowel, and equal to 0 otherwise. In order
to simplify the formula, we note oi={yi,ci}.
Given the observations O, the most likely language L* according
to the Differentiated Modeling (DM) is defined by the following
equation:
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using Bayes’ theorem and assuming that a priori language
probabilities are identical.

Under the standard GMM assumptions, we assume that each
segment is conditionally independent of each other. The DM
expression is hence changed to:
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since ck is deterministic and considering that PrCS(.|Li) (resp.
PrVS(.|Li)) denoted the likelihood according to the consonant
model (resp. vowel model) in language number i.
According to DM models, the most likely language computed in
the log-likelihood space is given by:
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3. IMPLEMENTATION
3.1. Acoustic Processing
Each segment is represented with a set of 8 Mel-Frequency
Cepstral Coefficients (MFCCs) and 8 delta-MFCCs. The cepstral
analysis is performed using a 256-point Hamming window
centered either on the detected vowel or on the middle of the
consonantal segment. This parameter vector is extended with the
duration of the underlying segment providing a 17 coefficient
vector.
A cepstral subtraction performs both blind removal of the
channel effect and speaker normalization. For each recording
session, the average MFCC vector is computed; it is then
subtracted from each coefficients.

3.2. Vowel and Consonantal System modeling
Vowel System Models (VSM) and Consonant System Models
(CSM) both consist in Gaussian Mixture Models.
Let be X = {x1,x2,…, xN} the training set and Π = {(αi,µi,Σi),
1 ≤ i ≤ Q} the parameter set that defines a mixture of Q p-
dimensional Gaussian laws. The model that maximizes the
overall likelihood of the data is given by:
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where αk is the mixing weight of the kth Gaussian distribution.
The maximum likelihood parameters estimation is performed
using the well-known EM algorithm [3]. This algorithm
presupposes that initial values are given for each gaussian pdf
and that the number of components Q is also known. In our
system, these parameters are fixed using the LBG or the LBG-
Rissanen algorithms (see below).

• Initializing GMM with the LBG algorithm
The LBG algorithm [4] elaborates a partition of the observation
space by performing an iterated clustering of the learning data
into codewords optimized according to the nearest neighbor rule.
The splitting procedure may be stopped either when the data
distortion variation drops under a given threshold or when a
given number of codewords is reached.

• Initializing GMM with the LBG-Rissanen algorithm
The LBG-Rissanen algorithm is similar to the LBG algorithm
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except for the iterated procedure termination. Before splitting,
the criterion J(q) (derived from the Rissanen criterion [7]),
function of the size q of the current codebook is computed from
the expression:

)log(log..2)()( NqpXDqJ q += (5)

In this expression, Dq(X) denotes the log-distortion of the
learning set X according to the current codebook, p the parameter
space dimension and N the cardinal of X.
Minimizing J(q) results in the optimal codebook size according
to the Rissanen information criterion. We use this data driven
algorithm to determinate independently the optimal number of
gaussian pdfs for each language.

• Identification rules
During the identification phase, all the vowels (resp. non vowels)
detected in the utterance are gathered and parameterized. It
results in two sets of vowel and consonantal segments. The
likelihood of each set Y = {y1, y2, …, yN} according to each DM
model Li is given by:
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where PrXS is either PrCS or PrVS, according to the set considered.
The likelihood of each segment is subsequently given by:
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Furthermore, we hypothesize under the Winner Takes All (WTA)
assumption [6]; the expression (7) is then approximated by:
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4. EXPERIMENTS
4.1. Corpus Description
The DM approach is tested with the well-known OGI
Multilingual Telephone Speech corpus. We limit our experiments
to five languages (French, Japanese, Korean, Spanish and
Vietnamese) that have been chosen according to their
phonological vowel systems [10]. Spanish and Japanese vowel
systems are rather elementary (5 vowels) and quasi-identical

while Korean and French systems are more complex, with several
vowels with the same quality. Furthermore, vowel duration is
distinctive in Korean. Vietnamese system is of average
complexity.
The data are divided into two corpora, namely the learning and
the development sets. Each corpus consists in several utterances
(constrained and unconstrained). There is no overlap between the
speakers of each corpus. There are about 20 speakers per
language in the development subset and 50 speakers per language
in the learning one. In our experiments, we don’t take female
speakers into account because of the poor number (less than
20 %). The identification tests are made with a subset of the
development corpus called 45s since this is the mean duration of
the utterances.
4.2. Vowel detection
A part of the OGI MLTS corpus is provided with a broad class
labeling (vowels, fricatives…). According to it, the mean rate of
correctly detected vowels reaches 93,5 %, with an insertion rate
of 10 %. For each language, Figure 2 reports the detected vowels
in a common space derived from MFCC analysis.

4.3. Vowel System Modeling (VSM)
Figure 3 displays the results reached unsing only the VSM: only
vowel segments are considered. It means that less than 15 second
is taken into account for each 45 second utterance.

50

55

60

65

70

75

80

5 20 40 60 80 Rissanen

Figure 3 – Correct identification rates using only vowel segments
and Vowel System models. Plain bars correspond with models

initialized with the LBG algorithm (codebook size is also given).
Dashed bar corresponds with LBG-Rissanen initializing.

With constant size models among the 5 languages, the best result

�����������	 
������� �����	 ����������

Figure 2 - Vowels automatically detected in the learning set of each language.
Segments are displayed in a common space resulting from Principal Component Analysis performed on 8 MFCC vector processing.
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is 67 % of correct identification (with 20 Gaussian components
by model). Using the LBG-Rissanen algorithm to estimate the
optimal language specific codebook size (given in Table 1) is
much efficient since the identification rate is 77 %.
It shows that VS modeling is relevant and that the LBG-Rissanen
approach is able to determinate the convenient topology of the
model in a language specific way.

French Japanese Korean Spanish Vietnamese
Vowel

System
29 24 23 22 21

Consonant
System

22 23 24 26 27

Table 1 – Codebook size given by the LBG-Rissanen algorithm.

4.4. Consonant System Modeling (CSM)
The same kind of experiments have been conduced using only
non vowel segments and CSM. Results (Figure 4) show that the
best identification rate is similar to which obtained with VSM:
the best topology is given by the LBG algorithm and 30 Gaussian
components by model (76 % of correct identification).
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20 40 60 80 Rissanen

Figure 4 – Correct identification rates using only non vowel
segments and Consonant System models. Plain bars correspond

with models initialized with the LBG algorithm (codebook size is
also given). Dashed bar corresponds with LBG-Rissanen

initializing.

The LBG-Rissanen provides less discriminative models than
those of constant size. An explanation lays in the data to model.
Consonant segments are acoustically heterogeneous; it means
that the consonant parameter space is much more complex than
the vowel space and the LBG-Rissanen is unable to deal with it.

4.5. Merging VSM and CSM
A pruning post-processing (that discard the less likely segments
[2] of each utterance) has been applied to VSM and CSM prior
to the statistical merging (equation 3). The results (Table 2) reach
85 % of correct identification using both vowel and non vowel
segments.

Model VSM
(Rissanen)

CSM
(30 codewords)

VSM + CSM
(DM)

Identification
rate

78 % 78 % 85 %

Table 2 – Results of the Differentiated Modeling.

5. CONCLUSION & PERSPECTIVES
This work proves that the  significant part of the language
characterization that is embedded in its vowel system may be
used in ALI. The automatic detection of vowel segments is a
relevant way to take phonetic and phonological features into
account without requiring any labeled data. Moreover,
experiments show that the LBG-Rissanen algorithm is efficient to
model the vowel system structure.
Though the overall identification rate reaches 85 %, it seems that
improvements may be done, especially for the consonantal
system modeling. Splitting consonant segments according to
natural acoustic classes in order to model several homogeneous
systems rather than one heterogeneous one is a quite promising
perspective.
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ABSTRACT
This paper deals with the automatic discrimination of Arabic
dialects. We focus on the relevancy of the vowel system
scattering as a cue for Western vs. Middle-Eastern distinction of
Arabic dialects. The former group indeed is characterized by a
centralized distribution of the short vocalic segments although
the latter favors a peripherical scattering. These two types of
distribution in the acoustic space allowed us to consider this
phonetic criterion as reliable for the discrimination of dialectal
varieties in Arabic.
The experiments are based on an automatic vowel detection
algorithm and a statistical vowel system modeling. Experiments
are performed using utterances recorded from a score of Arabic
speakers of various geographical origin. Results show that
Western dialects and Middle-Eastern dialects may be
discriminated using cepstral features combined with a vowel
duration cue since the rate of correct identification reaches 78 %.

1. INTRODUCTION

Automatic Language Identification (ALI) is one of the main
challenges for the next decade in automatic speech processing.
Today, many efforts have been focused on speech technology to
provide reliable and efficient Human-Computer Interfaces. With
the development of the world communication and of our multi-
ethnic societies (European Economic Community…), the
demand for multilingual capacities becomes a fact. However,
even if good results are reached by the latest systems [11],
performances are still limited by numerous factors, including the
great variability that may exist in one language (French spoken in
France and Quebec for example). In numerous cases, it may be
more efficient to model independently dialects that may be quite
distant. The multilingual Callfriend corpus [4] focus on this
aspect since two dialectal sets are recorded for American English,
Spanish and Mandarin. In this paper, we investigate another
broad geographical area that presents a wide diversity : the
Arabic area. Linguistic characteristics of this language are given
in Section 2. According to several studies, a relevant part of the
dialectal differences concerns the vowel system structure
(Section 3) and we focus on this aspect for the dialectal
identification. Indeed, the implemented system is based on an
automatic detection of vowel present in the speech signal
(Section 4). This algorithm is used to extract vowels from
utterances recorded from two geographical domains : the
Maghreb and the Middle-East areas. Then, a vowel system
modeling is performed (Section 5) in a cepstral space. Automatic
discrimination using this modeling is investigated in Section 6.

2. THE ARABIC LINGUISTIC DOMAIN
The linguistic domain covered by Arabic is widely extended. It
goes from Mauritania at the extreme west to Jordan at the
extreme east. It is yet possible on the basis of some phonetic
criteria to set up a linguistic frontier between western Arabic
dialects and their eastern counterparts [3]. One of these criteria
being the vocalic distribution in the acoustic space.

3. DIALECTAL VOWEL SYSTEM DESCRIPTION AND
DISCRIMINATION

The vocalic system of Arabic is often described as being
composed of 3 short vowels [J, V, B] and 3 long ones [JÖ, VÖ, BÖ].
Nevertheless, several studies show that the dialectal forms of
Arabic attest some other vocalic segments. Maghrebian dialects
for example can be opposed to Middle-Eastern ones in so far as
they lost most of their short vocalic substance. As a matter of
fact, an acoustic analysis conducted over 4 different Arabic
dialects showed that the former group tend to centralize short
vowels in closed syllables although the latter favor a peripherical
distribution [2]. Figure 1 illustrates these two different types of
vocalic scattering and locates the prototypical formantic values
for Modern Standard Arabic (MSA).

 
Western area

 � 
Formantic values for MSA [6]

Figure 1 – Distribution in the acoustic space (F1/F2) of the short
vowels in CVC structure (Maghreb + Middle-East Areas)
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4. AUTOMATIC VOWEL DETECTION
In our experimental platform the acoustic modeling is language
independent, while the phonetic modeling consists in language
specific VSM.
To  locate the vowel segments, two pre-processing are performed
before the parameter are estimated. The “Forward-Backward
Divergence” algorithm provides a relevant segmentation more
adapted than the classical constant duration frame technique. A
Speech Activity Detector flags each segment not to process long
silences, and a vowel detector is in charge with locating vocalic
segments in the utterance. Finally, a cepstral analysis is
performed to generate the inputs of the VSMs.

4.1. A priori Segmentation
The "Forward-Backward Divergence" algorithm [1] provides the
segmentation. A statistical divergence criterion is computed at
each instant t between two AR models θ0 and θ1 estimated on
two different windows. θ0 is estimated on a growing window
[0, t] while θ1 is estimated on a short L duration sliding one [n-t,
n]. The divergence criterion is computed from the cross entropy
between the distributions of θ0 and θ1.
Assuming that these distributions are Gaussian, it can be shown
that the cumulative divergence Wn has a zero conditional drift
under the hypothesis θ = θ0, and a conditional drift equal to the
opposite of the conditional Kullback’s divergence under the
hypothesis θ = θ1. The algorithm is improved applying the Page-
Hinkley rule in order to detect inversion of trend rather than a
simple negative trend.
The actually implemented algorithm is modified by the use of a
backward detection that corrects the possible misses of the
forward computation.

4.2. Vowel Detection
The vowel detection algorithm locates sounds that match a
vocalic structure via a spectral analysis of the signal [10]. It can
be applied in a language and speaker independent way without
any manual adaptation phase. Since it has been formerly
designed to operate with telephone speech, only the 300-3500 Hz
band is considered.
A spectral function (named Reduced Energy Criterion or Rec),
derived from a Mel-scale spectral analysis performed through 24
filter banks, is computed.
Let t be the number of the current frame and Ei(t) the energy of

the tth frame in the ith Mel filter. Let also )(tE be the related

mean of filter energies and E(t) the total energy of the tth frame.
In order to take only voiced sounds into account, let ELF(t) be the
energy in the low frequencies (300 Hz – 1000 Hz) Mel filters.
The criterion is then given by:

( )
+

=
∑ −=
24

1

. )()(
)(

)(
)(

i

ii
LF

tEtE
tE

tE
tRec δ

where δi is equal to one for filters from 300 Hz to 3200 Hz, and
equal to zero for all other frequencies.
Generally speaking, the closer a sound is from a vocalic
structure, the higher the Rec function is. Furthermore Rec peaks
located in segments longer than 15 ms are supposed to
correspond with vowels.
Figure 2 provides an example of detection performed upon an

Arabic utterance. The male speaker says “the wind and the sun
were arguing” in his dialect (Algerian from Wahran). The
phonetic transcription is also given.

-5000

-3000

0

3000

5000

1 2 Time (s)

SS JJÖÖ*Ö*Ö ÍÍ VV TT �� NN 44 LL VVNN OOEE2Ö2Ö CC [[OO 2Ö2Ö

Figure 2 – Example of vowel detection. The speaker says “The
wind and the sun were arguing”. Vertical lines results from the

automatic vowel detection.

5. VOWEL SYSTEM MODELING
Vowels detected in the learning corpus are parameterized via a
cepstral analysis. Then a VSM (that is barely a Gaussian Mixture
Model [9]) is trained with the data corresponding with each
dialectal area. During the identification phase, the likelihood of
the unknown utterance is computed according to each dialect-
specific VSM in order to identify the origin of the speaker.

5.1. Parameter estimation
Each detected vowel segment is represented with a set of 8 Mel-
Frequency Cepstral Coefficients (MFCCs). The cepstral analysis
is performed using a 32 ms Hamming window centered on the
detection peak. This parameter vector may be extended with the
duration of the underlying segment. It results in a 9-coefficient
parameter space. Detected vowels are gathered for each recording
session, providing a set of observations corresponding with the
vowel system of each speaker. Before bringing the observations
of all the speakers of a specific area together, additional
processing is necessary to unify the observation space. It consists
in a cepstral subtraction to operate a speaker normalization. For
each recording session, the average MFCC vector is computed
over all vowels; it is then subtracted from each vowel
coefficients. In the same way, observations of each session are
divided by the corresponding standard deviation. The calculation
of the channel effect over the vowel segments rather than over
the whole utterance does not show any significant differences.

5.2. Learning stage
Let X = {x1,x2,…, xN} be the training set and Π = {(αi,µi,Σi),
1 ≤ i ≤ Q} the parameter set that defines a mixture of Q p-
dimensional Gaussian pdfs. The model that maximizes the
overall likelihood of the data is given by:
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where αk is the mixing weight of the kth Gaussian term.
The maximum likelihood parameters Π* are obtained using the
well-known EM algorithm [5]. This algorithm presupposes that
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the number of components Q and the initial values are given for
each Gaussian pdf. Since these values greatly affect the
performances of the EM algorithm, a Vector Quantization (VQ)
is applied to the training corpus to optimize them.
5.3. VSM initialization
While standard supervised approaches may model each vowel
with one or more Gaussian pdfs, the proposed method models the
whole vowel system as one GMM. The Gaussian functions may
not match the theoretical vowel qualities and the initialization
process becomes obviously crucial since it is not supervised.
The well-known LBG algorithm is used to provide roots for the
EM algorithm:
The LBG algorithm [7] elaborates a partition of the observation
space by performing an iterated clustering of the learning data
into codewords optimized according to the nearest neighbor rule.
The splitting procedure may be stopped either when the variation
of the data distortion drops under a given threshold or when a
given number of codewords is reached. It results in a
multidimensional reference map of the vocalic patterns.
5.4. Identification rules
During the identification phase, all the vowels detected in the
utterance are gathered and parameterized. The likelihood of this
set of segments Y = {y1, y2, …, yN} according to each VSM
(denoted Li) is given by:
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where Pr(yj|Li) denotes the likelihood of each segment that is
given by:
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under the Winner Takes All (WTA) assumption [8].

6. EXPERIMENTS
6.1. Corpus description
Experiments are performed with data from 20 speakers from
various geographical origins. Each speaker has recorded 4
repeats of the French text “La bise et le soleil”, pronounced in
their own dialect. The mean duration of one repeat is about 1
minute. To avoid the subjects to speak in standard Arabic, they
were asked to translate the text from French rather than to read an
Arabic transcription of it.
5 speakers are gathered for each dialectal area (respectively
Maghreb and Middle-East) as training sets (resp. Table 1 and
Table 2). The 10 other speakers are considered for the test (Table
3).
Both training and test procedure involve the four repeats for each
speaker (i.e. 40 tests are performed).

Speaker Id. Country City
B0008 Algerian Wahran
B0009 Moroccan Rabat
B0010 Moroccan Rabat
B0016 Moroccan Casablanca
B0017 Moroccan Casablanca

Table 1 – Speakers of the training set for Maghreb area.

Speaker Id. Country City
B0004 Syrian Alep
B0005 Jordanian Irbid
B0007 Jordanian Irbid
B0020 Lebanese Beirut
B0021 Syrian Alep

Table 2 – Speakers of the training set for Middle-East area.

Speaker Id. Country City
B0011 Algerian Touggourt
B0013 Algerian Jijel
B0022 Moroccan Tetouan
B0024 Moroccan Rabat
B0002 Moroccan Casablanca
B0001 Egyptian Assouan
B0006 Palestinian Hebron
B0023 Syrian Homs
B0025 Palestinian Haifa
B0031 Jordanian Irbid

Table 3 – Speakers of the test set.

6.2. Vowel System discrimination
For each recording, the detected vowels are parameterized
according to the procedure described in section 5.1. Two
experimental conditions are investigated according as the
segment duration is considered or not. For each parameter space
(cepstral space or cepstral + duration space), 4 VSM topologies
are studied, with a number of Gaussian component ranging from
5 to 20. The objective is first to test if an automatic
discrimination between the two areas is possible and secondly,
what model size leads to the best description of the vowel system
of each area since this optimal size may be related to the vowel
system complexity.

• Experiment in a cepstral space
Though the limited number of speakers does not allow to obtain
very significant statistical conclusions, the results show
interesting trends (Figure 3).
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Figure 3 – Correct identification rate for the test set (Maghreb
speakers, Middle-East speakers and mean value) according to the

model size. Parameters are 8 MFCC.

Model size

8 MFCC
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Models with a low number of Gaussian components can not
efficiently discriminate between the two areas: almost all the test
utterances are classified as Maghreb dialect (high Maghreb
identification rate and low Middle-East identification rate). When
the model size increases, this effect disappears, and a mean
identification rate of  70 % is reached (chance is 50 %) for 20
Gaussian components.
It means that a more complex model is necessary to characterize
the vowel system of Middle-East area than the vowel system of
the Maghreb one.

• Experiment in a cepstral + duration space
In a second experiment, the vowel segment duration is taken into
account in a 9 parameter space (8MFCC + Duration). Again,
interested trends arise (Figure 4).
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Figure 4 – Correct identification rate for the test set (Maghreb
speakers, Middle-East speakers and mean value) according to the

model size. Parameters are 8 MFCC + Duration.

Considering low size models, the identification is slightly more
efficient than without taking the duration parameter into account
since the identification rate of Middle East area is close to chance
(while the Maghreb identification score is still high). It means
that there is no more bias that systematically misclassifies the
utterances of the Middle-East area, though its model is not
discriminative enough to reach a good classification.
With more complex models (20 Gaussian components), the
correct discrimination rate increases to a mean value equal to
78 %, and the identification rate of each area are not significantly
different.

7. CONCLUSION
The aim of this study was to assess the relevancy of the vocalic
distribution for the automatic discrimination of Arabic dialects
on the basis of a geographical criterion (i.e. western vs middle-
eastern).
The experiments, though not very significant statistically
speaking, make interesting trends arise. It seems that a more
complex model is necessary to describe correctly the vowel
system of the Middle-East area than to handle with the vowel
system of the Maghreb area. Moreover, the vowel duration seems
to be a feature that is relevant in a discrimination task between
those dialectal areas.
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TESTING VOICE QUALITY PARAMETERS IN SPEAKER RECOGNITION
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ABSTRACT

In this study we examine, if some kind of group features can
be found in voice quality. We have formed two groups of
speakers. Speakers with modal voice form group 1. Group 2 is
formed by speakers with hoarse voice quality. We have tested,
if the speakers, who are smokers, have different voice quality
parameter values than the speakers who do not smoke. It was
found out in this study that jitter and shimmer values do not
give the answer to the question, whether it would be possible
to measure voice quality parameters reliably in forensic cases.

1. INTRODUCTION
While waiting the great ”break-through” in the area of
Forensic phonetics (if ever found!) many different speech
features have to be carefully examined. In this study, we test
some voice quality parameters in order to find out and measure
the existence of inter-speaker variability. It has been shown
that voice quality features and fundamental frequency (F0) can
be robust speech features in forensic phonetics [1]. In spite of
that, for example F0 can vary quite a lot between criminal calls
and suspect’s voice [2]. It is also known that F0 can vary a lot
depending for example on situational and technical reasons
[3]. In forensic speech samples, the speech to be analysed is
usually telephone filtered and the speech samples also differ
from each other both technically and in terms of contents.
Taking these cases into consideration it might be quite useful
to take a closer look to voice quality features. It has been
studied that especially in the case of jitter and shimmer
analysis, regarding to voice quality features the best results can
be achieved when using sustained vowel prolongation [4].
Unfortunately, this principle is not possible in most of the
forensic cases. Due to this we try to find out, if any of the
acoustic voice quality feature measurements are reliable when
different type of speech material is used. We also want to test,
if reliable results can be achieved, when very short sections of
speech material is used [5].

2. SPEAKERS
The number of speakers in this study is 39 (17 men, 22
women). The age range is 25-27 (mean 25.6) years for male
speakers and 25-29 (mean 27.1) years for female speakers.
The speakers have been selected from a larger group of
speakers (11 speakers). As a selection criteria we used the age
of the speakers. We have formed four groups of speakers.
Speakers with modal voice form group 1. Group 2 is formed by
speakers with hoarse voice quality (grouping has been done by
an auditory analysis). We also test with two groups, non-
smokers and smokers, if the smokers have different voice

quality parameter values than the speakers who do not smoke.
In Table 1, the speakers are divided into eight categories
according to their sex, smoking habits and voice quality
(modal and hoarse). Although the number of the speakers is
the same in for example modal voice group and non-smokers,
the individual speakers are not the same in these groups.

Speaker

Groups

1.

Modal

2.

Hoarse

3. Non-

smokers

4.

Smokers

Total

Men 13 4 13 4 17

Women 15 7 15 7 22

Total 28 11 28 11 39
Table 1. Number of speakers in the study divided into four

groups: non-smokers, smokers, modal and hoarse voice quality.

3. HYPOTHESES
Hypotheses of this study are: 1) jitter and shimmer values are
smaller in the groups modal voice and non-smokers than in the
groups hoarse voice quality and smokers, 2) mean F0 value
and its standard deviation is smaller in the groups smokers and
hoarse voice than in the groups non-smokers and modal voice,
3) H/N ratio is better in the groups modal voice and non-
smokers than in the groups hoarse voice and smokers.

4. SPEECH MATERIAL
Used speech material is a read paragraph (approximately 20-
40 seconds) and a read syllable list. This list contains 8
different long vowels in Finnish pronounced after a plosive [V]
(V#Ö, VGÖ, VKÖ, VQÖ, VWÖ, V[Ö, VCÖ, V1Ö) All the speech samples are
linear C-cassette recordings and special attention is paid to the
elimination of background noise. An attempt is made to
simulate an authentic forensic recording session as accurately
as possible both from a technical standpoint and in terms of
sample taking. We used as a cassette recorder type Marantz
PDM 222 XLR, microphone was Sennheiser K6 + ME 66. The
background noise level was tested at a certain time intervals
during the day (from 7.15 a.m. to 6.15 p.m.). The highest noise
level was measured at 00.15 p.m. and it was 34.7 dB. The
lowest noise level was measured at 9.45 am and it was 25.4
dB.

5. METHODS
The methods used are Computerized Speech Lab and Multi-
Speech (Kay Elemetrics). CSL and Multi-Speech use peak
picking algorithm to measure the F0. This is known as a time
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domain technique. The linear recorded speech samples were
digitised with 20 000 Hz sampling rate by CSL. For voicing
statistics analysis (Multi-Speech), the F0 range was set to 80-
300 Hz for women and 50-150 Hz for men. The location of
impulse marks was placed after a strong negative-going peak
(impulse location: negative peak, minimum peak 500 mV).
The voicing parameters that were tested are percent jitter,
shimmer, H/N ratio, mean F0 and its standard deviation. These
parameters were measured for each vowel in the syllable list
and from the reading passage for every speaker. Different
procedures in jitter analysis have been earlier tested by, for
example, Deem & al. [6].

6. RESULTS
6.1. Text Reading and Voice Quality Parameters
Table 2 shows the results for female speakers and Table 3 for
male speakers. Speakers have been divided into four groups,
which are numbered as follows: 1. modal voice, 2. hoarse voice
quality, 3. non-smokers, 4. smokers. The voice quality
parameters have been measured using the read text paragraph
(see section 4).

G N F0

mean

(Hz)

F0

min

(Hz)

F0

max

(Hz)

F0

stdev

(Hz)

ji

mean

(%)

H/N

mean

(dB)

shi

mean

(dB)

1. 15 168.3 155.5 182.8 40.0 7.0 -5.2 1.4

2. 7 170.7 151.9 202.3 39.9 7.4 -5.5 1.5

3. 15 171.6 153.1 202.3 40.9 7.2 -5.6 1.4

4. 7 163.5 151.9 170.4 38.1 7.0 -4.6 1.5

all 22 169.0 151.9 202.3 40.0 7.1 -5.3 1.4

Table 2. Female speakers. Results of voice quality parameter
analysis for different speaker groups (G) in text reading (see

text above for group 1-4 explanations).

G N F0

mean

(Hz)

F0

min

(Hz)

F0

max

(Hz)

F0

stdev

(Hz)

ji

mean

%

H/N

mean

(dB)

shi

mean

(dB)

1. 13 99.3 89.0 112.4 24.1 7.6 -7.2 1.8

2. 4 105.4 98.1 113.4 23.0 7.1 -7.0 1.8

3. 13 100.7 89.0 113.4 23.8 7.6 -7.2 1.8

4. 4 100.5 93.9 107.7 24.0 7.3 -7.5 1.8

all 17 100.7 89.0 113.4 23.8 7.5 -7.2 1.8

Table 3. Male speakers. Results of voice quality parameter
analysis for different speaker groups (G) in text reading (see

text above for group  1-4 explanations).

6.1.1. Fundamental Frequency and its Standard Deviation.
In Table 2, the first two groups - modal and hoarse voice

quality - show the following results. Those speakers, who have
modal voice, have lower mean F0 than those speakers, who are
hoarse (168.3 vs. 170.7 Hz). The F0 standard deviation is
almost the same (40.0 vs. 39.9 Hz). In the groups non-smokers
vs. smokers the results show that mean F0 is 171.6 Hz for non-
smokers and 163.5 Hz for smokers. The difference between
these results is 8.1 Hz. The F0 standard deviation is higher in
the group non-smokers than smokers (40.9 vs. 38.1 Hz). ). Our
hypothesis number two was partly correct: mean F0 value is
smaller in the group smokers than in the group non-smokers.
In addition, the standard deviation value is smaller in the
groups of smokers and hoarse voice than the groups of non-
smokers and modal voice. In Table 3 (male speakers), there is
not much difference between the groups of non-smokers and
smokers. For example, the mean F0 is 100.7 Hz for non-
smokers and 100.5 Hz for smokers. In Table 3 the first two
groups, modal and hoarse voice quality, show that those
speakers who have modal voice, have lower mean F0, but
higher F0 standard deviation value. Our hypothesis number
two was not correct with male speakers:  mean F0 value is
higher in the groups hoarse and smokers than in the groups of
modal voice and non-smokers. However, the standard
deviation value is smaller in the group hoarse voice than modal
voice quality.

6.1.2. Jitter. The results in Tables 2 and 3 show that both for
female and male speakers there are not any real differences in
the results between different speaker groups. It might be
suggested that this parameter is not very powerful in
separating different speaker groups when using connected
speech in speaker recognition tasks. There are, however, some
individual differences. These differences must be dealt with in
another study. According to previous studies, the jitter results
here are very high (from 4.98 to 9.29 percent for female
speakers and from 6.11 to 9.86 percent for male speakers).
These results mean that it might not be very reliable to
measure jitter from a connected speech.

6.1.3. Shimmer. Also for this parameter results in tables 2 and
3 show that both for female and male speakers there is not any
real difference in the results between different speaker groups
for this parameter. The individual variation is also very small.
This suggests that shimmer is not a robust speech parameter in
speaker recognition when connected speech is used.

6.1.4. Harmonics to Noise Ratio. There is a great variation in
this parameter. For female speakers the best H/N ratio is -10.5
dB and the worst value is -1.1. The best value is found from a
speaker, who is a non-smoker and has very good voice quality.
On the other hand, the worst value is found from a speaker
who is a smoker and has very hoarse voice and low mean F0
(151.9 Hz). For male speakers there is not as much variation in
this parameter as there is among female speakers. The best
H/N ratio value for male speakers is -9.9 dB and the worst
value is   -5.7. The best value is found from a speaker, who is
a non-smoker, and has very good voice quality. On the other
hand, the worst value is found from a speaker who is also a
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non-smoker, but who has somewhat hoarse and creaky voice
and mean F0 value just below the average (97.5 Hz). It seems
that this parameter might be used to detect the hoarseness of
the voice quality. It must be remembered, though, that the
differences in the recording situations may affect this
parameter very easily.

6.2. Long vowels, Jitter and Shimmer. The results of jitter
and shimmer analyses of the vowels turned out to be
confusing. First, in every group there is a strong list intonation
shown. That is, the last vowel in the list, vowel [1Ö], tends to
have much more higher mean jitter and shimmer values than
the other vowels. Mean jitter values for different speaker
groups and different vowels range from 2.91 to 12.1 percent.
Mean shimmer values range from 0.13 to 2.56 dB. These
values are far from normal. The reason for this is the short
duration of the vowels. Also the number of the sample points
remains low. These too reasons are related (see Table 4).

FEMALE SPEAKERS MALE SPEAKERS
vowel mean N of

samples
mean
duration (s)

mean N of
samples

mean
duration (s)

#Ö 74 0.37 40.4 0.34

GÖ 68.5 0.38 34.4 0.32

KÖ 64 0.35 32 0.30

QÖ 63 0.36 32.7 0.31

WÖ 63.2 0.34 28.9 0.28

[Ö 62.9 0.35 28.5 0.27

CÖ 60 0.34 31 0.28

1Ö 45.1 0.26 22.9 0.21

Table 4. Number and durations of samples in jitter and
shimmer analyses. The results (mean values) of all 39 speakers

and all 8 vowels are calculated.

7. DISCUSSION
Voice quality  parameters seem to be very difficult to measure
acoustically. The existence of certain voice quality can be
easily heard, but how to measure it reliably? Furthermore,
voice quality consists of many different parameters and it is
difficult to say, which are the most robust ones. Hypotheses of
this study were: 1) jitter, shimmer values are smaller in the
groups modal voice and non-smokers than in the groups hoarse
voice quality and smokers, 2) mean F0 value and its standard
deviation is smaller in the groups smokers and hoarse voice
than in the groups non-smokers and modal voice, 3) H/N ratio
is better in the groups modal voice and non-smokers.
We were not able to show, whether the first hypothesis was
correct or not because of too short vowel samples. This means,
that jitter and shimmer parameters can not be used in forensic
cases, because the number of the samples remains too low.

Hypothesis number 2 was only partly correct: mean F0 value
was smaller in the group smokers than in the group non-
smokers. The standard deviation value was smaller in the
group hoarse voice than modal voice for both female and male
speakers. For female speakers the standard deviation of F0
was smaller in the group smokers than non-smokers.
Hypothesis number three was also partly correct: for female
speakers H/N ratio was better in the group non-smokers than
smokers. For male speakers the H/N ratio was better in the
group modal voice than hoarse voice. It must also kept in mind
that the hoarse speakers in this study are not pathologically
hoarse, their voice is just not modal. There might be an answer
to the fact that the results were so similar between the two
groups of modal and hoarse voice. It is also clear that speakers
at this age do not have very long history in smoking. It is
possible that the smoking habits have not affected the voice
quality at all.
As it was found out in this study, neither jitter nor shimmer,
values give the right answer to the question, whether it would
be possible to measure voice quality parameters reliably in
forensic cases. Of course, different factors can affect the
measurements. As mentioned earlier (6.2.) a strong list
intonation was observed in the vowel list. Technically this
means that the vowels uttered first in the list were longer in
duration, stronger in amplitude and higher in frequency
compared to the last vowels. In addition, the number of sample
points that were used in voicing statistic program was higher
in the former case. Jitter and shimmer results can also be
affected by sound pressure level (SPL), sex and age of the
speaker, phonation type and the quality of the sound.
On the other hand, H/N ratio, F0 and it’s standard deviation
values may be used in forensic phonetics to show the inter-
individual differences as well as group features in speech.

8. FUTURE WORK
The result differences of individual speakers, which were
shown, must be dealt with in another study. It was shown here
that in forensic applications jitter and shimmer measurements
are not reliable, because the length of the samples remains
usually too short. Before making any final conclusions in this
field of study, further research has to be done, maybe with
different technical and/or methodological options.
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Tuija Niemi-Laitinen* , Antti Iivonen*, and Kirsi Harinen*
*Department of Phonetics, University of Helsinki, Finland,

 Crime Laboratory of Finnish National Bureau of Investigation

ABSTRACT
The experiments showed that FFT spectra can be used  for the
expression of the similarity degree between two speakers. The
similarity measure is based on the mean correlation coefficient
(Pearson) obtained in a comparison of spectral data representing
12 phonemes. In all comparisons inter-speaker similarity
appeared to be smaller than intra-speaker similarity.  All
technical devices were kept unchanged in the comparison of
speaker pairs. Smoothed linear spectra and a 45 Hz broad filter
were applied in the FFT analysis. The comparisons made with
stressed syllable data showed more inter-speaker similarity than
the data in which stress was disregarded. Some phonemes
showed more individual character than others. In different
contexts the phonemes showed different similarity degrees. Two
forensic cases will be discussed.

1. INTRODUCTION
Acoustical argumentation in forensic phonetics can be based on
the following properties of speech: voice quality (LTAS, jitter,
shimmer, spectral tilt), voice characteristics (including average,
range, and standard deviation of  fundamental frequency),
prosodic features, transitional features and those of speech
sounds (phones). Individual differences can be found in all these
features. We will concentrate our attention below on the question
of to what extent speaker discrimination can be based on spectral
snaps from temporal mid-points of speech sounds (phones). We
also included plosive bursts in the data. Our point of view is
forensic, and this influenced the decisions made in the research
procedure. Our main interest is in those speakers who sound very
similar.

It can be assumed that a considerable number of the
speaker's individual characteristics are included in sound spectra.
Because sound spectra are physical correlates to phonological
entities (phonemes), it is understandable that spectra of the same
phoneme must be to a certain extent similar in two speakers. The
additional individual difference is interesting for speaker
verification, identification, and discrimination. It would be ideal,
if the similarity in repetitions of the same structure were to
remain great within the same speaker, but it gets lower, when
another speaker produces the same structure. Different types of
speech sounds may include more individual variation than the
rest. We will discuss this aspect taking into account  different
Finnish vowel and consonant types (cf. also [1], [2], [3]).

2. RESEARCH HYPOTHESIS
According to our earlier research [2], the short time FFT-spectra
of phoneme realizations show greater intra-speaker similarity
degrees and greater inter-speaker difference degrees in
repetitions of the same linguistic structures in those cases in
which the voices of two speakers sound very similar. The spectra
were produced on the SoundScope program and processed by our

Spectral Comparison program, created for this special purpose.
Correlation analysis (Pearson) was applied.

The following hypothesis was established: Speaker
specific features are involved in single speech sound
realizations. Under the technical circumstances described
below, intra-speaker variation measured by means of
spectral comparison is smaller than inter-speaker variation,
in spite of the fact that the utterances compared are
linguistically identical and the speakers sound very similar.

Although it can be assumed that in forensic comparisons
deviant sound types occur in some speakers, more frequently
cases occur in which the individual differences in phones are not
clearly observable auditorily. Indiosyncratic differences can
appear more clearly in some specific phones, but these kinds of
idiosyncrasies can also be speaker dependent.

We have paid attention to the question of how the spectra
of phones in Finnish differ in this respect and how stable the
phone dependent differences are within the comparisons of
speaker pairs. On the basis of preliminary experiments, we
concluded  that when the average of correlation coefficients of a
comparison of 12 phoneme realizations is reached, a saturation
level results: the average does not change after adding data.

It is also possible that some parts of the spectrum show
more idiosyncrasies than others. Some of the results are reported
in [2].

3. ANALYSIS METHODS AND OPTIONS
We used the SoundScope speech analysis program (GW
Instruments) and our principal option was the short time FFT
spectrum (snap). On the basis of our earlier evaluation of the
results, we limited the analysis options to the following choices:
sampling rate 22050, pre emphasis (6 dB/octave), 1024 points
within 11025 Hz, limitation to the telephone band (300-3400
Hz), filter 45 Hz, time window 33 ms (Hamming), medium
smoothing (cf. Fig 1), measurement point at temporal mid-point
of the speech sound. A combination of a narrow band filter, a
relatively long time window and smoothing, yields a stable
spectral presentation. In the speech recordings the test
arrangements were kept identical in all speech data pairs. The
single snaps were always taken from the middle portion of a
sound (except the plosives in which the bursts were analyzed).

The digital representations of the single spectra were
imported (copy wave to text) into the Spectral Comparison
program, based on the FutureBasic II programming language.
This program calculates the mean Eigen value differences at
different resolution points (within the selected frequency band),
their standard deviation and the correlation coefficient (Pearson)
between two spectra. It is possible to first calculate an average
spectrum for several single spectra and then to compare two
averaged spectra with each other.
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Figure 1. The vowel [a] in the word anna produced by a male speaker, and displayed with and without spectral smoothing.  The FFT
data points were imported from the SoundScope analysis using the following options: sampling rate 22050, pre emphasis (6 dB/octave),
1024 points within 11025 Hz, filter 45 Hz, time window 33 ms (Hamming), medium smoothing, measurement point at the temporal
mid-point of the speech sound. The data were further processed by the Spectral Comparison program. This procedure was limited to the
telephone band (300-3400 Hz).

Figure 2.  Spectral comparison within the telephone band. The burst phase of the test phone [k] in the word kalamme produced by two
young female speakers MA (thin curve) and TA (thick). The measurement point statistics on the Hz scale are also indicated on the
computer screen: K = mean, kp = mean deviation, r = correlation coefficient (Pearson).

For comparison of two spectra (or two averaged spectra),
the program applies the principle of best fit by averaging all the
differences at the measurement points on the frequency scale and
making one of the two spectra resemble the other by subtracting
the average value from all the values of the other spectrum. The
two spectra to be compared and the statistical values obtained
are plotted on a computer screen.

4. SOURCES OF ERROR
Among other things, the following factors affect the form of the
spectrum of a single speech sound: temporal location of the

measurement point within the speech sound, surrounding speech
sounds (coarticulation), degree of stress, height of fundamental
frequency, location within a single period (in resonant sounds),
voice quality, emotion, random variation,  speech style, type of
analysis option, recording circumstances, and recording devices.
Several single spectra can be gathered at intervals of 10 ms or at
the same pitch synchronous measurement points (single snaps
from different periods, but always at the same location within a
period) to make from these an averaged spectrum, in order to
avoid casual and minute (unimportant) variations [2]. Thus, a
more stable spectral form can be obtained. Without this
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averaging undesired extra variation will result. A stable picture
can also be achieved using a narrow band filter combined with
the smoothing option.

5. MATERIAL SELECTIONS
We have used texts, sentences, and isolated words. A part of our
material consists of authentic forensic data. We have included
phones from stressed and unstressed syllables. In all comparisons
the phones to be compared occurred in the same linguistic
structures. A part of the material has been recorded through a
telephone and another part through a microphone. In all cases,
only the telephone band 300-3400 Hz was taken into account in
the final spectral analysis.

We took into account the statistical frequency of Finnish
phonemes in the sense that the less frequent phonemes were not
included in the data. Note that about a half the phonemes
occurring in spoken texts in Finnish are vowels and the short and
long vowels can occur in all the syllables of a word.

6. COMPARISON OF  SPEAKER PAIRS
Our report concerns the following (non-forensic) spoken
materials and correlation coefficients. In all comparisons the
mean of the correlation coefficients has been calculated from 12
phone pairs.

1) Two male speakers AK and JH (with similar voices and same
dialectal background) produced the same text via telephone. The
texts were recorded on an answering machine (Panasonic EASA-
PHONE).

When the stress position of the phones was disregarded, a
mean correlation r (inter) = 0.66 was obtained.  The intra-speaker
correlation in AK's material was r = 0.82.
2) The same experiment was repeated, but only vowels in
stressed syllables and consonants on the border between  stressed
and a following syllable were regarded. Two sets of 12 phonemes
were analysed.

The mean correlations r (inter; AK & JH) = 0.79 and
0.74 were obtained. (Cf. also Tables 2 and 3.)

The mean correlations for the two intra-speaker
comparisons were (AK & AK) 0.85 and  0.87.
3) One male speaker MN (41 yrs) produced the same text as at
the point 1 text via telephone in December 1995 and repeated it
on October 1998. The time span between the recordings was
about 3 years. Stress position was disregarded. Mean correlation
r (intra) = 0.82.

When the test material was selected as in experiment 2,
equal r values were obtained: 0.81 and 0.82 (cf. Tables 2 and 3).
4) Two sisters (ages 31 and 41 yrs) repeated isolated words.
Mean correlation coefficients r (intra) = 0.94 and r (inter) = 0.74.
The recordings were made using a AKG C567 E microphone
and a Marantz cassette recorder.
5) A pair of identical male twins A and E (27 yrs) read the same
short sentences. Mean correlation coefficients r (intra) = 0.81 and
r (inter) = 0.75. In intra-speaker comparison, the speaker's voice
was breathy in the first recording. The sentences were recorded
directly on a computer hard disk using a high quality
microphone.
6) Two young female speakers MA and TA (19 and 20 yrs) with
a similar South Finnish linguistic background produced the same
text (a recipe for fish food). The test vowels and consonants were
selected from the first (stressed) syllable of the words. The texts
were recorded using a AKG-C-451E microphone on a Revox
A700 recorder and copied on a TEAC W-440-C cassette
recorder. Mean correlation r (inter) = 0.79.

The findings are summarized in Table 1. The table shows
that in all comparisons the hypothesis turned out to be correct (in
spite of voice difference in one intra-speaker comparison (cf.
point 5) and a time span of over two years between the
recordings in another comparison (cf. 3). In comparison Nr 6, the
inter-speaker correlation was 0.79 indicating a high degree of
similarity between the two female speakers.

EXPERIMENT -> 1 2 3 4 5 6
SPEECH

MATERIAL
2 males 2 males 2 sisters identical

male twins
a male speaker

with 2 yrs time span
2 females

intra-correlation 0.82 - 0.94 0.81 0.82 -
inter-correlation 0.62 0.79 & 0.74 0.74 0.75 - 0.79
Table 1. Intra-speaker  and inter-speaker variability expressed as the averages of correlation coefficients of FFT spectral data

representing 12 phonemes.

7. FORENSIC CASES
In forensic applications, technical recording and speaker
behavior (emotion and style) can differ considerably from ideal
test arrangements, and these features can be very different in
criminal and suspect data. Our report includes a case in which a
female suspect confessed to be the person who made an original
false alarm. The technical quality differed in the original false
alarm recording and the recording of the same utterance spoken
by the suspect under police direction. The auditory impression
was that the suspect was the same person as the criminal. Both
speakers had very breathy phonation and no voice disguise could
be detected. The correlation (mean r = 0.40; 12 phone compa-
rison) remains much lower than in the other intra-speaker
comparisons.

In another case (false alarm) the analysis options differed
from those reported above: 10 phones were analyzed, the filter
breadth was 300 Hz, 3 snaps were averaged for every phone

representation. The material produced by a male speaker
included so many repeated words that inter-speaker and intra-
speaker comparison was possible. In this case, the original
spontaneous speech (alarm) and the suspect's read speech were
recorded via telephone by means of the same recording device.
The correlation coefficients 0.83 (inter) and 0.87 (intra-suspect)
were obtained. Because all other speaker characteristics indicated
a high degree of similarity between the speakers, the conclusion
was that they were very probably the same person.

Note that the Finnish telephone net has been totally
digitalized. This technical fact helps reduce spectral variation.

Our conclusion is that the spectral correlation analysis
belongs to the appropriate methods contributing to show the
degree of similarity between two speakers, if the analysis options
are well selected and the recording devices similar.

page 155 ICPhS99          San Francisco

page 155 ICPhS99          San Francisco



8. DEGREE OF SIMILARITY OF PHONES IN
DIFFERENT CONTEXTS

Tables 2 and 3 show the correlation coefficients in three intra-
speaker or inter-speaker comparisons based on a spectral analysis
of two different sets of 12 Finnish phones. Only vowels in
stressed syllables and consonants on the border between a
stressed and a following syllable were included in the
comparisons. Otherwise the environment differed. Only
phonemes occurring frequently in Finnish are considered.

In the intra-speaker comparisons (AK & AK and MN &
MN), the correlation coefficients are mostly very high, but some
phones get lower values. These phones (e, long i, d, and s) all
have high spectral components. The phone m is an exception.
The mean correlations are equal in both comparisons: r = 0.85

and 0.87 (AK) and 0.81 and 0.82 (MN).
The correlation coefficients in the inter-speaker

comparison (AK & JH) were lower for both sets of phones: r =
0.78 and 0.74, but higher than in the experiments in which all
stress positions were allowed (cf. Chapter 6, point 1). Many
comparisons do show high correlation, but on the other hand,
many correlations are much worse than in the intra-speaker
comparisons. The latter cases are interesting for forensic
applications. This group includes short a, long l, short s, k burst.

Coarticulatory effects may explain the fact that some
phones can have a high correlation in the first set of phones, but a
low correlation in the second (cf. nn  r = 0.63 in Table 2 but 0.88
in Table 3).

1
phone & word

2
AK&AK

3
MN&MN

4
AK&JH

a1-sadeajan 0.9299 0.7767 0.6907

aa-vaaran 0.8451 0.8748 0.8651

e-keskim��rin 0.6342 0.8669 0.8162

ii-piilossa 0.9631 0.5071 0.9011

o-kovin 0.9302 0.9572 0.9325

u-useimmiten 0.9050 0.8439 0.9349

y -kykenee 0.8591 0.8418 0.7155

�-t�st� 0.8796 0.9783 0.8886

d-sadeajan 0.9275 0.6874 0.9077

ll-sill� 0.9467 0.8262 0.4001

nn-synnytt�� 0.9084 0.8227 0.6255

s-keskim��rin 0.5288 0.7777 0.7460

mean 0.8546 0.8133 0.7853

Table 2. Correlation coefficients in an intra-speaker and inter-
speaker comparison based on a spectral analysis of 12 Finnish
phones. (1) test phone and word, (2) intra-speaker comparison
(speaker AK), (3) intra-speaker comparison (speaker MN with
about 3 years time span), (4) inter-speaker comparison (speakers
AK and JH).

1
phone & word

2
AK&AK

3
MN&MN

4
AK&JH

a-sarvikuonon 0.9280 0.7687 0.6640

e-selittyy 0.9542 0.9273 0.7293

ii-liikkumaan 0.8760 0.6657 0.8250

o-prosenttia 0.9426 0.9456 0.8917

uu-suunnasta 0.9116 0.9384 0.8788

y-pysyttelee 0.9288 0.8733 0.7189

�1-s�ps�ht�� 0.9300 0.9378 0.8705

nn-suunnasta 0.7330 0.9177 0.8782

s-pysyttelee 0.6040 0.2950 0.4526

r-sarvettoman 0.8773 0.9267 0.8695

k2-kykenee 0.9210 0.9004 0.2600

m-samantapaista 0.9377 0.6849 0.7927

mean 0.8787 0.8151 0.7359

Table 3. Correlation coefficients in an intra-speaker and inter-
speaker comparison based on another set of 12 Finnish phones.
(1) test phone and word, (2) intra-speaker comparison (speaker
AK), (3) intra-speaker comparison (speaker MN with about 3
years time span), (4) inter-speaker comparison (speakers AK and
JH).

9. CONCLUSIONS
Our results show that a correlation analysis of FFT spectra can
be used as a measure of the similarity degree between speakers
who sound very similar. The speech sounds include individual
properties which can be revealed using FFT analysis. The results
were achieved by limiting the analysis band to the telephone
band 300-3400 Hz. The forensic applications appear promising.

If speaking style, speaker's emotional state and recording
devices change  in the criminal and suspect data, the correlation
coefficients worsen.

Some speech sound types show more individual
differences than others and are therefore better candidates for
forensic comparison. The phonemes behave in different ways in
different contexts and hence the forensic value of the contexts
varies. A larger investigation of these aspects will be needed.

ACKNOWLEDGMENTS
We would like to thank Leena Keinaenen for the twin material
and the Crime Laboratory of the Finnish National Bureau of
Investigation for the forensic data.

REFERENCES
[1] Nolan, F. 1983. The Phonetic Bases of Speaker Recognition.
Ð Cambridge University Press.
[2] Iivonen, A., Niemi-Laitinen, T. & Harinen, K. 1998.
Evaluation of similarity degree between speakers on the basis of
short time FFT spectra. Proceedings of the Finnic Phonetics
Symposium August 11-14, 1998, Paernu, Estonia. Linguistica
Uralica, XXXIV/3, 192 Ð198.
[3] Paliwal, K.K. 1983, Effectiveness of different vowel sounds
in automatic speaker identification. Journal of Phonetics, 12,
17Ð21.

page 156 ICPhS99          San Francisco

page 156 ICPhS99          San Francisco



PHONETIC ANALYSIS IN FORENSIC SPEAKER IDENTIFICATION.
AN EXAMPLE OF ROUTINE EXPERT ACTIONS.
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ABSTRACT

Forensic speaker identification is one of the most important tasks
dealt with in forensic phonetics. The usage of acoustic evidence
increases and at the same time grows the necessity for easy-to-
apply and reliable methods. The method should be consistent and
straight and should enable an expert to make identification
decision with clearly determined probability.

This paper is to outline the routine expert actions — the
methods successfully used by expert group of STC over many
years of everyday practice, discussions, studying and teaching.
The description of one recent case serves as an example of a
typical identification procedure.

1. INTRODUCTION
Every laboratory or individual working in the field and making
forensic identification decisions has some approach. Particularly,
in phonetic part of speaker identification an examiner conducts
measurements — qualitative or quantitative — of some linguistic
features. There arose two questions: how to select features and
how to measure them [2, 13, 14]. Individualizing value of a
feature is determined by its intra-speaker and inter-speaker
variability. Measurement is founded upon the existing linguistic
knowledge of a feature’s behaviour in speech and language.
While measuring, an expert uses his/her knowledge of statistics,
of norm and deviation of a chosen feature [11, 14, 15]. But the
most important is the final question of an investigation: do the
voices on records of known and unknown origin belong to the
same individual and what is the probability of a mistake of the
made decision.

In this particular case the experts were given two records of
telephone conversations. One of them contained speech of a
criminal — a terrorist claiming to blow up buildings in town
center, another one contained speech of a suspect chatting with
girls. Starting the investigation, the experts followed the routine
actions as described: choosing parameters and making
measurements. All went well, except one unforeseen and
substantial obstacle — both individuals (speaking Russian)
exhibited a high degree of an accent. It was rather confusing to
measure a parameter and to separate individual features from
accentual ones. All cats are black at night — speech of the
examined individuals were first of all accent-corrupted, it was
one and the only feature which could be seen and which clouded
experts’ judgement. They were native Russian speakers and were
not well acquainted with this accent. The solution came suddenly
and was rather simple. The accent can be analyzed and really was
analyzed academically — there exists the so called ‘language
passport’ compiled by Linguistic Department of Saint-Petersburg
University [1]. So accentual features can be measured according
to the known statistics. It is possible to determine if the speakers
have really (quantitatively) the same nature and degree of accent
in their speech [16, 17]. So the examination (its phonetic and
prosodic parts) was divided: individualizing parameters and
accentual parameters were measured separately.

2. PREPARATORY STAGE
The digital sound recordings of telephone conversations of the
terrorist (unknown voice recording) and the suspect (reference
sample voice recording) were presented for the examination.
Duration of both files was about 23 sec. The experts were asked
the question: whether voice recordings of known and unknown
origin belong to the same person. At the preparatory stage the
experts checked up correctness of the procedual and
organizational sides of the examination and got acquainted with
the circumstances of the case.

The detailed description of the given materials was made.
After listening the sample voice recording was considered
insufficient in quality and quantity and additional materials were
requested.

3. PRELIMINARY INVESTIGATION
All audio material was listened to wholly and divided into the
speech signal under investigation and sound environment. The
speech signal under investigation in the unknown voice recording
and sample voice recording was cut out and saved in separate
files which were considered further as the unknown voice
recording (UVR, duration 72 sec) and sample voice recording
(SVR, duration 86 sec).

Further the quality of a speech signal under investigation
was estimated – aurally and with the means of spectral and
cepstral analyses. The real frequency band was 300-3600 Hz.
The technical and acoustical analysis of hidrances and noise
background in the recordings has shown that their quality does
not require special noise cancellation. Nevertheless, in order to
optimize characteristics for aural perception and formant analysis
accuracy, normalization, spectral equalization, and manual pulse
like interferences removal were carried out.

Then quantitative representativity and sufficiency of the
speech material under investigation for aural, linguistic and
instrumental kinds of the analysis were estimated. Duration and
quality of UVR and SVR were considered sufficient.

The estimation of authenticity of recordings and search for
traces of falsification was not carried out due to the specific
delivery of the materials (Their origin could not be discussed).

For the linguistic part of identification investigation text
decoding of both recordings was prepared.

Presence and intensity of the factors which can potentially
cause distortion of speech signal were estimated. Such factors or
any traces of voise disguise were not revealed.

The quality of the material did not allow to apply integrated
analysis and comparison of the automated system "Dialect" [18]
due to the severe difference of frequency response of UVR and
SVR.

As a result of the preliminary investigation on the basis of
the mentioned conclusions on representativity and comparability
of UVR and SVR it was established that the recordings are
acceptable for the identification examination.
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4. IDENTIFICATION INVESTIGATION OF THE
RECORDINGS.

The set of situational variability factors was revealed – the
factors which greatly influence speech signal of the recordings.
While UVR is a conversation of the terrorist calling to a police
department, SVR represents conversations with people familiar
to the speaker. So the distinctions in style, form of speech
dialogue and in emotional condition were present. Thus,
personality and stylistic kinds of the analysis were limited.
Because of restrictions of the quantity and type of oral speech the
analysis was limited in such subdirections of personality
analysis: anathomical and physiological features, general
physical and mental condition, vocal tract pathologies, social
status, social background, education.

The experts carried out the primary separate analysis of
recordings according to the set of mandatory individualizing
parameters in the following directions: aural, linguistic,
instrumental (parametrical and visual), psychological, social [5,
6, 10]. Some illustrations for the visual examination are given in
Figures 1 and 2.

Figure 1. Examples of dynamic voicograms [7] showing typical
for the examined voices characteristic behaviour of voice melody
in intonationally comparable speech fragments. The coincidence
of main identification specific features such as scope, loci,
boundaries and type of used melodic contour is clearly seen. The
voicogram of the sample voice is at the left, the voicogram of the
unknown voice is at the right. Horizontal axe corresponds to time
in seconds. Vertical axe corresponds to fundamental frequency
(Fo) in Hz. Degree of voice periodicity is be characterized by
shades of gray. The dark contour reflects voice melody in the
time*frequency dimension.

Figure 2. Examples of dynamic spectrograms of the Russian
word /allo/ (‘hello’ in telephone conversation) in the speech of
the known speaker (top) and of the unknown speaker (bottom).
The precise coincidence of formant and rhythmic features in
stressed vowel /a/ and lateral semivowel /l/ is clearly seen.
Horizontal axe corresponds to time in seconds. Vertical axe
corresponds to frequency in Hz.

It was defined for each measured parameter according to the
available measurement methods:
§ value of a parameter according to the available classification

(in numbers, by category or by description),
§ accuracy of measurements (reliability of the received

values) according to speech signal quality, established
manifestation of a parameter and current expert’s
possibilities.
As a result the speech portraits of the speakers under

investigation were made. Further they were compared and degree
of concurrence or difference of recordings in each parameter was
estimated. Analyzing those estimations the partial decision on
identity/difference of the speakers was made taking into account:
§ the received measured numerical and descriptive value of

each parameter;
§ expert’s estimates of known intra-speaker and inter-speaker

variability of parameters values;
§ situational variability of parameters values in the given

circumstances;
§ real accuracy of measurements, that is reliability of the

received parameters values at the given quality of a signal,
given degree of parameter manifestation and available
methods and tools.
Thus, the intermediate synthesizing decision on identity of

the speakers was made with the conclusion that they belong to a
narrow identification group. The reliability of the made decision
on speakers identity was concluded based on the partial
identification decisions and degree of independence of the used
parameters set.

After the careful analysis of available resources the experts
decided to deepen the investigation of the recordings in the
following directions: phonetic and prosodic analyses.
Considering strong accent in speech of the speakers, the task of
parameters estimation by the experts (native Russians) was a
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difficulty. The only possible and quick solution was considered
to divide the analysis into two: the analysis of individual
pronunciation features and the analysis of occurence and
manifestation degree of accentual features. Accentual features
and their statistics were taken from the ‘Passports of
Interference’ of Georgian and Russian [1]. The results of those
analyses can be seen in tables 1 and 2 which are parts of the
actual tables in the examination conclusion.

After the deepened research separate descriptions,
comparative tables of SVR and UVR in each revealed parameter
were compared considering the factors causing distortion and
change of speech signal.

The basic directions of the instrumental analysis were
examination of individual melodical structure and formant
trajectories comparison in the framework of formants equalling
method [8, 9].

The revealed set of individualizing parameters was
considered sufficient for acceptance of the decision on identity of
the speakers oral speech of which was presented in the
recordings.

The possibility of imitation of oral speech on SVR and UVR
was considered null. The experts drew the conclusion on
individual specific identity of the speakers.

Table 1. Typical examples of individual pronunciation features of oral speech

Manifestation degree in
speech

Accentual features In the
sample voice

recording

In the
unknown

voice
recording

Degree of coincidence of
feature manifestation

Vowels
More homogeneous in quality high high high
Stressed vowels
/• / - more open low average low due to different feature

representativity in the
material

/• , a, o, u/ - diphthong /ie, ia, io, iu/ after insufficiently palatalized
consonants

high high high

Unstressed vowels
/i/ - / - / average average high
Unchanged in quality /• / low low high
Unchanged in quality /• / high high high
Consonants
Absence of  /j/ at the beginning of a syllable absence absence high
velar /k, g/ moved to front position average average high
labiodental /v/ - belabial high high high
velar /x/ - uvular average average high
velar /x/ - pharyngeal absence absence high
/ l / - apical or cacuminal not velarized average high low due to different feature

representativity in the
material

palatalized / l / - slightly palatalized apical average average high
palatalized labial /p, b, m, v/ - not palatalized average high low due to different feature

representativity in the
material

palatalized /t, d/ - slightly palatalized, not affricated high high high
palatalized /s, z/ - slightly palatalized absence absence high
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Manifestation degree in
speech

Accentual features In the
sample voice

recording

In the
unknown

voice
recording

Degree of coincidence of
feature manifestation

palatalized fricative /r/ before vowel - slightly palatalized or not
palatalized trill

average average high

/c/ - slightly palatalized average average high
explosion longer than frication in affricates average average high
voiceless explosion in voiced plosives at the beginning of a word low low high
voiceless plosives - glottal absence absence high
…

Table 2. Deviation from Russian pronunciation norm caused by the Georgian language interference

Then the results of the examination were documented, the
conclusions with the description of the applied procedures and
techniques were formulated in the official Conclusion.

5. CONCLUSION
At the present moment the technique of forensic audio
examinations [2, 4, 10] in order to establish speakers’ identity on
the basis of the analysis of a disputable voice recording and a
sample voice recording as it is carried out by expert division of
STC has settled, and it is obviously possible to formulate and
generalize actions undertaken by the expert. STC expert division
successfully uses the given typical procedure of
phonoexamination applying thus both technical potential of
organization and large scientific practice in the field of speech
technologies. Within the framework of the described above
approach more than 130 identification examinations were
executed by the orders of courts, public prosecutors,
investigation and security agencies, law enforcement
departments. In all cases the court recognized job of the experts
satisfactory. The typical routine actions of the expert are made
according to the chart of the standard expert actions and
decision-making principles of forensic speaker identification
[10].
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PERCEPTUAL RECOGNITION OF CELEBRITY VOICES USING RANDOM
SPLICED SPEECH

Ricardo Molina de Figueiredo
State University of Campinas (UNICAMP), Brazil

ABSTRACT
The present paper describes an experiment investigating in the
perceptual recognition of the voices of celebrities. Stimuli of 3.5
seconds in length were presented in the form of random spliced
speech, a masking technique which totally destroys the intelligibility
of speech, while maintaining various factors important for
recognition, such as overall voice quality, F0 level and F0 range. The
results reveal a recognition index well above chance level.

1. INTRODUCTION
Familiar voices are well recognized perceptually, even if the stimulus
is presented in the form of Random Spliced Speech (RSS) [1].
Experiments with familiar voices, however, are rather problematic,
since degree of familiarity is difficult to evaluate. Moreover, the
number of listeners who are thoroughly familiar with a specific voice
is generally limited.

Evaluating familiarity by asking each listener approximately
how many hours per week he had contact with the target speaker, [1]
found a statistically significant negative correlation between the
degree of familiarity and the number of errors. Although this
correlation was to be expected, with greater familiarity linked to
fewer errors, certain doubts remain as to the reliability of self-
evaluation to determine degree of familiarity. Although an attempt
was made to minimize the variation between listeners by forming
groups of colleagues who work with the target speaker, this cannot
guarantee that some other factor such as, for example, degree of
personal involvement (a qualitative dimension not directly reflected
in "number of hours of weekly contact") will not influence
performance.

Another option to ensure familiarity is to use the voices of
celebrities in such perceptual tests of recognition. This offers certain
advantages and avoids some of the problems. First of all, there is no
natural limit as to the number of listeners used in each test, since
huge numbers of individuals regularly hear celebrities on television.
It also seems reasonable to assume that the degree of familiarity
becomes less critical, since a more impersonal relationship between
listener and target speaker can be assumed.

Another advantage involves the possibility of repeating the same
experiment with other groups of listeners who are equally
representative, and equally familiar with the target voice. This is
especially important when it is considered that the performance on
repeated tests of perceptual recognition of voices (whether or not they
are familiar) can be strongly influenced by training. In other words, a
second test with the same target voice presents fewer difficulties for a
listener, which contributes to an undesirable response bias.

In conclusion, the use of the voices of celebrities ameliorates
some of the complications encountered when evaluating voice

recognition, making it possible that a) many more listeners can be
evaluated with a single stimulus tape, b) familiarity with the target
voice can be assumed to be relatively homogeneous for the listeners,
and c) experiments (or variations of them) can be replicated, thus
minimizing the risk of training effects in listener performance.

2.METHODS
The speech of three Brazilian television celebrities (an actor
frequently appearing in popular daily soap operas, a television news
commentator, and the host of a talk show) was taped directly from
the audio outlet of a standard television set and digitalized at 16 Khz,
16 bit ADC. The speech samples were then processed to obtain RSS.
During this procedure, the original speech is cut into 250-ms
segments, and these segments are randomly combined, with adjacent
segments subjected to 10-ms overlapping. The overlapping segments
were then linearly attenuated to zero amplitude to avoid transients,
which might interfere with perception.

Numerous 3.5-second RSS samples were created for each target
speaker, and eight of them were selected. The RSS samples of ten
other speakers were produced in the same way, thus creating test
tapes with 88 randomly ordered stimuli, eight from the target
speaker, and 80 from the other speakers (8 x 10).

The test tape was designed to present each stimulus twice
during a one-second interval, with a four-second interval left after
each stimulus to provide time for listener response. Twenty-eight
listeners (14 men; 14 women) filled out an answer sheet for each of
the voices, indicating whether it was or was not the target voice
(forced answers). The listeners did not know how many times the
target voice would occur on each test tape. Prior to the test itself, all
listeners took a pre-test to ensure that the task was clear, with a
different target voice used to avoid training effects.

The test stimuli were presented through good-quality
commercial headphones in rooms with a very low noise level,
although no special acoustic treatment was considered necessary.
Separate sessions were conducted for each target voice, with
approximately a week between them. Six sample groups of listeners
were formed (n=5, 5, 5, 5, 4, 4) so that each target voice was tested
in each of the possible sequences (3!= 6) to avoid eventual order
effects for specific voices.

3.RESULTS
The performance of the listeners in this type of test can be evaluated
more objectively by comparing it to the number of correct
recognitions expected due to chance. This expectancy index E can be
calculated from the equation E=km/n, where k is the total number of
'yes' answers, m is the number of stimuli of a given target voice, and n
is the total number of stimuli presented for the test. Since m and n
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are constants (8 and 80, respectively, in this experiment), the level of
chance depends only on the number of 'yes' answers, maintaining a
linear relation with E.

Figure 1 illustrates the results obtained. The shaded polygon
reveals the limits of observed correct recognitions as a function of
observed 'yes' answers, while the slanted line shows the number of
correct answers expected E for each number of 'yes' answers. It is
clear that, in all cases, the index of correct recognition is well above
chance level.

In this experiment, only two types of errors were possible: false
acceptance (FA, i.e., erroneous recognition of a stimulus as being the
target voice) and false rejection (FR, i.e., failure to recognize the
target voice). The bar graph in Figure 2 shows the average number of
each of these types of error, together with the expected level for
chance occurrence. Both FA and FR errors are much less frequent
than chance level, which is not surprising, given the fact that the
average index of correct answers is well above chance level.
However, it can be seen that the latter are much less frequent. In
other words, listeners are more likely to accept a non-target voice as
being a target voice than to fail to recognize a target voice.

An analysis of variance (ANOVA) was used to test the influence
of various factors on the weighted index of correct answers (i.e.,
number of correct answers remaining after subtracting the
corresponding expected number of 'yes' answers). The performance of
individual listeners revealed statistically significant variation
(F=9.78; p<0.001), which indicates that some individuals are more
accurate in their perceptions than others. Sex also exerts a significant
effect, with women performing slightly better than men (male = 5.53
hits; female = 6.32 hits; F=17.52; p<0.001). A marginal section effect
was also observed (F=3.92; p = 0.05), indicating an improvement in
performance from the first to the third section, presumably due to
practice (S1=5.52 hits; S2=5.78 hits; S3=6.41 hits). The specific
target voice, however, had no significant effect, i.e., none of the
voices of the celebrities used in this experiment was more frequently
recognized than any other.

4.CONCLUSION
The results obtained here prove that listeners are capable of
recognizing the voices of various celebrities presented in the form of
Random Spliced Speech well above chance level, confirming results
obtained for familiar voices in [1]. The fact that voices can be
recognized in the form of RSS has made this technique potentially
useful in certain forensic situations. By destroying the intelligibility
and possibly some emotional connotations of the content of the
original speech sample, RSS stimuli should minimize certain
subjective aspects involved in the voice identification of witnesses.

Various aspects are left to be explored in relation to perceptual
recognition using RSS, however. One of these is the reaction time of
the listener. The measurement of the time lag between stimulus
presentation and subject response may lead to the development of an
"uncertainty index" and be a step towards the refinement of the
evaluation process of listener responses, possibly leading to the
proposal of an alternative to the dichotomy of forced yes/no tests.

Another aspect involves the response bias in repeated tests. As
[2] have suggested, a simple statistical model cannot account for
repeated perceptual recognition tasks, since such tests cannot be

considered as independent events. In other words, it is difficult to
evaluate whether a listener is recognizing a sample of speech based
on some internal reference, or whether it is being compared to a
previous sample in the test itself, which has been assumed to be that
of the target speaker.

Figure 1. ‘Yes’ answers vs. correct answers. The shaded polygon
limits the area of all correct recognitions. The line shows the chance
level, i.e., the expected number of hits for each number of ‘yes’
answers.

Figure 2. Average number of ‘yes’ answers (Y), correct answers
(CA), false acceptance errors (FA), and false rejection errors (FR).
Black bars are observed values, and gray bars are expected values by
chance alone.
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THE RELATIONSHIP BETWEEN PERCEPTUAL AND PHYSICAL SPACE OF
FRICATIVES

Won Choo
Seijo University, Tokyo 157-8511, JAPAN

ABSTRACT

This study investigates the correlations between perceptual and other process is involved, for example; the distance metric may be
physical spaces of voiceless English fricatives /f 6 s 5 h/, using
Multidimensional scaling (MDS) technique. The spatial
representations were constructed from perceptual similarity
judgments and various spectral distance measures [1]. The results
show that physical configuration based on Euclidean distance
metric produces best prediction of the perceptual data. In both
spaces, 2-dimensional solutions adequately accounted for the data
and fricatives in the map were clearly organised in terms of their
‘place’ and ‘sibilance’ properties. The two dimensions were also
closely correlated to the frequency of the main spectral peak and
the ‘peakiness’ of spectra in their acoustic characterisation. The
close correlation between linguistic characterisations of fricatives
and their perceptual and physical configurations supports a model
of speech perception based mainly on the general physical
characteristics of speech. 

1. INTRODUCTION
This study attempts to investigate the relationships between the
perceptual and physical properties of fricatives and their linguistic
classification.

Traditional approaches to such investigations have been
based on the perceptual testing of acoustic cues hypothesised to be
responsible for each phonetic contrast. Such studies have made
significant progress in understanding the detailed structure of
acoustic signals, but at the same time produce perceptual models
which show great complexity in cue interaction associated with
any contrast. 

Instead, this study concentrates on similarity data, which can
be used to build spatial models of each level of perceptual
processing - acoustic signals, perceptual judgements, and phonetic
contrasts. At each level of representation, a spatial map is used to
indicate the relative location of units on measurement dimensions
where distance is inversely related to the similarity. The phonetic
units are recognised in terms of regions they occupy in such spaces
with respect to the other units. This approach is consistent with
models of speech perception such as the prototype theory,
according to which the correct identification of speech segments
depend on the perceived distances between speech stimuli and a
prototype/region in perceptual space [2].

These similarity-based approaches are justified if there is a
close correspondence between spatial representations at physical,
perceptual, and phonetic levels (after appropriate acoustic metric
analysis), and this provides evidence that the perceptual system
could be operating in a very simple way; matching inputs to
prototypes/regions with a similarity measure based on general

characteristics of the speech signal. Conversely, if there is no
match or poor match between these spaces, this implies that some

inadequate, the primary auditory analysis (input) may be
inappropriate or there may be some top-down processing involved.

Early examples of studies based on such an approach are by
Pols et al. [3] and Klein et al. [4] using vowels. They showed that
Principal Component Analysis applied to outputs of 1/3 octave
bandpass filtering of Dutch vowels leads to a three-dimensional
physical space. These physical dimensions were not arbitrary and
were closely matched to phonetic/articulatory dimensions of
frontness and height as well as the perceptual dimensions revealed
from MDS analysis of similarity judgements.

In this paper, the same principle is applied to illustrate the
possibility of a spatial explanation of consonant perception.
Fricatives are used since they are known to be relatively steady-
state and spectral characteristics are more important than the
transitions. The next section establishes the spatial configurations
of the perceptual similarity data. Section 3 is about multiple
speaker production tests where the physical spaces of fricatives are
estimated using various auditory distance metrics, and a non-linear
time alignment technique [5]. In section 4, the acoustic correlates
of the physical dimensions are identified. A general discussion of
the results and the theoretical implications are given in section 5.

2. PERCEPTION TEST
2.1. Materials and procedures
The stimuli were fricatives /f 6 s 5 h/, read by a female native
speaker of R.P., on a falling tone, followed by /#/. The materials
were recorded in an anechoic room onto a Sony DTC-1000ES
digital audio tape recorder. They were digitised with a 20 kHz
sampling frequency and 16-bit quantization, and transferred onto
computer disk. Fricatives were excised and normalised in their
intensity with respect to the RMS levels.

First, each stimulus was paired with two other stimuli, to
make up a triad, ABC, which was in turn paired to AB AC to help
the short term memory of the listeners. 30 (= 5x4x3/2) triads were
constructed. Half of the stimuli were presented in the order AB AC
while the other half was presented in the order AC AB. These
were recorded back to DAT tapes. There was 0.1 second of
inter-stimulus and inter-stimulus-pair gap and 2 seconds pause
after two pairs were presented. There was a pause of ten seconds
after each block of 5 similarity judgement pairs. After that pause
the listeners were prompted by a tone for the next block.

20 students were paid to listen to the stimuli. All were native
speakers of English, and reported normal speech and hearing.

Similarity data were accumulated such that the pairs selected
to be more similar were assigned scores of 1, and the pairs which
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were not selected scores of 0. In this way, a matrix of data
indexing the perceived relationships among the five stimuli was
obtained for each subject. An example of a subject's similarity
matrix is given below:

f 6 s 5 h
f - 3 2 0 1
6 3 - 1 2 0
s 1 3 - 2 0
5 1 3 2 - 1
h 0 1 2 3 -

Table 1. Similarity matrix for a subject who rated the fricative
pairs.

2.2. Analyses
The similarity matrices obtained from each of the listeners were
typically not symmetrical as in the example above. Thus, the
square matrix option was used in the MDS analysis (pro-ALSCAL
program, SAS Windows version 6). Since more than one
similarity matrix was involved, weighted MDS (WMDS) analysis
was carried out. Results of 3-way, square matrix, interval level
analysis are presented below.

Figure 1. The 2-dimensional interval level solution obtained from
perceptual similarity judgments of the isolated fricatives.

 The badness-of-fit curve and the interpretability of spatial
arrangements suggest that a 2-dimensional solution is most
appropriate to model the data. Subject spaces in WMDS showed
that subjects behaved consistently with no obvious outliers. As a
further indication of stability of the stimulus configurations,
stimulus spaces from two split-halves of subject data were also
compared. The results showed that the MDS solution of one-half
of the sample is similar to that of the other half, which means that
the solution as whole is reliable.

Dimension 1 clearly separates the sibilants /s 5/, from
nonsibilants, /f 6 h/, while dimension 2 places the fricatives
according to their place of constriction. 

3. PHYSICAL ANALYSES
3.1. Materials

In contrast to the perceptual test, this time, five male native
speakers of English in the 20-40 age group recorded the fricatives,
/f 6 s 5 h/, followed by the vowel [#]. They were asked to utter the
syllables twice, clearly and in a falling tone. The recordings were
made in an anechoic room onto a Sony DTC-1000ES digital audio
tape recorder. They were digitised as before.

3.2. Analyses
The physical space is obtained in four main stages. Firstly, the
spectra were processed by a simple 1/3-octave bandpass filtering
to model filter bank analyses in the auditory periphery. The
intensity axis is also transformed into a logarithmic scale, to reflect
the non-linear loudness density pattern in the auditory periphery.
The outcome is an auditory excitation pattern. 32-channel filters
are used for the Euclidean metric analysis, while 64-channel filters
are used for the slope and N2D metrics. 

Next, spectral distances between these auditory excitation
patterns are calculated with three different metrics - Euclidean,
slope, and N2D metrics. The Euclidean metric takes the square
root of the squared differences in the outputs of each filter between
any two compared spectra. Thus, the physical distance between
two spectra S  and S , can be expressed as:1 2

EDM = ( �( S (i) - S (i)) )1 2
2 1/2

This means that the Euclidean metric gives equal weight to peaks
and troughs although spectral peaks are known to have more
perceptual weight than troughs. For a comparison of two excitation
patterns which have the same peak locations but varying slopes of
shoulders around the peaks, the Euclidean metric has been
considered to be unsuitable [6]. As the difference between the
slopes increases, the distance calculated from Euclidean metric
would increase, whereas the perceptual distance would remain
unchanged. This was the result of the perceptual analysis by Klatt
[6], who suggested the slope metric which emphasises the formant
frequency values but is insensitive to relative formant amplitudes,
or to spectral tilt changes. This effect is achieved by taking the
square root of the squared differences of the first differential in the
outputs of each filter. 

The slope distance between two spectra, S  and S , with N1 2

channel filters is given by:

SDM = (� (S' (i) - S' (i) )  )1 2
2 1/2 

where S'  and S'  are the spectral slopes given by the first1 2

difference:

S' (i) = S (i +1) - S (i), for channel number, i = 1, ..., N-11 1 1

The negative second differential metric (N2D) of Assmann &
Summerfield [1] takes this idea further by comparing only the
absolute value of the negative portions in the output spectra. In this
case, spectral properties other than the formants are set to zero.
Thus,

N2DM = (� (S'' (i) - S'' (i) ) )                                   1 2
2 1/2

where 
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S''  (i) = max { - [S  (i - 1) - 2 S  (i) + S  (i + 1) ], 0}), for i = give extra emphasis to the spectral peaks, in order to allow each1 1 1 1

1, ..., N-1 vowel to stand out from the other in the double vowels.

So far, the distance analyses compare a particular spectral section been transformed to MDS dimensions in previous studies. Thus,
of each auditory excitation pattern. However this may not be the results cannot be fully compared. 
accurate since articulation of fricatives also change in time. To In respect to above findings, only the graphic representations
account for the dynamic fluctuation of the fricative signal, and of Euclidean physical spaces are presented in Figure 2. The
differences in the length between the different fricatives and Euclidean space of each speaker has been rotated for optimal
speakers, a non-linear time alignment technique was used [5]. congruence, and the new sets of coordinates are plotted on the
This technique is based on a simple principle of optimisation; it same axes. The variance accounted for, averaged over 10
relies on finding the shortest path between two compared productions, was .958 and .035 for dimensions 1 and 2
segments aligned on a graph. respectively.

Finally, the distances between the aligned auditory spectra
were calculated for each production of each speaker and used for
3-way, triangular matrices, interval level MDS analysis. The
object of this technique is to obtain an optimal spatial
representation of the scaled objects on the basis of analysed
distances. In this way, we determine the minimal number of
physical dimensions required to model the production data with
maximal variance in the data accounted for.

3.3. Results and discussion
2-dimensional solutions were most appropriate for each distance
metric analysis. Canonical coefficients between perceptual and
physical spaces are first reported as an indication of the
perceptual/physical relationship.

Dimensions
Canonical coefficients

Euclidean Slope N2D
metric metric metric

1 0.995 0.596 0.935
2 0.933 0.377 0.175

Table 2. The canonical correlation values for each of the
dimensions between the perceptual and physical data, compared
for the different distance metrics.

It is clear from the above table that only the Euclidean metric
gives high and consistent correlation values. This is contrary to the
expectations that the slope and N2D metrics would give more
accurate predictions of the perceptual data. This result may be
attributed to the specific materials used in designing these metrics
in the previous studies [1,6]. Indeed, Klatt's [6] study used 66
variations of the vowel /a/ each differing subtly in terms of
acoustic properties. Klatt found that pairs of synthesised /a/
vowels which differed in terms of their formant frequencies were
given the highest distance scores on a '10-point scale' of 'phonetic
distance' judgements (as opposed to the 'psychoacoustic distance').
This means that he needed to devise a distance metric which
would emphasize the formant frequencies, whilst ignoring other
spectral variations. However, when the data involve different
vowels with clearly different formant positions in the spectra, it is
possible that the metric may be over-emphasising the differences.
Therefore, the metric may be rather specific to the particular
stimulus type used. Also in the Assmann & Summerfield study
[1], there was concern over how well the pattern-matching
procedure based on different distance metrics predicted the vowel
identifications in the presence of competing voice (simultaneous
double vowels). This means that they may have also needed to

Furthermore, the outputs of the slope and N2D metrics have not

Figure 2. The physical space of English fricatives based on 10
productions by 5 male speakers.

Overall, it is remarkable how closely related the physical
organisation is to their perceptual organisation, This physical map
of fricatives shows that all the fricative regions are distinguished
from one another, and are clearly organised in terms of their 'place'
and 'sibilance' properties as in their perceptual map. There is an
overlapping space between the fricative regions of /f/ and /6/,
which is, to some extent expected, given the proximity of their
perceptual and phonetic properties. In comparison, /f/ and /6/ in
the perceptual space were much more distinct from each other, and
the 'place' property was not clear. If we consider the point
corresponding to the centre of gravity of each fricative region as its
physical prototype, the stimuli in the perception tests may be
regarded as acceptable variants of each prototype.

4. ACOUSTIC CORRELATES
Although the physical dimensions were interpreted in terms of
phonetic properties, the question of whether they may be related to
any concrete acoustic properties of spectra was not investigated. In
particular, there may be many acoustic parameters that correspond
to each physical dimension, or there may be a one-to-one
correspondence between physical and acoustic properties as in
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vowels. For this purpose, the average spectral shape of each be explained in 2-dimensional physical space in which each
fricative type used in the last section is placed in the segment occupies a region. The dimensions of the space
corresponding region of the fricative on the physical map in Figure corresponded to ‘sibilance’ and ‘place’ in conventional phonetic
2. This is shown in Figure 3. terms, and to the frequency of the main spectral peak and the

Figure 3. The average spectrum of each fricative is placed on the to slope and N2D metrics (see section 3.3). 
corresponding region of each fricative on the physical dimension. Note also that the materials used for perceptual and physical

The average spectral shape was obtained in three separate speakers respectively. This means that the spatial representations,
stages. First, the output energy levels of each auditory filter were based on scaled distances between speech sounds, can
averaged across the whole length of each fricative segment. In this automatically account for speaker normalisation effect in different
way, for every individual production, a series of 32 numbers was processing domains.
obtained, representing 32 filter bands. In order to accommodate Overall, these results suggest a unified experimental
the differences in the overall level of the fricative segments, the paradigm in which the development of speech perception models
output levels of the 32 bands were reduced by the mean level of may be investigated in parallel for both vowels and consonant in
that particular production. This process was repeated for each terms of spatial representations based on similarity data.
production of each fricative. These spectra were averaged over the
ten productions spoken by the five different speakers. The
horizontal axis represents the centre frequencies of the 32 filters
in Hz (from 100 to 9000 Hz). The vertical axis represents the
energy levels of each filter in dB (-15 to 25).

It is noticeable that the spectral characteristics of /f/ and /6/
are very similar; in both cases, the spectra are mainly flat. /s/ and
/5/ can be characterised by a single broad-band peak; however, the
low cut-off frequency occurs a little higher for /s/ at around 3600
Hz, than /5/, at 2000 Hz. For /h/, the spectral peaks occur at
around 770 Hz and 2000 Hz, which correspond to the formant
frequencies of the following [#] vowel.

Overall, the physical dimension 1, in Figure 3, may be
related to the 'peakiness' of spectra - the maximum distance to
mean amplitude - while dimension 2 may be related to the centre
of gravity of the spectra.

5.  CONCLUSION
The principal achievement of this research is that studies of
spatial representations on vowels have been successfully
replicated in a set of consonants, and furthermore, that the
findings are congruent with those obtained in vowel studies. The
results have shown that the perception of fricative segments could

‘peakiness’ of spectra in their acoustic characterisation. Therefore,
the study of spatial representations, based on similarity data,
enables us to identify key factors involved in each domain of the
processing, and to demonstrate simple correlation across the
different domains. This result stands in sharp contrast to the
contemporary detailed cue studies in which many different spectral
characteristics seem to be intricately interwoven and often interact
in specifying the perception of any one fricative category. 

Another important finding was that the essential peripheral
auditory processing in the fricative data was adequately modelled
by the auditory transformations used in the vowel data. A
1/3-octave bandpass filter bank analysis and non-linear intensity
scaling were used. In addition, a non-linear time alignment
procedure was employed in order to account for the time-varying
spectral properties in fricatives. This was particularly important as
this technique provides a basis for wider application of the same
auditory analysis procedure in studying other consonants.

Physical distances between fricatives were most accurately
modelled by the simple Euclidean distance metric in comparison

analyses were from different speaker groups; female and male

ACKNOWLEDGEMENTS
Above all, I wish to thank Mark Huckvale who supervised the Ph.D. thesis [7]
on which this paper is based. I am also grateful  to Stuart Rosen and other
members of Wolfson House, University College London, for their help and
advice.

REFERENCES
[1] Assmann, P. F. & Summerfield, Q. (1989) Modelling the perception of
concurrent vowels: Vowels with the same fundamental frequency. Journal of
the Acoustical Society of America 85. 327-338.
[2] Kuhl, P. K. (1995) Mechanisms of developmental change in speech and
language. Proc. ICPhS 95 Stockholm. Vol. 2, 132-139.
[3] Pols, L. C. W., van der Kamp, L. J. Th. & Plomp, R. (1969) Perceptual and
physical space of vowel sounds. Journal of the Acoustical Society of America
46. 456-467.
[4] Klein, W., Plomp, R. & Pols, L. C. W. (1970) Vowel spectra, vowel spaces
and vowel identification. Journal of the Acoustical Society of America 48.
999-1009.
[5] Sakoe, H. & Chiba, S. (1978) Dynamic programming algorithm
optimization for spoken word recognition. IEEE transaction. Acoustics,
Speech, and Signal Processing 26. 43-49.
[6] Klatt, D. H. (1982) Prediction of perceived phonetic distance from
critical-band spectra: a first step. Proc. ICASSP-82: IEEE transaction.
Acoustics, Speech, and Signal Processing . 1278-1281.
[7] Choo, W. (1996) Relationships between phonetic perceptual and auditory
spaces for fricatives. PhD thesis. University of London.

page 166 ICPhS99          San Francisco

page 166 ICPhS99          San Francisco
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ABSTRACT
The nasal consonants /m, n/ are often confused in the presence
of background noise. In addition, these consonants are difficult
to recognize reliably by machine. In this study, the perception of
the place of articulation for nasal consonants in adverse
conditions is examined through a series of perceptual
experiments. The experiments examined the effects of additive
white Gaussian noise (AWGN), and additive speech-shaped
noise on nasal place perception in CV syllables. Results show a
strong vowel-context effect. For example, it appears that the role
of the formant transitions is more critical than that of the
murmur in signaling place for /Ca/ and /Cu/ syllables while both
the murmur and formant transitions appear to be important in
signaling place for /Ci/ syllables. A Hidden Markov Model
(HMM)-based automatic speech recognition (ASR) system was
then constructed to identify the nasals at various signal-to-noise
ratios. Modifications to a standard ASR system were made that
were inspired by the results of the perceptual experiments. The
modifications allowed a greater focus on formant transitions
significantly improving recognition performance in noise.

1.  INTRODUCTION
Although noise is frequently the limiting factor in
communication, most previous studies that examined the
perceptual importance of acoustic cues in signaling phonetic
contrasts have been based on experiments conducted in quiet.
This study focuses on the perception of the place of articulation
for syllable-initial nasal consonants /m, n/ in adverse conditions.
These sounds are typically characterized by an initial segment (a
murmur), which has most of its energy in the low-frequency
region, and by distinct formant transitions into the neighboring
vowel. The place of maximum constriction is at the lips for /m/,
whereas it is at the alveolar ridge for /n/. Hence, the spectral
characteristics of these two sounds, in the murmur region and
formant transitions, are different. In quiet, nasal place of
articulation is thought to be signaled by both the murmur and
formant transitions into the adjacent vowel [3, 4, 7]. The only
study that examined place perception in noise is [6] in which the
perception of place, manner, and voicing of syllable-initial
consonants (including the nasals) were examined. Unfortunately,
the study was limited to the vowel /a/.

We examine the perceptual role of both acoustic features
(murmur and formant transitions) in identifying nasal place
through an extensive series of perceptual experiments. The
experiments examine the effects of additive white Gaussian
noise, and additive speech-shaped noise, on place perception.

The experiments also examine human perception of altered /CV/
syllables, whereby the murmur or the formant transitions are
removed, in the presence of AWGN. An automatic speech
recognition (ASR) system was then constructed to take into
account the results of the perceptual experiments. System
performance was compared to a baseline ASR system.

2. PERCEPTUAL EXPERIMENTS
2.1 Stimuli and Protocol
Stimuli consisted of CV syllables where the consonant was
either /m/ or /n/, and the vowel was  /a/, /i/, or /u/. Eight tokens
of each syllable were recorded by two male and two female
talkers of American English, resulting in a total of 192 syllables.
The sampling rate was 16 kHz and the speech was coded with
16 bits. Perceptual experiments were a combination of
identification and adaptive forced choice tasks, and were
conducted in a sound-isolated chamber. Four healthy-hearing
subjects participated in the experiments.

2.2 Additive Noise Experiments
In these experiments, white Gaussian noise (WGN) or speech
shaped noise (SSN), modeled after the specifications of [1], was
added, digitally, to the speech stimuli. The level of the noise
varied in 5 dB steps. The noisy signals were 150 msec longer
than the speech tokens. The speech tokens were placed 150
msec after the onset of the noise so that artifacts caused by the
sudden onset of noise are avoided. The Signal-to-Noise Ratio
(SNR) was calculated based on the average energy of the speech
signal and the calculation precluded silence in the speech
segments, if any.

2.2.1 Results.  Figures 1 and 2 summarize the results of the
AWGN and SSN experiments, respectively. Notice the strong
vowel-context effect, with /Ca/ being the most robust in the
presence of noise and /Ci/ being the least robust. In the AWGN
case, and at -10 dB SNR, percent correct recognition is above 80
for /Ca/ syllables. For /Ci/ syllables, on the other hand, place
perception is difficult even at a high SNR of 5 dB. We speculate
that /Ca/ is the most robust in noise because formant transitions
are longer than they are in the other syllables. In our database,
/Ca/ transitions were about 50-60 msec long, while they were
about 15-20 msec long for the other syllables. Shorter signals
are more difficult to hear especially in the presence of noise [2].
Spectrograms of the syllables /na/ and /ni/ as spoken by a male
talker   are    shown   in   Figure   3;   note   that   the     formant
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Fig 1. Average percent correct identification for nasal place in
the presence of  additive white Gaussian noise
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Fig 3a. Spectrogram of /na/
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Fig 3. Spectrograms of two syllables
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vowel context entire CV murmur removed transition removed
a -12.5 -10.6 12
u -7.5 -4.8 5.4
i 8.9 N/A N/A

Table 1.The 79% correct threshold in dB for identifying nasal place in AWGN.

clean SNR=15dB SNR=5dB SNR=0dB
MFCC 89 88 67 34

transition-sensitive MFCC 100 95 81 70
Table 2. Recognition accuracy (in percent) for an MFCC front-end and a transition-sensitive MFCC ASR system.

(especially F2) transitions are more pronounced in /na/. In
addition, F2, which carries important place information has the
highest amplitude (relative to F1) in /Ca/ syllables, and the least
in /Ci/ syllables.

The type of noise also affects perception. For example, a
comparison of Figures 1 and 2 reveals that, at the same SNR,
nasals are more difficult to perceive correctly in the presence of
WGN than in the presence of SSN. This could be explained by
the fact that speech-shaped noise is low-pass and as such, high-
frequency spectral cues can contribute to place perception if
these cues are not masked by noise. This is especially true for
/Ci/ syllables since F2 in this case is high (above 2000 Hz). The
results clearly imply that the study of Miller and Nicely [6] does
not generalize to all vowel contexts and to different noise
shapes.

2.3 Examining the Role of the Murmur and Formant Transitions in
Noise
To better quantify the role of the murmur and formant
transitions on nasal perception, the following experiment was
undertaken. Subjects were asked to identify nasal consonants in
three different types of speech tokens: (1) CV syllables; (2) CV
syllables without the murmur, and (3) CV syllables with 150
msec of the formant transition in the following vowels removed.
The speech tokens were then added to WGN and presented to
listeners. An adaptive procedure based on the transformed up-
down method by [5] was implemented. A correct response
results in a reduction in threshold and an incorrect response
results in a threshold increase. The convergence of the threshold
occurs when there are 79 % correct responses.

2.3.1 Results. Table 1 illustrates experimental results. A
threshold increase implies that the sound can be identified
reliably only if the additive noise is lower than it is for the
baseline case. For /Ca/ and /Cu/, removing the nasal murmur
raises the threshold by about 2-3 dB, while removing the
transition results in raising the threshold by about 24 dB for /Ca/
and 12 dB for /u/. Thresholds could not be found (procedure did
not converge) for /Ci/ syllables when either the murmur or the
formant transition was removed. These results clearly indicate
that, in the presence of AWGN, formant transitions seem to play
a critical role in identifying place for /Ca/ and /Cu/ syllables. In
/Ci/ syllables, since the formant transitions are short and the
amplitudes of F2 are relatively weak, the existence of both the
murmur and the formant transitions is important for identifying

place.
 3. RECOGNITION EXPERIMENTS

3.1 ASR System
A Hidden Markov Model (HMM)-based automatic speech
recognition (ASR) system was constructed; the task was to
identify the nasal in the syllables as the signal-to-noise ratio
varied. Training was done with half of the tokens, and testing
was done with the other half. Training only used clean tokens,
while testing included both clean and noisy signals (generated
by adding digitally noise to the speech tokens). Inspired by the
results of the perceptual experiments, modifications to a
baseline ASR system were made. The modifications allowed the
front end to place a larger weight on formant transition regions
by tracking differences in the energy coefficients and in the
MFCC amplitudes in successive short frames of the speech
signal. If these differences are large, then more frames are
analyzed in that segment. This is in contrast with the way ASR
systems typically analyze speech, whereby frames are uniformly-
sampled in time. In addition, our method enhances the position
of spectral peaks in each frame by employing a technique
described in [8]. Both the Mel-Frequency Cepstral Coefficients
(MFCCs), and their first and second derivatives (deltas and
delta deltas) were used in the evaluations.

3.2 Results
Table 2 summarizes recognition results for the /CV/ syllables as
the SNR varies for both our system (transition-sensitive
MFCCs) and that of the commonly-used MFCC front-end.
Notice the significant improvement in recognition accuracy of
our system, especially at low SNRs.

4. SUMMARY AND CONCLUSION
In this paper, we investigated the perception of place of
articulation for the nasal consonants /m, n/ in adverse conditions
which included AWGN, and additive speech-shaped noise. In
addition, identification thresholds for the two consonants in
AWGN were measured using an adaptive procedure. These
thresholds were measured for the entire syllable, and for the
syllable with either the murmur or formant transitions removed.
Results show a strong vowel-context effect. For example, for
/Ca/ and /Cu/ syllables, the formant transitions seem to play a
bigger role in place identification (in the presence of additive
noise) than the murmur. For /Ci/, both the murmur and the
formant transitions appear to play an important role in
identifying place. To investigate whether or not placing a larger
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emphasis on formant transitions would improve machine
recognition performance, a recognition system was constructed
which was sensitive to dynamic changes of the signal over short
periods of time. The system had better performance than a
baseline ASR system especially at low SNRs..
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LANDMARKS AND THE PERCEPTION OF MANNER
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ABSTRACT
This study investigates the role of landmarks – acoustically
abrupt discontinuities associated with consonants – in the
perception of manner contrasts in English, within the context of
the question whether the segment, and not the diphone, is a unit
of speech perception. The landmarks investigated are the burst,
onset of frication (prevocalically) and vowel offset region
(postvocalically). The manner contrasts investigated are stops vs.
fricatives, and fricatives vs. affricates. The results of the
experiment indicate some role for these landmarks in the
perception of consonantal continuancy, but only for
postalveolars, where landmark effects interact with voicing and
syllable position.

1. INTRODUCTION
Speech perception arguably makes use of information from
several different levels (e.g. phonetic/phonological, lexical and
contextual), but our ability to correctly perceive nonsense words
or new words seems to require an explanation in terms of our
phonetic/phonological abilities alone (as supposed by e.g. Nearey
[1]). The mechanism of speech perception that is reflected in
these abilities has been argued to make crucial use of the unit of
the segment [1, 2], where the segment is viewed as a tight
temporal coordination of gestures and resulting acoustic events.
But the idea that the segment is important in speech perception
seems at least superficially to be challenged by the findings of
Ghitza [3] which suggest that the diphone, not the segment, is a
unit of speech perception, at least for certain features like
voicing, nasality, place of articulation and continuancy.

The purpose of the study reported here is to reevaluate the
apparent counterevidence against the segment as a unit of speech
perception, by investigating an alternative explanation: that the
identification of the features mentioned needs information not
from the whole diphone, but really from “landmarks” in the
signal, i.e. acoustically abrupt discontinuities which are typically
found at the ‘boundaries’ of consonantal segments, as pursued in
various work on landmarks [4, 5, 6, 7, 8, 9] and related ideas [10,
11].

The experiment discussed in this paper investigates the
possible role of such landmarks in the perception of English
manner contrasts between fricatives and stops and between
fricatives and affricates. The experiment adopts a version of the
“tile” technique used by Ghitza [3] which replaces consonantal
portions of naturally recorded syllables with various portions
from featurally contrasting segments, and tests which portions of
the signal listeners use in making featural judgments. The results
of the experiment indicate that the landmarks studied here (burst,
onset of frication, vowel offset region) probably play some role
in how listeners perceive differences between stops, fricatives
and affricates. In comparison to Ghitza’s results for the diphone,
the landmark effects found here may be similar in size. Any
landmark effect in the data, however, interacts substantially and

in complicated ways with other aspects of the signal which relate
to concomitant values for voicing, place and syllable position, as
well as other sources of information about continuancy that
listeners may use in addition to the landmarks studied.

2. METHODS
2.1. Stimuli
The stimuli were baseline and altered versions of recorded CV
and VC syllable utterances, using the vowel [a] and all English
oral stops, affricates and fricatives. In sum, the altered stimuli
involved the exchange, between members of a stop/affricate and
fricative stimulus pair, of a time-frequency portion of the signal
(a “tile”), which variously included or did not include a landmark
(which was prevocalically, the stop burst or onset of frication,
and postvocalically, the vowel offset).

The process for creating the stimuli was as follows. The
thirty syllables recorded were each CV or VC in shape, with the
vowel [a] plus one of the set of English stops, affricates and
fricatives. The syllables were produced by a male native speaker
of American English. The speaker read all the syllables as
isolated utterances three times in random order at a normal
speaking rate with approximately similar falling intonation. The
syllables were recorded on tape in a soundproof booth, and
digitized at a 16 Hz sampling rate. One token of each syllable
was selected based on how representative a token they seemed (if
the syllables sounded natural in terms of the durations of the
vowel and consonant, and if the consonantal articulation did not
sound too deliberate or forced), and how closely their intonation
contour matched that of another token of the opposite value for
continuancy which they would be paired with and have tiles
exchanged with.

The recorded syllables were then labelled for their
landmarks. The landmarks used were the stop burst for a
prevocalic stop or affricate, and the onset of frication above 1000
Hz for a prevocalic fricative. For the VC stimuli, the landmark
used was the offset of the vowel. In Liu’s speech recognition
work [7, 8], these landmarks are classified as “abrupt-consonantal
landmarks”, being closures or releases of acoustically abrupt
constrictions for a consonant articulation. The landmarks used are
all also “outer” abrupt-consonantal landmarks as Liu defines
these, since they are landmarks which occur on one side of a
constriction (but not during it). Such landmarks seem worthwhile
investigating for their possible role in human speech perception
since in Liu’s computer speech-recognition system, the success
rate for detecting these landmarks was between 95% and 100%.

The selected syllable tokens were then low-, band- and hi-
pass filtered as the first stage in the creation of time-frequency
tiles. The low-pass filtering upper cut-off was 1000 Hz. The
bandpass filter lower cut-off was 1000 Hz and the upper cut-off
was 2500 Hz. The hi-pass filter lower cut-off was 2500 Hz and
the upper cut-off was 8000 Hz. These filtering cut-off points
match those used in Ghitza’s study [3], where these cut-offs were
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chosen for two reasons. The first is the probable difference in
human auditory system response below about 1000 Hz as
opposed to above it (owing to differences in neural discharge
patterns between high CF and low CF fibers in cat data [12, 13]).
The second is the known usefulness of the second formant
movements in speech perception, where 1000-2500 Hz can be
taken as the range of the second formant [14].

The filtered output of each token was copied and cut in two
along the time axis. Two kinds of cuts were made, one to each
copy of the filtered token. One cut divided each file into two with
a cut placed 25 ms before the landmark. The other cut divided a
file into two with a cut placed 25 ms before the landmark.

The result of copying filtered files and then cutting them
was to divide each syllable token into six time-frequency “tiles”.
For each syllable token, there were two versions of it, after
filtering and cutting: in one version, the three initial tiles (0-1
kHz, 1-2.5 kHz, 2.5-8 kHz) included the landmark, and the three
final tiles (0-1 kHz, 1-2.5 kHz, 2.5-8 kHz) did not. In the other
version, the three initial tiles included the landmark but the three
final tiles didn’t. These divisions of the files into time-frequency
tiles allowed for the stimulus manipulations to include or not
include a landmark, depending on the tile(s) exchanged between
a continuant/noncontinuant stimulus pair (e.g. [ba], [va]).

The tiles were added together in various combinations to
allow for testing the effect of landmark inclusion on continuancy
perception. One combination simply recomposed an original
syllable file, and was close to identical to the original recorded
syllable except in having slightly higher amplitude and in having
some white noise added to it. This combination is referred to as
the “baseline stimulus”, and was used in training as the listener’s
standard for the ‘normal’ version of the stimulus.

The second combination type always differed from the
baseline version in having at least one tile from the other stimulus
in its continuant-noncontinuant pair (e.g. [ba] and [va] exchanged
tiles). Exchanged tiles were always from the basically
consonantal time interval (i.e. from the initial three tiles from a
CV syllable or the final three tiles from a VC syllable). Six
different exchanges were done, resulting in a total twelve non-
baseline stimuli for the two syllables which contrasted in
continuancy alone. Three exchanges swapped consonant tiles that
included a landmark, and three exchanges swapped consonant
tiles that did not include a landmark. The three exchanges in each
case were of (1) the high-frequency tile, (2) the mid-frequency
tile, and (3) both the high- and mid-frequency tiles. No exchanges
were done with the lowest frequency tile (0-1 kHz) since Ghitza’s
results indicated that continuancy information was located in the
higher frequency regions above 1 kHz.

Low-level white noise was added to all the final stimuli, in
order both to cover up any minor artefacts in the stimuli resulting
from the recomposition of the tiles, and to make the task a little
harder for the listeners so that they would be forced to attend
carefully to the stimuli.

2.2. Subjects and procedures
Seventeen University of Massachusetts undergraduates (thirteen
females, four males) who were native speakers of American
English with no formal phonetic training, participated in the
experiment for extra course credit. They had no known history of
either speech or hearing disorders. The stimuli were presented

binaurally through headphones and the subjects could adjust the
level for comfort.

There were eight blocks of trials (four for the CVs, four for
the VCs). Each block involved a different pair of the eight pairs
of stimuli contrasting for continuancy. Each trial presented one
token, and subjects categorized it as either stop/affricate or
fricative. The subjects responded by pushing buttons marked with
cards which had the two categorization choices written on them.
To overcome ambiguities of the spelling system, in particular for
the interdental fricatives and the palatoalveolar affricates and
fricatives, subjects were asked before each block to repeat the
stimulus sounds to ensure that they were aware of the difference
within each pair of sounds.

For each contrasting pair, subjects had one block of seventy
trials. Each block included fourteen different stimuli (two
baseline stimuli, and twelve altered stimuli), so there were five
tokens of each stimuli per block, in randomized order. Each block
of seventy trials was preceded by ten practice trials which were
not scored, and which only included the baseline stimuli.
Subjects each came for two two-hour sessions, with rest breaks.

3. RESULTS AND DISCUSSION
3.1. Analysis and results
The response data were analyzed by constructing multinomial
logit models of the effects of the stimulus manipulations on [+/-
continuant] response likelihoods. The data from all seventeen
listeners and all stimulus pairs were pooled in constructing these
models. This is the right approach for assessing the
(in)dependence of categorical predictors on a categorical
response variable. The response variable had two values:
stop/affricate judgment, or fricative judgment. The stimulus
variables investigated were: place of articulation (labial, dental,
alveolar, or postalveolar), position (onset or coda), and voice
(voiced or voiceless). The manipulation variables were: landmark
(whether the tile exchanged included a landmark, or didn’t, or if
instead the stimulus was a baseline one), and tile (exchange of
high frequency tile, mid frequency tile, both high and mid
frequency tiles, or no tile exchange at all).

The simplest model that comes close to fitting the data (see
discussion on this below) includes main effects for all the
stimulus and manipulation factors, plus all two-way interactions
between those factors, plus the following three-way interactions:
place*voice*position, place*position*landmark,
place*position*tile, and place*voice*landmark.

This model is chosen on the basis of two criteria: its p-value
(0.0761, i.e. > 0.05), and the fact that it fits the data better than
the minimally simpler model also tested. The model chosen (Mc)
should strictly have a statistically significant better fit to the data
than the minimally simpler model (Ms). Ms is “minimally
simpler” in that it differs from Mc only in the absence of the most
recently added term or interaction in the model. A statistically
significant better fit is defined as one where the difference in
likelihood ration (G2) values (for Mc – Ms) for the difference in
degrees of freedom between the two models is significant at
p=0.05. (See Fienberg [15] for further discussion of this
approach.) For the model actually chosen here, the difference in
G2 values is 6 (i.e. 68.7 – 62.7), for a change of 3 degrees of
freedom. This is close to, but falls slightly under, the required
chi-square value of 7.815 for significance at the 0.05 level.
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The model served to show what (interactions of) stimulus
and manipulation effects should be examined, as laid out in the
crosstabulations done for the four three-way interactions in the
model chosen. These interactions are discussed in detail in what
follows, for the interaction of stimulus variables with the
manipulations and what these may indicate about the extent to
which landmarks play a role in the perception of continuancy.

3.2. Discussion
Overall, the patterns of the four three-way interactions in the
model chosen indicate if the landmarks studied in this experiment
play a role in continuancy perception, that role probably depends
on the consonant’s place of articulation and the nature of its
continuancy (i.e. whether an affricate at that place is consistent
with the English phonological inventory), and probably interacts
with the use that listeners make of other information about these
continuancy contrasts, such as the presence vs. absence of an
interval of frication, the presence vs. absence of a silent interval,
and the presence vs. absence of low-frequency voicing during a
voiced fricative or affricate.

Manipulation with or without landmark in this experiment
results in more [+continuant] judgments in coda position for
labial, dental and alveolar place of articulation, and more [-
continuant] judgments at postalveolar place in both coda and
onset position, as shown in figure 1 [IMAGE 0435a.GIF].

Note that in Figure 1 (and in subsequent figures), the
vertical axis displays a measure of the difference in judgments
due to manipulation (i.e. the judgments for altered stimuli with a
tile exchange, with or without a landmark, as opposed to baseline
stimuli). The measure graphed is the percentage of [-continuant]
judgments given to the altered stimuli minus the percentage of [-
continuant] judgments given to the baseline stimuli. The values
are positive if altered stimuli were more often judged as [-
continuant] than the baseline stimuli were, and negative if the
altered stimuli were more often judged as [+continuant] than the
baseline stimuli were. The value is around zero (the baseline) if
altered stimuli were not overall judged differently from the
baseline stimuli. If manipulation had no effect on perception, the
plots should all be a horizontal line along the baseline.

An interpretation that can be given to the pattern in Figure 1
is that the increase in [+continuant] judgments at labial, dental
and alveolar places in coda position but not postalveolar place
may be because if any frication is present in a stimulus with
labial, dental or alveolar place, a native English listener decides
that it must be a fricative. But postalveolar stimuli may be judged
as either [+continuant] or [-continuant] when frication is present,
since the decision is between a fricative and an affricate for a
postalveolar, not between fricative and stop. The details of how
much frication was included in the altered coda stimuli are
relevant for explaining why for the labials, dentals and alveolars,
any manipulation in coda position resulted in more fricative
judgments than when there was no manipulation. The altered
coda stimuli all necessarily included some frication over at least
one frequency band, for the duration of a full coda fricative (if
landmark was included) or the duration of a coda fricative minus
25 ms (if no landmark was included). In onset position, on the
other hand, altered stimuli did not always include frication, and if
they did, under the inclusion of a landmark, this frication was
much shorter (only 25 ms). The difference in the length of
frication in altered stimuli in onset vs. coda position is due to an

inherent asymmetry in the design in that the consistent choice
made across onset and coda position that the landmark should be
the first strongly audible noise in the consonant. This meant
unavoidably that a onset tile that came from a fricative included
only 25 ms of frication or none at all, whereas any coda tile that
included frication included almost all, or all, of the fricative.

Support for the idea that the manipulation that switches
judgments to [+continuant] for labial, dental and alveolar places
is not due to the landmark can be seen in Figure 2, which graphs
the place*voice*landmark interaction [IMAGE 0435b.GIF].
Figure 2 shows that at labial, dental and alveolar places, the
inclusion/exclusion of a landmark has no effect on continuancy
judgments. What we do see is that voiceless stimuli at these
places are more often judged as [+continuant] than the voiced
ones are. Figure 2 also shows that there is an effect of landmark
manipulation at postalveolar place: the voiceless postalveolars
are more often judged as affricates when a landmark is included.

A possible reason for why, among the labials, dentals and
alveolars, it’s the voiceless stimuli that are judged more
frequently as [+continuant] is that perhaps the voiceless frication
introduced under any manipulation with these stimuli is more
salient to the listener than voiced frication. The reason for this
could lie in the idea that voiceless frication is more noisy. And if
voiceless frication is more salient than voiced frication this may
be part of why crosslinguistically in inventories, fricatives are
typically voiceless with the exception of bilabials and dental
nonsibilants [16].

The increase in [-continuant] judgments for voiceless
postalveolars in manipulations where landmark is included, seen
in Figure 2, represents the first indication in the data that the
landmarks studied here play a role in the perception of whether a
segment is continuant or noncontinuant. What this pattern
suggests is that the effect of the inclusion of a landmark on
continuancy perception depends for a postalveolar on whether it
is voiced or voiceless. A possible explanation for why the
inclusion of a landmark results in more affricate judgments only
if the postalveolar is voiceless may relate to a role for rise time in
the perception of this affricate/fricative contrast (though this
possible role is under debate in relevant work [17, 18, 19]. The
idea would be that for a voiceless postalveolar, the inclusion of a
burst will make the rise time more abrupt, leading to an increase
in [-continuant] judgments. The presence of low-frequency
energy in the voiced postalveolar, on the other hand, may
undermine the effect that the introduction of a burst can bring in
the way of a more abrupt rise time.

The ability of landmark manipulation to increase [-
continuant] judgments for voiceless postalveolars is essentially
restricted to onset position, as seen in Figure 3 [IMAGE
0435c.GIF]. This raises two questions: why is the change in
judgments in the direction of more [-continuant] judgments, and
why is this change only happening for onset position?

The reason why the change in judgments is towards more
affricate not fricative judgments under landmark manipulation in
onset may be that the inclusion of a frication duration will not
disambiguate a segment between whether it’s a fricative or an
affricate, whereas the inclusion of a burst will (since fricatives
don’t have a burst).

Explaining why landmark manipulation affects judgments
basically only in onset position is harder: perhaps a burst is a
better indicator of a [-continuant] value than an abrupt vowel
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offset is. However, another area of difference between the two
conditions lies in what other indicators are present in onset vs.
coda position about the continuancy value. It may be that the
advantage that onset has here over coda position is in part due to
the additional use that listeners may make of the information
about whether or not there is a silent interval in a postalveolar in
VC position [18]. If a silent interval is not included – and
included across a full 1-8 kHz range – a listener may have extra
reason for not calling the stimulus an affricate, even if it does
have an abrupt vowel offset. This idea is supported by the data
displayed in Figures 4 (IMAGE 0435d.GIF) and 5 (IMAGE
0435e.GIF), where postalveolars in coda need both high and mid
tiles from the affricate in order to be perceived as an affricate,
whereas in onset position, postalveolars are perceived as an
affricate if they have just a high tile from an affricate (although
the effect is doubly as strong if they have both high and mid tiles
from an affricate).

4. CONCLUSION
The experiment discussed here investigated whether certain
landmarks (burst and onset of frication prevocalically, and vowel
offset postvocalically) play a role in how English listeners, at
least, perceive consonantal continuancy contrasts. The results of
the experiment indicate that there is no simple, single role for
these landmarks in continuancy perception; instead, where these
landmarks play any role, they interact with other factors of
voicing and position. In the data reported on here, landmark
manipulation using tile exchanges affected continuancy
perception only for voiceless postalveolars, mostly in onset
position. A number of possible explanations underlying this
result were discussed, including the incompatibility of frication at
labial, dental and alveolar places with anything other than a
[+continuant] judgment as opposed to the compatibility of
frication with a [-continuant] judgment for postalveolars, the
possible role for rise time in the perception of affricate/fricative
contrast, the possible use of information in the signal in addition
to the vowel offset landmark in coda position, the greater use that
listeners may make of the burst than the vowel offset region in
the perception of continuancy contrasts.

As for the question of whether we can attribute the diphone
effect that Ghitza observed to the role of landmarks, and thereby
preserve the idea that the segment is the unit of speech
perception, it is difficult to compare the results of this experiment
to Ghitza’s findings. The stimuli used in Ghitza’s study are not
balanced for place of articulation in the same way as they are in
this experiment (e.g. Ghitza’s stimuli included no alveolars), and
there is no report in Ghitza’s paper of how manner perception
varied by stimulus place. There are also manipulation differences
which are hard to evaluate (e.g. the landmark manipulation for
fricatives in onset exchanged only the first 25 ms, not the entire
consonant as in Ghitza’s manipulation). Even so, where there are
landmark effects in the data in the present study, these are similar
to the magnitude of Ghitza’s diphone effects. The strongest
difference between diphone exchanges and just consonant tile
exchanges in Ghitza’s data is for the 1-2.5 kHz band in onset
where the difference is about 10% additional [-continuant]
responses for diphones. Other diphone effects are at about 5% or
fewer extra [-continuant] responses for diphone over consonant
tile exchanges. These seem to be of similar size to the landmark
effects found in this study, where they exist. It appears then, that

the role of landmarks in continuancy perception may be similar in
size to any role for the whole diphone as opposed to the segment.
This conclusion leaves open the possibility that speech perception
uses the segment, not the diphone, as a unit, and relies instead in
a more minimal way on transsegmental information, as Nearey
suggests.

ACKNOWLEDGMENTS
Thanks to John Kingston, Lisa Selkirk and Tom Roeper for help and
guidance, as well as Chuck Clifton for generously allowing me to use the
soundproof booth in the UMASS psychology department.

REFERENCES
[1] Nearey, T. 1990. The segment as a unit of speech perception. Journal
of Phonetics.
[2] Lindblom, B. 1986. On the notion of “possible speech sound”.
Journal of Phonetics.
[3] Ghitza, O. 1993. Processing of spoken CVCs in the auditory
periphery. I. Psychophysics. Journal of the Acoustical Society of America,
94 (5), 2507-2516.
[4] Stevens, K.N. 1980. Acoustic correlates of some phonetic categories.
Journal of the Acoustical Society of America, 68, 836-842.
[5] Stevens, K.N. 1985. Evidence for the role of acoustic boundaries in
the perception of speech sounds. In Fromkin, V. (ed.) Phonetic
Linguistics: Essays in Honor of Peter Ladefoged. New York: Academic
Press.
[6] Stevens, K.N. 1991. Speech perception based on acoustic landmarks:
implications for speech production. In Engstrand, O. & Kylander, C.
(eds.) Perilus XIV. Papers from the symposium Current Phonetic
Research Paradigms: Implications for Speech Motor Control. Stockholm:
Institute of Linguistics, University of Stockholm.
[7] Liu, S. 1995. Landmark detection for distinctive feature-based speech
recognition. PhD thesis, MIT.
[8] Liu, S. 1996. Landmark detection for distinctive feature-based speech
recognition. Journal of the Acoustical Society of America, 100 (5), 3417-
3430.
[9] Stevens, K.N. and Keyser, S.J. 1989. Primary features and their
enhancement in consonants. Language 65 (1), 81-106.
[10] Kingston, J. 1990. Articulatory binding. In Kingston, J. and
Beckman, M. (eds.) Papers in Laboratory Phonology I. Between the
Grammar and the Physics of Speech. Cambridge: Cambridge University
Press.
[11] Huffman, M. 1993. Phonetic Patterns and Feature Specification. In
Huffman, M. and Krakow, R. (eds.) Phonetics and Phonology Volume 5.
Nasals, Nasalization and the Velum. San Diego: Academic Press.
[12]  Delgutte, B, and Kiang, N. Y.-S. 1984. Speech coding in the
auditory nerve: I. Vowel-like sounds. Journal of the Acoustical Society of
America, 75, 866-878.
[13] Sachs, M.B., and Young, E.D. 1979. Encoding of steady-state
vowels in the auditory nerve: Representation in terms of discharge rate.
Journal of the Acoustical Society of America, 66, 470-479.
[14] Peterson, G.E., and Barney, H.L. 1952. Control methods used in a
study of the vowels. Journal of the Acoustical Society of America, 24,
175-184.
[15] Fienberg, S.E. 1980. The analysis of cross-classified categorical
data. Cambridge, MA: MIT Press.
[16] Maddieson, I. 1984. Patterns of sounds. Cambridge: Cambridge
University Press.
[17] Gerstmann, L.J. 1957. Perceptual dimensions for the friction portions
of certain speech sounds. PhD thesis, New York University.
[18] van Heuven, V.J. 1990. Reversal of the rise-time cue in the affricate-
fricative contrast: an experiment on the silence of sound. In Schouten, M.
(ed.) The Psychophysics of Speech Perception.
[19] Kluender, K.R. and Walsh, M.A. 1992. Amplitude rise time and the
perception of the voiceless affricate/fricative distinction. Perception and
Psychophysics 51 (4), 328-333.

page 174 ICPhS99          San Francisco



PERCEPTUAL WEIGHTING AND PHONEMIC AWARENESS IN
PRE–READING AND EARLY–READING CHILDREN
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ABSTRACT
While metalinguistic awareness and speech perception have been
found to each be related to numerous other linguistic processes,
e.g. reading acquisition, phonological development, phonological
disorders, it is only recently that the relationship between aware-
ness and perception has been considered. Recent studies have
demonstrated correlations between changes in perceptual weight-
ing of acoustic cues and the development of metalinguistic skills
at the phonemic level. This finding raises questions as to the exact
nature of the correlation between the two processes. Is the relation-
ship strictly linear, or could one of the two processes have a causal
influence on the development of the other? This paper discusses
the results of a longitudinal study of beginning–reading children,
and a cross–sectional study of older pre–reading children, both of
which aim to address the issue of causality in the relationship be-
tween perceptual weighting and phonemic awareness.

1. INTRODUCTION
1.1. Perceptual weighting
Numerous studies have shown that while every speech contrast is
signalled by multiple acoustic cues, listeners do not use all acous-
tic cues to the same extent in their identification of these contrasts
[2]. Several studies of children’s perception, in particular, suggest
that dynamic transitional cues are more important to children than
to adults in labeling certain contrasts [6, 4, 7, 1]. Nittrouer and col-
leagues [6, 4], for example, found that when they presented adults
and children (3– to 7–years–old) with stimuli in which steady–state
and transitional cues were in conflict, the children showed greater
effects of the transitions than did the adults.

The stimuli used in Nittrouer’s studies were created first by
excising the vowels (both the formant transitions and the steady–
state formants) from two fricative–vowel words: e.g. /su/ (“Sue”)
and /Su/ (“shoe”). Two continua of fricative noises were then cre-
ated, ranging from a clear /s/ to a clear /S/. The two vowels were
then concatenated onto the fricative noises, the vowel from one
word onto one continuum, and the vowel from the other word onto
the other continuum. The resulting stimuli were therefore two con-
tinua ranging from /su/ to /Su/, one with formant transitions appro-
priate for “Sue” and one with formant transitions appropriate for
“shoe” (see Figure 1 for a stylised diagram of this type of stimuli).

When asked to label these stimuli, both adults and children
gave more “sh” responses to stimuli which had transitions appro-
priate for /S/. As noted above, however, children were more af-
fected by the transitions: they gave substantially more “sh” re-
sponses than did adults to the /S/–transition stimuli.

A further study [4] showed that children do not simply prefer
transitional information across the board. While formant transi-
tions which occurwithin a CV syllable seem to be of perceptual im-
portance to children, Nittrouer found that children seem to beless
sensitive than adults to transitions which occurbetweensyllables.

Figure 1: Stylised “spectrograms” of endpoints of two /so/–/So/
contunua. The top continuum has formant transitions appropriate
for /(s)o/ (sew); the bottom continuum has transitions appropriate
for /(S) o/ (show).

Nittrouer suggests that these developmental changes in the weight
given to transitional cues (which she refers to as a Developmen-
tal Weighting Shift) result from a change in the size of perceptual
units: children tend to perceive speech in terms of syllabic units,
giving more weight to the acoustic cues which “ensure [their] per-
ceptual coherence” [6, pp.328] (i.e. syllable–internal transitions).
This sensitivity decreases with age, however, and adults tend to
perceive speech in terms of phonemic segments [6, 4, 5]. Nittrouer
[5] goes on to suggest that these changes in perceptual strategy
might be related to the conscious discovery of sub–syllabic struc-
ture: that is, the development of phonemic awareness.

1.2. Phonemic awareness
The development phonemic awareness is part of a process gen-
erally known as metalinguistic awareness, in which individuals
become able to consciously think about and manipulate units of
speech of varying sizes. The development of these skills seems
to move in a manner similar to that suggested by Nittrouer [6, 4]
for the development of perceptual weighting: i.e. from syllable–
sized units to phoneme–sized units. When children first become
aware of language, they are at first only able to think about the
larger units of speech, i.e. words, morphemes and syllables (and
possibly onset/rime units). At this stage of metalinguistic develop-
ment, children can rhyme and can identify the “beginning sound”
of a word likepleaseas /pl/. As children begin to learn to read,
however, it becomes necessary for them to be able to explicitly
identify the smaller units of speech (i.e. phonemes) in order to
be able to make the connections between orthographic represen-
tations and the sounds that they represent. Individuals who have
developed phonemic awareness will be able to identify the “be-
ginning sound” ofpleaseas /p/, and to segment the word into its
component phonemes: /p/–/l/–/i/–/z/ [3].
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1.3. Relationship between perception and awareness
Nittrouer [5] conducted a study to investigate the extent to which
developmental changes in weighting of acoustic cues could be re-
lated to the development of phonemic awareness. The results of
the study showed a significant correlation between the two pro-
cesses: high levels of phonemic awareness were related to “adult–
like” perceptual weighting, and low levels of phonemic awareness
were related to “child–like” perceptual weighting. However, be-
cause this was a cross–sectional study, the results did not give any
indication of causality or directionality in the relationship. It is
possible, therefore, that the two processes could develop in tandem
with each other, or alternatively (as noted by Nittrouer [5]), the de-
velopment of one of these processes could be a requirement for the
development of the other.

The main goal of the current study, therefore, is to address
this issue of causality. Experiment 1, a longitudinal study, was de-
signed to establish i) if perceptual weighting and phonemic aware-
ness develop in tandem, or if one process develops before the other,
and ii) (if the latter is the case) if ability in one process at an early
stage of the study is predictive of ability on the other process at
a later stage of the study. Experiment 2 was designed to deter-
mine whether one of the processes (perceptual weighting) could
develop in the absence of development in the other process (phone-
mic awareness).

2. EXPERIMENT 1
2.1. Subjects
10 adults and 20 children, all native speakers of English, partici-
pated in this experiment (2 children did not complete the study).
None of the subjects suffered from or had ever been treated for
hearing or speech disorders, and all adult subjects were normal
readers. The average age of the children at Stage 1 of the study
was 5 years, 8 months. At the beginning of the study all of the
children were in their first year of full–time primary education (all
had commenced their second year by the end of the study).

2.2. Method
The children were tested on their perceptual weighting and phone-
mic awareness 3 times, at 2.5 month intervals. The adults were
tested once, on their perceptual weighting only.

2.2.1. Perceptual weightingThe stimuli for the perceptual tests
were based on those used by Nittrouer [6, 4, 5], as described above.
Specifically, the stimuli were designed so that two cues to the place
of articulation of the fricatives /s/ and /S/ (static fricative noise and
dynamic formant transitions) were in conflict. In this way it could
be determined which cue was more heavily weighted by subjects in
their labeling of the fricatives. The two continua ranged from /So/
(show) to /so/ (sew). The adults labeled the stimuli by ticking boxes
on a form provided; the children were given counters to place on
pictures which corresponded to the two words.

2.2.2. Phonemic awarenessTwo tests of phonemic awareness
were administered:phoneme blendingandphoneme segmentation.
For the phoneme blending test, the children were presented (au-
rally only) with words that had been broken up into “small bits”
(i.e. phonemes) and were asked to blend the sounds back together
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Figure 2: Perceptual weighting responses for adults, and children
at Stage 1, presented in number of /s/ responses per stimulus. Two
response curves are presented for each group, corresponding to the
two continua of stimuli.

to form a word, e.g. “f–r–o–g” becomes “frog”. For the phoneme
segmentation test, the children were presented (again, aurally only)
with whole words and asked to segment them into “small bits”, e.g.
“frog” becomes “f–r–o–g”.

2.3. Analysis
2.3.1. Perceptual weighting The raw perceptual weighting
scores (in terms of number of /s/ responses: see Figure 2) were
analysed using a probit transform. This transform gives values
which approximate the slope of the response curve (the degree of
categorical–ness of the responses) and the point along the fricative
noise continuum at which responses change from predominantly
/S/ to predominantly /s/ (the category boundary). Because two con-
tinua were used, each with different formant transitions, a third
value could be calculated, namely the difference between the two
category boundaries (a measure of the degree to which the listener
was affected by the transitional cues). Perceptual weighting will
be referred to as either adult–like (little separation between cate-
gory boundaries, and therefore less affected by transitional cues) or
non–adult–like (greater separation between category boundaries,
and therefore more affected by transitional cues).

2.3.2. Phonemic awarenessThe phonemic awareness tests were
scored out of a possible 50 for each test. In order to avoid con-
founding any difference in cognitive demands between the tests
with the level of phonemic awareness tapped by the two tests, the
results for phoneme blending and phoneme segmentation were not
combined.
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Figure 3: Stylised representation of a linear pattern of correlation
between perception and awareness. Perception, on the x–axis, is
divided into adult–like (left) and non–adult-like (right). Aware-
ness, on the y–axis, is divided into good (top) and poor (bottom).
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Figure 4: Stylised representation of a non–linear pattern of corre-
lation between perception and awareness. See caption of Figure 3
for further description.

2.3.3. Relationship between perceptual weighting and phone-
mic awarenessFigures 3 and 4 illustrate possible distributions of
data that could be expected to be seen if a relationship (linear or
otherwise) does in fact exist between perceptual weighting and
phonemic awareness. The graphs show perceptual weighting in
terms of separation of category boundaries (x–axis), and phonemic
awareness in terms of score out of 50 (y–axis). The graphs are di-
vided into quadrants at estimates of the adults’ most “child–like”
perception, and the median phonemic awareness scores.

If the relationship is strictly linear, then the data should fall
into a bi–modal distribution such as that illustrated in Figure 3. In
this graph, subjects with adult–like perception always have high
phonemic awareness scores, while those with non–adult–like per-
ception have low phonemic awareness scores.

If, on the other hand, one of the two processes develops before
(and possibly has a causal influence on) the other, then the data
should fall into a distribution more like that illustrated in the graphs
in Figure 4. In these two graphs, subjects with “high” scores in
both processes and subjects with “low” scores in both processes are
joined by subjects who are in transition between these two groups.
The subjects in this third group have developedeither adult–like
perceptionor high levels of phonemic awareness but have not yet
developed the other process to the same high level.

2.4. Results
The results of Experiment 1 are illustrated in Figure 5. Each point
on the graphs in this figure represents an individual child. The
figures used to divide the graphs into quadrants (the adults’ most
“child–like” perception, in terms of separation of category bound-
aries, and the median phonemic awareness scores) as well as the
graphical representations (open circle, filled circle etc.) for each
subject, are maintained from Stage 1 through to Stage 3 so that the
progress of each individual child can be tracked.

It is clear from the results of Stage 1 that the pattern of re-
sponses is not bi–modal—thus we can rule out a strictly linear re-
lationship between perceptual weighting and phonemic awareness.
Instead the responses fall into a pattern which suggests that good
phonemic awareness develops before adult–like perceptual weight-
ing.

The non–linear pattern observed at Stage 1 continues to be
seen at Stages 2 and 3. Additionally, it can be seen that the chil-
dren have all progressed in a manner which would support the hy-
pothesis that good phonemic awareness develops before adult–like
perceptual weighting. Specifically, those children that had dis-
played high levels of phonemic awareness and non–adult–like per-
ceptual weighting at Stage 1 (triangles) develop increasingly adult–
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Figure 5: Scattergraphs of relationship between perception and
awareness at Stages 1 (top graphs) through 3 (bottom graphs) of
Experiment 1. The left graph in each pair illustrates the rela-
tionship between perceptual weighting and phoneme blending; the
right graphs illustrate the relationship between perceptual weight-
ing and phoneme segmentation.

like perception at Stages 2 and 3. Those children that had dis-
played both low phonemic awareness and non–adult–like percep-
tual weighting (open circles) first develop higher levels of phone-
mic awareness, and then begin to develop adult–like perceptual
weighting.

Statistical analyses support these observational conclusions,
and also indicate that there may indeed be a possible causal as-
pect to the relationship between perceptual weighting and phone-
mic awareness. Scores on (one or both) phonemic awareness
tests at Stage 1 are predictive of the separation between the cat-
egory boundaries at Stages 2 and 3 (Stage 1–2: phoneme blending
r = �:56; p = :004; phoneme blendingr = �:46; p = :023;
Stage 1–3: phoneme blendingr = �:44; p = :046).

2.5. Discussion
The graphical results and the statistical analysis of Experiment 1
suggest that phonemic awareness both develops before and has a
causal influence on the development of perceptual weighting. It
is, however, possible that this is not the case. From the graphs in
Figure 5, it can be seen that there are no children with strongly
adult–like perceptual weighting who do not also have good phone-
mic awareness, which we have taken to indicate that good phone-
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mic awareness is a precursor to adult–like perceptual weighting.
An alternative explanation, however, is that adult–like perceptual
weighting i) develops maturationally, and ii) is an aid to developing
phonemic awareness. Any child that has adult–like perception will
therefore become phonemically aware very quickly, thus bypassing
an intermediate stage in which perceptual weighting is adult–like
but phonemic awareness is low. The appearance of children with
good phonemic awareness but non–adult–like perceptual weight-
ing could be explained by the fact that all of the children in this ex-
periment were being explicitly taught phonemic awareness as part
of literacy training—the argument would be, therefore, that under
these circumstances all of the children would develop awareness
of phonemes, but those who have adult–like perceptual weighting
would be at an advantage.

To test the possibility that perceptual weighting simply de-
velops maturationally and is not influenced by the development of
phonemic awareness, Experiment 2 was carried out.

3. EXPERIMENT 2
3.1. Subjects
The subjects for this experiment were 7 children from a local inde-
pendent school. One of the policies of this school is that children
should not begin formal education until the age of 6–7 years (one
year later than state schools and other local independent schools).
Additionally, this school does not begin formal literacy training un-
til the second year of school, and while the children are introduced
to the alphabet in the first year of school, no intensive phonolog-
ical/phonemic awareness training is undertaken in this first year.
Therefore, unless the children are taught to read outside of school,
it is unlikely that they will have phonemic awareness. The aver-
age age of the children was 6 years, 11 months, and all were in
their first year of full–time education. None of the children had
any known hearing and/or speech disorders.

3.2. Method & analysis
The stimuli, methods of presentation and methods of analysis are
as described for Experiment 1 (above). The children in this exper-
iment were tested only once.

3.3. Results & discussion
The results of Experiment 2 are displayed in Figure 6. The figures
used to divide the graphs into quadrants are those used in Experi-
ment 1, in order that the two sets of results may be compared.

Keeping in mind the fact that the subjects in Experiment 2
are the same age (or older) than the subjects from Experiment 1
at Stage 3 of the experiment, it is clear that the development of
perceptual weighting is not simply a maturational process. Leav-
ing aside the three children who display good phonemic awareness
(all of whom were receiving reading instruction outside of school,
and only one of whom, incidentally, displays adult–like perceptual
weighting) it can be seen that in the absence of phonemic aware-
ness, perceptual weighting does not develop to an adult–like state.

4. GENERAL DISCUSSION & CONCLUSIONS
Two conclusions can be drawn from the results of these two stud-
ies: i) the Developmental Weighting Shift—the change in per-
ceptual weight given to transitional and steady–state cues—is in
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Figure 6: Scattergraphs of relationship between perception and
awareness for older, (predominantly) pre–reading children. See
caption of Figure 5 for further description.

fact not simply developmental or maturational. In the absence of
phonemic awareness development, perceptual weighting remains
non–adult–like, even in older children; and ii) in the presence
of the development of phonemic awareness, perceptual weighting
does become more adult–like, but it developslater than phonemic
awareness, and is related to levels of awareness atearlier stages of
development.

This suggests that the conscious discovery of sub–syllabic
structure is important to the shift in weighting of syllable–internal
formant transitions. Furthermore, the results of both experi-
ments lend support to Nittrouer’s hypothesis that perception is ini-
tially centred on a syllable–sized unit, only later to be centred on
phonemes.
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FUNDAMENTAL FREQUENCY AND THE INTELLIGIBILITY OF
COMPETING VOICES

Peter F. Assmann
School of Human Development, The University of Texas at Dallas, Richardson TX 75083

ABSTRACT
When two people speak at the same time, it is easier to
understand what either of them is saying if the voices differ in
fundamental frequency (F0). The contribution of F0 to the
intelligibility of pairs of simultaneous sentences was
investigated using a high-quality speech vocoder. Word
identification accuracy improved by 23% as the F0 difference
between the voices increased from 0 to 8 semitones. With a 4-
semitone difference, benefits of F0 were asymmetrical: the
sentence with the higher F0 was more intelligible. F0 differences
provided similar gains when F0 was held constant using a
monotone pitch, and when the natural pattern of F0 variation was
preserved in each sentence. Time-varying F0 did not result in
improved identification compared to constant F0, except at 0 and
1 semitones where marginal improvements could be attributed
to perceptual segregation based on momentary differences in
static F0, rather than F0 dynamics.

1.  INTRODUCTION
Listeners rely on several perceptual strategies to separate a
target voice from competing sounds. When the competition is
created by a second voice, listeners find it easier to understand
the message if the competing voice has a different fundamental
frequency (F0). The benefits of F0 differences (∆F0's) for
sentence intelligibility were demonstrated experimentally by
Brokx and Nooteboom [1]. They recorded 96 semantically
anomalous Dutch sentences (e.g. "The town swims now in a
sheep") spoken by an adult male, along with a 600-word short
story which served as the masker. The masker was produced as
a continuous stream of speech, and was edited to remove silent
intervals. Linear predictive coding (LPC) was then used to
resynthesize both the target sentences and masker passage on a
constant (monotone) pitch. The F0 of the masker was fixed at
100 Hz, while the target sentences were between 0 and 12
semitones higher. Brokx and Nooteboom showed that sentence
intelligibility (percentage of target words correctly identified)
was higher when the target and masker sentences had different
F0's. Performance improved as the ∆F0 increased from 0 to 3
semitones, but dropped with a ∆F0 of 12 semitones (one octave).
They attributed the benefits of ∆F0's to perceptual segregation
based on the difference in pitch, combined with a release from
perceptual fusion: the tendency for two simultaneous sounds to
blend into one when they have identical pitches [2].

Bird and Darwin [3] extended these results in two
experiments with pairs of sentences made up entirely of voiced
sounds (e.g. "A normal animal will run away"). In each pair they
embedded a short (target) sentence within a longer (masker)
sentence. In their first experiment, which used LPC analysis-

synthesis, they found dramatic improvement in the identification
of the target sentences as the ∆F0 increased from 0 to ±8
semitones, relative to a baseline F0 of 140 Hz. In a second
experiment they used a PSOLA speech coder to determine the
relative contributions of  the low-frequency (0-800 Hz) and high-
frequency (>800 Hz) portions of the speech spectrum to the ∆F0

effect. They found very little change when the ∆F0 was
eliminated in the high-frequency region but retained at low
frequencies. However, when ∆F0's were eliminated from the
low-frequency region the benefits for identification disappeared.
They found a mixed pattern when they “swapped” the F0's across
the low- and high-frequency portions of the two sentences. For
small ∆F0's (up to 2 semitones) the F0-swapped condition gave
the same pattern of improvement as the baseline condition,
despite the mismatch that would result from grouping together
low-frequency and high-frequency parts of the spectrum on the
basis of common F0. However, with larger ∆F0's (5 and 10
semitones) the F0-swapped condition gave no improvement,
while the baseline condition increased by as much as 35%. Bird
and Darwin attributed the benefits with large ∆F0's to a process
of across-frequency grouping based on common F0. They
suggested that other mechanisms that depend mainly on cues in
the low-frequency region may contribute with smaller ∆F0's.

When two voices compete, listeners with normal hearing
can exploit temporal fluctuations in overall amplitude in a
masker sentence to "glimpse" words and fragments of the target
sentence [4,5]. These opportunities for glimpsing are reduced
when the maskers are edited to remove silent intervals as in [1]
or when sentences are constrained to have only voiced sounds as
in [3]. The restriction to use exclusively voiced segments was
intended to minimize the contribution of additional grouping
cues, such as those provided by abrupt changes in voicing and
sudden onsets and offsets. However, by restricting opportunities
for glimpsing, these experiments may have overestimated the
contribution of ∆F0's in connected speech, in which a substantial
portion of the waveform is composed of voiceless sounds for
which ∆F0's are not available. The sentences used in the
experiment described below contained both voiced and voiceless
segments, without editing of maskers.

Both Brokx and Nooteboom [1] and Bird and Darwin [3]
synthesized the sentences with a constant F0, producing a
monotone voice pitch and eliminating natural time-varying
changes in F0. There are at least four reasons why F0 variation
over time might aid intelligibility: (i) momentary differences in
F0 promote source segregation [6]; (ii) coherent F0 modulation
provides a basis for tracking a voice over time; (iii) variation in
F0 over time reduces overlap and perceptual fusion; (iv)
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linguistic knowledge of the direction and extent of pitch changes
(prosody) can help to disambiguate words in sentences that are
masked or distorted by the sounds of a competing voice.

The present study extended Bird and Darwin's paradigm to
determine the separate contributions of ∆F0's and F0 variation
across time. Sentences were synthesized either with a constant
F0 (monotone sentences) or with natural, time-varying changes
in F0 (intoned sentences) in which the trajectory of measured
F0's was shifted to have the same average as the corresponding
monotone sentence. Sentences in the monotone and intoned
conditions had the same average baseline F0 of 100 Hz, but F0

variation over time in the latter condition typically ranged
between about 80 and 120 Hz (±3-4 semitones) around the 100
Hz baseline.

2. METHOD
A set of 48 "high-predictability" sentences from the SPIN
(Speech Perception in Noise) test [7] was recorded by an adult
male speaker from north central Texas. The stimuli were
recorded on DAT tape, transferred to disk via a digital interface
at a 48 kHz sample rate, downsampled to 24 kHz and processed
using the STRAIGHT speech analysis-synthesis program [8,9].
F0 was estimated at 1-ms intervals, and each frame was
identified as voiced or unvoiced. In monotone sentences, the
measured F0 in each voiced frame was replaced by a constant F0

of 100 Hz, or was 1, 2, 4, 6, or 8 semitones higher (106, 112,
126, 143, or 160 Hz). In intoned sentences the natural pattern of
variation in F0 was preserved by shifting the measured F0 pattern
along the frequency scale to generate the same average F0

difference. Measured F0 values were shifted by a constant
amount to give the same mean F0 (averaging across all voiced
frames) as the corresponding monotone sentence. Sentences
were combined in pairs at a nominal 0 dB target-to-masker ratio
and were temporally aligned at their offsets. In each pair, one
member had a mean F0 of 100 Hz, while the other was 0-8
semitones higher. An example is shown in Fig 1.

Figure 1: Example of a sentence pair with a ∆F0 of 6
semitones (100 & 141 Hz). The waveforms of the two
original sentences are shown at the top. The lower
panels show the F0 trajectories used to synthesize the

monotone and intoned versions of the two sentences.

Listeners were undergraduate Psychology students with
little or no previous experience listening to synthetic speech. All
were native speakers of American English and reported normal
hearing. They were tested individually in a double-walled sound
booth. Sentence pairs were presented monaurally over
headphones at a mean level of 80 dB SPL (A) and responses
were typed at a computer keyboard. Each sentence pair was
presented twice. Listeners were instructed to type as many
words as possible from either sentence; on the second
presentation, they were asked to type the remaining words,
including any missed the first time, in any order.

Two separate groups of 18 subjects were randomly assigned
to two different order conditions: half completed the monotone
sentences first, while the other half began with the intoned
sentences. Prior to the main experiment each subject completed
a practice session (with feedback) in which they heard 10 pairs
of sentences similar to the set used in the main experiment, but
spoken by a different male talker. Following the practice set
they completed 2 sets of 24 trials in the main experiment
without feedback.

3. RESULTS
Identification accuracy was measured in terms of the number of
keywords in each sentence identified correctly. The number of
keywords per sentence ranged from 3 to 6 and hence the scores
were expressed as percentages.

3.1 Effects of ∆∆F0 and F0 variation
An analysis of variance indicated a significant main effect of ∆F0

[F(5,85)=14.57; p<0.01] but the effect of F0 variation was not
significant [F(1,17)=1.99; p=0.18], nor was there an interaction
of these two variables [F(5,85)=0.65; p=0.66]. Figure 2 shows
that identification accuracy improved as a function of ∆F0, with
a similar pattern of improvement for constant and variable F0's.

Figure 2:  Sentence intelligibility (percent words correct)
as a function of ∆F0. Unfilled circles show the results for
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monotone sentences (constant F0 condition); filled
circles show the results for the intoned sentences
(variable F0 condition).

Consistent with [1] and [3] listeners showed a continuous
improvement in performance as a function of ∆F0. Baseline
performance (at a ∆F0 of 0 semitones) was higher than that
obtained in Bird and Darwin’s first experiment, but the
maximum benefit of ∆F0 (comparing 0 and 8 semitones) was
smaller (23% compared to >50%). The higher baseline
performance and reduced benefit of ∆F0 may stem from
differences in the synthesis method and the stimulus materials,
particularly the inclusion of voiceless segments which may
engage other forms of perceptual grouping and glimpsing
processes.

Although not statistically significant, mean scores were
about 8% higher for intoned sentences than monotone sentences
at 0 and 1 semitones. Performance is expected to be better with
a ∆F0 of 0 semitones for intoned sentences because F0 variation
over the time course of the sentence leads to momentary
differences in F0. The standard deviation in measured F0 over
the course of a sentence was about 12 Hz (or 2 semitones,
relative to the mean F0). Hence it seems likely that this factor,
rather than listeners’ sensitivity to F0 modulation, contributed to
the small increase in identification accuracy for intoned
sentences in this experiment.

3.2 Lower versus higher F0

The main effect of relative F0 (lower versus higher) was not
significant, but there was an interaction of relative F0 and ∆F0

[F(5,85)=3.00; p<0.05]. Post-hoc tests revealed more accurate
identification of the sentence with the higher F0 than the lower
F0 when the ∆F0 was 4 semitones. The interaction is shown in
Figure 3.

Figure 3:  Sentence intelligibility (percent words correct)
as a function of ∆F0. Unfilled circles show the results for
the sentence in each pair with the lower F0; filled circles

show the results for the sentence with the higher F0.

The increased intelligibility of the sentence with the higher
F0 may be related to differences in the relative perceptual
salience of the pitches of pairs of simultaneous vowels. When
two vowels are presented concurrently on different F0's, listeners
identify them more accurately if they differ in F0 [10] and they
can often report which vowel has the higher pitch [11]. When
asked to match the pitches of the two vowels, they frequently
judge the vowel with the higher F0 to have the dominant pitch,
and tend to match its F0 more consistently and accurately than
the lower F0. The tendency for the higher-pitched vowel to
dominate was strongest with a ∆F0 of 4 semitones, the largest
∆F0 included in the study [12]. The increased intelligibility of
the higher-pitched sentence at a ∆F0 of 4 semitones may be
linked to the enhanced salience of its pitch. Further work is
needed to determine the perceptual basis for the asymmetry.

4. DISCUSSION
The results confirm that ∆F0 is a powerful cue for the

perceptual segregation of competing voices. The benefits of F0

were smaller in the present study (a 23% improvement from 0 to
8 semitones, compared to >50% in Bird and Darwin’s first
experiment). Bird and Darwin’s sentences contained only voiced
sounds, while the sentences used here included both voiced and
voiceless sounds, thereby increasing the opportunities for
glimpsing which are more representative of natural speech.

The absence of an effect of F0 variation is surprising, given
the diverse reasons why it might be expected to lead to
improved identification. Nonetheless, the results are consistent
with studies of the perception of concurrent vowels [13] which
suggest that F0 modulation can increase the perceptual salience
of a vowel against the background of another vowel, but does
not provide a basis for improved vowel identification via
mechanisms of across-frequency grouping and segregation. On
the other hand, unlike the sinusoidal variation used to study the
role of frequency modulation in concurrent vowels, F0 variation
in natural speech is complex, and has the potential to contribute
to the perceptual segregation of voices in a variety of ways.
Further investigations with multiple voices, a range of target-to-
masker amplitude ratios, and additional prosodic contexts may
reveal them.

5. CONCLUSIONS
Consistent with [1,3] listeners identified words in pairs of
simultaneous sentences more accurately when they were
synthesized with different F0's. Identification accuracy improved
by 23% when the F0 difference was increased from 0 to 8
semitones (100/160 Hz). When the voices differed by 4
semitones (100/126 Hz) the voice with the higher F0 was more
intelligible. No evidence was found that listeners can exploit the
natural time-varying changes in F0 to track a voice through the
background of a second voice speaking at a similar level.
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EFFECTS OF ACOUSTIC CONTEXT ON DISCRIMINATION THRESHOLDS
FOR FORMANT-LIKE TONE GLIDES.

Peter J. Bailey
Department of Psychology, University of York, York YO10 5DD, UK

ABSTRACT

Some perceptual characteristics of rising and falling third-formant-
like tone glides were measured when the glides were presented in
isolation, and in four more-or-less speechlike acoustic contexts.
Glide levels at discrimination threshold were measured adaptively
for five practised listeners in a two-interval procedure with
feedback. The listeners’ ability to categorise stimuli containing
supra-threshold glides was also measured. If a phonetic mode of
processing gave preferential access to information provided by the
glides, lowest glide discrimination thresholds might have been
expected for glides in the most speech-like context. However,
thresholds were always lowest for glides in isolation. The data
suggest that glide thresholds were more dependent on the masking
effects of adjacent acoustic energy than on the likelihood that a
stimulus was processed by a phonetic module.

1.  INTRODUCTION
Synthetic tokens of the syllables /dA/ and /gA/ can be created in
which the only distinctive acoustic property is the direction of the
initial third-formant (F3) transition; in such syllables a falling F3
transition evokes a ‘da’ percept and a rising F3 transition evokes a
‘ga’ percept. Similar effects are obtained when the formant
transitions are replaced by pure-tone glides. Such stimuli have
been popular in ‘duplex perception’ experiments, in which the
perceptual consequences of manipulating the level of the tone
glides have been explored.

When the glide level is high relative to the formant levels in
the syllable base (the syllable without a tone glide), listeners
report a percept dominated by a whistle-like sound characteristic
of a tone glide heard in isolation [9]; as the glide level is decreased
a ‘duplex’ percept is reported of ‘da’ or ‘ga’ (depending on glide
direction) together with the whistle. If the glide level is reduced
further a ‘duplexity threshold’ is reached, when the percept
becomes simply ‘da’ or ‘ga’ without the whistle [7]. If the glide is
completely attenuated, leaving just the syllable base, the percept is
typically of an ambiguous ‘ga’. It has been reported that below the
duplexity threshold there is a range of glide levels which can
evoke ‘da’ and ‘ga’ percepts but at which the glides cannot be
reliably detected or categorised as falling or rising [6,7]. This
result has been taken as evidence that a phonetic mode of
processing takes precedence over auditory processing of the tone
glides.

However, the definition of duplexity threshold is critical to
this interpretation of the data, and choosing an optimum procedure
for measuring the glide level that, when mixed with the base
syllable, corresponds to the duplexity threshold has not
proved to be straightforward. Whalen and Liberman [7] used the
method of adjustment and found that the mean glide levels at
which a whistle was just audible were -6.4 dB and 0.0 dB for
falling and rising glides respectively (relative to the level of F3 in
the base). They showed further that although the syllable base
with falling or rising glides at -10.4 dB could be identified reliably

as ‘da’ or ‘ga’, glides at the same level in base context could not
be matched reliably to rising or falling glides presented alone.

Bailey and Herrmann [1] used the method of constant stimuli
in a two-interval two-alternative forced-choice procedure
(2I2AFC) without feedback and found mean glide levels
(corresponding to 75% correct performance) 13.1 dB and 10.5 dB
lower (for falling and rising glides, respectively) than those
reported by Whalen and Liberman. Bailey & Herrmann found that,
relative to the duplexity threshold measured using their procedure,
glides in base+glide syllables at levels corresponding to chance
detection performance gave chance performance in identification
tests.

Vorperian et al. [6] used an adaptive 2I2AFC procedure with
feedback and found that the 71% correct mean thresholds were
approximately 46 dB and 49 dB SPL for falling and rising glides
presented in a base with overall level 83 dB SPL. Identification
performance for base+glide syllables was maximal for glide levels
between +10 dB and 0 dB relative to threshold, deteriorated
systematically for glide levels below threshold, and reached
chance performance for glides 20 dB below threshold. The decline
in identification performance as glide levels decreased below
threshold is broadly consistent with a decrease in glide detection
accuracy from 71% correct at threshold to chance performance at
some (unknown) sub-threshold level.

The approach taken by Xu et al. [9] was to avoid explicit
threshold measurements altogether and use base+glide stimuli
with falling or rising glides in which the glide level was varied
systematically from near glide threshold to 60 dB above threshold.
In one condition the listeners’ task was to identify the stimuli as
‘da’ or ‘ga’, and in the other condition the task was to listen for
the whistle and identify it as ‘high’ or ‘low’. The results showed
that maximal performance for the consonant identification task
was found with glide levels 10 dB below the levels giving
maximal performance for whistle identification.

It has not proved easy to provide an unequivocal
demonstration that there is a glide level below which glides cannot
be detected or discriminated but can nonetheless disambiguate the
syllable base. This is in part because estimates of glide detection
or discrimination thresholds vary according to the psychophysical
procedures used for measuring them. Another contributing factor
is the difficulty of establishing the role of differences in task and
stimulus experience in the comparison of auditory and phonetic
perceptual performance. Task demands have been shown to affect
perceptual outcomes with speech stimuli [e.g.2], and listeners’
long experience with hearing speech might enable them to respond
to acoustically similar features differently in speech and in non-
speech sounds. Considerations like these suggest it might be
premature to take the results so far from experiments on duplex
perception of base+glide syllables to indicate the perceptual
priority of a phonetic module.

The experiment reported here was designed to contribute
further data to this issue by measuring the effect on glide
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discrimination thresholds and perceptual categorisation when the
acoustic context for tone glides was manipulated.

2.  EXPERIMENT
2.1.  Rationale and Predictions
It has been proposed that a phonetic module has privileged access
to the auditory information that specifies phonetic identity, and
that this is manifest as greater sensitivity for phonetic than for
auditory processes [5,6,7]. It should therefore be possible to
demonstrate that the discriminability of falling and rising tone
glides varies with the extent to which they distinguish phonetic, as
distinct from auditory, categories. In this experiment
measurements of discrimination thresholds and categorisation
performance were made for falling and rising F3-transition-like
glides presented in isolation, and in four acoustic contexts. The
conditions were: (a) glides + three-formant syllable base, (b)
glides + syllable base excluding the F3 steady state, (c) glides +
first and second formant (F1 and F2) transitions only, (d) glides +
F3 steady state only, and (e) glides alone. The acoustic contexts of
conditions (a) to (e) involve decreasing similarity to the acoustic
patterns typically found in speech, and might be expected to be of
decreasing interest to a phonetic module. If so, and assuming the
phonetic module has perceptual priority, discrimination thresholds
for falling and rising glides should increase across conditions (a)
to (e), and, correspondingly, categorisation of the stimuli as ‘d-
like’ or ‘g-like’ should be increasingly variable.

On purely auditory grounds, however, one should expect glide
discrimination thresholds to depend primarily on the extent to
which the glides are masked by the auditory context in which they
appear. The main sources of masking for the tone glides are likely
to be upward spread of masking from F1 and F2, and backward
masking from F3 [3,4]. As backward masking is typically a weaker
effect than upward spread of masking, auditory influences predict
that glide discrimination thresholds should decrease across
conditions (a) to (e).

2.2.  Stimuli
A three-formant syllable base (referred to here as BF123) was
synthesised using three second-order resonators in a parallel
configuration with outputs summed in alternating phase. The
excitation consisted of 40 equal-amplitude, cosine-phase
harmonics of the fundamental, constrained so that for the F1 and
F2 resonators the input was limited to harmonics 1–13, and for the
F3 resonator to harmonics 14–40. The half-power bandwidths for
the F1, F2 and F3 resonators were 50 Hz, 70 Hz and 100 Hz.
Synthesis parameters for the base are shown in Table 1, where
formant (Fn) and fundamental (F0) frequencies are given in Hz,
overall amplitude (AO) in dB relative to maximum, and time in
milliseconds. During the F1 and F2 transitions in the base F3 was
fully attenuated and there was no energy above approximately
1625 Hz. The relative levels of F1 and F2 were equal and 10 dB
above the level of F3 when it was present. Parameters were
interpolated linearly between the values shown.

Three further stimuli were derived from the base BF123 to
create the other acoustic contexts described above, as follows: (i)
BF12: F3 fully attenuated throughout, (ii) BF12tr: all three
formants fully attenuated after the initial transitions, and (iii) BF3:
F3 steady state only, F1 and F2 fully attenuated throughout.

Nine F3 transitions were created with onset frequencies in the
range 2750 Hz to 1750 Hz (in 125 Hz steps), terminal frequency

2375 Hz, relative level equal to that of F3 in the steady state of the

base, and duration and amplitude envelope equal to those of the
transitions in the base. A corresponding range of nine sinusoidal
tone glides with similar spectro-temporal properties was also
created by replacing the resonator in the synthesiser with a
sinusoidal oscillator. The amplitude envelopes of all formant and
tone glide onsets and offsets were shaped with 5 ms linear ramps.

2.3  Subjects
Five people took part in the experiment, which involved six
listening sessions each of approximately one hour duration.
Listeners were in the age range 20-30 years, and had normal pure-
tone audiometric thresholds.

2.4  Procedure
All listening took place in a double-walled sound-attenuating
room. Stimuli were synthesised using a sampling rate of 22.050
kHz, converted to voltages using 16-bit digital-to-analog
converters, low-pass filtered at 6 kHz, and presented binaurally
over headphones.

2.4.1  Categorisation.  Six series of nine stimuli were presented
to listeners for categorisation as ‘d’-like or ‘g’-like. Four series
were created by mixing the nine tone glides with the base BF123
and its derivatives, BF12, BF12tr and BF3. The tone glides and
contexts were mixed with synchronous onsets, and the glide level
set 10dB below that of the F3 steady state in the base. The fifth
series of stimuli consisted of the nine tone glides presented alone,
at the same level as the glides in the other series. A sixth series
was created by similarly mixing the nine F3 transitions with the
base BF123, to create a series of complete 3-formant syllables.
The stimulus levels were set such that the steady state portion of
the base BF123 was at 70 dB SPL.

For each stimulus series, the nine stimuli were presented 10
times, in a new random order for each presentation. A trial began
with a 100 ms visual cue presented 250 ms before the stimulus,
and the  next trial began 1500 ms after the listener’s response. The
response, for which an unlimited amount of time was available,
was a mouse click in one of two regions of the screeen labelled
‘D’ and ‘G’. The order of adminstration of the stimulus series was
randomised for each listener, and listeners could take a break
between each. All the categorisation data for each listener  were
collected in their first session.

2.4.2  Discrimination Thresholds.  Glide levels corresponding to
the threshold for discriminating the falling and rising tone glides
with onset frequencies 2750 Hz and 1750 Hz were measured
adaptively for glides presented alone and when mixed with each of
the four base contexts, using a two-interval, two-alternative

ms F0 AO F1 F2 F3
0 125 -20 375 1600
5 125 -10 375 1600

65 125 0 700 1220 2375
245 110 -6 700 1220 2375
270 110 -20 700 1220 2375
275 110 -� 700 1220 2375

Table 1. Synthesis parameters for the
complete base BF123
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forced-choice procedure. A trial began with a 100 ms visual cue
presented 250 ms before two stimulus intervals separated by 500
ms. One stimulus interval contained a falling tone glide and the
other a rising tone glide, determined randomly. The interval
containing the falling glide was arbitrarily designated the ‘correct’
interval, to which listeners responded with an appropriately-
located mouse click. Feedback was given for 750 ms after every

response, for which time was unlimited, and the next trial
followed 750 ms after the end of feedback. Additional feedback
was continously available in the form of a number corresponding
to the current glide level. For the conditions involving base
contexts, the appropriate base was present in both intervals, and
mixed with the glides so that the onsets of glide and base were
synchronous. The level of the base contexts, when present, was
controlled by a fixed attenuator set such that the steady state
portion of the base BF123 was at 70 dB SPL.

Listeners were given no instructions about the task, beyond
the requirement to maximise the number of correct responses, and
to minimise the glide level in the course of a block of trials. Glide
levels corresponding to 79% correct discrimination were
determined using a three down, one up adaptive procedure.
Sixteen threshold estimates were made, in two listening sessions,
for each of the five conditions. Each listener started with a
different condition, and completed 8 threshold estimates in each
condition before cycling through the conditions again in the same
order. The starting level of the glide was set to be approximately
15 dB above threshold, and the stepsize, initially 4 dB, was halved

after the first and the third reversal. A threshold estimate involved
a run of 60 trials, and thresholds were computed by omitting the
first 3 or 4 reversals, to leave an even number, before averaging
the levels at the remaining reversals. The median number of
reversals contributing to a threshold was eight.

2.5  Results
2.5.1. Categorisation. The categorisation data are summarised in
Figure 1, which shows the proportion of ‘d-like’ responses made
to each of the stimuli in each stimulus series, averaged over the
four listeners. The perceptual plausibility of the synthesis
parameters for the base was evident in the consistent
categorisation of complete syllables (formants+BF123) with
falling formants as ‘d’-like and those with rising formants as ‘g’-
like. Somewhat less consistent but nonetheless clear categorisation
was possible for glides in the complete base (glides+BF123) and
in the base without F3 (glides+BF12). Glide direction had a
smaller effect on responses for glides in the transition-only base
(glides+BF12tr) and in the F3-only base (glides+BF3); the former
were categorised predominently as ‘g’-like, and the latter as ‘d’-
like. Glides alone could not be categorised reliably with these
labels, as demonstrated previously in [7] and in some conditions of
[1].

2.5.2. Glide discrimination thresholds. Threshold was defined as
the mean of those of the last eight threshold estimates that were
within two standard deviations of the mean. Thresholds in dB SPL
are shown in Figure 2 for each listener in each condition. The
median number of estimates contributing to each threshold was

Figure 1. Categorisation functions averaged across listeners

10

15

20

25

30

35

40

njh dpt ect tbc hek mean
Listeners

BF123 BF12 BF12tr BF3 none

Figure 2. Glide thresholds in the contexts shown in the legend.
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eight.
For all listeners the lowest discrimination threshold was

obtained for glides presented alone. The highest mean threshold
was obtained for glides in the complete base BF123. Thresholds
for the glides in base context were higher but were not
systematically different from each other. Pairwise comparisons
among the means using the procedure recommended by Tukey
showed that mean threshold for glides alone was statistically
different from mean thresholds for all the other conditions
(p<0.01), but that the other conditions did not differ from each
other.

2.5.3. Relation between categorisation and threshold. The
contribution of the reliability of categorisation to the glide
discrimination threshold appeared to be small. For example, there
was no reliable difference between the discrimination thresholds
for glides in BF12 and BF3 contexts despite marked differences in
categorisation for those conditions. The relationship between
categorisation and threshold was quantified as follows. A
sigmoidal function derived from the Boltzmann equation was fitted
to the categorisation data for each subject in each condition. The
width parameter from the fitted function, closely related to the
slope of the function, was taken as an estimate of the consistency
of categorisation. There was no relationship between these
estimates of the consistency of categorisation and the glide
discrimination thresholds, computed across all subjects and
conditions (r=0.094, N=25).

2.6  Discussion
It  was argued above that if a phonetic perceptual module takes
precedence over auditory processing, as has been inferred from
claims about the disambiguating power of apparently sub-
threshold phonetically-relevant information, glide discrimination
performance should be optimal for glides in a phonetic context. In
the experiment reported here the phonetic context was supplied by
a syllable base, which, when combined with falling or  rising
glides gave percepts reliably categorised as ‘d’-like and ‘g’-like.
Falling or rising glides presented alone, and presumed therefore
not to engage phonetic processing, were not categorised reliably as
‘d’ or ‘g’.

A comparison of the estimates of glide discrimination
thresholds for glides presented alone and in base BF123 context
suggests that a phonetic context does not lead to better
discrimination performance. On the contrary, performance was
optimal, that is thresholds were lowest, when the glides were
presented alone, and thresholds were highest for glides in the most
speechlike context BF1231. Of course, notwithstanding the
categorisation data described above, presenting glides in a
speechlike base context does not guarantee that during threshold
measurements glide+base stimuli will be processed by a phonetic
module. However, the inclusion of detailed trial-by-trial feedback
in the discrimination procedure should have ensured that listeners
used the most sensitive perceptual strategy at their disposal.

The low thresholds reported here for isolated glides suggest
that the primary determinant of discrimination performance was
not the degree of engagement of a phonetic module, but rather the
extent to which the auditory representations of the glides were
masked by other acoustic energy present in the signal. The pattern
of threshold estimates across conditions was not quite as auditory
masking considerations might have predicted. Lowest thresholds

were indeed found in the condition without additional masking
energy, and highest thresholds in the condition with potentially the
greatest masking energy. However there were no differences
between the conditions in which masking effects might have been
expected as a result of upward spread of masking from
simultaneously present lower-frequency energy (as in conditions
BF12 and BF12tr), and the conditions in which only the typically
weaker effects of backward masking should have been evident
(condition BF3). The similarity of thresholds across the different
base conditions suggests that whatever cues listeners used to
discriminate the glides near threshold must have been obscured by
all versions of the base to a similar extent. Exploration of the
origin(s) of the threshold elevation caused by the base contexts
could prove to be generally informative about the representation of
phonetic information in the complex auditory patterns of speech.

3. CONCLUSION
The results of this experiment suggest a need for caution in the
interpretation of those data from experiments on duplex perception
which have been taken to show that listeners are more sensitive to
particular patterns of auditory information when they are
phonetically relevant than when they are not.
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NOTE
1. A different outcome was apparently obtained by Bentin and Repp (cited in
[8]), who found similar discrimination thresholds for isolated glides and for
glides in base context. In the absence of further details the difference in
outcome of their experiment and this one is hard to rationalise.
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ABSTRACT
Acoustic manifestations of utterances vary according to the
physiology of the speaker and the current underlying vocal tract
settings as well as the rate and style chosen by the speaker.  This
may result in formant patterns for any given vowel being very
different from those derived from citation forms for that
speaker’s dialect.  An examination of the acoustic signal arising
from unscripted and fluent read speech shows that vowels
perceived as different may result in very similar formant
patterns while vowels categorized as the same may vary greatly.
Experimental studies attempt to identify the acoustic and
perceptual cues that enable the listener to adapt to the
continuously varying underlying speaker settings manifested in
fluent speech.  By manipulating formant structure, we compare
how listeners identify the resulting vowel sounds to distinguish
those manipulations that result in a new vowel percept from
those that result in a same vowel - new speaker setting percept.

1. INTRODUCTION
The acoustic manifestations of utterances vary according to the
physiology of the speaker and the current underlying vocal tract
settings as well as the rate and style chosen by the speaker.  For
example the size and shape of the speaker’s face and tongue and
whether he or she is smiling, or talking with teeth clenched, or
perhaps is tired so that physical movements are more sluggish,
may all effect the speech signal produced.  This may result in
formant patterns for any given vowel being very different from
those derived from citation forms for that speaker’s dialect.
Rapid changes in speaker style, emotional state or context-
dependent factors may also produce apparently ambiguous
formant configurations which listeners, nevertheless, have little
difficulty in decoding.  Even isolated vowels produced naturally,
exhibit changes in formant centre frequencies over time [4].
This phenomenon has been termed Vowel-Inherent Spectral
Change (VISC) [6].  However, far fom being a problem to be
overcome during the recognition process VISC may be viewed as
due to coarticulation with silence or with a quasineutral state of
the vocal tract [8] and thus provide an aid to identification as it
may help define the vocal tract characteristics of speaker.

A series of acoustic and experimental studies look at the
characteristics of vowels across a variety of speech styles and
attempt to identify the acoustic and perceptual cues that enable
the listener to adapt to the continuously varying underlying
speaker settings manifested in fluent speech.  An examination of
the acoustic signal arising from unscripted and fluent read
speech shows that vowels perceived as different may result in
very similar formant patterns, while vowels categorized as the
same may vary greatly.  Examples of speech were collected from

three local (Texan) speakers.  All three speakers were asked to
read lists of monophthongal words, using the /hVd/ framework
[7].  For one of the speakers additional elicitation methods were
used to obtain more fluent speech in several different styles and
vowels, produced in isolation.  Variation within any type of
relatively fluent speech was such that different tokens of the
same vowel sometimes differed more than tokens of different
vowels.  Indeed, some vowels perceived as different had very
similar pitch and formant frequencies.  The vowels in responses
to open questions were longer than for read speech but
considerably shorter than for the word or isolated vowel lists.
This suggests that the speaker may be adjusting the amount of
information provided to the level of predictability available.

Our perception studies involve presenting words derived from
the citation forms produced by each of our speakers, and vowels
excised from them, to groups of listeners who try to attribute the
resulting sounds to the words from which they were derived.  By
manipulating formant structure, we compare how listeners
identify the vowels in the resulting signals to distinguish those
manipulations that result in a new vowel percept from those that
result in a same vowel - new speaker setting percept.  The
purpose is to identify those aspects of the speech signal that cue
the listener to changes in speaker settings.  Word/vowel pairs
were prepared by analyzing each of the speech signals and then
raising or lowering the entire F2 formant track throughout the
signal to try to achieve vowel peak formant relationships more
typical of different vowels.  This resynthesis method was
intended to emulate variations in the dimensions of the
underlying vocal tract while keeping all other sources of
variation constant.

We discuss the findings in the context of other studies on vowel
identification and hypothesize that listeners must categorize
vowels within the context of rapidly time-varying/style-
dependent vocal tract characteristics that can themselves be
derived from the signal

2. INTER- AND INTRA-SPEAKER VARIATION
2.1 Speakers
Our three speakers were males, born in Texas, now in their mid-
twenties to mid-thirties.  Their accents, though not strong,
exhibited general Texan characteristics, such as a lack of
distinction between “hod” and “hawed” and both /æ/ and /A/
among the longest vowels.  For all of our speakers, we compared
the /hVd/ utterances produced in response to reading from word-
lists.  These were the same signals from which we derived the
sounds to be used for our perceptual experiments.  To estimate
the extent of variation between vowels in relatively natural
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forms of speech, in comparison to these citation forms, and to
search for evidence of formant structure cues that might provide
inherent speaker information, we used five different speech
elicitation methods with one of our speakers.  These were a)
reporting general background information (SO), b) responses to
open questions (AS), c) a read passage, d) the same
monophthongal words, read from word-lists as before, and e)
isolated vowels produced by reference to the same word-lists as
in (d).  Spectral representations of all these samples were
measured and the measurements compared to ascertain the
extent of variation within and between the speech styles
collected and the links between formant patterns and vowel
categorization judgments.

2.2 Data collection
The word-lists were recorded in a sound-attenuated booth
directly into digital form at a sampling rate of 10 Khz.  In order
to provide a reasonably casual environment, the speech style
data was collected in analogue form on audio-cassette using a
multi-directional microphone in a quiet (but not-sound-
attenuated) room.  Samples, including as many as possible
clearly-identifiable examples of the “pure” vowel set, were
transferred to a Kay CSL analysis system at a sampling rate of
10 KHz.  We use the same phonemic symbols as Peterson and
Barney [7] to denote the vowels throughout this paper although
the phonetic representations would differ in this dialect.

2.3 Acoustic measures
Vowel formant frequencies and the duration of the continuous
voiced portion of each of the vowels were estimated from FFT
spectrograms derived by the Kay CSL model 4300 system.
While three examples of each vowel category in the word and
isolated vowel lists were provided, it was more difficult to find
so many clear examples of the same vowels in the read and
unscripted speech.  However more than one example was found
for most of the vowels in each of the styles.  For vowels that had
been partially diphthongized or where co-articulation resulted in
a clearly observable transition, the flattest portion of the vowel
peak was used to estimate the formant values; otherwise formant
values were taken at around mid-peak.  Following Nearey and
Assmann [6], we also estimated the peak and offset frequency
values of the lowest three formants of each vowel.

2.4 Analyses
The mean and standard deviation of the formant values and
vowel peak duration for each vowel were calculated.  Where
more than one example was available, means and standard
deviations were also calculated for each style.  The results were
then compared across styles.  Finally, vowels that displayed non-
typical formant patterns were examined more closely for
evidence that might contribute to utterance-specific
identification.

2.5 Between-speaker and within-speaker comparisons
An example of a vowel peak-offset between-speaker comparison
is shown at the end of this paper.  Similar comparisons between
vowels produced by speaker T, in isolation,  in /hVd/ frames,
from unscripted descriptive speech and responses to open
questions, and from fluent read speech, will be presented at the
congress.

3. ATTRIBUTION OF WORDS/VOWELS
3.1 Subjects
The listeners were introductory psychology students
participating in the experiment for course credit. All reported
normal hearing and English as their native-tongue.  Most were
Texans.

3.2 Stimuli
Three local (Austin, Texas) male speakers each recorded a list
of 10 monosyllabic monophthongal words in a hVd frame.  Only
9 of these words were used as two (“hod” and “hawed”) were
homophonous in this dialect.  The words were recorded three
times each and the best two examples from each of two of the
speakers were analyzed and resynthesized for the practice word
and vowel set.  One example of each word from the third
speaker was chosen and each of these were analyzed and
resynthesized with two variants in which the whole F2 formant
was transposed.  These words and the vowels excised from them
formed the test sets (WV).

The vowel targets were gated segments of the full words, each of
approximately the same length.  The length chosen (around 180
msec) was the length of the continuously voiced portion of the
shortest vowel.  The other vowels were gated to include a
complete number of pitch cycles commencing with the first
clearly voiced period and ending at the end of the pitch cycle
located at 180 msec from the start of the first cycle.

To adjust more carefully for vowel length effects, similar
word/vowel pairs were also created using silent-centre vowels
(SC).  These were constructed by applying a similar voiced
period selection method to that we had used for vowel excision.
The first and last five pitch periods of the fully voiced portion of
each vowel were retained and the centre gap adjusted to be
equivalent to approximately six pitch periods.  A third set of
length-adjusted word/vowel pairs (centre-glide vowels (CG))
was created by applying linear smoothing across this centre gap.
These three sound sets were presented to three different groups
of listeners.  A fourth group of listeners was used to estimate the
contribution of learning effects to identification score increases
throughout such a listening session.

3.3 Procedure
After a short practice at identifying the same set of
monophthongal words, produced by two of the local speakers,
and the vowels excised from them, listeners were asked to
identify a different speaker’s vowels, in some of which the
whole F2 track had been adjusted by a multiplication factor (in
most cases to bring the peak to approximate a different vowel in
the same vowel set).  Competence in identifying the source word
for the vowel was compared with identification performance
when listening to the whole words, again with the same F2
shifts applied.  Identification of the same vowels was also re-
assessed after the listeners had heard the vowels in context.
That is, the performance measures taken on the F2 varied word
sets were identification of the word source for a) excised vowels,
b) complete words, and c) excised vowels again.  In order to
estimate the contribution of continued learning effects, a control
group of subjects (C) were presented with three test sets that
were all different randomizations of the same vowel targets (no
word set).  Within each task, the complete stimulus set was
presented in two different random orders.  Practice Word and
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Vowel identifications were from a total possible score of 36
(each variant presented once) while test measures were from a
total possible score of 27 per block (each variant presented
twice, once in each block).  Subjects recorded their responses to
each signal by marking the appropriate word from lists of 9
possible words in a booklet.

3.4 Results
PracW PracV Test1 Test2 Test3

WV-M 95.99 94.14 69.75 78.60 77.06
WV-SD 4.88 7.62 6.51 8.07 7.81
C-M 97.53 95.68 69.75 73.66 72.84
C-SD 3.14 5.15 9.59 8.70 9.16
SC-M 97.40 97.05 69.44 75.69 74.07
SC-SD 3.28 4.12 5.53 6.19 8.31
CG-M 95.76 95.47 64.33 73.68 70.86
CG-SD 7.88 5.17 7.83 9.55 9.36

Table1: Percentage Mean (M) and Standard Deviation (SD)
scores for each group of listeners.

3.5 Analyses
Preliminary analyses showed a significant advantage for words
over excised vowels that could not be accounted for by learning
effects.  Further studies indicate some reduction in
identifications for silent-centre and centre-glide words and
vowels.

4. DISCUSSION
Space does not permit all the experimental details or all the
vowel formant comparison data to be included here.

Average duration of vowels varies considerably across the
speech categories examined and is far greater for word list and
isolated vowel examples although variability is greatest within
answers and read speech.  Average formant values also vary
noticebly across categories, though it should be remembered that
the means here are derived from few examples (maximum 3),
each of which may represent one of a variety of speech styles or
emotional states of the speaker.  From spectral comparisons, it
can be seen that two similar formant patterns do not necessarily
give rise to the same vowel percept whereas, even within speech
categories, widely different spectral patterns may be heard as the
same vowels.

Experiments to investigate whether words resynthesized with
consistent formant shifts are detected as exemplifying the source
vowel from which they were derived or the target vowel whose
formant patterns they most nearly approximated indicate that
excised vowels are significantly more difficult to attribute to the
source vowel than the complete words but that this difference
disappeared when re-attributing the vowels after hearing the
words [10].  This suggests that important speaker-dependent
information is lost when excising only the vowel portion of a
short word but also that the speaker-information gained from the
full word examples can be utilized in processing later excised
utterances.

Nearey and Assmann [6], found that for equally reliable
identification of silent-centre vowels compared with whole
isolated vowels, both peak and offset formant structure
information is required.  They hypothesized that speaker-specific
information is encoded within the natural variation that occurs

throughout the duration of the vowel period, terming this vowel-
inherent spectral change (VISC).  They demonstrated that the
offset is particularly important for determining speaker-specific
information.  Our results indicate that some information, useful
to the listener, may be lost both from whole words and from
excised vowels in removing vowel centre information in this
way, irrespective of whether it is replaced by silence or simply
smoothed out.  We plan further studies to investigate whether
three-point spectral peak information [3] retains this vital
information.

Several experiments (e.g. [9, 2]) have found that isolated vowels
are identified significantly less well than vowels in consonantal
context, suggesting that speaker information may be encoded in
the transitions due to coarticulation.  However, other researchers
[5, 1] found that, by using vocal imitation to reduce memory
load, no significant difference in categorization could be found.
Identification of isolated vowels was further improved if the
vowels were presented blocked by speaker [5].

All these studies point to the existence of inherent speaker-
specific information, to be found in the formant structure of even
very short utterances, that is available and utilised during vowel
categorization processes.

5. SUMMARY
The speech signal analysis and experimental results presented
here support the existence of a speaker-state or utterance-
dependent acoustic component available to the listener at the
vowel or syllable level.  Although citation forms of monosyllabic
words and short vowels provide relatively consistent formant
level information, the variation found within these and, to an
even greater extent, within read and more spontaneous forms of
speech precludes the exclusive use of syllable peak formant
information in vowel identification.  Our experimental work, in
keeping with earlier studies [5, 1, 6, 10], indicates that the extra
information required to make sufficiently reliable vowel
categorizations is at least partially encoded within short words
and isolated vowels.  We are continuing to investigate the form
of this encoding.
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APPENDIX: BETWEEN AND WITHIN-SPEAKER VARIATION IN PEAK/OFFSET VOWEL FORMANT VALUES
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Figure 1. Peak and offset formant values of 2 or 3 tokens of each of 9 vowel categories from two native Texan speakers.  It can be seen
that some vowels (e.g. /u/) occupy notably different areas of the F1/F2 space for each speaker.  The category symbol marks the offset
data point.  The variation between tokens for the same speaker should also be noted.  Distance and direction of shift seem to be less
constant in relatively uncluttered regions of each speakers vowel space, whereas, in more crowded regions, larger shifts are observed

that appear to be more orthogonal, especially where two different vowel categories occupy the same region of vowel space.
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PERCEPTION OF VOWEL QUALITY IN THE F2/F3 PLANE

Michelle R. Molis
University of Texas at Austin, Austin, TX, USA

ABSTRACT

The stimulus space used in this study was a (perceptually)
uniformly sampled region of the vowel space generated through
orthogonal variation of F2 and F3.  Stimuli within this space can
be identified as instances of the English vowels /U/, /I/, and /ÎÕ/.
The structure of this space allows comparisons among stimuli to
be made along four axes of acoustic attributes:  common F2,
common F3, common F3-F2 distance, and common arithmetic
mean of nominal F2 and F3.  Binary identification experiments
within partially over-lapping subsets of these stimuli indicate
that boundary locations could be described in terms of a constant
F2 for the /U/-/I/ distinction and a roughly constant mean of
nominal F2 and F3 for the /ÎÕ/-/I/ distinction.  Performance on
the /U/-/ÎÕ/ distinction was more variable--while half of the
subjects placed the boundary at a constant F3-F2 distance; the
other half employed a variety of strategies across the stimulus
set.

1.  INTRODUCTION
The experiment reported here is an extension of a previous study
[1] and also provides pilot data for upcoming research.  In the
earlier study, separate, non-overlapping regions of an F2/F3
plane were used to investigate the correspondence of boundaries
between the feature distinctions [+/-back] and [+/-coronal] with
the proposed 3 to 3.5 Bark critical limit of formant integration
[2].  In was found that the boundary for the [back] distinction
could be explained rather well by a constant value of F2.
However, for the [coronal] distinction, both F2 and F3
influenced the placement of the boundary.  Although the
boundary fell along a nearly constant value of F3-F2, this value
was below the 3 to 3.5 Bark critical distance predicted for these
feature distinctions [3].

The results presented here are for an expanded and more
richly sampled region of the F2/F3 plane.  Three different binary
distinctions in vowel quality can be found within this plane: /U/
vs. /I/, /ÎÕ/ vs. /I/ and /U/ vs. /ÎÕ/.  We sought to determine if the
boundaries for each of these distinctions can be explained
relative to elementary properties of the stimuli--formant peak
frequencies and/or simple arithmetic relations between them
(e.g., F3-F2).  The results of the earlier study had suggested that
this may be the case.

2. METHOD
2.1. Stimuli
Fifty-six, five-formant synthetic vowel stimuli were synthesized
using a KLATT88-type cascade resonance synthesizer
implemented on a PC.  All stimuli had a common nominal first

formant frequency of 455 Hz (4.5 Bark) but varied orthogonally
in F2 and F3 frequency.  F2 varied from 9.0 to 14.2 Bark (1081
Hz to 2390 Hz) in equal 0.4 Bark steps.  F3 varied from 10.0 to
15.2 Bark (1268 Hz to 2783 Hz), also in equal 0.4 Bark steps.
The Hz values used as input parameters to the synthesizer were
calculated to correspond with desired Bark values using an
equation from Traunmüller [4].  Figure 1 shows a graphical
representation of the entire stimulus space.  Each stimulus  is
depicted as a point in the F2/F3 plane. Within this space,
reasonable examples of the vowels /U/, /I/, and /ÎÕ/ can be
identified.
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Figure 1.  A graphical representation of the stimuli used in this
experiment.  Regions enclosed by boxes denote the three over-

lapping stimulus regions used for the three experiment
conditions.

The three points labeled /U/, /I/, and /ÎÕ/ in Figure 1
represent the stimuli that fall closest to the average values of F2
and F3 produced by male speakers for these vowels [5].

This stimulus set allows for the  comparison of responses in
terms of four primary stimulus axes:  common F2, common F3,
common difference of F2 and F3 and common average of F2 and
F3.  Again referring to Figure 1, the positions of the points along
the X- and Y-axes denote the  nominal values of F2 and F3.
While overall F2 and F3 were sampled in 0.4 Bark intervals, the
distribution of the sampling was staggered so that for any given
F2 frequency, F3 was sampled at 0.8 Bark intervals and vice
versa.

As indicated by the arrows in the lower right-hand corner of
Figure 1, along one diagonal of the stimulus space, stimuli were
arrayed according to equal steps in F3-F2 distance (in Bark),
ranging from a minimum formant spacing of 1 Bark to a
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maximum of 5.8 Bark in six 0.8 Bark steps. Along the opposing
diagonal axis, the stimuli differed according to the nominal
average of F2 and F3.  The range in average F2/F3 frequency
was from 9.5 to 13.5 Bark (1172 Hz to 2152 Hz) in thirteen 0.4
Bark steps.

All stimuli were 225 ms in length. This duration was
chosen to be similar to measured intrinsic durations of these
vowels in citation form [5].  The values of F4 and F5 were, 3250
Hz (16.2 Bark) and 3700 Hz (17.0 Bark) respectively.  The
fundamental frequency was a constant 132 Hz for the first 150
ms and thereafter fell linearly to 127 Hz.  All stimuli were
normalized for RMS amplitude.

2.2. Binary Identification Tasks
The larger stimulus set was sampled in order to form three
partially overlapping stimulus subgroups, one for each of the
three possible binary identification tasks (refer to the regions
enclosed within the boxes in Figure 1).

The 24 stimuli used for the /U/ vs. /I/ distinction can be
described in terms of four separate series differing in F2 and
varying in F3 in six steps of 0.8 Bark within a continuum.  Each
of these stimuli was presented in 20 randomized blocks (480
trials/subject).

The 27 stimuli used for the /ÎÕ/ vs. /I/ distinction form three
continua differing in the value of F3-F2.  Within each
continuum, stimuli vary in eight steps according to the
numerical average of F2 and F3.  In this case, the continua lie
along one of the diagonal axes of the stimulus space.  The
stimuli in this condition were presented in 20 randomized blocks
(540 trials/subject)

Finally, the 30 stimuli used for  the /U/ vs. /ÎÕ/ distinction
comprise six continua differing in F2 and varying according to
F3 frequency.  In this condition, twelve stimuli had F3-F2
distances of 2.6 Bark or below, while 18 had F3-F2 distances of
3.4 Bark or above.  Eighteen randomized blocks were presented
in this condition (540 trials/subject).

2.3. Subjects and Procedure
Three separate groups of  Introductory Psychology students from
the University of Texas at Austin served as experimental
subjects in exchange for partial course credit.  All reported
having normal hearing and were native speakers of American
English. The number of subjects per condition was as follows:
/U/ vs. /I/, 17 subjects; /ÎÕ/ vs. /I/, 18 subjects; /U/ vs. /ÎÕ/, 21
subjects.

Subjects were seated at separate response stations in a
sound attenuated chamber.  For each binary identification task,
subjects indicated their responses by pushing one of two
response buttons appropriately labeled for each condition.

3. RESULTS
3.1.  /U/ vs. /I/ Condition
Average subject data for this condition are presented in Figure
2.  Identification functions by F2 frequency are plotted for each
of the four F3 continua.  All four continua in this condition could
be described using a single logistic function with a common
slope
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Figure 2.  Percent /U/ response by F2 for each of four values of
F3.

and identification boundary (F(6,400) = 1.20, p = 0.31).  The
fifty-percent identification boundary was located at 11.78 Bark
along the F2 axis.  A previous study [1] also found F2 as the
major cue for this distinction; however, due to the differences in
the range of values used, the identification boundary fell at a
smaller F2 value.

3.2. /ÎÕ/ vs. /I/ Condition
Average subject data for this condition are presented in Figure
3. Identification functions by average F2/F3 frequency are
plotted for each of the three F3-F2 continua.  While these three
functions
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.
share a common slope, the fit of the logistic regression was
significantly improved if each continua had a unique boundary
value (F(3,482) = 3.27, p < 0.05). Even though identification
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boundaries varied, they did fall within a narrow range--0.1 Bark.
Boundaries values for the three continua in terms of average
F2/F3 and in order of increasing F3-F2 separation were 12.52
Bark, 12.57 Bark and 12.62 Bark.  This tendency for slightly
higher boundary locations may indicate a greater influence of F2
as  the inter-formant distance increases.

3.3. /U/ vs. /ÎÕ/ Condition
The results for this condition were less clear.  Subjects could be
placed into subgroups according to apparent response strategy
implemented.  Eleven of the 21 subjects appeared to rely on
both F2 and F3 for boundary placement across all six F2
continua.  This is revealed in the plot of their identification
means by F3-F2 frequency for each F2 value (Figure 4).  For
these 11 subjects, the /U/ vs. /ÎÕ/ boundary fell along a relatively
constant value of F3-F2.
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Figure 4.  Percent /U/ response by F3-F2 for each of six values of
F2.  These data represent the average response of 11 subjects

who based the boundary between /U/ and /ÎÕ/ relative to a
constant value of F3-F2.

The remaining ten subjects formed a heterogeneous group
in regard to response strategies used--there was variation among
subjects as well as across stimuli.  Rather than employing a
consistent strategy across the six F2 continua, subjects' response
patterns changed depending on the value of F2.  Often, for the
lowest two or three F2 continua, boundary locations appeared to
rely either on F2 or F3 alone.  Thereafter, many of these subjects
switched to using a consistent F3-F2 value for boundary
placement. The relative inconsistency in these subjects
responses is reflected in Figure 5.
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Figure 5.  Percent /U/ response by F3-F2 for each of six values of
F2.  These data represent the average response of 10 subjects

who used a range of response strategies for locating the
boundary between /U/ and /ÎÕ/.

4. CONCLUSION
Subjects performed binary identification tasks within three sets
of synthetic vowel stimuli sampled from a single F2/F3 plane.
For two of these distinctions, /U/ vs. /I/ and /ÎÕ/ vs. /I/, the
location of boundaries could be well described in terms of
relatively simple stimulus parameters, F2 and the average of F2
and F3 respectively.  For the third distinction, /U/ vs. /ÎÕ/,
performance across subjects was more variable.  Identification
performance for half of the subjects could be characterized
relative to a single derived stimulus parameter, F3-F2.
Performance for the remaining subjects in this condition, while
not as systematic across  the  range of stimuli, was also not
random.  We hope to formulate a method that will allow us to
describe the orderly manner in which these subjects'
performance differed across stimuli.

The study reported here found no common correlate for the
phonological boundaries between three vowel distinctions: /U/
vs. /I/, /ÎÕ/ vs. /I/ and /U/ vs. /ÎÕ/.  This is counter to models of
vowel perception which propose that such distinctions arise from
a single critical limit of spectral integration [2,3].  Nonetheless,
the phoneme boundaries described herein can be characterized
in terms of a small number of simple spectral properties and the
relations between them: F2 value; arithmetic average of F2 and
F3; and the difference between F2 and F3.  Although we have
described these properties in terms of the locations of spectral
peaks, it is possible that they may also be described by
correlated properties of a whole spectrum representation.
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PERCEPTUAL F1-F2 INTERACTION IN QUALITY EVALUATION OF VOWELS
SHOWING FORMANT UNDERSHOOT

Shinichi TOKUMA
Department of English Language and Literature

 Sagami Women’s University, Sagamihara, Kanagawa, 228-8533, Japan

ABSTRACT

This study aims at examining the results of the previous study,
Tokuma[1], which suggest the potential sensitivity to the formant
trajectory range of /CVC/ stimuli in the quality evaluation process
of vowels showing formant undershoot. The matching paradigm
used in Tokuma[1] is introduced, where listeners match constant
/CVC/ stimuli of /dVd/ to variable /#V#/ stimuli, using a
schematic on a PC screen, and the listeners change the F1/F2
frequency of /#V#/ by moving a mouse. However, in this study, the
/dVd/ stimuli have an identical F2 trajectory peak/edge value but
their F1 trajectories have six different peak values, producing six
different constant /dVd/ types. The results of the experiment show
that the effect of trajectory range on the vowel quality evaluation
process cannot be explained in terms of the bias of the cursor
position of the schematic grid, thus confirming the previous
results. More interestingly, the results also suggest that low F1
values of /dVd/ could affect the F2 matching process by lowering
it from the F2 /dVd/ trajectory peak, if the F1 is in a low frequency
region.

1. INTRODUCTION
In natural speech, vowels in consonantal contexts are modified
from isolated form by their neighbouring consonants. In particular,
their formant frequencies may not achieve their target or citation
form values, a phenomenon called acoustic vowel formant
undershoot. Despite this acoustic variability, listeners are able to
identify vowels in consonantal contexts accurately, and this
phonological identification of vowels showing acoustic formant
undershoot has been frequently investigated. There is, however, an
interesting aspect to this phenomenon. Do the vowels that are
acoustically realised with formant undershoot give a different
phonetic impression to the listener than those produced in
isolation?

Our previous study Tokuma[1] thus examined the
perceived quality of vowels with formant undershoot, and used a
perceptual task, whereby listeners matched constant /CVC/ stimuli
of /bVb/ or /dVd/ (called reference tokens) to variable /#V#/
stimuli(called test tokens), using a schematic grid on a PC screen.
The grid represented an acoustic vowel diagram, and the subjects
changed the F1/F2 frequencies of /#V#/ by moving a mouse. This
grid-matching test uncovered a sensitivity of subjects to formant
trajectory range when they judged vowels in context: when the
formant trajectory range of /CVC/ was small, subjects selected a
value somewhere between the /CVC/ trajectory end frequency and
peak frequency to represent its vowel quality, and when the
formant trajectory range was large, they selected a value beyond

the trajectory range: a value higher than the peak if the trajectory
was convex, and a value lower than the peak if it was concave.

 However there is a criticism that this result was
weakened by a possible influence on  subjects’ responses by the
grid location: for example, the choice of blocks by the subjects
may have been drawn towards the centre to the grid or its corners,
suggesting that the perceptual effect of the formant trajectory
range may be attributed to a non-auditory factor. Moreover, the
results of the experiment did not confirm the possible perceptual
F1-F2 interaction in vowel quality perception process found in an
experiment of Tokuma [2]: low F1 values of /CVC/ could affect
the F2 matching process by lowering it from the F2 /CVC/
trajectory peak if the trajectory shape of F2 is concave and the two
formants are relatively close.

Therefore, this experiment examines the validity of the
perceptual formant trajectory range effect proposed in Tokuma[1],
by investigating whether the vowel quality matching process can
be affected by the cursor position in the grid arrangement. It also
investigates whether the possible perceptual F1-F2 interaction is
involved in the vowel quality perception process.

2. EXPERIMENT
2.1  Materials
This experiment used the same testing scheme as in Tokuma[1],
with a reference /CVC/ token and test /#V#/ tokens. Vowels in
these reference and test tokens had only two formants, F1 and F2.

 The reference token was /dVd/, 120 ms in duration, and
had the F0 declination pattern from 130 Hz to 100 Hz. The F1 and
F2 values of the nucleus of the reference token were determined as
follows. The F1 peak had six positions: 400 Hz, 444 Hz, 490 Hz,
537 Hz, 586 Hz, 637 Hz, chosen to be 0.4 Bark apart within the
range of F1 between /d/d/ (437 Hz) and /dYd/ (658 Hz). The F2
peak of this experiment was fixed at 1350 Hz, which was
intermediate between the F2 frequencies of /dYd/ (1341 Hz) and
/d/d/ (1359 Hz) in a pilot experiment in Tokuma[2]. These values
were chosen to verify the effect of formant trajectory range on the
matched formant frequency, taking into consideration the fact that
the lower matching of F1 occurred in /d/d/ (F1=437 Hz, F2=1359
Hz) while it was not prominent in /dYd/ (F1=658 Hz, F2=1341
Hz). This process created six reference /dVd/ token types and they
are shown in Table 1. In Table 1, s400 token stands for the token
whose (peak F1 frequency, peak F2 frequency) is (400,1350).
Accordingly, s444 token has (peak F1 frequency, peak F2
frequency) of (444,1350), s490 that of (490,1350), s537 that of
(537,1350), s586 that of (586,1350) and s637 that of (637,1350).
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s400 s444 s490 s537 s586 s637
F1 peak  400  444  490  537  586  637
F2 peak 1350 1350 1350 1350 1350 1350
Table 1: F1 and F2 values of the six reference /dVd/ types

F1/F2 trajectories were calculated according to the function
devised by Nearey [3], as in Tokuma[1], with the locus value of /d/
(F1,F2) = (150,2000) Hz1. Vowels in these /dVd/ were synthesised
using the parallel formant JSRU synthesiser by Holmes[4]
implemented in the Speech Filing System running on a Sun
SPARC workstation as in Tokuma[1]. In the synthesis, F0 declined
linearly from 130 Hz to 100 Hz.

The test /#V#/ token was also created in the same way as
in Tokuma[1]: 220 ms /#V#/ whose F1/F2 frequencies subjects
could change by moving a cursor position in a grid. Also the test
/#V#/ materials were created using the JSRU synthesiser, with the
linear F0 declination from 130Hz to 100Hz.

2.2  Subjects
Five native speakers of South East British English undertook this
experiment. They were either research students or a member of the
staff of the Department of Phonetics, University College London.
They were sufficiently motivated without financial reward. None
of them had a history of any hearing defect.

2.3  Procedure
The procedure of the experiment was the same as in Tokuma[1]:
individual subjects were asked to sit in front of a PC terminal. Its
screen displayed a schematic grid (6 x 6 blocks) with a cursor on
one of these blocks, showing the "relative" position of the test
token. In fact the grid was an acoustic vowel diagram, with F1/F2
= 0.5 Bark step, but the subjects were not informed of this.

Sitting in front of a PC terminal showing a 6 x 6 grid,
the subjects were required to match the vowel quality of the
reference /dVd/ and the test /#V#/, as the latter changed its F1/F2
according to the cursor position on the grid, which was moved by
clicking with a mouse. Each time the cursor was moved, or when a
space key was pressed, a pair of a test token and a reference token
having an interval of 300 ms between them was replayed through a
speaker. These two tokens were played in the order of 'reference'-
'test'. The allocation of the direction of F1/F2 on the two axes was
randomised. The grid cell with values closest to the F1/F2 peak
values of the reference /dVd/ was randomly assigned to one of the
cells of the grid.

As in Tokuma[1], the whole experimental process
carried out on a terminal screen was controlled by an SFS (DOS
version) program. The experiment was held in the teaching
laboratory of Wolfson House, Department of Phonetics, University
College London. The laboratory was kept quiet by removing
sources of background noise as much as possible, and subjects
listened to the stimuli through covered-ear headphones. None of
them reported that their attention had been compromised by
background noise. The F1/F2 values used in the grids are shown in
Table 2, and an example of grid arrangement is shown in Table 3.
In Table 3, the number above in each block represents the F1
value of the test /#V#/ token and the number below its F2 value.
Each reference /dVd/ token type had eight repetitions, producing 6
(/dVd/ token type) x 8 (repetitions) = 48 matching sessions for
each subject.

s400 F1 250 300 352 406 461 520
s400 F2 1000 1087 1181 1280 1386 1499
s444 F1 389 444 501 561 624 649
s444 F2 1000 1087 1181 1280 1386 1499
s490 F1 326 378 433 490 549 612
s490 F2 1000 1087 1181 1280 1386 1499
s537 F1 421 477 536 597 662 730
s537 F2 1000 1087 1181 1280 1386 1499
s586 F1 465 524 585 649 716 787
s586 F2 1000 1087 1181 1280 1386 1499
s637 F1 455 512 573 636 703 773
s637 F2 1000 1087 1181 1280 1386 1499
Table 2: Formant values used in /#V#/ tokens to produce a 6 x 6
grid. All values in Hz
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Table 3: An example of grid arrangement. (For s490 token). All
values in Hz

3  RESULTS AND DISCUSSION
As in Tokuma [1], in order to validate the reliability of subject
performance, the following criterion for subject-selection was used
in this experiment: If one of the F1/F2 response ranges across all
eight repetitions exceeds three steps in more than three /dVd/
token types out of six in a given subject, it is decided that the
results lack consistency and they are eliminated, under the
assumption that all consistent responses should target one
particular block, in a grid, with one step up/down as an error
range.

It was found that the responses of one subject produced a
larger F1 x F2 range than 3 x 3 in all six token types, which
suggests a quasi-random response by the subject. Therefore the
subject was excluded from the analysis.

Consequently, across the four remaining subjects, the
mean shift index (mean across all [matched formant]-[peak of
/dVd]) of F1 and F2 was calculated according to each token type
(i.e. s400, s444...). They were calculated in Bark scale. The
calculated shift indices are displayed in Table 4 together with the
trajectory range of the reference /dVd/ in Bark scale. Due to the
nature of the stimuli, all the tokens from s400 to s637 had a
different F1 trajectory peak value but an identical F2 trajectory
peak value. Also across the four subjects, frequency distributions
of their responses were combined for each reference /dVd/ token
type according to the grid step on the F1 axis and converted to
histograms, to inspect the bias of the cursor position in a grid.
These histograms are shown in Figures 1 to 6. In Figures 1 to 6,
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“(PK)” represents the closest frequency of /#V#/ to the F1 /dVd/ trajectory peak.

Figure 1: Frequency distribution of F1 results of s400 token                     Figure 2: Frequency distribution of F1 results of s444 token

Figure 3:  Frequency distribution of F1 results of s490 token                   Figure 4: Frequency distribution of F1 results of s537 token

Figure 5: Frequency distribution of F1 results of s586 token                    Figure 6: Frequency distribution of F1 results of s637 token

reference
token

F1
trajectory

range

Mean
Shift
index

F2
trajectory

range

Mean
Shift
index

s400 2.472 -.73 2.554 -.83
s444 2.872 -.09 2.554 -.38
s490 3.272 -.55 2.554 -.36
s537 3.672 .02 2.554 -.03
s586 4.072 .09 2.554 -.19
s637 4.472 -.28 2.554 -.06
Table 4: Mean shift index and trajectory ranges of the reference
token. All numbers in Bark.

Table 4 indicates that the F1 trajectory range influenced the
matching strategy of subjects in the same way as was observed in

Tokuma[1]: subjects matched an F1 of /dVd/ having a small
trajectory range with an F1 frequency of /#V#/ between peak and
onset/offset, while a large F1 /dVd/ trajectory range induced a
matching of /#V#/ around /dVd/ trajectory peak.

As for the bias of the cursor position, the results
generally show that the effect of trajectory range on the vowel
quality evaluation process cannot be explained simply in terms of
the bias of the grid location, since Figures 1 to 6 show that the
modes of the matched distributions did not concentrate upon any
particular group of grid locations. It might be argued that a
possible visual influence is observed in the matched F1 frequency
of the s444 token, which was close to the F1 trajectory peak,
although the grid matching for /d/d/, which had an F1 peak of 437
Hz, showed an F1 matched considerably lower than the F1 /CVC/
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peak in the previous study [1]. However, this may be ascribed to
the truncated distribution of the F1 choices in the grid matching
for the s444 token since there the edge value of 389 Hz was the
only F1 choice lower than the F1 peak of s444, and this seems to
have truncated the lower edge of the matched sample distribution,
shifting the mean matched frequency to a higher value. Thus it is
argued that visual bias is not a major criticism of the validity of
the matching scheme, and therefore the results of Tokuma [1] were
confirmed.

Table 4 also shows the results of F2 matching. It
demonstrates that the matched F2 in this experiment was lower
than the F2 trajectory peak in s400, s444 and s490, while in s537,
s586, s637, the matched F2 was close to the trajectory peak. The
trajectory range effect predicts that the matched F2 would be lower
than the F2 trajectory peak of /dVd/, and this was found in the
majority of cases.

However there is a substantial variation in the chosen F2
value. In Table 4, the F2 frequency of the test /#V#/ token
matched to the reference /dVd/ was lower than the peak when the
F1 was in a low frequency region, while it was closer to the F2
peak when the F1 peak of the /dVd/ was high in frequency. This
means that the lower F2 matching occurred only when F1 was in a
low frequency region. This supports the hypothesis suggested in
Tokuma [2] that F1 values of /CVC/ could affect the F2 matching
process by lowering it from the F2 /CVC/ trajectory peak if the
following conditions are met: 1) the trajectory shape of F2 is
concave; 2) the two formants are relatively close; and most
importantly, 3) F1 is in a low frequency region. Note that in this
experiment, the conditions 1) and 2) were always met. Hence the
results of this experiment show positive evidence for the influence
of low F1 values on F2 matching, although this influence requires
more extensive data to confirm it.

If this effect of low F1 values on F2 frequency matching
holds, the results of F2 matching also contradict the possibility of
a bias from a visual effect as suggested in Introduction, since the
F2 matching results differed among the six token types, while the
grid location patterns of F2 were identical.

To verify the statistical validity of the observations on F1
and F2 above, Wilcoxon tests were carried out between the shift
indices and their hypothetical median, 0.0, for each reference
/dVd/ type and formant number, across all four subjects and trials.
The null hypothesis was that the median shift index was 0.0 The
total threshold level of significance was set to p = .01, and since
this procedure is a multiple-paired comparison, the individual
significance level was determined by the Bonferroni procedure in
order to decrease the probability of Type I error. Bonferroni
procedure specified the individual significance level as; .01 / 2
(formants) x 6 (/dVd/ types) = .0008. Table 5 shows its results.

The results of Wilcoxon tests show that in F1, s400 and
s490, tokens with the lower F1 trajectory peak, had the null
hypothesis refuted, suggesting a significant difference between the
median shift index and the F1 trajectory peak, and they seem to
support the effect of F1 trajectory range. They also show that in
F2, the shift indices of s400 and s444 tokens were significant,
endorsing the effect of low F1 values on F2 matching.

s400 s444 s490 s537 s586 s637
z - F1 -4.53 -1.24 -3.85 -.92 -.24 -2.82
z - F2 -4.88 -3.50 -2.80 -.69 -2.28 -1.38
Table 5: Results of Wilcoxon tests on the shift index. Values
shown are z-values calculated on the shift index The shaded cell
shows a significant difference (p < .0008).

To conclude, the results of this experiment revealed that
the bias of the cursor position of the schematic does not critically
influence the subjects’ matching process, and therefore confirmed
the perceptual trajectory range effect found in Tokuma [1]. They
also showed that low F1 values of /dVd/ could affect the F2
matching process by lowering it from the F2 /dVd/ trajectory peak,
if F1 is in a low frequency region.

It must be emphasised that the explanation for the mean
matched F1 results of all tokens still requires the hypothesis of the
trajectory range effect, and the effect of low F1 values on F2
matching does not obviate its significance, although both effects
can contribute to an F2 matched lower than the trajectory peaks of
the /CVC/ stimuli in this experiment.

4 . CONCLUSION
The results of the experiment show that the effect of trajectory
range on the vowel quality evaluation process cannot be explained
in terms of the bias of the cursor position of the schematic grid,
thus confirming the trajectory range effect found in the previous
study Tokuma[1]. Furthermore, the results also suggest that low
F1 values of /dVd/ could affect the F2 matching process by
lowering it from the F2 /dVd/ trajectory peak.
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NOTES
1. The actual formula is as follows: If one defines t as relative time within
/CVC/, (i.e. t = 0 at the release of initial consonant), then formant frequency
Fm(t), when t is between 0 and the midpoint of /CVC/, is :

Fm(t)=Fv+(Fi-Fv)[(t-Tv)6/Tv6]  [Hz]
Fi; consonantal loci [Hz]  (i.e. (F1, F2)= (150,2000))
Tv: durational midpoint of a stimulus [ms]
Fv: frequencies in the steady part of nuclei [Hz]
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ABSTRACT 

This paper examines the degree of correlation between lip 
and jaw configuration and speech acoustics. The lip and 
jaw positions are characterised by a system of measure- 
ments taken from video images of the speaker’s face and 
profile, and the acoustics are represented using line spectral 
pair parameters and a measure of RMS energy. A correl- 
ation is found between the measured acoustic parameters 
and a linear estimate of the acoustics recovered from the 
visual data. This correlation exists despite the simplicity 
of the visual representation and is in rough agreement with 
correlations measured in earlier work by Yehia et al. using 
different techniques. However, analysis of the estimation 
errors suggests that the visual information, as paramet- 
erised in our experiment, offers only a weak constraint on 
the acoustics. Results are discussed from the perspective 
of models of early audio-visual integration. 

1. INTRODUCTION 

A recent study by Yehia, Rubin and Vatikiotis- 
Bateson [8] h as examined linear associations between 
vocal-tract configuration, facial behaviour and speech 
acoustics. Their results indicate that around 80% of 
the variance observed in the vocal-tract configuration 
can be estimated from the 3D position of a set of fixed 
points on the surface of the face. Furthermore, simple 
linear estimates derived from the face, are sufficient 
to determine between 72 and 85% of the variance ob- 
served in an RMS and line-spectral pair representation 
of the acoustics. These surprising results seem to sug- 
gest that knowledge on the formantic structure of the 
speech may be heavily constrained by visual informa- 
tion. The existence of such constraints would offer a 
mechanism for models of primitive audio-visual integ- 
ration as proposed in [l]. 

cognition. In particular, we are concerned with the 
question of whether linear estimates of the spectrum 
are sufficiently reliable to aid the segregation of a 
speech source from a competing noise source. 

The current study closely follows that of Yehia et al. 
but differs in a number of important details. First, 
whereas the earlier study was based on the analysis of 
a single pair of sentences, the present work examines 
a corpus of isolated nonsense words having a VCVCV 
vowel-consonant structure. The systematic structure 
of the corpus allows the audio-visual correlations to be 
separately analysed for both consonants and vowels. 
Second, there is an important difference in the visual 
parameterisation. Yehia et al. employ OPTOTRAK 
parameters which measure the 3D coordinates of 12 
markers fixed to the lower part of the speaker’s face. 
In contrast the present study employs 15 parameters 
which are extracted from video images through the 
application of ‘Chroma-Key’ processing. These para- 
meters are exclusively concerned with lip and jaw con- 
figuration. 

The present study also extends the analysis of Yehia 
et al. by directly examining the estimation errors. 
The audio-visual associations were previously reported 
solely in terms of the correlation between the measured 
acoustics and the linear estimate recovered from the 
visual parameters. Although significant, these correl- 
ations say little about the size and distribution of the 
errors. Knowledge of the errors is important because it 
is the accuracy of the estimates that determines their 
practical value for robust audio-visual speech recog- 
nition. Also, the reliability of the estimates has dir- 
ect implications for models of audio-visual integration 
based on simple linear audio-visual associations. 

This paper examines the association between facial be- 2. EXPERIMENTATION 
haviour and spectral envelope shape, focusing on the 
implications for audio-visual speech perception and re- An existing audio-visual speech corpus was employed 

This work was supported by European Commission Network [a]. This corpus consists of VI CV&‘V~ sequences 
TMR ERBFMRXCT970150 (SPHEAR) uttered by a native French speaker. VI and Vz are 
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taken from a set of 3 French vowels, [a, i, U] and C is 
one of the following 6 consonants, [b, j, I, r, ~1, x]. Each 
of the 54 possible nonsense words (3x3~6) of this form 
are spoken 10 times each. 

2.1. Lip and Jaw Configuration 

The visual parameters were extracted automatically 
from the video images with the aid of make-up applied 
to the speaker’s lips and reference points attached to 
the chin and the bridge of the nose. ‘Chroma-Key’ 
video processing was then employed to separate the 
lips and reference points from the rest of the image. 
The database was recorded using two cameras - one 
giving an image of the full face and the other giving 
an image of the profile. From the two processed images 
a set of 15 measurements were made as illustrated in 
figure 1. This parameterisation proceeds at the video 
frame rate, that is, 50 frames per second. The corpus 
consists of a total of almost 13,000 frames. 

Pl 
I- 

I 

, --A’- I I I \ u _____ - ------ 1------___ I ____________ J 
Figure 1: The parameterisation of the lip images. 

The data are unnatural in two respects. First, the fea- 
ture extraction relies on the use of lip makeup. By us- 
ing the ‘Chroma-Key’ technique we are able to greatly 
simplify the technical problem of reliable visual fea- 
ture extraction. We are assuming that, in principle 
at least, the same features can be extracted from a 
natural image. A second issue is the use of simultan- 
eous front and profile views. Such views are obviously 
not typically available to human speech readers in nat- 
ural conditions. However, as will be shown later, the 
lip protrusion parameters measured in the profile view 
may be estimated with a very high degree of accuracy 
from the parameters extracted from the full face view, 
so in this respect the profile view is largely redundant. 

2.2. Speech Acoustics 

The speech signal was sampled at 8 kHz. For the 
acoustic analysis the frame length was 24 ms and the 
frame shift was set to 20 ms to match the 50 Hz 
sampling rate of the visual data. Each frame was mul- 
tiplied by a Hamming window and 10th order linear 
prediction (LP) coefficients were calculated. Following 

[8] the LP coefficients were converted into line spec- 
trum pairs (LSP) [5]. The 10 LSP coefficients were 
supplemented by the root mean squared (RMS) amp- 
litude of the signal to form an 11 dimensional feature 
vector representing the acoustics of each speech frame. 

It is believed that LSP parameters are preferable to 
LP based representations (such as employed in other 
studies of audio-visual association, such as [4, 31) be- 
cause they have better temporal interpolation and are 
more closely related to the formant frequencies and 
hence the vocal tract geometry. The LSP paramet- 
ers should therefore highlight the relation between the 
acoustics and the visual parameters which are them- 
selves related to the configuration of the vocal-tract. 

2.3. Analysis 

Linear estimators were employed to evaluate to what 
extent the acoustic features may be recovered from the 
visual features (and vice versa). An affine transforma- 
tion was calculated that provides a minimum-variance 
unbiased estimate of one feature set given an observa- 
tion of the other. This analysis closely follows that of 
Yehia et al. and the reader is referred to [8] for details. 

The data were randomly divided into three sets each 
containing an equal number of utterances. Two of 
these were selected to form a ‘training set’, that is 
to say, two thirds of the data were used to define the 
linear transformation. This transformation was then 
applied to the remaining one third of the data (i.e. 
the ‘test set’) to produce the linear estimates. The 
Pearson product-moment correlation between the lin- 
ear estimate and the observed data was calculated. 
The three data partitions were rotated between the 
training and test sets to give three separate estimates 
of the product-moment correlation. The mean and 
variance of these estimates was calculated. 

As a further refinement, the data were separated into 
frames corresponding to vowels (64% of the data) 
and frames corresponding to consonants. This was 
achieved by performing a forced alignment of each ut- 
terance and its phonetic transcription using Hidden 
Markov Models trained on the full corpus. Correlation 
coefficients were then calculated exclusively training 
and testing on either the vocalic or the consonantal 
frames. 

3. RESULTS 

Table 1 shows the correlations between the estimates 
and the measured data for various transformations. 
The estimates of the visual data are correlated with 
the true data with a coefficient of 0.75, which agrees 
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well with the figure of 0.72 reported by Yehia et al. 
using a different visual representation. Note also that 
the visual parameters can be more reliably reconstruc- 
ted during vowels than during consonants. As expec- 
ted, stronger correlations are achieved using the LSP 
parameterisation than the LP parameterisation. 

Profile/Front 0.97 0.97 0.97 
Front/Profile 0.88 0.90 0.85 

Table 1: Estimation performance. Figures show the 
mean correlation between the estimates and the meas- 
ured data for various transformations. e.g. ‘LSP/Face’ 
is the correlation between the measured and estimated 
LSP data where the LSP data has been estimated from 
the measured lip motion data. (Standard deviations 
for all these figures are around 0.01). 

When attempting the inverse mapping, that is, the re- 
construction of the acoustics from the visual lip data, 
the correlation is only 0.55. Correlations are stronger 
between the measured and reconstructed LSP para- 
meters than for the LP parameters, and again correl- 
ation is highest for vocalic intervals. The correlations 
are somewhat weaker than those measured by Yehia et 
al. of around 0.73 for the LSP parameters and 0.83 for 
the RMS energy. Possible reasons for this significant 
difference will be discussed later. 

The last two rows of Table 1 illustrate the redundancy 
in the visual parameterisation. The visual parameters 
have been split into those that can be measured in the 
x-y plane of the front view and those measured in the z 
direction of the profile view. The front view paramet- 
ers have been used to estimate the profile parameters 
and vice versa. The correlation between measured and 
recovered profile parameters (C, Pl and P2) is 0.97. 
Remarkably, if the profile is estimated from the front 
view A and B parameters alone (see figure 1) the cor- 
relation remains high, 0.82. The ability to estimate lip 
protrusion accurately from a full face camera has po- 
tential practical application for automatic audio-visual 
speech recognition systems. However, it is uncertain 
to what extent this result will generalise across speak- 
ers and will extend to utterances of greater phonetic 
diversity. 

Table 2 summarises the estimation errors. The figures 
show the variance of the estimation error expressed 
as a fraction of the variance of the data being estim- 
ated. Although the estimates and the measured data 
are fairly well correlated, the variance of the LP es- 
timation errors remains at 73% of the variance of the 

Variance of estimation errors 
Estimate/Measure All Data Vowels Consonants 

LSP/Face 0.69 0.66 0.70 
LP/Face 0.73 0.70 0.75 

RMS/Face 0.66 0.60 0.76 

Table 2: The variance of the residuals expressed as a 
fraction of the variance of the signal being estimated. 
(Standard deviations are around 0.02). 

LP data. Hence, the estimated spectra only weakly 
constrain the true spectra. Examination of the er- 
ror distributions for the LP parameters reveals them 
to be multimodal, i.e. clearly non-Gaussian. This is 
evidence that the linear estimates are essentially an in- 
adequate model of the true mapping. To the degree to 
which the vocal tract can be controlled independently 
of the lips and jaw several acoustic modes may exist 
with the same identical facial configurations. Accept- 
ing this, the distribution of LP values given the facial 
configuration will be multimodal and cannot therefore 
be meaningfully represented by a single valued estim- 
ate. 

Table 3: Left: 95% confidence interval (CI) for the 
true RMS energy (arbitrary units) given various estim- 
ates of RMS energy (using the vocalic regions only). 
The final row shows the 95% CI for the unconditioned 
data. Right: The same analysis for the frequency of 
the 2nd LSP parameter. 

As a rough assessment of the practical value of the lin- 
ear estimates, Table 3 gives an indication of the prob- 
abilistic constraint that the linear mapping places on 
the acoustics. The figures show the spread of the true 
values given a value for the linear estimate (or more 
precisely, given a value within a small window centred 
at the value shown in the table). The interval is that 
within which the true value will lie 95% of the time. 
The final row in each table shows this 95% confidence 
interval as measured over all the data i.e. the interval 
that can be estimated prior to forming the acoustic 
estimate. Table 3 (right) shows results of this analysis 
for the 2nd LSP parameter. Of the 10 estimated LSP 
parameters the 2nd was found to be the most highly 
correlated with the true value (correlation coefficient 
of 0.70). Nevertheless, it can be seen that the interval 
of uncertainty is not greatly reduced by conditioning 
on the acoustic estimate (compare the first three rows 
with the final row). The left hand side of the table 
shows results of the same analysis applied to the RMS 
energv estimates. 

c 
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4. DISCUSSION AND CONCLUSIONS 

As noted earlier there are significant differences in the 
results of the present study and the earlier study of 
Yehia et al. Although both show equal recovery of 
the the visual representations from the acoustics, in 
the present work the acoustics are not as well estim- 
ated from the visual data. How can this difference be 
accounted for? 

Yehia et al. represented the facial behaviour through 
the trajectories in 3D space of 12 markers attached to 
the face. A dimensional analysis of this data showed 
that 8 eigenvectors were required to account for 99% 
of the total variance of the data. In contrast, a similar 
analysis of the 15 dimensional visual feature repres- 
entation employed in the present study revealed that 
99% of the variance could be accounted for using just 
3 eigenvect ors. One reason for the lower dimensional- 
ity of our data is that the representation concentrates 
solely on capturing the behaviour of the lips and jaw 
while ignoring the rest of the face. However, there 
are doubtless subtle acoustic cues available in facial 
details which exist independently of lip and jaw con- 
figuration. For example, Vatikiotis-Bateson and Yehia 
report a strong correlation between small movements 
of the cheeks and the horizontal position of the tongue 
[6]. The ‘outer-face’ may also contribute to the estim- 
ation of RMS amplitude [7]. 

It is tempting to interpret the linear relationship 
uncovered between the facial configuration and the 
acoustics in terms of a model of production, i.e. to 
say that the degree to which the correlation exists is 
the degree to which the lip movements are responsible 
for the acoustic patterns. Such a relationship could 
be termed a ‘functional coupling’ [8]. Such logic is, 
however, misguided. A large part of the correlation 
may occur because all parts of the speech apparatus 
are being driven in a coordinated manner to achieve a 
common goal. Consider as an analogy someone play- 
ing the piano - the movements of either hand may 
be highly correlated but the movements of one are not 
caused by the movements of the other. It is impossible 
to tell from the present data to what extent the correl- 
ation is due to the control systems and to what extent 
it is due to the physical linkage between the face and 
the rest of the speech apparatus. 

It is possible that through the use of a mapping from 
a visual representation to an estimate of the speech 
acoustics, the visual and auditory processing could be 
integrated at a very early stage. This is the tenet 
of models of audio-visual scene analysis (such as that 
suggested by Barker, Berthommier and Schwartz), in 
which visual information is employed alongside prim- 
itive acoustic cues to aid sound source segregation [l]. 
However, the success of such a scheme would depend 

heavily on the reliability of the visual-acoustic map- 
ping. As shown here, for the case of a simple linear 
mapping, despite the correlation that exists between 
the observed and estimated acoustics, the estimation 
errors are such that the acoustics are only weakly con- 
strained. Whether or not such weak constraints can 
be of any practical value is an open question. Future 
work will address this question through the construc- 
tion of audio-visual recognition models making direct 
use of the findings reported here. 

As a final point, note that the acoustic estimates have 
been recovered from the static facial configuration and 
make no use of dynamic visual features. Dynamic fea- 
tures have proved to be extremely significant in auto- 
matic audio-visual speech recognition studies, it might 
therefore be expected their use could lead to improved 
linear estimates. 
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ABSTRACT

Auditory scene analysis (ASA) is a theoretical framework that
aims to explain the auditory perceptual organization. We test the
hypothesis that formant continuity is used to link speech seg-
ments. Three experiments are described that investigate listeners’
ability to use the formant continuity cues to categorise the syn-
thetic nasal /m/ and vowel-nasal syllables.
The first experiment shows that, without formant transitions, the
perception of a synthetic nasal /m/ changes from /m/ for vowels
with low second formant (F2) values to /n/ for vowels with high
F2s, this switch is consistent with the use of formant proximity
for perceptual organization.
The effect of introducing formant transitions as continuity cues
into the stimulus was investigated in a second experiment which
shows that transitions of only 5ms duration are sufficient to trans-
form the /en/ percept to a /em/.
The final experiment addresses the question of whether transi-
tions are analysed in fine detail by adding frequency modulated
tones into the stimulus. The addition of chirps changes the per-
cept if the chirp position is in the same position and direction as a
formant transition, although the fine spectral structure of the
sound is very different. If the chirp moves in the opposite direc-
tion, it also changes the percept but to a lesser extent, which sug-
gests that only a coarse signal analysis is carried out.

1. INTRODUCTION

Human listeners are remarkably good at recognising sounds in
the presence of other signals. A theoretical framework that seeks
to explain this robustness is Auditory Scene Analysis (ASA) [1].
In analogy to a visual scene an auditory scene is proposed that
contains features with properties, such as continuity in time, a
given spatial source location, or a fit into a given harmonic
structure. The underlying assumption is that all features that
share common properties derive from a single sound source and
can be therefore separated into perceptual streams without re-
course to high level knowledge.
Experimental evidence for many grouping cues exists for musical
stimuli and speech sounds.

1.1 Segregation vs. grouping

The common view of ASA is one of stream segregation. For
speech sounds that are defined by their contrastive nature a blind
application of segregation processes would result in multiple
‘snippets of information’. An important question in the context of
speech therefore is what cues listeners use to link speech seg-
ments together. This grouping of information is obviously very
closely related to the segregation of speech from non-speech
sounds.

1.2 Sequential grouping in speech sounds

Bregman [1] demonstrates a wide range of grouping cues that
link musical sounds, such as frequency proximity [2], spectral
continuity [3] and formant continuity for musical sounds. This
paper addresses the question of whether formant continuity af-
fects the perception of speech sounds.

1.3 The experiments

In this paper we present the results obtained in three experiments.
The first experiment demonstrates that the position of the second
formant of the vowel in vowel-nasal complexes can influence the
perceived identity of the nasal. The data is consistent with prox-
imity grouping. The vowel-nasal complexes used in experiment 1
do not contain any transitions between the formant positions of
the two segments, Experiment 2 shows that formant transitions of
5ms are sufficient to overcome the proximity grouping cues.
Experiment 3 addresses the question of whether the spectro-
temporal fine structure of the transitions between vowel and nasal
are important to the percept. We show that frequency modulated
sinusoids can change the percept if they are positioned where a
transition would be expected and that the direction of motion has
little effect, so that fine grained analysis seems unlikely.

2. EVIDENCE FOR PROXIMITY GROUPING ON
VOWEL-NASAL COMPLEXES

The aim of this experiment was to establish whether sequential
grouping cues influence the perception of nasals that are pre-
ceded by vowels.  The stimuli consisted of a vowel preceding a
nasal with formant frequencies at 250, 1000 and 2000 Hz, which,
in isolation, sounds like an /m/. A range of vowels with fixed first
(375 Hz) and third (2700 Hz) formants were presented. The sec-
ond formant was varied between 800 Hz (/o/) and 2000 Hz (/e/).
If sequential grouping processes are used for perceptual organi-
sation, the vowel F2 should determine which of the nasal for-
mants is considered as F2: either 1000Hz for the vowel /o/, lead-
ing to a /om/ percept, or the third formant at 2000Hz, which is
also the second formant in the nasal /n/, leading to a perceived
/en/.

2.2. Experimental Design

Each of 10 listeners carried out two experiments where a quasi-
random sequence containing 10 repetitions of each vowel, fol-
lowed by the nasal /m/ were played. The second formant for the
vowel was varied in steps of 200 Hz between 800 Hz and 2000
Hz, resulting in 7 vowel sounds. A summary of the synthesizer
parameters is given in table 1. The signal contained instantaneous
transitions between the vowel and nasal formant positions and
amplitudes. The fundamental frequency of all signals was 100Hz.
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After each signal presentation subjects were asked to judge
whether the consonant sounded more like and /n/ or an /m/ by
pressing the appropriate button on a computer graphical user
interface. Subjects were instructed that the vowel preceding the
nasal was not relevant.

800

2000

2700

375

100 200ms

vowel           nasal

F2
 (

H
z)

Figure 1: schematic diagram of the vowel-nasal syllables used in
experiment 1. The nasal was kept constant while the vowel sec-
ond formant frequency was varied between 800 and 2000 Hz.

2.3. Proximity grouping in Vowel-Nasal syllables

The probability of a subject responding with /m/, plotted against
the vowel F2 frequency is shown in fig. 2. Subjects report hear-
ing the nasal /m/ when it follows the vowel /o/ (F2 at 800Hz) in
100% of all trials, if the vowel F2 lies at 2 kHz (/e/) subjects
consistently (95% of all responses) report hearing /en/, although
the spectrum of the nasal presented has not changed.
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A logistic curve, eqn. 1, was fitted to the data to estimate the
threshold point, x0. The resultant parameter values are: A1 =
0.9766 ± 0.03, A2 = 0.034 ± 0.03, x0 = 1382 ± 14.8 Hz and p =
21.03 ± 6.38. The χ2 value is 0.002.
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Figure 2: Probablility of subject hearing /m/ in a vowel-nasal pair
when the second formant of the vowel is varied between 800 Hz
and 2000 Hz. The mean subject response is shown as a line and

error bars show standard errors (SE).

2.4 Discussion
We show that the second formant in a vowel preceding a nasal
can change the perceived identify of this nasal from /m/ to /n/.

The nasals /m/ and /n/ are difficult to recognise if no context is
provided to the listeners [4]. In a baseline experiment our listen-
ers were asked to recognise 300ms steady state nasals at 100Hz
F0 with the synthesizer parameters shown in table 1. The /m/ was
recognised in 86.4 % (SE 4.33) of all trials while the /n/ was rec-
ognised in 83.9% (SE 5.98) of the trials.
Auditory Scene Analysis provides an intuitive framework ex-
plaining the perceptual organisation underlying the change in the
percept.
If the nasal spectrum is the /m/ prototype, and the vowel is the /e/
then the second formant of the /e/ and the third formant of the /m/
are at 2 kHz. If some low-level perceptual process were to link
formants by continuity in time and frequency space, the obvious
link to make would be the two formants at 2 kHz and probably
also the first formants at 375 Hz (/e/) and 250 Hz (/m/). This
configuration would leave nothing to link the second formant of
the /m/ to. A ‘scene analyser’ may conclude that the formant is
some extraneous sound that is not part of the percept and put it
into another perceptual stream. The two remaining formants of
the /m/ are those of the /n/. The nasal zero of the /n/ would be
expected in the position of the /m/ F2, which also would be con-
sistent because the energy in this position has been assigned to a
separate perceptual stream.
The threshold where the nasal percept switches form /m/ to /n/ is
1382 Hz. This frequency, expressed in ERBs, a psychophysically
motivated frequency scale that takes the non-linear frequency
spacing of the auditory system into account [5], is almost exactly
on the mid-point between the two formant frequencies of the
nasal. The midpoint between F2 and F3 of the /m/ lies at 18.11
ERB, the threshold at 17.88 ERB. A process that simply associ-
ated each formant with the closest (in ERB space) preceding or
succeeding formant would explain the perceptual data very well.

3. FORMANT TRANSITIONS AS CONTINUITY CUES.
The previous experiment shows that in VC complexes without
any transitions between segments proximity grouping offers an
intuitive explanation for the switch in the perceived nasal iden-
tity. Gradual formant transitions, caused by articulator move-
ments, are an important feature of natural speech. These transi-
tions can be considered as continuity cues. Experiment 2 ad-
dresses the question how long formant transitions have to be to
provide useful information for linking segments.

3.1. Experimental Design

The experimental design was identical to that described for ex-
periment 1 except that the frequency of the vowel F2 was fixed at
2 kHz. Transitions between the two steady state segments were
introduced with durations of 0, 2, 5, 10 and 20 ms. The synthe-
sizer was set up to use frames of 1 ms duration to allow formant
transitions to be generated that are shorter than a glottal period.
This is consistent with fast articulatory configuration changes,
but in most synthesizer implementations the frame rate is equal to
the glottal period to save computation time. The formant frequen-
cies and amplitudes were interpolated linearly between the start
and end point of the formant transition over the duration.
Subjects were asked to judge whether the nasal component of the
signal sounded more like an /n/ or /m/. Each subject completed
two experimental runs with 100 intervals each.
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3.2 Transition duration changes the percept

The introduction of transitions into the stimulus affects the per-
cept. Without transitions 9.16% (SE 3.5%) of subject’s judge-
ments are /em/, which is consistent with the data recorded in
experiment 1. For 20ms transitions 100% (SE 0%) of the judge-
ments are /em/. A logistic curve fit (eqn. 1) to the mean subject
response data was used to estimate the threshold value at 5.08 ms
(SE=0.04 ms) with a χ2 value of 0.117. Figure 3 shows the sub-
ject data as a scatter plot, the mean and standard error values are
superimposed on the data.
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Figure 3. Probability of subject judgements to be /em/ against
transition duration for the synthetic /em/ sound. The continuous

line is mean subject data; error bars show standard error.

3.3. Discussion

If formant transitions occur within 5ms or less, subjects perceive
/en/ rather than the /em/, which suggests that listeners use for-
mant proximity as a grouping cue as discussed in the previous
section.  For longer transitions the percept changes to an /em/
which suggests that listeners can use the continuity cue offered
by the transitions to integrate the second formant of the /m/ into
the percept.

4. ADDING ‘CHIRPS’ TO THE STIMULI

The previous experiment shows that very short transitions affect
the percept of the /em/ stimulus. It seems unlikely that the fine
spectral structure of the 5 ms transition is analysed. A possible
explanation is that it is not the fine structure of the transition that
matters, but that the auditory analysis is coarse, so that only the
presence of energy in the frequency area between 1 kHz and 2
kHz is detected. If this is true, then manipulations of the spectral
fine structure of the transition should have little or no effect.
The syllable /em/ without transitions, which was shown in ex-
periment 1 to be perceived as /en/ was played in addition to a
frequency modulated sinusoid centred on the vowel-nasal transi-
tion, fig 4. The chirp amplitude was scaled to lie 24dB below the
signal amplitude.

800

2000

2700

375

100 200ms

vowel           nasal

Fo
rm

an
t f

re
qu

. (
H

z)

up
chirp
down

Figure 4: Schematic diagram of the /em/ stimulus with two addi-
tional chirps, up (dotted) and down (filled), centered at the for-
mant discontinuity. Only one chirp is ever played per interval.

4.1. Experimental Design

The speech stimulus is identical to the ‘no-transition’ condition in
experiment 2 or the 2kHz F2 condition in experiment 1, but a
chirp, between the vowel and nasal F2 was added to the signal.
The direction of motion, up or down, and the chirp duration was
systematically varied, while the total energy in the signal was
maintained. Ten subjects were asked to indicate whether the
stimuli sounded more like and /em/ or /en/.

4.2. Addition of chirps changes the percept

If no chirps are placed between the vowel and nasal, /em/ is heard
in only 0.8% of trials, if a 10 ms chirp that moves from 2kHz to
1Khz (down) is added to the stimulus subjects hear /em/ in 99%
of the trials. As the chirp duration increases further the probabil-
ity to hear /em/ reduces to 74%. All subjects report hearing the
speech syllable plus a chirp but are unable to say exactly where in
the stimulus the chirp occurs.
The effect is more pronounced for the down-sweeping chirp than
for the up-sweeping chirp although subjects report hearing /em/
in 80% of trials, even if the chirp moves from 1kHz to 2kHz and
can therefore not be used to link segments if a fine signal analysis
was carried out.
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Figure 5. Effect of the introduction of a frequency modulated sine
wave that changes from 2 kHz to 1kHz in the duration shown on

the probability of subjects hearing /em/.
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5.3. Discussion

The chirps that were added to the signals were simple frequency
modulated sinusoids. Chirps of 5 ms and 10 ms duration, inde-
pendent of their direction are apparently integrated seamlessly
into the speech signal and change the percept from /en/ to /em/.
For longer duration chirps the direction of the chirp matters but
for chirp durations up to 40ms the majority of stimuli are still
heard as /em/, independent of the direction of the chirp although
a significant difference between the up and down-swept chirp
exist. For 40 ms upward chirps the percept reverts back to a /en/
in 50% of the trials.
The experiments show that the addition of a chirp can affect the
perception of the nasal. This suggests that a fine spectro-temporal
analysis of the transitions is not carried out because:
1. the spectral structure of the chirp sound is very different

from the harmonically structured speech sound
2. the direction of the chirp motion has little perceptual signifi-

cance.
3. the chirp does not suggest any transitions between the first

or third vowel formant and the nasal.

6. CONCLUSION

The experimental data presented in section 2 and 3 is consistent
with the theoretical framework provided by auditory scene analy-
sis. If the syllables are produced without any transitions between
vowel and nasal, proximity can be used to link formants and – in
the case of the synthetic /em/ - exclude the second formant of the
/em/ from the stimulus, causing an /en/ percept. The fact that the
F2 position threshold value is almost identical to the mid-point
between the two formants in the nasal is perhaps fortuitous but is
consistent with a low level analysis framework as described by
the ASA paradigm. The robust change in the percept, leading to
either 0 or 100% /em/ identification across a wide range of listen-
ers also supports the idea that a fundamental mechanism is ‘at
work’ here.
Formant transitions between the vowel and nasal, provided they
are at least 5ms long, can be interpreted as continuity cues in the
ASA framework. If transitions are present, no proximity group-
ing is necessary because formants can be linked explicitly. The
very short duration of the transition required to change the per-
cept, however, is remarkable.
Chirps that are added to the synthetic speech at low levels appear
to be effortlessly and completely integrated into the speech per-
cept. At first sight this is contradictory to the auditory scene
analysis because the framework would predict that the two sig-
nals making up each stimulus should be segregated into separate
perceptual streams and that the chirp consequently should not
affect the perception of the speech signal. An argument against
this interpretation is that subjects very clearly hear two objects,
so that at least some scene analysis must be taking place since the
chirps are not completely integrated into the speech signal. In
addition it is worth noting that for chirps longer than 10 ms dura-
tion the probability of hearing /em/ reduces significantly again.
The missing data recognition work Cooke and co-workers [7] has
attracted a lot of interest recently and may offer a plausible ex-
planation to why the chirps appear to be heard as separate objects
and simultaneously change the percept. Rather than arguing that

the processes responsible for scene analysis are able to cleanly
separate all signals into perceptual streams, most computational
models of scene analysis assign spectro-temporal elements to
different streams because within a given spectral or temporal
analysis window clean segregation of two simultaneous compo-
nents is not possible. If such a process is assumed in combination
to a recognition module that is able to ‘fill in’ the data that is
missing in each stream then the explanation for the perceptual
data is as follows: The chirp – within spectro-temporal resolution
limits is segregated from the remaining stimulus, leaving a gap in
the ‘speech stream’. This gap is filled in by the speech recogni-
tion module with the most likely ‘missing data’, which in the case
of the /em/ stimulus is a transition linking the respective F2s.
We hypothesise that the ‘auditory scene analyser’ does not have
the resolution to differentiate between up or downward chirps
which may explain the similar effect of the two chirps. If a chirp
is detected, it is assigned to one perceptual stream, and the re-
maining speech signal is processed using the assumption that the
chirp is masking a speech transition. As the chirps increase in
length the upward chirp is increasingly unable to account for the
normally expected missing downward transition so that the lis-
teners increasingly hear /en/ based on proximity grouping of the
formant tracks.
We show perception experiments that support the hypothesis that
scene analysis cues act on formants. This extends previous data
by Darwin and others showing sequential grouping at the level of
individual harmonics[7].
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NOTES

F1 B A F2 B A F3 B A
vowel 375 75 60 var. 75 60 2700 75 50
/n/ 250 60 60 2000 60 60 2700 300 60
/m/ 250 60 60 1000 60 60 2700 300 60

Table 1: Klatt synthesizer parameters: Fx: formant frequency (Hz), B:
bandwidth (Hz), A: Amplitude (dB). The nasals have nasal formants at

250Hz and nasal zeros at 750Hz (/m/) and 1000 Hz (/n/).
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PREDICTING DEPENDENCIES IN PHONETIC CATEGORIZATION FROM
DISTRIBUTIONS OF ACOUSTICAL CUES IN NATURAL UTTERANCES

Roel Smits
Max Planck Institute for Psycholinguistics, Nijmegen, Netherlands

ABSTRACT
This study addressed several basic issues in the perception of
coarticulated phonemes. First, the potential consequences of
coarticulation on the distributions of acoustical cues were
discussed. It was argued that a pattern classifier would deal with
the problem by introducing dependencies between the
recognition of successive phonemes. Next, the theoretical
argument was applied to the perception and production of Dutch
syllables /si sy Si Sy/. Based on acoustical cue distributions
measured on natural utterances of these syllables, listeners’
perceptual strategies were predicted. Predictions were compared
with listeners’ categorizations of a synthetic two-dimensional
fricative-vowel continuum. Despite some quantitative
discrepancies, good correspondence between predicted and
observed categorization dependencies were found

1.  INTRODUCTION
One of the central problems in speech perception research is how
listeners decode coarticulated phonemes. Massaro [1] and Nearey
[2] have investigated this problem from a pattern classification
perspective. Massaro assumes that listeners use the syllable as a
recognition unit. Nearey has shown, however, that listeners'
categorizations of coarticulated phonemes can usually be
accounted for by a model that adopts independent phoneme-
based categorizations, augmented by a diphone bias term. Smits
[3] recently introduced the HICAT model of hierarchical
categorization. Like Nearey’s logistic regression model, HICAT
assumes phoneme-based categorization, but also explicitly allows
for hierarchical, i.e., unidirectional, dependencies between
categorizations of successive phonemes. The HICAT model
distinguishes 3 types of dependencies: dependency of the
location, steepness, and orientation of the boundary of one
categorization on the other categorization. Among other things,
this paper shows how these distinct types of dependencies
naturally arise from a pattern-classification-based analysis of the
acoustical consequences of coarticulation.

2.  CUE DISTRIBUTIONS AND CATEGORIZATION
STRATEGIES

2.1. Acoustical consequences of coarticulation
Consider the Dutch fricative-vowel (FV) syllables /si sy Si Sy/. In
Dutch, /S/ is unrounded. Acoustically, the /s/-/S/ distinction is
well-captured by the position of the low-frequency edge,
henceforth indicated as Ffr, of a relatively broad band of energy
above 2kHz. The vowels /i/ and /y/ differ only in rounding, and
are acoustically mainly distinguished by F3.
        Now suppose that FV syllables were produced without
coarticulation, i.e., the identity of the vowel has no influence on
Ffr, and the identity of the fricative has no influence on F3. If we

would record a large number of such FV syllables and measure
Ffr and F3, we would find acoustical distributions much like
those given in figure 1a. In reality, FV syllables are produced
with regressive rounding assimilation, i.e., /s/ and /S/ are un-
rounded when followed by /i/ and rounded when followed by /y/.
Such assimilation may have two distinct acoustical effects. First,
rounding may shift the fricative resonance down in frequency by
an equal amount for /s/ and /S/, as displayed in figure 1b. Second,
the rounding may cause the fricative resonance of /s/ and /S/ to
converge, as shown in 1c. In practice, a combination of these two
effects will usually occur, but in the context of the present
analysis it is useful to highlight the distinction.

2.2. Pattern classification strategies
How would a pattern classifier deal with the problems shown in
figure 1? First, we restrict the discussion to fuzzy classifiers, i.e.,
classifiers that give probabilities of each response as output,
rather than a single response. Next, we define a phoneme-based
classifier’s performance as the similarity of its output to a
syllable-based classifier (given enough training, a syllable-based
classification is optimal for the current 4-choice problem).
        For the problem of figure 1a, a phoneme-based classifier
employing independent phoneme categorizations, with category
boundaries indicated by the solid lines, would give optimal
performance, i.e., its output would be indistinguishable from that
of a syllable-based classifier. The solid lines in 1b indicate the
optimal independent categorization strategy for the “shifted”
geometry. Here, performance can be improved by either making
the position of the /s/-/S/ boundary dependent on the vowel
(dotted lines) or making the position of the /i/-/y/ boundary
dependent on the fricative (dash-dotted lines). The solid lines in
1c indicate the optimal independent categorization strategy for
the “converged” geometry. Performance can be improved either
by making the steepness of the /s/-/S/ boundary dependent on the
vowel (steeper for /i/ than for /y/, indicated by the dotted lines
and sigmoid shapes), or making the orientation of the /i/-/y/
boundary dependent on the fricative (dash-dotted lines).
        In summary, likely acoustic consequences of coarticulation
are a shift and/or a convergence of acoustical distributions
associated with one phonological distinction, depending on the
phonological context. From a pattern-classification perspective,
these patterns cause a decrease in performance of a classifier
adopting independent phoneme categorizations. This can be
repaired, however, by making the position, steepness, and/or
orientation of the category boundary for one distinction
dependent on the categorization of the other.
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        The present study investigated whether listeners base their
categorization strategies on acoustical cue distributions in the
fashion discussed above. A difficulty with this methodology is
that we do not know the cue distributions (i.e., the “training
material”) for separate listeners. Therefore, the additional
assumption is made that each listener’s training material is well
approximated by his or her own productions.

The study consisted of 5 steps:
1. Acoustic analysis of  naturally uttered syllables /si sy Si Sy/;
2. Predicting categorization strategies from acoustical cue

distributions;
3. Testing listeners’ categorization behavior for a synthetic /si

sy Si Sy/-continuum;
4. Analyzing perception data for dependent categorization

strategies using the HICAT model;
5. Comparing predicted and observed categorization

strategies.

3.  PRODUCTION EXPERIMENT
3.1. Subjects.
Two male and two female native speakers of Dutch participated
in the experiment. None had any history of speech or hearing
disorders.

3.2. Procedure
3.2.1.  Recording procedure.  Subjects were seated in front of a
computer screen in a soundproof booth. At each trial an
orthographic representation of one of the four test syllables
appeared on the screen, after which the subject spoke the syllable
into a microphone. The visually presented test words were taken
from a randomized list of 50 repetitions of each of the syllables
/si sy Si Sy/.

3.2.2. Measurement procedure. On each of the recorded
syllables two measurements were made: the frequencies of a
fricative resonance (Ffr) and of F3 in the vowel. The fricative
noise spectra usually had low energy in the low-frequency region
and a wide plateau of high energy in the mid to high frequencies.

Ffr was defined as the frequency of the left-hand (low-frequency)
edge of this plateau. This definition of Ffr is compatible with the
frequency of the lower of the two fricative formants used in the
synthesis procedure that will be discussed later. Ffr and F3 were
measured in relatively stationary portions of the signals, i.e., not
in the transitional regions between fricative and vowel.

3.3.  Results.
The results of the production experiment are shown separately for
the four subjects in Figure 2. Several general observations about
figures 2a-d are worth making. First of all, all subjects have
coarticulation patterns that are combinations of the basic shift
and convergence patterns shown in figures 1b and c. Second,
different subjects have different mixes of the two basic patterns:
subject one (2a) has a relatively strong convergence component,
while subject four (2d) has a relatively weak convergence
component. While the patterns for subjects one, three and four

                       Si                 si

   Sy                 sy

           Si                      si

           Sy                     sy

F3
        Si                           si

                Sy         sy

Ffr

 a b c

Ffr Ffr

Figure 1. Hypothetical distributions of acoustical parameters Ffr and F3 for syllables /si sy Si Sy/. Circles represent equi-probability
contours of the distributions for each of the syllables. Figure 1a represents absence of coarticulation, 1b and c represent regressive
rounding assimilation. In 1b, rounding assimilation is assumed to cause the fricative distributions to shift to lower frequencies, in 1c
rounding assimilation causes them to converge. Solid straight lines represent independent categorization strategies, dotted lines
represent dependent strategies with the vowel categorization depending on the fricative, dash-dotted lines with the fricative
categorization depending on the vowel. The sigmoid shapes in 1c indicate that the steepness of the /s/-/S/ is higher for /i/ than for /y/.

Figure 2. Results of measurements on syllables /si sy Si Sy/
presented separately per speaker. Panels a and c are for female,
panels b and d for male speakers.
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mainly convey “one-way” coarticulation, subject two (2b) shows
considerable “two-way” coarticulation. That is, not only do we
see a shift and convergence of the /sy/ and /Sy/ probability-
density functions (pdfs) along the Ffr axis compared to /si/ and
/Si/, there is also a convergence of the /si/ and /sy/ pdfs com-
pared to /Si/ and /Sy/ along the F3 axis. Finally, the pdfs of the
male speakers (2b and d) are located at lower frequencies than
those for the female speakers (2a and c), which was expected
based on differences between male and female vocal tract sizes.

4.  PREDICTED CATEGORIZATIONS STRATEGIES
Based on the measured acoustic parameters, predictions were
made for likely categorization strategies separately per subject.
The method is illustrated for subject two in figure 3. For figure
3a, an independent, phoneme-based (IP) strategy was assumed,
i.e.,  it was assumed that listeners use the phoneme as the unit for
categorization, and that the fricative and vowel categorizations
are independent. Twodimensional Gaussian pdfs were estimated
for the vowels and fricatives. In these estimations it was assumed
that the covariance matrices for the /i/ and /y/ pdfs are equal, and
that the covariance matrices for the /s/ and /S/ pdfs are equal. The
two dashed ellipses in 3a that are oriented more or less
horizontally represent equi-probability contours of the pdfs of /i/
and /y/. The fricative pdfs are represented by the more vertically
oriented dashed ellipses. The assumptions of independence and
equal covariance matrices cause the category boundaries for the
fricative and vowel distinctions to be straight rather than curved.
These boundaries are represented by the solid lines in 3a. Based
on the phoneme pdfs, “underlying” syllable pdfs can be
calculated that would lead to the same categorization functions as
the phoneme-based pdfs. The underlying syllable pdfs are

represented by the dotted ellipses in 3a.
        For figures 3b, c, and d, a dependent phoneme-based (DP)
strategy was assumed, with the fricative categorization depending
on the vowel categorization. Like for figure 3a, the two vowel
pdfs are assumed to be equal, as are the “underlying” syllable
pdfs. Figures b, c, and d allow the position, orientation, and
steepness of the fricative boundary, respectively, to depend on
the vowel. The steepness of the /s/-/S/ boundary in 3d is higher
for /i/ than for /y/ (the boundary steepness cannot be represented
in a territorial plot).
        For figure 3e, it was assumed that listeners use the syllable
as the recognition unit (S strategy). Again the syllable pdfs are
assumed to be equal for /si sy Si Sy/.
        Finally, figure 3f represents subject two’s categorization
behavior as fitted by the HICAT model. Figure 3f will be
discussed in a later section.

How can we use the calculations represented by figures 3a to e to
predict what categorization strategy the subject will use? Recall
that the performance of a phoneme-based classifier was defined
as the similarity of its output to the output of the syllable-based
(optimal) classifier. The similarity of the classifier’s output to the
S classifier was approximated by the similarity of the underlying
syllable pdfs for the IP and DP classifiers to the actual syllable
pdfs for the S classifier, defined as the inverse of the average
Bhattacharyya distance [4] between the respective syllable pdfs.
Using this method, it was found that, for all four subjects, a
dependency of the fricative categorization on the vowel led to
higher performance than the reverse dependency. Of the 3 types
of dependency, the steepness dependency led to highest
performance. Thus, on the basis of the production experiment, it

Figure 3. Predicted categorization boundaries based on subject 2’s utterances assuming IP (a), DP (b, c, d), and S (e) strategies.
Dashed ellipses are equi-probability contours of bivariate Gaussian pdfs for phonemes, dotted ellipses for syllables. In panels b,
c, and d, the position, orientation, and steepness of the fricative boundary depend on the vowel. Panel f gives subject 2’s actual
categorization boundaries inferred from his perception data. The small rectangle indicates the range of the stimulus continuum.
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was predicted that all subjects would have a perceptual strategy
in which the steepness of the /s/-/S/ boundary depends on the
vowel.

5.  PERCEPTION EXPERIMENT
5.1. Method
A 64-member, twodimensional synthetic FV continuum was
created by varying Ffr in 8 steps from 2450 Hz to 2625 Hz, and
F3 in 8 steps from 2890 Hz to 3310 Hz. 60 repetitions of each of
these stimuli were randomized and presented through
headphones to listeners for categorization as /si/, /sy/, /Si/, or /Sy/.
The same four subjects who participated in the production
experiment took part in the listening experiment.

5.2. HICAT model fits
Separate HICAT model fits were made for the perception data of
each subject, testing for dependency direction and type. The
results are given in table 1. Figure 3f shows the category
boundaries for the best-fitting HICAT model for subject two’s
perception data.

subject dependency direction dependency type
1 Fric. depends on vowel steepness
2 Fric. depends on vowel orientation
3 Vowel depends on fric. position
4 Fric. depends on vowel steepness

It is obvious from table 1 that subjects are very different in their
categorization strategies. However, for 3 out of 4 listeners the
fricative categorization depends on the following vowel.

6.  COMPARISON OF PREDICTED AND OBSERVED
STRATEGIES

6.1.  Comparison within subjects
Overall, prediction of categorization strategies within subjects
showed mixed success. Qualitatively, the individual predictions
for subjects 1 and 4 were in agreement with their perception data,
while those for subjects 2 and 3 were not. Several other
quantitative aspects of the predicted strategies for all subjects
were in disagreement with the observed strategies. For example,
predicted steepness of category boundaries was much too high
compared to observed steepness in the perception data. A
possible reason for these discrepancies is that the variability in
the acoustic data within syllables was unnaturally low because
syllables were uttered in highly controlled conditions and in
isolation. If the syllables had been taken from whole words, the
within–syllable variability may be much higher.

6.2.  Comparison between subjects
A comparison between subjects of the effects of increasing the
complexity of the classifier provided much more encouraging
results. For all four subjects, the relative reduction in badness-of-
fit was calculated that was achieved by changing the
categorization strategy from IP to DP, and from DP to S. These

calculations were made both for the prediction stage, based on
the production data, and for the HICAT model fits on the
perception data. The orderings for the subjects for decreasing
reduction in badness-of-fit are given in the table 2.

IP to DP DP to S
Production 3-1-4-2 2-4-1-3
Perception 3-1-2-4 2-4-1-3

For example, of all four subjects, the recognition performance on
subject 3’s utterances improved most by making the fricative
categorization dependent on the vowel. Also, of all subjects, the
HICAT model fit to subject 3’s perception data benefited most
from allowing the fricative categorization to depend on the
vowel. In conclusion, comparison of predicted and observed
strategies between subjects shows excellent agreement.

7.  DISCUSSION AND CONCLUSIONS
This paper addressed several basic issues in the perception of
coarticulated phonemes. First the potential consequences of
coarticulation on the distribution of acoustical cues was
discussed. It was argued that a pattern classifier could boost
recognition performance by making the position, orientation, or
steepness of the category boundary for one phoneme dependent
on the adjacent one. Next, the theoretical argument was applied
to the perception and production of Dutch syllables /si sy Si Sy/,
which is a case of regressive rounding assimilation. Based on
acoustical cue distributions measured on natural utterances of
these syllables, listeners’ categorization strategies were predicted.
Predictions were compared with HICAT model analyses of
listeners’ categorizations of a synthetic two-dimensional
fricative-vowel continuum. It was found that
1. Individual listeners differ in their categorization strategies,

but for 3 out of 4 listeners the fricative categorization
depends on the following vowel.

2. Quantitative discrepancies were found between predicted
categorization strategies for individual subjects based on
their own productions and observed strategies inferred from
their perception data. The estimation of the listeners’
“training data” needs to be improved.

3. Predicted ordering of subjects according to their likelihood
of using independent phoneme-based, dependent phoneme-
based, or syllable-based strategies correlated well with
observed ordering.
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Table 1. Dependency direction and type for the best-fitting
HICAT model for the perception data of each of the four
subjects.

Table 2. Ordering of subjects for decreasing reduction in
badness-of-fit as predicted from the production data and
inferred from the perception data.
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MEDDIS IHC BASED MULTI-CHANNEL COCHLEAR MODEL SETUP AND
INVERSION USING THREE TYPES OF AUDITORY FILTER BANKS

Houshang Habibzadeh-Vaneghi and Shigeyohi Kitazawa
Graduate School of Science and Engineering, University of Shizuoka, Japan

ABSTRACT
This paper deals with the forward and reverse multi-channel
implementations of the Meddis’s  inner hair cell (IHC) based
auditory models. During the forward model implementation, we
have tested three different auditory models and used  a suitable
filter bank as a pre-processor to Meddis IHC model  and
calculated the auditory neural firing data for each channel.

In the reverse model implementation and test phase,
different sections of the model like Meddis IHC, half wave
rectifier (HWR) and filter bank have been inverted. Using the
outputs of the forward model as an input to the reverse model and
regenerating the estimate of the original signal, the performance
of the reverse  model has been evaluated.

1. INTRODUCTION
Previously two attempts were made to reverse process the
auditory system to re-generate the input acoustic pattern. In the
first cochlear model inversion study, Daniel Naar [2] and
Malcolm Slaney [3] reverse processed the Lyon’s cochlear
model, to resynthesis the original signal from it's Correlogram.
Their primary target was to separate a sound from  noisy
background. Second study was our previous work[7], which was
based on Meddis’s inner hair cell (MIHC) model [1].

Figure 1. MIHC based cochlear reverse model.

The later method, affords us an straight forward way of
regenerating an acoustic signal from its auditory neural firings.
Our main goal was to construct an efficient and relatively simple

model for cochlea and then use its outputs as a test base for our
cochlear model inversion algorithm. Previously, we successfully
inverted  a single channel Meddis IHC  model and regenerated
the input signal to the model[7,9].

Our current study deals with the full multi-channel
implementation of the cochlear model in forward and reverse
modes for Meddis IHC, half wave rectifier and filter bank
sections. For the best simulation of the model, we have tested and
used three different auditory filter banks as a front end to the
Meddis IHC model. According to our test results, Gamma-tone
filter bank had the best match with the Meddis IHC model,
however at the inversion phase, Ohdaira's FIR filter bank showed
better results.

2. METHOD
After a complete multi-channel forward cochlear model setup
using Ohdaira's 28 channels filter bank and following Delugutte's
auditory system, we used one Meddis IHC model for each
channel, and captured the necessary data ( neural firing rates ) for
all channels from the outputs of cochlear model and then used it
in inversion process. During the inversion phase, data for each
channel was passed through a Meddis model inversion section, a
half wave rectifier inversion section and finally filter bank
inversion section. At the end, outputs of the all channels were
summed to make the estimated version of the original input
signal to the cochlear model.  

To have some ideas about earlier study, first, we shall give
a brief  explanation of Lyon's forward and reverse model. Then
Meddis based auditory model's implementation in forward and
reverse modes will be discussed in detail.

2.1. Lyon’s forward Auditory model
The basis of the model is a bank of filters, implemented as a
cascade of second-order low-pass filters, that splits the input
signal into broad spectral bands. This model uses a HWR as a
detector and four stages of a multiplicative AGC to model
adaptation. This  cochlear forward model designed by F. Lyon
and implemented by Slaney[3].

We have tested the AGC section of the Lyon’s model with
different input levels and filter time constants. Regarding to the
results, when input level is nine times or more of the target level,
and there is no limiter, AGC oscillates or blows up and fails to
reach to the desired target value. The reason is that, without
limiter, gain goes zero or even negative. However using limiter
eliminate this problem but, because of high compression rate, it
amplifies the noise and makes the inversion process more
difficult and inaccurate. In contrast, Meddis model is stable even
with 60dB dynamic range and is suitable for use with arbitrary
stimuli such as speech and noise signals [1].
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2.2. Auditory reverse model
In order to estimate the original time sequence of the signal that
enters to the Lyon's cochlear model, IIR Filter bank, HWR  and
four stage AGC sections  must be inverted[2].

3. MEDDIS IHC BASED AUDITORY MODELS
The following sections explains the necessary inversion
operations to estimate the input acoustic stimulus from auditory
synaptic cleft contents data . For full multi-channel operation, we
have to reverse process the outputs of the all channels of the
Meddis IHC, HWR and filter bank section.

The construction of the forward model has been fully
explained in our previous study[9].

Fig.3. MIHC based Cochlear Model’s forward  and reverse
outputs using  Ohdaira’s FIR filter coefficients

3.1. Meddis IHC Inversion
To regenerate the original time sequence of the filtered signal
which entered to the IHC section, we have to get the  auditory
neural firings data as input  and reverse process the IHC section.
Estimated signal would be half wave rectified version of the
original signal. Detailed Meddis IHC inversion algorithm has
been presented in our previous works[7,9].

3.2. HWR Inversion
At this stage  reconstructed half wave rectified signal from
IHC inversion stage of each channel has been fed into the
HWR inversion algorithm . Then with suitable number of
iterations, the negative part has been recovered.

For HWR inversion we have used the same convex
projection algorithm which Slaney and Naar have used in their
‘Correlogram Inversion’ work [2,3] but with different filtering
and parameters. Due to usage of fast and efficient  frequency
domain, overlap and add FFT filtering,  which works only for
FIR  filters.
Number of acceptable iteration have been reduced to less than 10.
while in previous study it was at least 15 iterations[2].
To do the HWR  inversion the following steps have been
carried out :
a) Get the outputs of the Meddis IHC inversion module

as a 28x(data-length) matrix(Xhwr).

b) Prepare the coefficients of the band pass FIR filter for 28
channels .

c) Then use the following method to recover the negative part
[2,3]:

1. Estimated signal (Xest)ÅHalf wave rectified signal (Xhwr).
2. Do frequency domain Band pass filtering on estimated   

             signal.
3. Modify the estimated signal  : 

4. Go to step 2 (stop after N iterations).

Here is a test run of the program under Matlab with 10 iterations.
N is defined regarding to a threshold which specifies difference
between original and recovered signal.

Fig. 4 .(Upper) Input from IHC inversion  section shown in Fig.3.
      (lower) Recovered signal, which is out put of HWR inversion

      module. Both signals are sum up of  28 channels.

3.3 Filter bank inversion
Motivated by the work of Yang et al. ( 1992) and Daniel Naar[2],
we employ the following technique with different filtering
method which simplifies the inversion process .
The inversion of a linear filter bank must produce an
estimate of the original  input signal, x(t), given the output
of each channel, y(λ,t). An estimate of x(t) can be realized
by convolving  the signal y(λ,t) by using the matched filter
h(λ,-t). The estimate of x(t), Xest(t)  is given by the sum of
convolutions:

Each term in the summation is the output of a channel convolved
with the time-reversed impulse response of that channel.
Since in the forward model we have used the Ohdaira’s
coefficients for FIR filter bank, in the reverse mode also I have
used the impulse response of the same filter for inversion. For the
inversion , the following steps have been done:
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1. Extract and arrange Ohdaira’s FIR filter coefficients in an
28x255 matrix(28 channels with filter order of 255).

2. Filter the 28 channels input signal using the mentioned
coefficients and save the result as one channel per row. Use
the Matlab zero phase FILTFILT function for filtering. This
function performs digital filtering by processing signal in
both the forward and reverse directions.

3. Calculate the impulse response of the each filter channel
and save the results as H(t). Use the Matlab IMPZ function
for calculation.

4. Then use the following relation to calculate filter reversed
signal for each channel:

                   Fin(t) = Fout(t)*H(-t)  
    Using  the results of the step 2 and3.

5. Sum the calculated Fin for each channel and do phase and
gain correction if necessary. Use the Matlab SUMmation
function to sum the channels inputs  which have saved in
the output matrix at the previous step.

It is worthy to mention that, however using Forward / Reverse
filtering removes phase problem from filtered signal it slightly
increases  the calculation time.  Figure 5. Shows the regenerated
signal which resulted from IHC, HWR and filter bank inversions
successively. Regenerated signal is  the estimated version of the
original signal shown in Figure 6.

Fig. 5. Regenerated signal by reverse filtering of signal shown in
Fig. 4. [SOUND 0566_INV.WAV].

Fig. 6. Original input signal to the forward model
[SOUND 0566_PAN.WAV].

4. FILTER BANKS
Here are the results of the implementation and test over three
auditory filter banks which we  have used them as a preprocessor
to Meddis IHC model to calculate synaptic cleft contents data.
Our goal was to find a suitable filter bank that has the following
two properties:
• good match with Meddis IHC model.
• easily invertable.

According to our test results, filter bank based on Ohdaira's
coefficients was sufficient enough to be used as a preprocessor
for Meddis IHC forward model and easily invertable in reverse
mode. However Gamma-tone and Seneff's filter banks had better
frequency response, they were not easily invertable. Figures 8,10
and 11 show the frequency response of these three filters.

Fig. 7. MIHC forward model outputs  using signal in figure 6 and
           three different types  of auditory filter banks.

4.1. Ohdaira’s  Cochlear Filter Coefficients
We have tested and used a 28-channel FIR cochlear filter
coefficients, which was designed by Ohdaira [6]. The frequency
response of this 28-channel filter bank has been calculated and
shown  in the Figure 8 (Only 6 selected channels are shown).

     Fig .8. Frequency response of the Ohdaira’s FIR filter
                  channels 5,7,15,17,21,25.
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 Fig. 9. MIHC based forward model output using Ohdaira’s filter
             coefficients.

4.2.  Seneff’s critical band filter bank.
This filter bank was designed and described by  Seneff  in  the
1988. She provided the coefficients required to produce the 40
channel IIR filters, which collectively covers the range from 50
to 7000 Hz. Fig. 5 shows the frequency response of the Seneff’s
Filter bank.

        Fig 10.  Frequency response of a 40 channel Seneff’s
                   filter bank (after Seneff 1988).

4.3. Gamma-tone cochlear filter bank
A Gamma-tone auditory filter bank is defined by its impulse
response  in time domain  as follow:

                                                          •  t > 0

R.D. Patterson et al. [8] have given some reasons for choosing
the gamma-tone function as an auditory filter bank. For example
they show that: it has good impulse response and its magnitude
characteristic is very similar to the representation of the human
auditory system. Frequency response of the gamma-tone filter
bank for 10 channels is shown on figure 11.

Fig. 11.  Frequency response of the gamma-tone filter
                   bank for 10 channels .

5. CONCLUSIONS
Since Meddis IHC model inversion simplifies the four-stage
AGC inversion of the earlier work to a single task , it is faster and
also is less sensitive to the input signal gain. HWR and  filter
bank inversion sections of the earlier  techniques have been used
with some modifications. Due to usage of Ohdaira's FIR filter
coefficients and a special zero phase forward/reverse FIR
filtering , there is no phase distortion in forward mode and phase
correction almost is unnecessary at inversion stage. This makes
the filtering inversion section easier with less errors compare to
earlier work.
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THE ROLE OF EVIDENCE AND COUNTER-EVIDENCE
IN SPEECH PERCEPTION

Stuart Cunningham and Martin Cooke
Department of Computer Science, University of Sheffield, UK

ABSTRACT

Speech perception is robust in adverse acoustic conditions when
other sounds mask portions of the signal. Under experimental con-
ditions, intelligibility can remain high even when much of the spec-
trum is removed, and can be further increased when noise fills the
spectral gaps. These results suggest that listeners may be able to
exploit noisy regions during recognition. This paper presents a
joint psychophysical and modelling study into the intelligibility of
band-pass filtered speech. Experiment 1 measured the intelligibil-
ity of digit sequences which were band-pass filtered at a range of
centre frequencies. A model employing missing data techniques
produced qualitatively similar performance to listeners. In experi-
ment 2, listeners were presented with digit sequences filtered into
two widely separated narrow bands. Band limited noise at a range
of levels was added into the spectral gap between the two speech
bands. A small improvement in intelligibility with increasing noise
level was measured. Implications for identification metrics involv-
ing evidence and counter-evidence are discussed.

1. INTRODUCTION

Human speech communication rarely takes place in noiseless con-
ditions. Additional sounds alter the spectral and temporal charac-
teristics of the signal reaching our ears. Despite this, listeners man-
age to interpret the superposition of signals that confronts them
in all but the most adverse conditions. Part of this competence
may stem from the ability to organise this mixture of sounds ac-
cording to their respective sources — a task variously referred to
asauditory scene analysisor auditory grouping[1][5]. Assuming
that grouping, at least in part, precedes identification, listeners may
have to solve amissing data problem. For some spectro-temporal
regions, masking by the attentional background renders recovery
of the complete target source problematic.

One example of the missing data problem is produced by
band-pass filtering. Keyword identification in sentences filtered
into narrow (1/20-octave) bands remains high when the filter is
centred in the mid-frequency region (e.g. 70% at1500 Hz) [17].
The contributions of semantic context, syntax and prosody un-
der similar band-pass filtering conditions have also been investi-
gated [13]. A comparison of the intelligibility of high- and low-
predictability sentences showed that well-defined semantic context
resulted in higher intelligibility across a range of filtering condi-
tions. Additionally, a study comparing the intelligibility of 1/3-
octave bands [7] found that those centred between 750-2500 Hz
gave the highest intelligibility scores.

Further, listeners have been shown to have an ability to per-
ceptually restore phonemes that are masked by louder sounds [14].

This ability, calledphonemic restoration, has been described as a
speech-specific case of auditory induction — a more general facil-
ity to restore sounds masked over short periods of time (see [15]
for a review). In a recent experiment, Warrenet al.[16] investi-
gated a similar form of perceptual restoration of missingfrequency
regions. Listeners were presented with sentences which had been
filtered into two 1/20-octave bands centred at 370 and 6000 Hz.
Band-limited noise at levels ranging from 30 to 80 dB was added
to the spectral gap between the two speech bands. They found
that intelligibility increased as the intensity of the noise grew up
to a level of 60 dB above which intelligibility began to fall. These
findings suggest that listeners make use of the noise in the spec-
tral gap during the recognition process, a process termedspectral
restoration.

The studies presented in this paper extend previous findings
using band-pass filtered speech to digits. Section 2 presents an
experiment which assesses the intelligibility of band-pass filtered
digit sequences. Section 3 investigates the effects of inserting noise
into the spectral gap between two narrow speech bands. The re-
sults from these experiments allow a comparison of human per-
formance to that of a computational model which utilises missing
data techniques to enable recognition from limited acoustic evi-
dence [3][6][4].

2. EXPERIMENT 1: INTELLIGIBILITY OF BAND-PASS
FILTERED DIGIT SEQUENCES

2.1. Stimulus preparation

The stimuli were sequences of 4 and 5 digits from the male test
set of the TI Digits corpus [8] from a range of dialect regions of
American English. 360 sequences selected from the corpus test set
were divided into 9 groups each containing an equal number of 4
and 5 digit sequences, giving 180digits in each group.

Each of the 9 groups was band-pass filtered with gammatone
filters [2] with a different centre frequency (CF) for each group.
Gammatone filtering represents a simple linear model of frequency
selectivity in the peripheral auditory system at moderate sound lev-
els [11]. The 9 CFs employed were those used in [17]: 370, 530,
750, 1100, 1500, 2100, 3000, 4200, and 6000 Hz.

2.2. Procedure

Filtered sequences were presented diotically at a comfortable lis-
tening level over Sennheiser HD 25SP headphones. The seven
subjects were native English speakers and all had been tested to
ensure they possessed normal hearing thresholds (< 20 dB HL at
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frequencies between 250 and 8000 Hz). To compensate for any
possible influence of learning, condition order was randomised be-
tween subjects. No training was given prior to the experiment.
Stimuli were presented by a computer program which also col-
lected and scored responses typed by subjects. The automated
scoring procedure was that commonly employed in the evaluation
of speech recognition systems, which usesdynamic programming
to align the test and reference transcriptions and computes an ac-
curacy measure as the quantity

100*(hits-insertions)/(hits+deletions+substitutions).
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Figure 1: The effects of band-pass filtering. Mean digit accuracy
scores (solid line) are shown with standard errors. Also shown
are mean percentage correct keywords (dashed line) for sentences
filtered into 1/3- and 1/20-octave from data in [17].

2.3. Results

Figure 1 presents mean accuracy scores obtained from the 9 filter-
ing conditions for 7 subjects. Performance remains high for CFs
in the range 1100-4200 Hz. Digit accuracy scores were subjected
to a two-way ANOVA, which showed a highly significant main
effect of filtering condition [F(8,48) = 112,p < 0.01]. The re-
sponse of subjects within each filtering condition was also signif-
icant [F(6,48) = 5.5,p < 0.01]. On closer inspection, this was
caused entirely by the responses of one subject. Without these
responses, the effect of subject was not significant at the 95%
level. However, the subject’s results were retained in pairwise t-
tests, which demonstrated that the 370, 530 and 750 Hz conditions
were significantly different from the others. CFs in the range 1100-
4200 Hz were different from the 6000 Hz condition [t = 4.7,p <
0.01].

Figure 1 also shows mean keyword correct scores for sen-
tences band-passfiltered with either 1/3- or 1/20-octave filters (from
[17]). The results for digit sequencesshow a similar pattern of per-
formance. Apart from the type of speech material used, the main
difference from [17] lies in the use of auditorily-motivated band-
pass filtering.

3. EXPERIMENT 2: INTELLIGIBILITY OF BAND-PASS
FILTERED DIGIT SEQUENCES WITH INSERTED NOISE

This experiment investigated whether the addition of noise into
the spectral gap between two narrowly filtered bands improves ac-
curacy for digit sequences as has been previously shown for sen-
tences and word-lists [16].

3.1. Stimulus preparation

Experiment 2 used a different selection of 200 sequences, divided
into 5 groups. These sequenceswere filtered using two gammatone
filters with CFs at 370 and 6000 Hz. Each group was assigned a
noise level of either 30, 50, 55, 60, or 70 dB. For each noise level,
noise bandwidths were determined such that the masking effects
on the two bands of speech would remain constant. These tar-
get bandwidths were identified by finding the noise bandwidths
which would ensure a constant noise-power density in each speech
band. Bandwidths computed according to the equal masking cri-
terion were: 30 dB: 550-4650 Hz; 50 dB: 640-2960 Hz; 55 dB:
690-1900 Hz; 60 dB: 750-1600 Hz; and 70 dB: 890-1100 Hz.
Band-limited noise at the required level was synthesised by sum-
ming sinusoids with random phase distributed equally on an ERB
scale over the calculated bandwidth.

The subject group, presentation procedure and data collection
followed that of experiment 1.

3.2. Results

Mean accuracy scores for experiment 2 are shown in figure 2. A
two-way ANOVA showed significant effects of noise level [F(4,24)
= 3.5,p< 0.05] and listeners [F(6,24) = 7,p< 0.01]. Subsequent
tests indicated that the 50 and 55 dB conditions were significantly
different [t = 3.6,p < 0.01], as were the 50 and 60 dB conditions
[t = 2.4,p< 0.025].

Figure 2 also shows the results from [16] which used sentence
material. While performance is much lower due to the different na-
ture of the recognition task, it can be seen that increasing the level
of noise improves intelligibility. Once the noise level is greater
than 60 dB intelligibility begins to fall off. This reduction in per-
formance is less evident in our results.

4. MODELLING STUDIES

Recent work on missing data algorithms for ASR [4] provide a
simple model for the recognition of spectrally-impoverished speech
(see also [9]). The missing data approach is a two stage process
in which reliable regions are first identified by some process, fol-
lowed by recognition using a conventional approach with a modi-
fied probability model. Here, the extent of the missing regions was
supplied manually (although automatic criteria based on energy
could be used). The effect of the number of channels supplied was
also assessed.

Some missing data studies [10] have also used aboundspro-
cedure, which exploits the observed energy in the missing regions.
The idea is to determine whether sufficient energy exists in each
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Figure 2: The effect of adding band-limited noise at a range of
levels into the spectral gap between two narrow bands of speech.
Topmean digit accuracy scores obtained from 7 listeners at 5 noise
conditions with standard errors.Bottommean percentage identifi-
cation scores for keywords in sentences with standard errors for 5
noise conditions (reproduced from data in [16]).

spectral region to have masked the hypothesised speech. This can
be viewed as a model for counter-evidence and was tested as a
possible explanation for spectral restoration.

Acoustic vectors were computed with a 64-channel auditory
filter bank [2] with CFs spaced linearly in ERB-rate from 50 to
8000 Hz. Instantaneous Hilbert envelopes at filter outputs were
smoothed with a first-order filter (time constant = 8 ms) and down-
sampled into 10 ms frames. The male speaker training set of the
TI Digits corpus was used to estimate the parameters of 12 HMMs
(digits 1-9, ‘oh’ and ‘zero’ and a silence model), each with 8 emit-
ting states. Observations in each state were modelled with a 10
component mixture of Gaussians. HTK [18] was used for training,
and a local MATLAB Viterbi decoder adapted for missing data
was used for recognition. Scoring used the same procedure as that
employed in the listening experiments. The recogniser was tested
using 240 utterances from the male test portion of TI Digits. For
the band-pass filtering tests, the recogniser used data in channels

centred around the CFs used in the listening tests.

4.1. Band-pass filtering results

Figure 3 compares listener and model performance for narrowband
digit sequence recognition. As the number of channels supplied
to the model increases, so does overall performance. Accuracy
rises for both listeners and model for CFs up to 1100 Hz, apart
from a dip at 750 Hz for some conditions. Interestingly, listener
performance also shows a dip at this CF. Above 1100 Hz, results
diverge, with a more rapid decline in model accuracy as a function
of CF that that seen with listeners.
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Figure 3: Narrowband digit identification by listeners and a miss-
ing data recogniser.

4.2. Spectral restoration

Following experiment 2, supplying two narrow bands of speech
to the recogniser produced the expected improvement in accuracy
over the single band case, as shown in table 1. However, appli-
cation of the bounds procedure (which was used to great effect in
previous missing data studies [10]) to the stimuli of experiment 2
showed no spectral induction effect for this data (not plotted).

Number of channels 300 Hz band 6000 Hz band Both
1 28 23 51
3 32 19 58
5 41 19 64
7 52 22 73

Table 1: Accuracy scores for single bands and for two bands to-
gether.

5. DISCUSSION AND CONCLUSIONS

Experiment 1 and previous studies have demonstrated the high in-
telligibility of band-passfiltered speech for CFs in the mid-frequency
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region (1000-3000 Hz) despite the apparent paucity of spectral in-
formation available. Why do such narrow bands remain highly
intelligible? Apart from linguistic factors above the lexical level
which are of little consequence here, the filtered bands provide
acoustic evidence of formant and harmonic motion. At frequencies
below 1000 Hz, part of the motion is due to harmonics which is
less useful for acoustic-phonetic distinctions than the F2- and F3-
related motion implicit in the mid-frequency region [13]. Prosodic
information conveyed largely by the lower frequencies is of some
use, however, in segmental cues for syllable boundaries and voic-
ing.

The missing data model shows a rough correspondence with
listeners, but the performance match is quite poor at high frequen-
cies. The representation employed in the model is somewhat crude
and makes no direct use of information-bearing formant-induced
temporal fluctuations [13][7]. Future work will employ temporal
derivatives and accelerations.

It has been suggested that the increase in performance due to
the insertion of noise into the spectral gap for sentences is due to
spectral restoration [16]. How this restoratative process operates
is unknown at present. Warren [15] suggests that the intermediate
noise band allows better integration of information from the two
widely separated speech bands. Without the noise band, these form
a rather unnatural signal which the auditory system may process
as two separate sources initially. Noise in the gap may reduce the
illusion of separateness and allow better evidence combination.

The missing data model presupposes a different explanation,
in which the noise band provides evidence (or the lack of it) for
masking in the mid-frequency region. The main problem with this
approach, highlighted by the modelling results, is that counter-
evidence has a punitive effect. While identification performance
improves with the addition of noise, it does so from a lower base-
line than that provided by two bands without noise.

Our findings suggest that spectral induction plays a smaller
role for digit sequences than other types of speech material. Digit
sequenceswere chosen for these studies due to the ease of develop-
ing recognition models, the existence of corpora, and the possibil-
ity of using fewer subjects overall, since each could be used in all
conditions with a reasonable expectation of comparable difficulty.
However, digits do have significant disadvantages [12]. For in-
stance, intelligibility degrades from almost perfect to chance over
a very narrow SNR range.

Other issues for further study include the effect on intelligi-
bility of reducing the noise bandwidth and corresponding change
in noise spectral shape; the treatment of energy absence versus the
presence of insufficient energy; and the question of which met-
ric best accounts for the combination of reliable spectral regions,
masked regions and (energetically) missing regions.
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HEARING SMILES - PERCEPTUAL, ACOUSTIC AND PRODUCTION
ASPECTS OF LABIAL SPREADING

Julie Robson and Janet MackenzieBeck
Queen Margaret University College

ABSTRACT
This paper discusses the role of labial spreading in the
perception of happiness and investigates whether untrained
judges perceive labial spread samples as more smiled than
neutral samples.

The main experiment is a paired forced-response design
perceptual experiment comparing neutral and labial spread
voice quality samples. This is supplemented with articulatory
measurements, which provide evidence of the differences in
articulatory settings.

The study’s findings are discussed with reference to current
theories of affect behaviour.

1.  EXPRESSION OF EMOTION
The expression and perception of emotion is a subject area
which has fascinated scientists for many years. In his 1872 work
Darwin [1] acknowledges the multi-modal nature of emotion,
recognising the significance of the voice, as well as facial
expressions and other aspects of non-verbal communication.
Following this, researchers in disparate fields, including
psychology, physiology, psychiatry, linguistics and speech
science have studied emotions from their individual subject-
perspectives.

The multi-modal approach is currently enjoying renewed
attention. The work of Klaus Scherer and his colleagues, in
particular, takes an inter-disciplinary psychology-phonetics
approach to the subject. For example, Banse and Scherer [2]
highlight the need for a convergence of the study of facial and
vocal emotion expression. They recognise that many aspects of
emotional expression are likely to have multi-modality. For
example, the innervation of particular facial muscles may
produce a facial expression, but will also affect the acoustic
characteristics of the speaker’s voice.

This multi-modality is extended in the Component Process
Theory [3, 4]. In this theory emotion involves a ‘temporary
synchronization of all major subsystems of organismic
functioning’ throughout the duration of the emotional state.

Another approach is Ekman and Friesen’s Non-verbal
leakage approach [5]. This proposes, rather than the various
modalities working together during emotional states, some
elements may be suppressed, causing ‘leakage’ in other
elements. For example, during deception, a facial expression
may be manipulated  suggesting one emotion, but the true
emotion may be revealed through another modality, say, voice
quality or posture.

Facial expression is thought to be one of the most important
elements in the expression of emotion. Ekman and Oster [6]
claim that ‘In humans the face seems to be a richer and more

dependable source of information about emotion than any other
expressive modality’. In fact, many of the studies involving the
perception of emotions from vocal cues present high levels of
recognition, in some cases higher than those obtained from (at
least static) visual stimuli.

Sixty years of research in this area shows that listeners are
good at inferring affective states and speaker attitudes from
vocal expression [2]. A typical recognition rate of at least four or
five times that attributable to chance would be expected for a
study involving six emotions [8, 9, 2]. Most studies have
concentrated on the effects of emotion on pitch and intensity
measures. Johnstone et al [9] and Banse and Scherer [2]
constructed predictive acoustic profiles for a wide-ranging set of
emotions.

One emotion which is often cited in the literature as being
recognised relatively well from both visible and vocal cues is
happiness or joy. From their studies of facial expression, Ekman
et al [10] found happiness to have better recognition rates than
any of the other emotions, as did Boucher and Ekman [11] with
Bassili [12] placing it second after surprise. In vocal
experiments van Bezooijen [7] found happiness to be recognized
second best, after anger.

Most acoustic studies of happiness have concentrated on
changes in F0, F0 range, contour and intensity measures [13]. A
happy speaker will typically display an extended F0 range
reflecting the animation and stimulation of the state. The mean
F0 and intensity will both tend to be increased.

Bassili [12] states that ‘because facial muscles are fixed in
a certain spatial arrangement, the deformations of the elastic
surface of the face to which they give rise during facial
expression may be very informative in the recognition of
emotions’. This statement, used to describe facial expressions,
is somewhat reminiscent of Abercrombie’s [14] phonetic
description of an articulatory setting: ‘tendency for the vocal
apparatus to be subjected to a particular long-term muscular
adjustment’ or Laver’s [15] description of voice quality settings.
Where Bassili describes an ‘upwards displacement of each side
of the cheeks and mouth’ for the facial expression accompanying
happiness, Laver’s ‘horizontal expansion of the inter-labial
space’ is equivalent. Both refer to smiling, or labial spreading.

Tartter [16] and Tartter and Braun [17] looked specifically
at the effects of smiling on speech, thereby combining facial
expression with vocal cues to emotion. They recorded one set of
speech samples from the usual speaking voices of their
speakers, then gave the following instruction: ‘stretch your lips
into a smile but do not try to sound happy or inject happiness
into your speech’. This instruction was intended to generate test
data which differed from the neutral data only in the facial
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expression of the speaker. The samples were presented to naive
listeners in a forced-response task in which they were asked to
identify which of each pair of samples sounded happier. Their
results showed that listeners were able to identify the smiled
speech for four out of the six speakers.

Such evidence suggests that listeners have an ability to
recognize the acoustic consequence of the facial expression,
smiling, as a vocal cue. However, these studies are limited:
firstly, they involved only a small number of speakers and
listeners. The main potential problem, however, is in the
instruction to the speakers. They are asked to form a smile: an
emotionally meaningful gesture and therefore, may find it
difficult to disassociate the other vocal effects. Moreover, the
consequence of producing a smile without the accompanying
injection of happiness could be that the speakers hyper-correct
for emotion, introducing an element of unwanted ‘sadness’ or
‘boredom’ into their speech.

The experiment which follows has the following aims: to
discover whether neutral speech and labial spreading can be
distinguished aurally; to discover whether naive listeners would
perceive labial spreading as smiling; to discover whether speech
with neutral affect will be perceived as smiled given the
presence of labial spreading. Also, a preliminary attempt at an
integration of the perceptual results with acoustic measurements
and with measurements of the lip position is included.

2. METHOD
2.1 Methodological Design
The determining factor in the design of the perceptual part of
the experiment was the aim of identifying whether there is a
perceivable difference between the two sample groups - neutral
and labial spreading. A matched-pair forced-response design
was chosen. This design involved the listeners being exposed to
pairs of matched samples and asked to make a choice for every
pair. With this design there is a 50% chance of randomly
selecting the target sample so very high levels of concurrence
are required before conclusions may be drawn.

The advantages of this method are that listeners are more
likely to be able to recognise what may be very subtle
differences between the two samples in a pair, and that the level
of training required is minimised.

2.2 Speakers
The speakers were eleven members of staff from the
Department of Speech and Language Sciences at Queen
Margaret University College, Edinburgh. Ages ranged from mid-
twenties to mid-fifties. Whilst the speakers originate from a
variety of linguistic communities, they have all worked in
educational institutions and lived in the Edinburgh area for
several years. Their accents, therefore, tend towards
Standardised forms such as Standard Southern English or
Standard Scottish English rather than more distinctive regional
varieties.

The speakers were trained prior to the recordings in the
production of non-neutral voice quality settings from Laver’s
[15] framework. For the neutral samples they spoke using their
habitual voice quality and for the labial spreading they aimed for
scalar degree three to four, where scalar degree four corresponds

to the long term lip position comparable with that of cardinal
vowel two /e/.

2.3 Recording procedure
Recordings took place in the soundproof booth in the
Department of Speech and Language Sciences, Queen Margaret
University College, Edinburgh. The speakers wore a lapel
microphone 25cm from their mouths which was connected to a
Sony DAT recorder.

The speakers were prompted by target recordings of the
required voice quality setting, which were played to them
through headphones immediately before each recording.

Simultaneous video recordings were made using High U-
Matic video at 25 frames per second.

2.4 Speech samples
In total there were 66 speech samples obtained by the eleven
speakers reading three different sentences using neutral and
labial spreading. The sentences were devised to include
differing levels of the segments which have been suggested as
being more susceptible in the perception of labial voice qualities
[15]. The three sentences were: Will Anna tell the dirty lie to
Milly? (sentence A), Will Asha sell the thirty lie to Missy?
(sentence B) and Will Sasha sell the thirsty lice to Sissy?
(sentence C).

Samples of each sentence were transferred onto audio tape
in randomly ordered pairs of neutral and labial spread for each
of the eleven speakers. There was a gap of one second between
the two samples in each pair and four seconds between pairs.
Three different tapes were produced so that any order effect
could be kept to a minimum. On the first tape the order of the
sentences was ABC, for tape two it was CAB and tape three was
BCA.

2.5 Listeners
There were fifteen listeners, twelve female and three male, none
of whom were phonetically or linguistically trained. They were
between the ages of 22 and 50, were native speakers of English
and with no known speech or hearing problems.

2.6 Procedure for perceptual task
The listening session took place in a quiet room. The tapes were
played using a Marantz tape recorder. Listeners were split into
three equal groups of five. Each group was assigned one of the
three tapes.

The samples were presented to the listeners in a forced
response type experiment. For each pair the listeners were asked
to choose ‘which sounds more like the speaker is smiling?’. This
choice was then marked onto a simple response sheet. Speakers
were asked to make a choice for every pair of samples even if
the difference was perceived to be marginal or virtually
indistinguishable.

In total the subjects heard 33 pairs comprising the three
sentences spoken by the 11 speakers. Subjects were asked to try
to make their judgments on the first time of hearing the samples.
Although repeat hearings were permitted, this occurred
infrequently.
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2.7 Video measurements
Articulatory measurements were made from the video using a
manual tracing method. The measurements reported in this
paper are of the maximum horizontal and vertical dimensions of
labial aperture across the three sentences for each speaker and
setting. These measurements are intended to provide a crude
indication as to the nature of the change in articulation due to
the labial voice quality setting change and also help establish
that this change was realised physically. More detailed
articulatory measurements from this data-set will be discussed
further in future publications.

2.8 Acoustic analysis
The acoustic analysis involved measuring values for F1, F2 and
F3 during the stable portion of the vowel segments constant to
the three sentences. These are /a/ from ‘Anna’, ‘Asha’ and
‘Sasha’, /E/ from ‘tell’ and ‘sell’; /«/ from ‘the’ /Î/ from ‘dirty’,
‘thirty’ and ‘thirsty’ /I/ and /i/ from ‘Milly’, ‘Missy’ and ‘Sissy’.

3. RESULTS
3.1 Results of perceptual experiment
Table 1 shows the number of labial spread samples (S) and the
number of neutral (N) samples identified as ‘smiled’ for each of
the three sentences, and for each speaker.

Speaker Sentence A
‘S’       ‘N’

Sentence B
‘S’      ‘N’

Sentence C
‘S’      ‘N’

AW 13 2 12 3 15 0
LE 10 5 9 4 13 2
AM 11 4 15 0 15 0
FG 15 0 15 0 15 0
SM 14 1 14 1 13 2
JS 14 1 15 0 15 0
JB 10 5 13 2 10 4
WH 14 1 15 0 15 0
ED 15 0 14 1 14 1
NH 15 0 13 2 13 2
TH 13 2 15 0   6 9
TOTALS 144 21 150 15 144 20

Table 1. Rates of identification as ‘smiled’ for spread (S) and
neutral (N) labial voice quality samples for the three sentences.

Overall the spread samples were identified as ‘smiled’ in 90%
of cases. This can broken down as follows: 85% for sentence A,
94% for sentence B and 87% for sentence C. There was only
one pair of samples for which the neutral sample was more often
identified as spread. This was speaker TH, sentence C. The
other pairs for this speaker provided typical results. There is no
obvious explanation for this anomalous result although one
suggestion, arising from the video data, will be discussed in
section 4.1.

3.2 Results of video measurements
Table 2 shows the percentage differences in horizontal and
vertical maximum dimensions of labial aperture between the
neutral and the spread labial voice quality settings. A negative

percentage value indicates a decrease from neutral to spread,
with a positive value indicating a corresponding increase.

The measurements of maximum horizontal aperture
for labial spreading are greater, for all eleven speakers, than for
the neutral setting. This, as expected, reflects the main
articulatory change: horizontal expansion. The changes in the
vertical dimension are more varied. Seven of the speakers
display decreases in the maximum vertical dimension of labial
aperture. This indicates vertical constriction which,
accompanying horizontal expansion, is described by Laver [15]
as a commonly occurring articulatory configuration. Two
speakers display no apparent change in the vertical dimension,
with two speakers showing an increase from neutral to spread.
This would indicate vertical expansion, which is less commonly
combined with horizontal expansion.

Speaker Horizontal maximum Vertical maximum
AW 18 0
LE 10 -14
AM 23 10
FG 17 -13
SM 15.2 -18
JS 19 -20
JB 10 -17
WH 11.5 -27
ED 27 0
NH 8.7 -20
TH 10.9 17

Table 2. Percentage differences in labial dimensions between
neutral and spread labial voice quality setting.

3.3 Acoustic results
For most speakers and in most vowel contexts the values of F2
and F3 were higher for the spread labial voice quality setting
than the formant values for the corresponding neutral setting
conditions, as expected. However, the results were not
conclusive. Further work, to be published at a later date, will
investigate the formants further using dynamic formant tracking
rather than such limited static measurements.

4. DISCUSSION
4.1 Discussion of results
Despite the fact that, during debriefing, the listeners reported
difficulties in distinguishing the smiled from the non-smiled
samples, the perceptual results show a clear pattern. The
recognition of the labial spread samples as smiled is extremely
high at 90% indicating the listeners aptitude at identifying lip
spreading as a vocal cue to the affective state associated with the
facial expression, smiling.

The method of obtaining the data for this study, using the
Laver [15] voice quality framework,  allowed for the virtual
isolation of this one element of emotional expression. The
instructions to the trained speakers were anatomically defined
with no reference to any intended emotion. The intention was
that the pairs of samples presented to the listeners differed only
in labial voice quality. There is a possibility that the very act of
smiling (or even labial spreading) may produce an emotional
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response which in turn will cue other physiological correlates,
but, this aside, emotional content is minimised. This can be seen
as a major advantage over studies such as Tartter [16] and
Tartter and Braun [17] because emotionally loaded terminology
is avoided.

It is important to avoid inflating the importance of the
labial spreading facial expression in the identification of
emotion in this experiment. The forced-response design of this
experiment is such that the paired samples are presented in
succession and the listeners judges which pair sounded most as
if the speaker was smiling. The high levels of agreement
observed from the results show that listeners could tell a
difference under these conditions but it is unlikely that they
would identify the labial spread samples as smiled so
consistently if presented in isolation.

Looking at the results for the three different sentences it
seems that the labial spread samples were identified as smiled
slightly more often for sentence B than for sentences A and C.
However, the difference between sentences B and C can be
attributed to the anomalous result of TH (highlighted in section
3.1). The expected result would have been the highest
recognition rate for sentence C with the highest incidence of
‘susceptible’ segments, (i.e. those segments for which the
perceptual effects of labial spreading are most prominent)
followed by B and with A having the lowest recognition rate.

It is interesting to note that one of the speakers for whom
both horizontal and vertical expansion is displayed is TH, for
whom the anomalous perceptual result was obtained. It could be
that the vertical expansion altered the acoustic quality of
sentence C in particular, where the high incidence of
‘susceptible’ segments might influence perceptual judgments.
No firm assumptions can be made, especially given that the
other speaker displaying this combination of horizontal and
vertical expansion failed to follow the same pattern for her
perceptual results.

4.2 Theoretical implications
This finding that information about affective state seems to be
communicable through the vocal channel fits Scherer’s multi-
modal approach. In this case, the facial muscular configuration
associated with happiness, smiling, seems to have a vocal
correlate which is itself capable of conveying affective
information.

The articulatory evidence from the video data provides the
evidence that the labial spreading occurred. As the mouth and
lower part of the face are often considered to be the dominant
areas of the face in the expression of happiness [12], and are
also amongst the fundamental organs of speech, it is not
surprising that changes in the configuration of the lower part of
the face (containing visual cues to emotion) will produce
corresponding changes in the vocal channel.

The non-leakage approach is not supported so well by this
experiment. The theory requires a level of independence
between the modalities. It cannot support labial voice quality
and facial expression as separate modalities as they are inter-
dependent. The vocal aspect of labial spreading can be
considered as a symptom of the facial expression, smiling. It
would be impossible to suppress one whilst emphasising the

other (either consciously or sub-consciously). This approach is
more successful in explaining behaviour where there is a simple
dichotomy, for example, between verbal and non-verbal
channels.

5. CONCLUSIONS
The findings of this study show that lip spreading, characterised
by horizontal labial expansion, and sometimes combined with
vertical constriction can be distinguished from the neutral voice
quality and will be perceived as smiling - the facial expression
which accompanies happiness.

This helps to support the theory that the communication
and perception of affective states involves multi-modal
processes.

REFERENCES
[1] Darwin, C. 1872. The expression of emotion in man and animals. New
York/London: Appleton.
[2] Banse, R. and Scherer, K. R. 1996. Acoustic profiles in vocal emotion
expression. Journal of Personality and Social Psychology, 70, 614-636.
[3] Scherer, K R. 1984. On the nature and function of emotion: a
component process approach in Scherer, K. R. and Ekman, P. (eds)
Approaches to emotion,  Hillsdale NJ: Erlbaum.
[4] Scherer, K. R. 1986. Vocal affect expression: a review and a model for
future research. Psychological Bulletin, 99, 143-165
[5] Ekman, P. and Friesen, W. V. 1969. Non-verbal leakage and cues to
deception. Psychiatry,  32, 88-106.
[6] Ekman, P. and Oster, H. 1979. Facial expression of emotion. Annual
Review of Emotion, 30, 527-545.
[7] van Bezooijen, R. 1984. The characteristics and recognizability of
vocal expression of emotions, Drodrecht: Foris.
[8] Frick, R. W.  1985. Communicating emotion: the role of prosodic
features. Psychological Bulletin, 97,  412-429.
[9] Johnstone, I. T., Banse, R. and Scherer, K.R. 1995. Acoustic profiles
from prototypical vocal expressions of emotion. Proc. of XIIIth
International Congress of Phonetic Sciences, Stockholm, 4, 2-5.
[10] Ekman, P., Friesen, W. V. and Ellsworth, P. C. 1972. Emotion in the
human face: Guidelines for research and an integration of findings, New
York: Pergamon Press.
[11] Boucher, J. D. and Ekman, P. 1975. Facial areas and emotional
information. Journal of Communication, 25, 2, 21-29.
[12] Bassili, J. N. 1979. Emotion recognition: the role of facial movement
and the relative importance of the upper and lower areas of the face.
Journal of Personality and Social Psychology, 37, 2049-2058.
[13] Williams, C. E. and Stevens, K. N. 1981. Emotions and speech: some
acoustic correlates. Journal of the Acoustical Society of America, 52,
1238-1250.
[14] Abercrombie, D. 1967. Elements of general phonetics, Edinburgh:
Edinburgh University Press.
[15] Laver, J. 1980. The phonetic description of voice quality, Cambridge:
Cambridge University Press.
[16] Tartter, V. C. 1980. Happy talk: The perceptual and acoustic effects
of smiling on speech. Perception and Psychophysics 27, 24-27.
[17] Tartter, V. C. and Braun, D. 1994. Hearing smiles and frowns in
normal and whisper registers. Journal of the Acoustical Society of
America, 96, 4, 2101-2107.

page 222 ICPhS99          San Francisco



THE PERCEPTION OF SPECTRALLY REDUCED 
PREVOCALIC STOP CONSONANTS 
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ABSTRACT 

The present paper investigates the recoverability of detailed 
spectral features such as formant and burst peak frequencies 
of prevocalic stop consonants in noise excited channel 
vocoded speech for bandwidths ranging from 250-2000 Hz. 
It is shown that some formant frequency information is still 
recoverable up to 1000 Hz. This challenges the claim that 
listeners must necessarily rely primarily on temporal or global 
spectral features because such narrowly localized spectral 
properties are lost in noise vocoded speech. Listeners’ 
categorization of these stimuli were modelled using 
empirically measured formant and burst peak frequencies as 
well as mel-frequency cepstral coefficients in order to 
evaluate the relative importance of each as correlates to place 
of articulation perception. It is found that despite a certain 
level of recoverability for detailed spectral features, spectral 
shape at burst and voicing onset are better correlates to 
listeners’ perception of stop consonant place of articulation. 

1. INTRODUCTION 
In their work on simulating speech perception by recipients 
of cochlear implants with only a few processing channels, 
Shannon et al. [9], have shown that normal hearing listeners 
can be trained to identify stop consonant place of articulation 
from only four channels of amplitude modulated noise 
(hereafter referred to as noise vocoded speech). They 
conclude that speech perception can be achieved using 
primarily temporal cues. 

However, it can be argued that this signal manipulation 
preserves gross spectral information including such features 
as global spectral tilt and “compactness” [13] of the burst 
onset as well as the change in spectral tilt at the onset of 
voicing [5] or alternatively, the spectra-/temporal envelope 
over the first few tens of milliseconds following oral release 
[4]- all of which have been postulated as important cues for 
stop consonant place of articulation. For example, in the case 
of a four channel implant simulation, we can assume that the 
energy in the lowest and highest frequency bands, as well as 
the relative difference between the two middle bands are 
roughly able to preserve spectral tilt; this is verified in 
Section 2.3. Shannon et aZ.‘s results would lend support to 
the view that such grossly defined spectral shape features are 
robust cues in this context. 

It has also been claimed that vocalic formant transitions 
show some relational invariance for place of articulation in 
stops (notably Sussman et aZ.‘s locus equations [ 141). Formant 
frequencies, which represent an example of a narrowly 
localized or “detailed” spectral feature (using Smit’s 
terminology [12]), are assumed to be much more susceptible 

to degradation in frequency resolution such as that found in noise 
vocoded speech. This claim can be justified in a number of 
ways: for example, an @ ’ order LPC model will require at least 
a 9 point DFT for the coefficients to be recoverable from its 
Fourier transform. For a Nyquist cutoff at 4000 Hz, this entails 
that each Fourier coefficient covers a bandwidth of 500 Hz. 

Does this mean that formant are not recoverable from noise 
vocoded speech in which each channel is broader than 500 Hz? 
If this were true, then listeners in Shannon et al. ‘s experiments [9] 
may be attending primarily to gross spectral shape cues in 
addition to any temporal information preserved by the signal 
processing. In the following section we determine how much 
formant frequency information is recoverable from noise vocoded 
speech with channel bandwidths between 500-2000 Hz. We 
compare this to the amount of variability introduced to global 
spectral shape measures by this type of spectral reduction. 

In Section 3 we describe a perception experiment in which 
untrained listeners categorized place and voicing in noise 
vocoded prevocalic stop consonants in an attempt to evaluate the 
relative importance of spectral shape vs. detailed spectral cues 
such as formant and burst peak frequencies by explicitly 
modeling subjects’ responses. 

2. RECOVERABILITY OF GROSS AND 
DETAILED SPECTRAL CUES 

2.1. Stimuli. 
/CVk/ syllables were produced by twelve speakers of Western 
Canadian English (6 males and 6 females) in which /C/ was one 
of /b,d,g,p,t,k/ and where /V/ was one of /e,ze,o,o/ since these 
vowels have been identified as the extreme points for Fl and F2 
for this dialect [8]. In total, 6x4x12=288 syllables were used. 

Syllables were low-pass filtered and digitized using a 
DT2821 AD/DA at either 10 or 12 bps and 16 kHz. 

All syllables were subband decomposed via a polyphase- 
DFT realization of a uniform filter bank where the bandwidth of 
each channel is constant and the lowest and highest frequency 
channels are centered on the DC and Nyquist frequency 
respectively [ 11. The analysis filters were derived from the 
polyphase decomposition of a high-order (134xthe number of 
channels) linear phase FIR filter. After each channel was 
downsampled, they were replaced with signal correlated noise. 
Channels were then recombined by upsampling and refiltering. 
The result is a signal in which the amplitude envelope of each 
channel is preserved but the instantaneous frequency is 
randomized within each subband. This is similar to Shannon et 
al’s stimuli with the exception that the analysis filters are linear 
phase and that each channel has equal bandwidth. Four different 
bandwidths were considered: 250, 500, 1000 and 2000 Hz. 

X2, Formant and Burst Peak Frequencies 
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BW 

250 Hz 0.91 718 0.68 110 

500 Hz 0.89 903 0.58* 144 

1 kHz 0.91 844 0.56* 202 

2 kHz 0.76** 1273 0.51”” 214 

1, pet F1 rms ,“:1”“‘“Es ( 

voicing onset 

F2 

pet rms 

0.83 132 

0.73* 194 

0.61** 237 

0.52”” 339 

F3 

pet rms 

0.73 144 

0.65 200 

0.52”” 257 

0.52”” 243 

vowel steady state 

Fl F2 F3 

pet rms pet rms pet rms 

0.75 100 0.84 116 0.74 142 

0.65* 122 0.74* 172 0.63* 195 

0.58** 216 0.59** 236 0.58** 251 

0.52”” 205 0.5”” 296 0.53”” 218 
Table 1. Probability of closer match between original and pairea noise vocoaed frame and randomly se1 .ec ted 

and rms errors between calcul .ated noise vocoded and original values. Units are Hz. 
noise vocoded frame 

With the aid of a wide band spectrogram and waveform, the 
onsets of voicing and vowel steady states were located for 
each unpocessed syllable using a procedure similar to 
Sussman et al. [ 141. For each onset and steady state, a single 
glottal pulse was excised from the signal after downsampling 
to 8000 Hz, preempesized and weighted by a Kiaser window. 
The first three formants of each excised glottal pulse were 
measured empirically using either 8th or lO* order LPC. 
Candidate formant poles were rejected if they did not create 
an additional peak in the spectrum. The order of the LPC 
analysis was chosen based on which gave the better 
alignment to the formant peaks as observed on a spectrum of 
the frame as well as the wideband spectrogram. 

A lO* order LPC was calculated for each of the noise 
vocoded frames in the same way using the frame boundaries 
determined from the original signals. For each pole 
identified as a formant in the unprocessed frame, the pole in 
the noise vocoded frame nearest in Euclidean distance on the 
z-plane was selected and labelled as that formant. 

Because this procedure is biased towards small rrns 
errors in predicting the original formant frequencies from 
noise vocoded signals, each of the original formant poles was 
also compared to those of a randomly selected noise vocoded 
frame of the same type (either F2 onset or vowel steady 
state) and bandwidth. If the behavior of the LPC analysis is 
truly random for noise vocoded speech at a given analysis 
bandwidth, we expect that each undistorted formant will be 
nearer either to one pole of any randomly selected noise 
vocoded frame or to the frame that was actually prodeuced 
from the original signal with equal likelihood. Therefore we 
can compare this probability to a binomial distribution with 
TG=.~ as a non-parametric test of randomness. However, we 
have no theoretical basis to determine the upper limit of this 
probability as a measure of LPC accuracy. Therefore the 250 
Hz bandwidth processing condition was used as a baseline for 
comparison. 

Table 1 shows the results of this non-parametric test for 
Fl, 2, and 3 at the onset of voicing as well as for the vowel 
steady state. Significant differences between the 250 Hz 
bandwidth and all others are indicated by * for a I .05 and by 
** for al.01. Probabilities were also compared to a 
completely random null hypothesis- i.e., TC = .5- and non- 
significant differences are indicated by italics (a I .05). In 

addition, rms values are given for the error in predicting the 
original formant frequency from the noise vocoded frame. As 
can be seen from the table, there is a drop in the performance of 
LPC between 250 and 500 Hz. However, LPC does shows 
significantly non-random behavior up to 1 kHz. 

In addition to formants, burst peak frequencies for each stop 
were determined by locating the point of maximum spectral 
energy above 700 Hz from a Kaiser weighted segment containing 
only the burst (care was taken to not include the aspiration 
portion of voiceless stops). In contrast to the formant frequency 
estimation, burst peak frequencies are far more robust in noise 
vocoded speech; although rms increases with bandwidth, the 
statistical procedure used to test the randomness of the burst peak 
in noise vocoded speech does not show significant differences 
from 250 Hz up to 1 kHz bandwidth. The burst peak frequency 
appears to be well preserved in noise vocoded speech. 

2.3. Mel-Frequency Cepstral Coefficients 
We expect gross spectral properties such as global spectral tilt to 
be relatively well preserved in noise vocoded speech with only a 
few processing channels. To test this assumption, we followed 
a similar procedure as in Section 2.2 for mel-frequency cepstral 
coefficients (MFCCs) . 

Syllables were processed by a bank of forty triangular filters 
with equidistant center frequencies in the me1 scale. The discrete 
cosine transform of the log amplitude for each frame was 
calculated [ 111. The first basis function gives more weight to low 
frequencies and provides a good approximation to spectral tilt. 

Cepstral coefficients were determined for two 25 ms frames: 
one starting at the onset of the burst and one at the onset of 
voicing. Randomization tests were performed and the results are 
given in Table 2. 

Results show that the first three cepstral coefficients 
calculated at the release show significantly non-random behavior 
up to 2 kHz for a I .Ol, as well as for the second and third 
coefficients at the onset of voicing. In addition, the first cepstral 
coefficient at the release burst, which roughly corresponds to 
global spectral tilt, shows no significant differences between 250 
and 2000 Hz indicating that this property is well preserved in 
noise vocoded speech. 

2.4. Discussion 
We have shown that, although there is distortion in formant 
frequency estimation via LPC, some information is preserved up 
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BW II Burst onset 

250 Hz .72 .94 .92 

500 Hz .80 .93 .90 

1 kHz .71 .77** .65** 

2 kHz .66 .78** .66** 

__ 
Onset of Voicing 

.69 .86 .87 

.60* .88 .90 

.39”” .78** .59** 

.26”” .64** .60** 
Table 2. Probability of closer match between original and 
paired noise vocoded frame than randomly selected noise 

vocoded frame. 

to 1 kHz noise vocoding bandwidth. In addition, the burst 
peak frequency is particularly robust in noise vocoded speech 
up to 2 kHz. 

It has also been shown that low order mel-frequency 
cepstral coefficients- and in particular global spectral tilt at 
burst onset-are also well preserved. 

While either may account for high performance levels 
for listeners of noise vocoded speech, we do not know if 
systematic misclassification of stop place of articulation is 
due to distortion in detailed spectral information such as 
formant or burst frequencies, or because of changes in global 
spectral properties such as gross spectral shape at burst onset 
or at the onset of voicing. 

The next section describes a perceptual experiment 
designed to evaluate both these sets of cues via explicit 
modeling of listeners’ responses to noise vocoded speech. 

3. PERCEPTION EXPERIMENT 
3.1. Subjects 
Nine graduate and undergraduate students of Linguistics were 
paid as subjects in a speech perception experiment. None 
reported any hearing impairment and all were native speakers 
of Western Canadian English. 

3.2. Procedure 
Stimuli from the twelve speakers described in Section 2.1 
were presented to subjects for classification of the syllable 
initial stop. Only 500 and 1000 Hz noise vocoded stimuli 
were included in the set of spectrally distorted stimuli. In 
addition to these, the original stimuli were presented after 
having been decomposed/resynthesized without substitution 
with signal correlated noise in order to evaluate the effects (if 
any) of the filter bank reconstruction (which introduces some 
noise) as a baseline. In total, 864 stimuli were presented to 
listeners in two sessions of approximately 25 minutes each 

All stimuli were completely randomized and presented 
to listeners who received no prior training. This is in 
contrast to procedure described by Shannon et a2. [9] in 
which listeners received extensive training. Subjects were 
asked to indicate by clicking on the appropriate button on a 
computer screen which consonant they thought began each 
syllable. 

Stimuli were played through a Gina AD/DA at 16bps 
and 44.1 kHz on a PC. Subjects heard stimuli in a sound 
treated room at a comfortable listening level. 

lab 

alv 

vel 

reconstructed 500 Hz 

lab alv vel lab alv vel 

.65 .Ol .oo 

.02 .64 .Ol 

.oo .02 .65 

.60 .04 .02 .58 .04 .04 

.06 .58 .03 .12 .53 .02 

.02 .06 .59 .ll .16 .40 

1000 Hz 

lab alv vel 

Table 3. Probability of correct classification of place of 
articulation. 

3.3. Results 
The mean probability of correct classification of place of 
articulation over the nine listeners was .97, .89 and .76 for the 
reconstructed, 500 Hz noise vocoded and 1000 Hz noise vocoded 
syllables respectively as compared to .33 for chance. McNemar 
tests [3] showed that there were significant differences in 
performance between correct classification for the reconstructed 
stimuli and the 500 bandwidth noise vocoded stimuli as well as 
between 500 and 1000 Hz bandwidth stimuli for all subjects at 
the a 5 .OOl level of significance. 

Responses to place of articulation (voicing was discarded for 
the purposes of this analysis), was fit with a generalized linear 
model in which the multinomial frequency data was treated as a 
Poisson log-linear process conditional on the total number of 
responses per stimulus [6]. Although this was done using an 
iterative weighted least squares regression, this is equivalent to a 
single layer neural network using maximum conditional likelihood 
fitting used by Smits et al. [ 121. 

Initially, four simple fixed effects were considered: actual 
place of articulation, voicing of the prevocalic stop, identity of 
the vowel and whether the stimulus was channel reconstructed, or 
was noise vocoded at either 500 or 1000 Hz bandwidth. The 
optimal model was selected by backwards stepwise minimization 
of the Akaike information criterion (AIC) which is based on the 
residual deviance plus two times the number of estimated 
parameters [6]. A separate model was fit for each subject and the 
deviances from each subject was summed along with the total 
number of parameters to determine the AIC. 

The only processing condition interaction effect included by 
the optimized model was placexprocessing. Although it is known 
that minimization of the AIC biases model selection towards the 
larger of nested models, it is unlikely to exclude interactions that 
are significant [lo]. 

The coefficients (weights) for the placexprocessing 
interaction show that responses to alveolar and velar place of 
articulation drop with increased spectral distortion. When 
coefficients from individuals are treated as random variables [7], 
this difference is significant at the a I .05 level only for alveolar 
responses to alveolar stops between 500 and 1000 Hz bandwidth 
noise vocoded speech. 

Table 3 gives the probabilities for correct identification of 
stop place of articulation for each processing condition. The 
actual place of articulation is given along the left and response 
labels are given along the top of the table. It shows that incorrect 
labial responses increase with increased spectral distortion as do 
incorrect alveolar responses to velars. Interestingly, this seems to 
parallel the behavior observed in the perception of burstless stops 
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Factors e. d.J AIC 

Burst and formant frequencies 

burst and onset cepstra (l-3) 

burst cepstra (l-3) and form. 

burst and onset cepstra (l-4) 

28 13101 13045 

20 12784 12745 

26 12447 12395 

26 12297 12245 

Dev. 

Table 4. Analysis of deviance for four models including 
formant/burst peak frequency and MFCCs. 

[ 121. Why this should be the case is difficult to explain, 
since in section 2.2, we show that burst peak frequency is a 
robust cue in spectrally reduced stimuli. What it perhaps 
indicates is that while spectral peak is well preserved, it is 
not a good correlate for place of articulation perception. 

Data were fit with a generalized log-linear regression 
using estimated spectral parameters as continuous covariates. 
The first model considered consisted of burst peak frequency 
and formant frequencies measured at the onset of voicing and 
at the vowel steady state. Because locus equations have been 
shown to provide some separability between different places 
of articulation [ 141, interactions between onset formant 
frequencies and the corresponding formant frequencies at 
vowel steady state were also included (e.g., F2, by F2,,, 
interactions). In addition, because it is known that burst peak 
frequencies are dependent on vowel context (most notably for 
velars [2]), all burst peak by onset formant frequencies were 
also included (which produced a lower deviance than burst 
peak by vowel formant interactions). Table 4 shows the total 
number of estimated parameters “e.d$“, the AIC and the 
residual deviance for this and the following models. 

The second model considered used the first three 
MFCCs measured at the burst onset as well as at the onset of 
voicing. Based on Lahiri et aZ.‘s suggestion that the relative 
change in spectral tilt between these two frames may be an 
important correlate to place perception [5], all interactions of 
same index coefficients in these two frames were also 
included. 

Despite having fewer estimated coefficients, this model 
has a lower residual deviance than the first, suggesting that 
global spectral measures provide a better fit to the data. 

The third model included the first three cepstral 
coefficients measured at the burst as well as formant 
frequency covariates used in the first model. Again this 
model estimates fewer parameters than the first but has a 
lower residual deviance. Although it contains more 
parameters than the second model, the AIC is lower. 

To generate a model with as many estimated parameters 
as the third using only cepstral coefficients, a forth model 
was fit using the first four MFCCs measured at the onset of 
release burst and at the onset of voicing along with all 
pairwise interactions. The model has the lowest residual 
deviance and although it contains more parameters, has a 
lower AIC than the second. 

Although model selection by minimization of AIC is 
biased towards larger models the magnitude of the difference 

between the second and fourth models appears large relative to 
the increase in e.d.f However, a conclusion cannot be made until 
a less biased criterion is used. 

4. DISCUSSION 
Absent from the analysis in Section 3.4 are other potentially 
important cues such as burst peak amplitude, and burst duration. 
In addition, formant measurements were not made during the 
aspiration portions of voiceless stops, which are much more 
difficult to extract, but may provide a better fit to listeners’ 
responses. In addition a more vigorous comparison of models 
must be made using an unbiased procedure such as bootstrap 
model selection [ lo]. 

However, it would appear that, overall, MFCCs are better 
correlates to stop consonant place of identification than detailed 
formant and burst peak frequency estimates. This may be related 
to the difficulty in calculating the latter, but it could also be 
related to the robustness of global spectral shape measures in 
noise vocoded speech as indicated by the randomization tests in 
Section 2.3. 
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ABSTRACT

This paper investigates how differences in syntactic structure
influence the speaker’s prosodic realization of temporarily
ambiguous utterances and whether the respective prosodic
information guides the listener’s sentence comprehension.
Exhaustive acoustic analyses of the speech signals as well as
behavioral and event-related brain potential (ERP) data of 56
listeners revealed the following results. 1. As predicted by certain
theories of syntax-prosody mapping, syntactic differences led to
early characteristic changes in the prosodic pattern. 2. Prosodic
differences involved word duration, pause insertion, pitch
contours, and the loudness function of the speech signals. 3. The
disambiguating prosodic cues were immediately decoded by the
listeners and prevented them from initial misanalyses typically
observed during reading. 4. The processing of Intonational
Phrase (IPh) boundaries was reflected by a specific brain
response in the ERP. 5. In the presence of other prosodic cues,
pause insertion was completely dispensable for the marking and
perception of IPh boundaries.

1. PROSODIC PROPERTIES

Speech, in contrast to written text, provides prosodic cues in
order to express both linguistic (e.g. syntactic) and non-linguistic
(e.g. affective) information. In order to realize a certain prosodic
effect (e.g. accentuation, prosodic phrasing, etc.), speakers can
use a variety of prosodic parameters such as pause insertion,
constituent lengthening, and pitch or loudness variations (Cutler,
Dahan & van Donselaar, 1997; Alter, Steinhauer & Friederici,
1998). The listener, on the other hand, has to decode and to
integrate these different parameters in order to achieve full
comprehension.

1.1. Syntax-prosody mapping

With respect to linguistic prosody, theories of syntax-prosody
mapping assume a more or less direct relationship between the
hierarchical syntactic organization of a sentence and its prosodic
realization. According to Jacobs (1993), accent positions in terms
of their relative prominence (e.g., the weight of accents
distributed across a syntactic structure) are calculable once the
syntactic structure is known. This approach predicts early
prosodic differences for sentences which are temporarily
ambiguous due to different directions of branching. This is the
case in an Object-Verb-language (OV) such as German. In
structures with verb-final word order, i.e. in most subordinate
clauses, the verb takes its arguments from its left (’Anna’ in B),
whereas the verb of the main clause takes its arguments from its
right (’Anna’ in A).

’Anna’ as indirect object of verb_1:

(A) [IPh1 Peter verspricht Anna zu ARBEITEN]

          Peter promises Anna to work

[IPh2 und das Büro zu putzen.]

          and to clean the office

'Anna' as direct object of verb_2:

(B) [IPh1 Peter verspricht #] [ IPh2 ANNA  zu entlasten]

          Peter promises # to support Anna

[IPh3 und das Büro zu putzen.]

          and to clean the office

Note that both conditions are structurally ambiguous up to the
verb_2. In (A), the second verb'arbeiten'/'to work'is intransitive
and NP2 'Anna' is the indirect object of the preceding
verb_1'verspricht'/'promises'. Here, the second verb is accented.
In (B), by contrast,'Anna' is demanded as direct object by the
subsequent transitive verb_2'entlasten'/'to support'. The syntactic
structure in (B) requires a deeper embedding of the NP2‘Anna’
which therefore receives the main accent (marked by small
CAPITALS in A/B) when applying the algorithm proposed by
Jacobs (1993).

This can be illustrated via bracketed metrical grids assigning the
highest column of beats (‘*’) to the designated constituents (cf.
Figure 1). The highest column indicates the position of the main
accent. One advantage of using bracketed metrical grids is the
possibility to translate syntactic constituents directly into prosodic
domains. Brackets in the metrical grid mark boundaries of
Intonational Phrases IPh . The relevant art of A consists of( ) p ( )
only one IPh, whereas (B) is prosodically restructured with an
additional IPh boundary after the first verb.

Figure 1: The bracketed metrical grids for the relevant parts of
(A) and (B). In (A), the highest column of beats is assigned to the
lexically stressed syllable of verb_2‘arbeiten’ whereas in (B),

Peter verspricht....

   *    *
   *        )   (*               )

        *    *        ))   (*                *         ))
... Anna zu  ARBEITEN ]IPh1 [ANNA  zu  entlasten]IPh2
(A) (B)
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the highest column is assigned to the lexically stressed syllable of
NP2 ’Anna’.

1.2. Association with Tonal Sequences

According to recent tonal sequence models (Reyelt, Grice,
Benzmüller, Mayer, and Batliner 1996 for German), the main
accent positions derived from the syntactic structure serve as
anchor points for the association of tonal sequences. In
intonational languages such as German, accents can be assumed
to be realized preferably by tonal/pitch variations.

We refer to the German-ToBI system (Reyelt et al 1996) in order
to predict the correct tonal sequences: Concerning the conditions
(A) and (B), we assume the main accents to be associated with
rising tonal sequences of the type L+H*. Note that the L+H*-
sequence is associated via the metrical grid with the lexically
stressed syllable of  verb_2 in (A), and of NP2 ‘Anna’ in (B).

Furthermore, we expect the IPh boundaries to be marked by
boundary tones. Sentence internal boundaries are marked by high
boundary tones (H%) and/or durational parameters such as pause
insertions ('#'). In condition (A), only one prosodic boundary
appears after verb_2 whereas in the condition (B) an additional
boundary is expected between the first verb and NP2 ’Anna'.

L+H*  H%
(A) [Peter verspricht Anna zuARbeiten #]

          H% L+H*           H%
(B) [Peter verspricht #][ANna zu entlasten #]

To summarize the predictions of syntax-prosody mapping, three
predictable prosodic parameters have to be distinguished, namely
(1) accent position in terms of relative metrical prominence, (2)
accent type in terms of the association of prominence with tonal
sequences and (3) boundary marking in terms of the tonal or
durational realization of the edges of IPhs.

1.3. Results of the Acoustic Speech Signal Analyses

48 sentences of both conditions (A) and (B) were produced by a
female speaker of standard German and recorded in a soundproof
chamber. Each digitized speech signal (44.1 kHz/16 bit sampling
rate) was analyzed with respect to word and pause durations,
pitch contour (fundamental frequency, F0), and loudness function
(amplitude squares), and then statistically analyzed in pairedt-
tests or ANOVAs. The data clearly confirm the predictions
derived from the models of syntax-prosody mapping. Prosodic
differences between conditions A and B occurred long before the
structures were disambiguated lexically by the verb_2.

1. The different accent positions, i.e.’arbeiten’ in (A) versus
’Anna’ in (B), were realized by both local pitch maxima and local
loudness maxima (cf.Figure 2). As expected, both parameters
revealed significant interactions between condition and accent
position (p<0.0001 and p<0.01, respectively).

2. The additional IPh boundary in condition (B) was marked by a
significant pause insertion of some 150 ms between verb_1 and

’Anna’ (p<0.0001). Moreover, the sentence initial constituent
’Peter verspricht’ preceding the boundary was considerably
lengthened in (B) as compared to (A) (p<0.0001).

(A)  

(B)       

Figure 2: Loudness functions across the whole sentence in
condition (A) (upper panel) and condition (B) (lower panel).
Accent positions correspond to local amplitude maxima (on
’arbeiten’ in A, and on ’Anna’ in B). Due to the constituent
lengthening in (B), however, both maxima occur at approximately
the same time.

2. PERCEPTION

2.1. Misanalyses during Reading: The Garden-Path Effect

When locally ambiguous sentences such as (A) and (B) are
presented visually, readers tend to interpret the NP2’Anna’
initially as the object of the preceding rather than the subsequent
verb, as required in (B). This initial preference requires a revision
and results in increased reading times in (B), a phenomenon
called the garden-path effect (Frazier & Rayner, 1982; Steinhauer
& Alter, in preparation). However, whereas a reader can read the
sentence again, listeners rely much more on the first analysis of
the input. Our hypothesis was, that prosodic cues should prevent
listeners from being led up the garden-path. In particular, the
additional IPh boundary in (B) should secure an immediate
correct attachment of’Anna’ to the second verb. To test this
hypothesis, we cross-spliced the speech signals resulting in a
prosody-syntax mismatch condition (C):

(C)        * [IPh1 Peter verspricht #] [ IPh2 ANNA  zu arbeiten]

          Peter promises # to work Anna

[IPh3 und das Büro zu putzen.]

          and to clean the office

(C) consists of the same lexical elements as (A) but has the same
initial prosody as (B). If prosody guides the reader’s initial
analysis, this should result in a severe reversed garden-path for
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this normally easy-to-process sentence structure. When
encountering the verb the signal should initially be perceived as
* ’Peter promises to work Anna ...’which is clearly not
grammatical and requires a revision.
2.2. Behavioral Data
In the first two studies, 40 students listened to 48 sentences in
each of the three conditions A, B, and C. Prosodic acceptability
rates and comprehension data showed that both (A) and (B) were
equally acceptable (>80%), whereas (C) was accepted in only 6%
of the trials. Interestingly, this pattern did not change in the third
experiment (N=16) in which we carefully removed the pause
preceding’Anna’ in conditions (B) and (C). Thus, even without
the pause, the remaining prosodic cues were sufficient to mark
the prosodic boundary and to reverse the preferred syntactic
analysis. (The present data leave it open, however, what role a
pause may play in the absence of other parameters.)

3. BRAIN ACTIVITY

3.1. The Brain at Work: Event-related Potentials (ERPs) and
Language Processing

Most psycholinguistic research is based on behavioral studies
measuring error rates and reaction times. However, due to its
implicit on-line characteristics and its high time resolution the
employment of ERP measures has joined the list of on-line
methods as an additional approach to study language processing.
ERPs are a transient change of voltage, reflecting a systematic
brain activity which is triggered by a physical event.

If this event is a word presented either in a semantically
appropriate context or in an inappropriate context (e.g.’He spread
the warm bread withsocks’), the ERP differences between the
two conditions reflect the brain’s activity while processing a
semantic violation. This experiment was conducted by Kutas and
Hillyard (1980) who found a negative brain potential around 400
ms after onset of the anomalous word, the N400 component. The
N400 has been replicated in hundreds of studies and reflects
difficulties in lexical/semantic integration. The costs of
processing syntactic difficulties, on the other hand, generally
elicit a late positivity around 600 ms (P600) rather than an N400
(e.g. Osterhout & Holcomb, 1992). Thus, in contrast to response
times, ERP patterns can more easily distinguish between different
levels of linguistic processing. Here we used ERP measures to
monitor the processing of prosodic features.

3.2. A Brain Response to Prosodic Boundaries

Brain potentials of all 56 participants in the three experiments
were recorded while they listened to the sentences. As expected,
the disambiguating verb_2’arbeiten’ of the mismatch condition
(C) elicited a biphasic N400-P600 pattern of components, which
is typical for verb-argument structure violations. These
components reflect the reverse garden-path effect (Steinhauer,
Alter, & Friederici, 1999).

The most exciting finding was that the ERPs displayed a large
positive potential shift at IPh boundaries. Whereas only one such
shift was found in (A), both conditions (B) and (C) displayed an
additional positive shift at the additional boundary preceding
’Anna’. We termed this componentClosure Positive Shift(CPS)

as we assume that it reflects the closure of Intonational Phrases.
An alternative explanation was that it reflects simply the lack of
speech input during the pause. In this case, one would expect that
the CPS should not be present after pause removal in the third
experiment even though the boundary was perceived by the
listeners and did influence their syntactic analysis. The ERP data
of the third experiment clearly reject this alternative hypothesis.
As in the previous studies, theClosure Positive Shiftoccurred
exactly at the respective prosodic boundaries: once in condition
(A) and twice in (B) and (C) (cf.Figure 3). The CPS can be
viewed as a valuable tool to monitor prosodic processing. It is an
on-line measure with high time resolution which, in contrast to
behavioral measures, does not require to interrupt speech
presentation in order to collect data.

Figure 3: The two Closure Positive Shifts (CPS) at the CZ
electrode in conditions (B) and (C) of Experiment 3, i.e. after
pause removal. Negative amplitudes are plotted upwards.

4. CONCLUSION

We are just beginning to understand the relationship between
prosodic and syntactic parsing and the underlying brain
mechanisms. The present study demonstrates that a combination
of acoustic analyses of the speech signals and psycho-
physiological techniques may shed new light on this exciting
aspect of language processing.

Acoustic analyses allow to test and adjust models of syntax-
prosody mapping. Furthermore, they enable to systematically
manipulate the speech signal in order to separate and investigate
the contribution of single prosodic parameters such as pause
insertions.

Behavioral and ERP data of 56 listeners show that prosodic
differences are immediately decoded and used to prevent
misunderstandings often observed during reading. This seems to
be necessary as listeners, unlike readers, "lack the luxury of
instant replay and may be severely misled by an incorrect initial
parse" (Van Petten & Bloom, 1999). Given the importance of
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prosody in speech perception, it is not very surprising to find a
specific brain response to prosodic boundaries, i.e. the CPS.

In contrast to purely behavioral measures from which intonational
phrasing can only be indirectly inferred, the CPS in the ERPs
provides an on-line indication of this phrasing. An additional
advantage of ERPs is that the sentences can be presented as a
whole. Behavioral on-line studies employing cross-modal naming
tasks (e.g. Warren et al., 1995), present sentence fragments only
and require to perform in a quite unnatural task. In contrast, ERP
studies enable to examine prosodic processing as close to normal
speech as possible.
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HOW WELL DO HUMANS RECOGNIZE SPELLINGS IN GERMAN
TELEPHONE SPEECH?

Christoph Draxler
Department of Phonetics, University of Munich,Germany

ABSTRACT

We have set up a WWW-based experiment to measure the
performance of humans in a spelling task. This measure can then
be used as a baseline for the evaluation of automatic spelling
recognizers. The speech material consists of 500 spellings of
artificial words of the German SpeechDat(II) database of
telephone speech. Each test person listened to 40 spellings via a
WWW browser and entered the letters he or she heard into a
database via a form. A total of 105 persons participated, but only
some were able to complete a full session. The overall results
show that 50.0% of all spellings were recognized exactly. In
37.0% letters were substituted by other letters, and in 13.0%
letters were missing or inserted. For spelling by letters, the
incorrect recognitions can be attributed to phonetic proximity of
the letters names. Spelling by name eliminates incorrect
recognitions because of phonemical proximity, but introduce new
errors.

1.   INTRODUCTION
In the SpeechDat(II) project, a total of 25 speech databases for
the fixed and mobile telephone network and 3 speaker
verification databases were collected for 21 European languages
[2]. SpeechDat(II) databases contain speech material for the
development of voice-operated teleservices, i.e. digits, dates,
times, application words and phrases, geographical, company and
person names, phonetically rich words and sentences, and read
and spontaneous spellings.

The German fixed telephone network database was
collected and annotated by the BAS [3] at Department of
Phonetics and Speech Communication (IPSK) of the University
of Munich under a subcontract with SIEMENS AG, Germany.
The database contains recordings of 4000 speakers from the three
environments home, office, and public phone, and the database is
divided into disjoint and demographically balanced subsets for
training (3500 speakers) and testing (500 speakers).

In most voice-driven teleservices spelling is an important
task, e.g. in telephone directory services, information retrieval,
etc. Speech recognition for spelling is a particularly difficult task
because the duration of the speech signal for a letter is very short,
and there is a large number of similar sounding letters Ð this is
true not only for German, but many other languages. Also, in
telephone speech, the signal quality is reduced, and the signal
properties needed to distinguish letters are lost during
transmission. Furthermore, for spellings, and in particular for
artificial letter sequences, there is no general language model.
Finally, although spelling by name is often used for
disambiguation, the words to represent a letter are used in an ad-
hoc, non-standard and often incorrect manner, especially for the
less frequent letters.

In our experiment we attempt to measure the performance of
humans for recognizing spellings of arbitrary spelling sequences.

The result of the experiment may then serve as a baseline for the
evaluation of automatic spelling recognizers.

The remaining paper is structured as follows: section 2
describes the setup of the experiment. Section 3 reports on the
results collected. Section 4 discusses the results and section 5
contains a summary and an outlook on future work.

2.   EXPERIMENT
The spelling experiment is based on the WWW to allow access
from remote locations and to guarantee platform independence.
Remote access is necessary to avoid a regional bias of the test
persons. Platform independence is necessary to allow a large
number of test persons to participate, and to avoid complex
software installations on the test personÕs host machine.

For the experiment, a test person registers for participation
and then begins with the experiment. During the experiment, the
test person listens to 40 randomly selected spellings in sequence
and for each spelling enters the recognized letters into a form.
The input is checked for formal consistency. If it is found to be
syntactically correct, it is stored in a database and the next speech
signal is played.

2. .1  WWW Implementation
The WWW is a client-server system. The client, a WWW
browser, e.g. Netscape Navigator or Internet Explorer, requests
documents from a WWW server. The server returns the requested
documents to the client (Figure 1).

HTML-formatted documents, e.g. WWW pages with forms,
are displayed directly by the client. Other documents, e.g. signal
files, are output via plug-ins or external helper applications
installed on the client machine.

Helper

Client data

JavaScript

CGI

URL HTML/data

parameters

TCP/IP Network

URL HTML/data

HTML/URL

CGI ApplicationServer

File
System

Java

Figure 1. WWW client-server architecture
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Figure 2. Spelling experiment data entry form

Client-side computations can be used to validate user input
into a form before this data is sent to the server. These
computations are performed by scripts embedded in the HTML
pages.

In the spelling experiment, the WWW server is a standard
Apache server under Linux. The selection of signal files and data
storage is implemented by perl scripts from the WWWTranscribe
toolbox [1] which are called via the standard common gateway
interface (cgi). Signal files are formatted as WAV files, with the
original alaw encoding from the SpeechDat(II) recording
platform. The client-side scripts are implemented in JavaScript
1.2.

On the client machine, a standard WWW page with a form
is displayed (Figure 2). This form contains instructions for data
entry, a speaker symbol to start audio output, an editing panel
and a button to submit the spelling text.

2. .2  Letter sequences
The test set specification of the FIXED1DE German
SpeechDat(II) database contains recordings of 500 speakers.
From this test set, the artificial word spelling items were selected.
Note that no such artificial sequence was recorded for one call in
the test set; for the experiment, the read spelling of a randomly
selected word was used.

On the SpeechDat(II) prompt sheets, the spelling items
consist of upper and lower case letter sequences with 8 and 10
characters each; the letters consist of the German alphabet
including the umlaut letters �, �, �, the §, three accented letters
�, �, and �, the punctuation marks - and Ô, and # and * from the
keyboard of modern telephone handsets. Note that the letters are
distributed evenly over the prompting material for the entire
database, but not necessarily over the recorded items or the test
set specification.

For the spelling experiment, the allowed input was restricted
to the letters A to Z, -, Ô, # and * plus AE, OE, UE, and SZ for the
umlaut vowels and §. Accents were not allowed. Blank spaces
were required between each symbol to avoid ambiguity, and all
input was automatically converted to upper case letters.

2. .3 Test person recruitment
Calls for participation in German for the experiment were
published on the project information web page of the IPSK and
posted internally in the department and in other departments of
the University of Munich. Furthermore, speech related mailing

lists were used, and finally, calls were posted to 10 national and 2
international newsgroups (comp.speech.users and comp.speech
research).

The participants were offered a telephone card (value 6,--
DM, i.e. ~ 3,-- Euro) for a complete session. A complete session
took between 25 and 60 minutes, depending on the download
time for the signals (approx. 6.6 MB per session) and the time it
took the test person to enter the data.

3.   RESULTS
A total of 126 test persons registered for the experiment, but only
105 actually did take part. Of the 105 participants, only 38 were
able to finish an entire session with 40 spellings, and only 18
could do more than 10 sessions. In total, 2053 spellings could be
collected. Of these, 22 were discarded because they were
duplicate or empty entries, so that 2031 spellings, i.e. 48.4% of
4200 expected spellings, could be used for the analyses.

3. .1 Test person demographics
The gender distribution of the test person was 85 male (80.9%),
20 female (19.9%).

3. .2 Spelling recognition results
The original SpeechDat(II) spelling transcriptions are verbatim
orthographic transcriptions of the uttered speech. These
transcriptions were produced by skilled transcribers. The
transcriptions are of a high quality Ð in the final SpeechDat(II)
validation, the error rate for the long items, i.e. spellings, was
5.1%. These transcriptions contain markers for noise, signal
truncations, and mispronunciations. For the spelling recognition,
the SpeechDat(II) transcriptions were normalized to the same
format as used by the test persons: the SpeechDat(II)
orthographic transcription [spk] Gustav Friedrich Martha
Theodor Anton Ludwig Y �bel Siegfried Siegfried is normalized
to G F M T A L Y UE S S.

In the comparison of the normalized transcription and the
actual spelling three types can be distinguished:
1. Normalized transcription and spelling are identical
2. Normalized transcription and spelling have the same length,

but differ in some letters
3. Normalized transcription and spelling have different lengths

and/or contain different letters.

Table 1 displays the three types of spellings for both spelling by
letter and spelling by name.

Spelling by letter Spelling by name
Type Count Percent Count Percent
1. 888 48.3% 127 65.5%
2. 719 39.2% 32 16.5%
3. 230 12.5% 35 18.0%

1837 194
Table 1: Recognition results

For types 1 and 2 and spelling by letter, a total of 13560 letters
were counted, 11458 (=84.5%) of which were recognized
correctly. 2102 (=15.5%) letters were not recognized correctly
but mistaken for some other letter. For spelling by name, the
corresponding figures are 1282 letters, 1121 (=87.4%)
recognized correctly, and 161 (=12.6%) recognized incorrectly.
Table x contains the confusion matrix for the type 2 spellings for
spelling by letter.
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4.  DISCUSSION
The discussion covers two topics: the technical problems
experienced during the experiment, and the spelling results
proper.

4. .1 Technical problems
In the WWW, the provider of a service has no control over the
configuration of the client accessing the server. Although there
exist ISO or de facto standards for HTML, JavaScript, and audio
formats, this is no guarantee that a service will function properly.
A general problem is that of outdated versions: for example, the
spelling experiment requires regular expressions which have
been added to JavaScript only in version 1.2 Ð older browsers do
not support this version.

A second general problem is that of software quality.
Although JavaScript 1.2 is supported by both Internet Explorer
and Netscape Navigator, its implementation differs in both
browsers and also across operating systems. As a consequence,
some test persons experienced serious system crashes while
playing audio data or executing scripts.

A more specific problem is the configuration of a particular
client: JavaScript may have been disabled manually by the user,
or external helper applications, e.g. to play audio signals, are
disabled.

In the spelling experiment, clients are requested to perform
two tests to check whether they could participate: JavaScript and

audio. It turned out that the first test was too liberal: if a
JavaScript alert box could be displayed, it was assumed that the
client understood JavaScript. However, all versions of JavaScript
can display the alert, but only the most recent ones feature
regular expressions. As a consequence, test persons started the
experiment but could not enter data.

A further problem was download time: although the IPSK is
connected to the outside world via a high-speed fibre optic link,
many test persons got very low transfer rates and gave up before
completing the experiment.

Quite a few test persons apparently were interested in
getting only the reward: they entered meaningless data, or they
registered but never entered the experiment.

Finally, the demographics of the test person population do
not match that of the overall population. One reason for this may
be that the demographics of the Internet users, especially those
that have free access to the Internet, e.g. in their office, is
different from the general population.

4. .2 Recognition results
One of the original goals of the experiment was to achieve
reliable results by having a large population of test persons
recognize a statistically balanced set of utterances, and to
correlate the results with demographical data of the test persons.
Due to the technical problems this goal could not be fully
achieved.

A B C D E F G H I J K L M N O P Q R S T U V W X Y Z AE OE UE SZ * - # ' $

A 577 1 6 5 1 10 2 8 2 4 3 1 1 1 2 1 2 4 5 12 3 10
B 276 4 10 4 2 2 3 1 13 7 6

C 1 6 528 2 2 1 2 3 4 2 1 6 5 1 1 17 6 1 9 10 2 1 2 1 1

D 22 18 265 2 8 2 2 1 1 7 1 1 5 6 1 1 4 1 1
E 4 5 4 7 783 10 4 38 2 3 1 2 1 6 2 6 1 1 29 3 4 6 5 5

F 1 2 3 4 362 3 2 2 1 121 2 2 2 6 1 2 1

G 4 1 1 8 1 457 1 8 1 6 5 5 2 4 1 1 1 2
H 18 4 1 8 345 1 6 3 2 1 4 6 3 2 5

I 4 9 28 4 1 510 1 3 4 1 1 1 3 1 1 9 8 19 9 1 1
J 3 2 6 1 6 415 5 4 5 6 1 1 2 8 6

K 1 2 5 428 1 2 3 1 7 11 5 6 1

L 7 1 2 17 6 9 297 2 3 1 5 2 1 7 1
M 3 9 1 8 1 377 18 6 1 9 1 3 1 4

N 3 1 7 1 4 4 2 44 316 1 6 1 1 5

O 3 2 4 1 2 518 1 26 1 2 5 1 7 1 1 3
P 2 1 8 5 5 2 2 1 342 22 14 1 1 1 6

Q 2 2 2 1 424 1 4 5 3 1 2 3

R 1 4 5 2 1 4 1 1 7 2 1 389 1 1 1 2 1 11 8
S 1 1 4 61 1 2 1 4 1 319 3 3 3 15 1 4

T 10 2 2 9 7 5 1 1 5 4 32 8 252 1 3 11 3 1
U 4 1 1 2 3 1 7 5 3 1 393 1 12 2

V 1 4 1 6 2 5 2 1 1 2 1 402 6 4 7

W 3 17 1 6 6 3 9 6 2 2 8 1 1 5 1 1 418 1 2 5 5 5 11
X 6 1 5 1 2 1 1 1 380 1 2 3 3 2

Y 6 6 4 1 1 2 4 1 2 2 522 2 15 2 15 5

Z 2 3 1 1 2 4 2 9 1 5 2 2 6 359 3 3 9 5
AE 11 5 2 1 12 1 1 5 1 1 432 3 1 2 3

OE 1 3 7 5 1 5 3 3 3 1 2 6 5 1 5 5 1 237 12 6 1
UE 7 3 6 1 1 2 2 7 6 2 1 2 2 492 2 5

SZ 1 10 1 137

* 1 2 1 3 5 181 1
- 1 6 2 3 1 1 230 4 6

# 4 1 78

' 4 3 2 9 1 1 2 2 3 1 6 1 9 1 3 73
$ 4 7 2 1 3 7 4 4 1 1 4 1 2 4 7 3 8 5

A B C D E F G H I J K L M N O P Q R S T U V W X Y Z AE OE UE SZ * - # ' $

Table 2. Confusion matrix for SpeechDat(II) transcriptions and spellings of same length
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However, sufficient data was collected for a first analysis of
the spelling recognition performance. Note that only type 1 and 2
spellings were analyzed because the number of elements in both
the spelling and the normalized transcription are identical. For
type 3 spellings, an alignment is necessary.

The confusion matrix in Table 2 shows that the ratio of
correct recognition vs. the highest value for incorrect
recognitions was between 20 and 80 for most letters. For F, S, M,
N, and AE this ratio is much lower: 2 for S, 5 for F, 8 for M, and
15 for N and AE.

Letter pairs Phoneme Class Count

T-P, P-T, D-B, D-C, W-B, C-T, P-
W, B-W, T-OE, T-A, E-G, B-D,
C-OE

plosive 206

F-S, S-F fricative 182

E-I, E-AE, I-E, I-UE, U-UE, OE-
UE, A-AE, R-AE, AE-E

vowel 172

Y--, Y-UE, S-SZ, W--, K-Y, SZ-
W, A-*

other 87

N-M, M-N nasal 62

L-I, AE-L glide 29

A-H, H-A aspirated vowel 28

O-U rounded vowel 26

Table 3: Incorrectly recognized letters by phoneme class

Table 3 contains a phonemical classification of the letter
pairs for incorrectly recognized letters that occur 10 and more
times in both spelling by letter and by name. Normalized by the
number of different letter pairs, F-S and S-F are incorrectly
recognized most often. The spelled letter F is pronounced as /E
f/, and S is pronounced as /E s/ (using the SAM-PA alphabet
for German [4]). In German, only the pronunciation of the
spelled letters L, N, M, and R begin with /E/, but in these cases
the second component is quite different from /s/  or /f/.
Clearly, the reduced signal quality of the telephone line, where
the high frequencies are cut off, prevents distinguishing F and S.

N and M are only confused with each other, just like F and
S. Here the reason is that in casual speaking style pronunciation
is not very clear, so that the distinction between N  and M
becomes blurred. However, the distance to all other letters is
sufficient to prevent mistaking a nasal for any other letter.

In German, the spelled letters B, C, D, G, P, T, and W, are
pronounced as the corresponding plosive or fricative followed by
/e:/. Hence, recognizing an /e:/ preceded by something
narrows down the choice to these 7 letters. Again, due to the
reduced signal quality, and possibly also due to coarticulation in
casual speech, the differences between voiced and voiceless or
between fricative and plosive disappear, leading to incorrect
recognition.

In German spelling, there exist 8 vowels: A, E, I, O, U, AE,
OE, and U E. Phonemically, these vowels can be grouped into
two classes: A, AE, E, I, OE, UE, and O, U. Each of these classes
can be seen as a continuum. The region a letter occupies in this
continuum cannot be determined exactly, especially in casual
speech.

The letter H is spelled /h a:/. If the aspiration is missing
for H , or if an A is spelled with aspiration, both letters are
confused easily.

The pairs L-I and K-Y are the result of errors in reading the
SpeechDat(II) prompt sheet and the subsequent transcription:
lower case L, upper case I (and also the digit 1) and upper case K
and Y  each have a similar graphical shape. Speakers could
misread them easily. During the transcription, where the original
prompt was displayed on the screen, the transcriber did not notice
this mistake because he or she checked the signal with the
original prompt before converting it to upper case letters for
storage.

Finally, the class other contains spellings that can be
attributed to incorrect test person input or some non-standard
spelling by the speaker. The letter Y is spelled as /Y p s I l
O n/ , and this spelling is quite different from that of any other
letter. Y is a rare letter, and speakers may have used different
names or just produced the sound /Y/ instead of the letter name.
The pairs with SZ are the result of incorrect data entry (S and Z
separated by a blank instead of SZ) or an ambiguity for the
German § which has several names: scharfes s and Ess-Zett, to
name the most common expressions. The second form can be
confused with the letter sequence S Z  (spoken as /E s/ /ts E
T/, which occurs in artificial words or abbreviations.

If spelling by name is used, the confusion of letters because
of phonemical similarity is eliminated effectively: F and S are
never confused, and the same is true for N and M. However,
spelling by name introduces new problems: often speakers
produce a word beginning with the corresponding letter in an ad
hoc fashion. This sometimes leads to wrong words, especially for
rare letters and umlauts; also, no word begins with §.

5.  CONCLUSION AND OUTLOOK
Due to the technical problems, the data collected was not
sufficient to analyze the influence of demographic factors on the
recognition performance. However, it is safe to say that humans
can recognize spelled letters with an accuracy of approximately
85%. Spelling by name does not improve the overall accuracy,
but eliminates mis-recognition due to phonetic similarity of
spelled letters.

The experiment will be continued, but with a more robust
setup and with only half as many stimuli. Also, both artificial
spelling sequences and spellings of real words and names will be
used.

The spelling experiment can be found in the WWW at the
location http://www.phonetik.uni-muenchen.de/Spelling.html
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THE PROSODY AND THE VOICED/VOICELESS CONSONANT

CORRELATION IN RUSSIAN

Rosalia F. Kasatkina

Russian Language Institute, Moscow, Russia

ABSTRACT
The goal of this paper is to demonstrate the influence of the
tonal accent on the behavior of the voiceless consonants in
certain consonantal  positions.  A syntagm may have an accent
on its second member (ves’ d�pn’ ‘ the whole day’), it may have
a stress only on its first member (v�ps’ den’)  or the both  words
may be stressed equally (v� ps’ d�pn’). In the second and third
cases it is possible to occur a voiceless consonant before the
voiced one: v� ps’ den’ [s-d-], vés’ d�pn’ [s-d-]. The situation
with ´the  proposition-word combinations, with the composita
end even with the prefixal words is similar.  Based on the speech
material the following rule can be formulated: by increasing the
strength of the boundary the probability of a voiceless realisation
of a voiceless consonant preceding a voiced one is decreased.

1. In accordance with phonotactic rules in the
Russian language as well as in a number of other
Slavic languages,  voiceless consonants preceding the
voiced ones  become  voiced. This occurs  both in the
middle of  a  word kos’ba ‘mowing’ [z-b] pastbishche
‘pasture’ [zdb-], otbor ‘selection’ [db]), or a stress unit
(ot goroda ‘from the city’ [dg], k domu‘to the house’ [gd], vot
by ‘it would be nice to’ [db] ), as well as at the boundary
between two words making up a syntagm, unless
they are separated by a pause (u nas doma ‘at our house’
[zd], nash gorod ‘our city’ [Ag],  ves’ den’ ‘the whole day’
[z-d], tak govor’at ‘they say so’ [gg], tors bortsa ‘the
wrestler’s trunk [zb], kurs dollara‘the dollar’s rate’ [zd], vkus
granata ‘the taste of granate’ [zg]). The rules governing
the behavior of voiceless consonants are well known
since they have been described in numerous studies.
However, while elaborating those rules, experts have
never focused on the prosodic structure of
utterances, least of all on the position of the stress
within a sentence. In describing the contemporary
Russian speech our research postulates that one has
to take into consideration the stress features of each
member of a syntagm in which a consonant group
ending  with a voiced  consonant  occurs  at the end
of a word.   
A syntagm may have a stress on its second member
(ves’ depn’ ‘the whole day’), thus making the first word a
proclitic; it can, however, have a stress only on its
first member (veps’ den’), in this case the second word
becomes an enclitic; or else both words may be
stressed (veps’ depn’). In the second and third cases it is
possible to occur a voiceless consonant before the voiced one:

veps’ den' [s’d’] , veps’ depn' [s’d’] . The occurence of a
secondary stress on the second member of a lexical
or a grammatical unit (be it a syntagm, preposition +
substantive group, a compound or an enclitic or
proclitic) is a factor affecting the normal order of
relationships. This position (unless there is a pause
in between) can hinder regressive assimilation of
consonants at word or morpheme boundary: it is
possible to occur a voiceless consonant before the voiced one.
For the first time it was mentioned  in Paufoshima, Agaronov
[1].
     The tonal accent on the first member of the combination of
words make possible the pronunciation of the voiceless
consonant before the voiced one: veps’ den’ ‘the whole day’ -
[s-d-] and [z-d-],  veps’ god ‘ the whole year’ - [s-g] and
[z-g], veps’ bank ‘ the whole bank’ - [s-b] and [z-b], etc. The
both variants are  in like manner possible in this position.
    The probability of  the pronunciation of the voiceless
consonant preceding a voiced one increases if both components
of the combination of words are stressed: veps’ depn’ - [s-d-],
veps’ bapnk- [s-b]. Compare the accents and the sound
pronunciations in following phrases:
Oni prozhili z’d’es’ vep ps’ gopd? (‘Have they lived here for the
whole year?’)- [s-g] with rising accent on  ves’� rising-falling
on god.
Oni prozhili z’d’es’ vep ps’ gopd. (They  lived here for the whole
year) - [s-g] with two falling accents on ves’and god.
Eto novyi kurs dollara. (‘It is a new rate of dollar’) - [sd] with
two falling accents on kurs and on dollar.
2.If the first component of the words combination  has the
multinomial cluster at the end, the difficult consonant group may
occur on the words boundary. It makes possible  the
pronunciation of the voiceless consonant before the voiced one:
tekst Biblii ‘the  Bible text’ [kst#b], gorst’ zeren  ‘handful of
grain’ [rs-t-#z-], etc. In such a case they are pronunced with
an accent on the first part or on the both components: tepkst Biblii

and tepkst Bipblii.  If no tonal accent falls on the first word, the
voiceless consonants are changed into the voiced ones and the
consonant ellipsis is possible: tekst Biblii [gzb], gorst’ zeren
[zz-].
3. The same situation is observed with the etymologically
voiced sounds.  If the accent falls on the second word the cluster
is voiced: nozh brapta ‘the brother’s knife’ [�]. If the accent
moves to the first word the voiced consonants may be
pronounced without voice: nopzh brata [A#I].  If there is no
accent falling on the first word and the consonants are voiced,
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the ellipsis is possible: drozd zap’el ‘the thrush began to sing’
[z:].
 4. It is known that the prepositions may have an accent as well
as grammatically independent words. In the following sentences
the prepositions are marked with contrastive accent:  On jexal v
gorog, a ne ipz goroda (‘He moved not to the city but out of the

city’). Vam luchshe projexat’ popd mostom (‘ It’s better to go
under the bridge’). In the situation when the prepositions are
stressed the combination of the voiceless consonant with the
preceding voiced one is possible.
     The prominance of the preposition may give rise to the
alternation of the voiced consonants  with the voiceless ones in
the position before the vowels and sonorants of the next word:
popd oknom ‘under the window’ - [t],  popd mostom ‘under the
bridge’ - [t].
5. The same situation may occur with the consonants on the
stems’s boundaries of the composita in  such cases as
Gosb’udzhet ‘ the State budget’, Roszoloto ‘ the Russian Gold’,
etc. The cluster is completely voiced ([zb-], [zz]) if the  stress
falls only on the second stem. The idea that the composita and
the abbreviations can be pronounced  with one stress (without
secondary accent) is not generally accepted. For the first time it
was formulated in Kalentchouk, Kasatkina [2]. According to our
point of view  the composita and the abbreviations may be
pronounced in three different ways: with the stress on the second
stem (gorsapd ‘the city garden’), with the stress on both stems
(goprsapd) or the only accent may fall on the first stem (goprsad).
In two latter cases the voiceless consonant may be pronounced
before the voiced one: Gosb’udzhet  [sb-], Roszoloto [sz].
6. It’s known that the morpheme boundary «prefix + root» is the
closest of mentioned ones. The prefixes may be marked by
accent as well: Nu i uxa! Bepspodobnaja! (‘What fish soup!
Delicious!’).  When the prefix has an extra stress, the voiceless
consonant may be used before the voiced one: be[s]dejatel’nyj
equally with be[z]dejatel’nyj ‘inactive’, etc.
    The application of the above mentioned rule concerning
a voiceless realisation of a voiceless consonant preceding a
voiced one  is not obligatory but only a highly probable
one. The following rule can be formulated: by
increasing the strength of the boundary the
probability of a voiceless pronunciation of a
consonant preceding a voiced one is decreasing. The
word boundary being the least strong, the
occurrence of a voiceless consonant preceding a
voiced one is the most probable (if the above-
mentioned prosodic condition is met). The strongest
boundary being between the prefix and the root of
the word, the occurrence of a voiceless consonant
preceding a voiced one is the least probable.
Uncovering further cases of this kind (even if they are
rare and individual) would confirm the existence of the
discussed tendency in the phonetic system of the
present-day Russian speech.

REFERENCES
Paufoshima R.F., Agaronov D.A. 1971. On the conditions of
assimilative voicing on the word junctures in Russian. Development of
Sound System in Present-Day Russian. Moscow: Nauka. (in Russian)

Kalentchouk M.L., Kasatkina R.F. The secondary stress and rythmical
structure of Russian word on lexical and phrase level. Voprosy
jazykoznanija. 1993, 4. (in Russian)

page 236 ICPhS99          San Francisco

page 236 ICPhS99          San Francisco



STRUCTURAL INFLUENCES ON BOUNDARY-RELATED LENGTHENING
IN ENGLISH

Alice E. Turk
Department of Linguistics, University of Edinburgh, Edinburgh, UK EH8 9LL

ABSTRACT
This study of phrase-final vs. non-phrase-final disyllables shows
the influence of prosodic structure on the spread of final
lengthening in English.  The greatest amount of lengthening was
found on phrase-final syllable rimes, although lengthening within
the rime was not uniform.  Final syllable codas showed more
lengthening than final syllable nuclei.  In addition, lengthening
was found to extend to the left of the final rime if the penultimate
syllable bore primary lexical stress.  The left edge of phrase-final
rimes and the left edge of rimes of primary lexically stressed
syllables appear to constrain the leftward spread of pre-boundary
lengthening.

1.  INTRODUCTION
While there are well-developed theories of constituents which
influence the intonational and segmental shapes of utterances
([5],[6],[7]), it is still unclear which constituents influence
durational patterns in speech, and whether these are morpho-
syntactic or prosodic. In this paper, we investigate the structures
which constrain the spread of boundary-related durational effects.
In English, intonational phrase-final lengthening is well
established for the rime of the phrase-final syllable ([1]), and
there is some evidence for English and other languages that the
lengthening extends rightward from the boundary into the first
segment of the following phrase as well ([8], [9]).

Studies of languages other than English have shown that
lesser magnitudes of lengthening can extend further to the left
than the final syllable, and furthermore, that the extent of this
leftward spread is influenced by the linguistic structure of the
final word.  The purpose of this paper is therefore to determine
how far to the left and right of a boundary boundary-related
lengthening extends in English.  We also attempt to determine
whether the spread of lengthening is constrained by boundaries
other than the onset of the final rime, and/or whether it is
influenced by the lexical stress pattern of phrase-final words.

In the following section, we discuss structural constraints on
lengthening patterns in German, Hebrew, Dutch, and Estonian,
before discussing the English experiment.

1.1.  German
KohlerÕs [10] and SilvermanÕs [11] comparisons of German
phrase-final vs. non-phrase-final words in comparable phrasal
stress positions show that final lengthening can extend leftward
at least as far as a primary lexically stressed syllable within a
phrase-final word.  In KohlerÕs study of phrasally stressed words
like eine and einige in phrase-final vs. non-phrase-final positions,
the magnitude of lengthening on the final syllable (-e and Ðge)
was the greatest, ranging from 87% to 176%, and lengthening on
pre-final syllables ranged from 15% to 31%.  SilvermanÕs study
included words with a single syllable to the left of the primary
lexical stressed syllable within a word; these syllables showed a

smaller degree of lengthening (6-7%) than other non-final
syllables within the final word (11-17%).

1.2. Hebrew
Berkovits [2] showed that in Hebrew disyllables, most phrase-
final lengthening occurs on the phrase-final rime (71% on words
with initial stress, and 57% on words with final stress), and that
final syllable codas show proportionally more lengthening than
final syllable nuclei.  Berkovits [3] also shows sigificant amounts
of lengthening on lexically stressed penultimate syllables (23%).
Lengthening on lexically unstressed penultimate syllables was
insignificant.

1.3.  Estonian
Krull [12] investigated preboundary lengthening in Estonian
disyllables where the first syllable was either short, long, or
overlong (quantities 1, 2, or 3), and the second syllable was short.
She found an interesting interaction between the quantity of the
first syllable and the leftward spread of final lengthening. In this
study, the second syllable of disyllables was consistently
lengthened across conditions and subjects, but the first syllable of
disyllables was lengthened across subjects only if it was overlong
(quantity 3), and was not lengthened if short.

1.4.  Dutch
Cambier-LangeveldÕs [4] study of final lengthening in Dutch
shows yet another type of structurally conditioned pattern. Again,
as seems to be the norm, most lengthening of phrase-final words
occurred on the final syllable rime, and more lengthening was
found on the final syllable coda than on the nucleus.
Lengthening further to the left than the final syllable occurred
only in words whose final syllable was reduced, as in mode and
tandem, but did not occur on words whose final syllable was full,
such as yucca and harmonika.

1.5. The current study
In all of these languages, preboundary lengthening was found to
occur further to the left than the phrase-final rime, and moreover,
this leftward spread of lengthening appears to be influenced by
structural properties of words in each language.  Interestingly, the
linguistic structure relevant to the spread of final lengthening
appears to be different in Estonian vs. Dutch vs.
Hebrew/German.

In the current study of English disyllables, we therefore test
the influence of the location of primary stress, and of the type of
non-primary stressed  syllable  (full vs. reduced) on the spread of
boundary-related lengthening.

2.  EXPERIMENT
2.1 Methods
2.1.1.  Materials. Materials consisted of ambiguous sentence
pairs, such as Please say ÔThomas or Kenneth and Lucas will
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stayÕ which were to be disambiguated by subjects as e.g. Please
say Ô(Thomas  or Kenneth) and (Lucas) will stayÕ, and Please say
Ô(Thomas) or (Kenneth and Lucas) will stayÕ.  Target words were
chosen to systematically vary in type (full vs. reduced), and in
the location of main stress.  Sentences containing the two-
syllable target words analyzed in this paper are listed below.
Additional utterances with one-syllable, three-syllable, and four-
syllable target words were also recorded for further analysis.

Primary lexical stress on first syllable, reduced second syllable:
Please say ÔThomas or Kenneth and Lucas will stayÕ.
Please say ÔKansas or Texas and Boston will playÕ.

Primary lexical stress on first syllable, full second syllable:
Please say ÔCharlestown or Brookline and Woodstock will playÕ.
Please say ÔFairbanks or Plattsburg and Fairmont will playÕ.
Please say ÔStockholm or Frankfurt and Potsdam will playÕ.

Primary stress on second syllable, reduced first syllable:
Please say ÔTibet or Japan and Detroit will playÕ.
Please say ÔMilan or dePaul and Macau will playÕ.
Please say ÔCorinne or Seline and Burgoyne will stayÕ.

Primary stress on second syllable, full first syllable:
Please say ÔSuzette or Babette and Suzanne will stayÕ.
Please say ÔBangkok or Rangoon and Carmel will playÕ.
Please say MoDeen or Doreen and Rudan will stayÕ.

Table I. Test materials.

2.1.2.  Subjects. Subjects were 2 native speakers of a standard
variety of American English, one female and one male. Neither
had any speaking/hearing difficulties. Two additional subjects
were also recorded, but their data are not reported in this paper.

2.1.3.  Recording.  The ambiguous test sentences were typed on
notecards, along with an indication of how they were to be
disambiguated, e.g. as (A B) C or as (A) (B C), where A, B, and
C represent the first, second, and third target words of the test
sentences.  The cards were shuffled,  and subjects were asked to
read the indicated disambiguation of each sentence, followed by
its reiterant imitation, e.g. Ôma ma (mama ma mama) ma (mama)
ma maÕ.  If subjects stumbled, which often happened during the
reiterant imitation, they were asked to repeat the utterance.
Subjects read through the set of notecards twice, giving two
repetitions of each utterance, along with two reiterant imitations.
There were therefore 11 sentence types X 2 groupings ((AB) C
vs. (A) BC) X 2 repetitions = 44 natural renditions available for
analysis, in addition to their reiterant imitations.

2.1.4.  Measurements. Where possible, measurements of onset,
nucleus, and coda duration were made for each syllable in the ÔA
or B andÕ  sequence of each test sentence, according to standard
segmentation criteria.  Nucleus and coda durations were
combined into rime durations, and onset and rime durations were
combined into syllable durations. Word duration was computed
for the third word (Word C).  In cases where segmentation could
not be made reliably for one or more renditions of a particular
word for a particular speaker, (e.g. the offset of the [l] in
Plattsburg), the relevant segment durations (in this example, the
onset and rime durations) were excluded from further analysis for

all renditions of that utterance by the same speaker.  Note that in
cases like the first syllable of Plattsburg, although we had no
reliable onset and rime durations, we did have reliable coda and
syllable durations.  The conjunctions or and and were not divided
up into subsyllabic constituents.

2.1.5. Analyses.  The B words in (A B) C groupings, and the A
words in the A (B C) groupings were considered to be boundary-
adjacent, and the A words in the (A B) C groupings and the B
words in the A (B C) words were considered to be non-boundary-
adjacent. Boundary-adjacent target words always preceded a
boundary, and therefore any lengthening observed on boundary-
adjacent words can be considered pre-boundary lengthening.
Boundary-adjacent conjunctions could have been either pre- or
post- boundary, depending on whether subjects decided to put a
boundary before or immediately after or and and.

Comparisons were then made between segments in   boundary-
adjacent vs. non-boundary-adjacent words.  Results for natural
renditions are presented in Section 2.2.  Results for reiterant
imitations are not presented in this paper.

2.2. Results.
2.2.1. Syllable Type doesnÕt appear to affect the leftward
spread of lengthening.  In order to determine whether syllable
type had an influence on the leftward spread of final lengthening,
we tested for an interaction of Syllable Type (full vs. reduced)
and Boundary Condition (boundary-adjacent vs. non-boundary-
adjacent) on first and second syllable duration for words with
primary lexical stress on the first syllable, and for words with
primary stress on the second syllable. ANOVAÕs with fixed
factors of Syllable Type and Boundary Condition, and Target
Word within Syllable Type as a random factor  were conducted
separately for each speaker.  The only significant effect that
emerged was for the first syllable of Subject ESÕ words with
primary stress on the second syllable (F(1,6) = 6.788, p < .05).
For this speaker, words with reduced first syllables showed
boundary-adjacent shortening, whereas words with full syllables
showed boundary-adjacent lengthening.  Further examination of
this subjectsÕ onset and rime durations showed that the
significant difference we observed was entirely due to differences
on  the first syllable onset, not on the rime.  It was therefore not
the case that the leftward spread of boundary-related lengthening
was differentially affected for words with full vs. reduced
syllables.  We have no satisfactory explanation for the effect on
the onset.  Because we found no evidence that Syllable Type
influences the leftward spread of lengthening, we included words
with full and reduced non-main stressed syllables in all
subsequent analyses.

2.2.2. Onset and rime durations in boundary-adjacent vs.
non-boundary-adjacent words.  Figures 1and 2 show
boundary-adjacent vs. non-boundary-adjacent onset and rime
durations for ESÕ and HHÕs words with primary stress on the first
syllable (e.g. Thomas, Charlestown), and Figures 3 and 4 show
onset and rime durations for words with primary stress on the
second syllable (e.g. Tibet, Bangkok). ANOVAÕs with Boundary
Condition (boundary-adjacent vs. non-boundary-adjacent) as a
fixed factor, and Target Word as a random factor, were
conducted for each segment for each subject and stress-type
separately.
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Figure 1. Subject ES. Mean onset and rime durations (and
standard deviations) for boundary-adjacent vs. non-boundary-

adjacent syllables in words with primary stress on the first
syllable e.g. Thomas, Charlestown.

Significant effects of Boundary Condition for ESÕ comparisons
of words like Thomas and Charlestown (Fig. 1) were found on
the rimes of both first and second syllables, as well as on the
conjunctions (or and and). (Rime of first syllable: F(1,6) = 23.9,
p < .01; rime of second syllable: F(1,8) = 48.5, p < .01;
conjunction: F(1,9) = 9.134, p < .05.)

Figure 2. Subject HH. Mean onset and rime durations (and
standard deviations) for boundary-adjacent vs. non-boundary-

adjacent syllables in words with primary stress on the first
syllable, e.g. thomas, Charlestown.

Likewise, for HH, significant effects of Boundary Condition
were found for the rimes of both syllables (cf. Figure 2). (First
syllable rime: F(1,6) = 17.403, p < .01; Second syllable rime:
F(1,6) = 18.781, p < .01).  Unlike ES, HH showed a significant
effect on the onset of the second syllable (F(1,8) = 10.1, p < 05),
and showed no effect of Boundary Condition on the conjunction.

Figure 3. Subject ES. Mean onset and rime durations (and
standard deviations) for boundary-adjacent vs. non-boundary-
adjacent syllables in words with primary stress on the second

syllable, e.g. Tibet, Bangkok.

In contrast, for words like Tibet and Bangkok, (cf. Figure 3),
subject ES showed a small but significant shortening effect on
the rime of the first syllable in boundary-adjacent words (F(1,9)
= 5.82, p < .05.) Significant lengthening effects were found on
the rime of the second syllable in boundary-adjacent words, as
well as on the conjunction. (Rime of second syllable: F(1,10) =
93.592, p < .01; Conjunction: F(1,11) = 5.674, p <.05).

Figure 4. Subject HH. Mean onset and rime durations (and
standard deviaitions) for boundary-adjacent vs. non-boundary-
adjacent syllables in words with primary stress on the second

syllable, e.g. Tibet, Bangkok..

HH showed no effect of preboundary lengthening on the first
syllable, but a significant effect on the rime of the second syllable
(F(1,8) = 118.180, p < .01).

Apart from differences with respect to the lengthening effects
on boundary-adjacent conjunctions found for ES, the two
subjects showed similar behavior.  ESÕ lengthening of
conjunctions may indicate either that he has phrase-initial
lengthening on these words, or that he has placed an additional
weaker prosodic boundary  after  the conjunctions. It is difficult
to tell from these data.

Figures 1-4 suggest that words with primary stress on the
syllable behave differently with respect to pre-boundary
lengthening than do words with primary stress on the second
syllable. ANOVAÕs with fixed factors of Boundary Condition
(boundary-adjacent vs. non-boundary-adjacent), Position of
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Stress (first vs. second syllable) and Word-within-Stress Position
as a random factor confirmed this interaction. Significant
interactions of Boundary Condition and Position of Stress were
found for the first and second syllable rime durations for subject
ES (first syllable rime: F(1,12) = 22.9, p < .01, second syllable
rime: F(1,12) = 5.66, p < .05)), and for the first syllable rime
duration for subject HH (F(1,12) = 12.99, p < .01). Subject ES
thus appears to show more final lengthening on the second
syllable of words with primary lexical stress on the second
syllable than on words with primary stress on the first syllable.

To give a better idea of the relative proportions of lengthening
in these two conditions, we report percentage differences
between boundary-adjacent vs. non-boundary-adjacent segments
in Table II.  % difference was calculated as: (Duration of
boundary-adjacent segment/duration of non-boundary-adjacent
segment Ð 1) * 100.

Sub
ject

Pos. of
Stress

Ons.1 Rime.1 Ons.2 Rime.2 Conj.

1st syl -9 15 11 76 42ES
2nd syl -15 -7 7 117 33
1st syl .5 32 33 93 4.2

HH
2nd syl -2 .1 9 110 17

Table II. Percent differences between boundary-adjacent and
non-boundary-adjacent segments for ES and HH, for words with
primary lexical stress on the first syllable (e.g. Thomas,
Charlestown), and for words with primary lexical stress on the
second syllable (e.g. Tibet, Bangkok).

2.2.3. Distribution of lengthening effects in the final syllable.
In this section, we report percentage differences in boundary-
adjacent vs. non-boundary-adjacent onsets, nuclei, and rimes in
the phrase-final syllable, pooled across subjects and word-types.
% differences were calculated as in Section 2.2.2.

Figure 5. Percentage differences between boundary-adjacent and
non-boundary-adjacent onsets, nuclei, and rimes in the phrase-

final syllable.  Means are pooled across subjects and word types.

This figure shows clearly that lengthening in the final rime is not
uniform, but increases substantially from the final nucleus to the
final coda.

3. CONCLUSION
Results reported here confirm the findings in [1] that most
boundary-related lengthening effects are concentrated in the rime
of the phrase-final syllable. However, lengthening within the
rime is not uniform: Relatively more lengthening occurs on the
coda than on the nucleus.  These findings are consistent with
findings for Hebrew discussed in [2], and the findings for Dutch
discussed in [4].

These results also show that pre-boundary lengthening in two
syllable words is not confined to the phrase-final syllable, but can
occur on the rime of a syllable to its left if that syllable bears
primary lexical stress. We found no evidence of boundary-
adjacent lengthening on the first syllable in words with primary
stress on the second syllable. The leftward spread of final
lengthening thus appears to be conditioned by the primary lexical
stress pattern of phrase-final words. We found no evidence of
any influence of the pattern of secondary lexical stresses.  The
English pattern of boundary-related lengthening thus appears to
be similar to that of Hebrew and German, and different from that
of Estonian and Dutch.  However, we add the caveat that further
work is needed to make sure that lengthening to the left of the
final syllable is due to pre-boundary lengthening per se, and not
to lengthening related to the nuclear accented status of the
phrase-final words as compared to the prenuclear status of the
non-phrase-final words.

To conclude, these results suggest that at least two types of
boundaries are involved in constraining the leftward spread of
boundary-related lengthening in English disyllabic words:  1) the
left edge of the rime of the final syllable, regardless of its lexical
stress, and 2) the left edge of the rime of the primary lexically
stressed syllable.  Further work is needed to see if this pattern is
maintained for three and four syllable words.
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POSITIONAL EFFECTS ON STRESSED VOWEL DURATION
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ABSTRACT
We investigate the effects of intra-word position on the duration of
stressed vowels in open syllables in Italian. While traditional ac-
counts claim that vowels in all non-final position are longer than
vowels in word-final position [9], we find that only penultimate
stressed vowels are longer, confirming the findings reported in [2].
In addition, we show that the duration values of final stressed vow-
els depend critically on measurement criteria. In word-final po-
sition, stressed vowels often present a heavily glottalized region,
which can be included or not in the vowel. When included, the
resulting vowel duration is similar to that of penultimate vowels.
We also found that penultimate vowels in three-syllable words are
longer than either initial or final vowels, which is different from
what has been found for stressed vowels in other languages. These
results have implications for multilingual text-to-speech synthesis,
in particular for the importance of methodologies that do justice to
language-unique prosodic patterns.

1. INTRODUCTION
It is a well-know fact of Italian phonology that vowels in open syl-
lables are long under stress [9, 8]. For instance, the vowel [e] of
séta“silk” is generally long, while the same vowel in the wordsétta
“sect” is short. A derivational rule that lengthens stressed vowels
in open syllables is presented in [9]; however, vowels in word-final
position are excluded from this rule. No further restriction to the
scope of the rule is offered regarding non-final vowels. This there-
fore predicts that all non-final stressed vowels are equally long,
and are longer than vowels in word-final position. For example,
the duration of [e] insétashould be the same as the duration of [e]
in sétola“bristle”. However, it has been observed that the effect of
lengthening is uneven among non-final vowels, in that penultimate
vowels are generally longer [2, 3, 6].

One of the hypotheses invoked to account for the longer du-
ration of penultimate vowels relative to antepenultimate ones is an
overall compression effect due to number of syllables in the word
[6]. This view is an example of broader “constituency effect hy-
pothesis” according to which speakers tend to keep durations of
larger phonological entities (e.g., phrases, words, feet, syllables)
relatively constant; this implies that as a given entity contains more
constituents (e.g., syllables in words and feet; words in phrases) the
durations of these individual constituents are reduced [13]. Ex-
amples of constituency effecthypotheses are Lehiste's work on
isochrony [5] and Campbell's on syllable duration [1].

The hypothesis in [6] correctly predicts that the [e] ofsétola
would be shorter than that ofséta, since in the first case the word in
which the vowel occurs has an extra syllable. However, this overall
compression effect predicts also that the duration of [e] inpeséta
“peseta” would be the same as that ofsétola, because they have the
same numbers of syllables. The hypothesis cannot explain effects

of the location of a syllable inside words of the same length. How-
ever, in a previous study it was shown that a vowel in penultimate
position, such as the [e] ofpeséta, is not shorter than, say, the same
vowel in séta. An alternative account based on foot structure and
constraint interaction was therefore presented in [2].

We test here the effects of overall word length, position rela-
tive to the right edge of a word, and position relative to the left edge
of a word in an experiment where we measure durations of stressed
vowels in open syllables in all positions of two- and three-syllable
words.

In addition to assessing these effects, we address an impor-
tant methodological issue concerning the measurement of stressed
word-final vowels. The duration of such vowels depends critically
on the segmentation criteria selected by the labeler. This is due
to the fact that stressed vowels in absolute final position are often
“checked” in Italian, that is, they are followed by a glottal stop [15].
The impact of different measurement criteria is therefore evaluated
and discussed.

2. METHODS
A database of 1062 stressed vowel tokens was the basis of our anal-
yses, produced by a single speaker of Tuscan Italian. These vow-
els were the sole targets in (1062) carrier phrases containing non-
sense target words, as in:Cercami la parola pegńapesul dizionario
“Find the wordpegńapeon the dictionary” andE' proprio pápepa
che volevo fare ieri sera“It's really pápepathat I wanted to do last
night”. Here, the bold-faced /a/ is the target vowel.

2.1. Statistical analysis
As in almost any corpus in which contexts and target identities vary
on several factors, some degree of factor confounding is inevitable.
That is, not all combinations of vowel identity, intra-word location,
and postvocalic consonants identity occur equally often. In order
to overcome this problem, we calculated in addition to the stan-
dard duration means also thecorrected means[14]. The latter are
computed as follows. Suppose that the factors on which the mea-
sured durations depend include segment identity (ID), intra-word
location (IWL), intra-phrasal location (IPL), and stress (STS). The
analysis method assumes that duration is given by:

DUR(ID; IWL; IPL;STS) =

CM(IWL)�B(ID ; IPL;STS): (1)

The parametersCM() andB() can be estimated using standard
Least squares techniques. By ensuring that the (geometric) mean
of the B() parameters is 1.0, the parametersCM() can be taken
asestimates of the simple marginal means that we would have ob-
tained in a perfectly balanced experiment. The degree of difference
between corrected and uncorrected means indicates the amount of
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Figure 1: Waveform for a word-final stressed [a]. V = Offset of
core vowel. C = offset of glottalization.

imbalance in the data, but can also be explained by a failure of the
multiplicative model (1); if, on the other hand, the difference is
small, than this strongly indicates that the data are relatively well-
balanced and that the technique worked as intended. As it turned
out, the latter was the case. We therefore only report results of the
simple, uncorrected means.

All contrasts reported in this paper are statistically significant,
due to the fact that with at least 300 observations in each condition
the standard errors are always less than 2.5 ms. Even using conser-
vative post-hoc contrasts (e.g., Scheff´e intervals), 10 ms contrasts
are always significant atp < 0:01.

2.2. Glottalization and finally stressed vowels
In Tuscan Italian, it appears that a glottal stop is often used to mark
the end of a word-final stressed vowel when it occurs in an open
syllable. Specifically, it has been proposed that the presence of a
glottal stop serves the function of providing a coda consonant to
an otherwise open syllable containing a short vocalic nucleus. By
doing so, the weight requirement for stressed syllables, which need
to be “heavy” [8], would be met by simply adding a coda consonant
(the glottal stop) to the light vocalic nucleus [15].

Glottalization (also known as “laryngealization” or “creaky
voice”) is often found in the surroundings of a glottal stop. By
glottalization we refer to a long and often irregular series of period-
to-period intervals cause by forceful and sudden adduction of the
vocal folds. Since it is often the case that stop closure is not com-
plete, it is not rare that the only cue for the presence of a glottal
stop consists of the glottalized region belonging to the vowel pre-
ceding it. In our data, glottalization was in fact found within the
final portion of finally stressed vowels in open syllables (see Figure
1), as in the data presented in [15]. An alternative strategy seems to
be adopted when the vowel is also in absolute phrase-final position
[4]. In such a case, the vowel itself will result to be lengthened in
Italian.

Irregular periodicity as a result of glottalization is also found
in languages such as English and German, though it has a different
purpose, i.e. that of marking the left edge of a vowel-initial word.
This phenomenonseems to be correlated with higher level prosodic
hierarchy effects. In [10] it is proposed that glottalization is favored
at intonation phrase boundaries, even when no pause is present, as

TIME (s)
0.0 0.05 0.10 0.15 0.20

V B

Figure 2: Waveform for a word-final stressed [a]. V = Offset of
core vowel. B = offset of breathy voice region.

well as at main stress location within the target. In our data, it is
possible that glottal stop presence is employed as a cue to mark
the strong prosodic boundary that immediately follows a nuclear
stressed word, but this is only very speculative at this point. In fact,
the corpus target words were always (unless different instructions
were given) pronounced with accentual prominence on them.

Apart from an abrupt change in periodicity, various acoustic
marks of glottalization have been reported in the literature. The
sudden closure of the glottis can produce increasing energy in the
highest frequencies of the spectrum (especially in the second and
third formant regions), although this effect is not always found.
Another cue to glottalization is a relatively undamped waveform.
In our data, however, word-final vowel offsets often presented
acoustic indices that are not typical of glottalization, as described
in the literature. In the same contexts where clear glottalization
was found, a rather different phenomenon was often observed, i.e.
a marked decrease in the amplitude of the pulses, which were only
slightly irregular, and a more or less evident breathy quality. In
this cases, a mild noise component in the higher frequencies was
observed, which caused individual pulses to be hardly distinguish-
able. An example is shown in Figure 2.

As a consequence of the various marks of glottalization, a
wide typology of word-final stressed vowels is included in our cor-
pus. Among the various manifestations of these vowels, we find
presence of period irregularity at offset or breathiness, which could
optionally be followed by:

� A short period of silence followed by a low-frequency burst
(around 2000 Hz). Note that the low frequency burst that was
found in some of the cases appears to be due to the presence
of the allophonic glottal stop.

� A short period silence, with no visible release burst.

� High-frequency frication noise, corresponding to the initial
/s/ of the following word in the carrier sentence, and no visi-
ble glottalization.

In difficult cases, the power spectrum of the critical region
was inspected, since a marker for creaky phonation consists of a
relatively flat spectrum. When visible, the label was placed at the
onset of the region presenting higher energy in the second or third
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formant. Breathy vocalic regions where recognized by the pres-
ence of high frequency random noise and by a drastic decrease of
energy in the second formant region. The power spectrum of the
breathy region was also often inspected, since a strong characteris-
tic of breathiness is increasing spectral tilt. The label for the end of
the glottalized/breathy region could immediately precede either the
onset of silence (if a pause was produced between the target word
and the next word in the carrier sentence) or the onset of high fre-
quency frication noise (around 4000 Hz) associated with the first
segment ([s]) of the following word in the carrier sentence.

Segmentation of the critical regions was conducted in a quasi-
objective way, since not all cues for glottalization and/or breathi-
ness are always present. What is more, increase in the period-
to-period interval can also be related to other causes, such as an
intonationally related, phrase-final pitch decrease. Given the rel-
ative difficulty in segmenting glottalized regions, clear instances
were singled out by manual inspection of both waveform and spec-
trogram and were subsequently labeled by means of Entropic's
Waves+.

In our analysis, the label corresponding to “core” vowel offset
(V) was placed at the onset of the glottalized/breathy region, which
is defined as the portion of the vowel where marked irregularity in
the pitch periods or a drastic drop in fundamental frequency and/or
energy was observed. We shall therefore present three alternative
durations for word-final stressed vowels, that is the core vowel by
itself (V), the core vowel plus the glottalized region (VC) and the
core vowel plus the breathy region (VB).
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Figure 3: Mean vowel duration as a function of intra-word po-
sition, number of syllables to the left (LEFT) and word length
(LEN).
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Figure 4: Mean vowel duration as a function of intra-word posi-
tion. For word-final vowels, durations is divided into a pure vowel
part and a creaky or breathy part.

3. RESULTS
Figure 3 shows that vowels in penultimate position are longer than
vowels in antepenultimate or final positions. However, the picture
is somewhat more complex when we take into account the num-
ber of syllables to the left of the target vowel and overall word
length. We see that penultimate vowels are longer when they are
also word-initial than when they are preceded by at least one syl-
lable (168 ms vs. 153 ms). This effect can be describes as aword
length effect, or, as in [12], as aword-initiality effect. The former
may be more plausible, based on the fact that that vowels in final
position are longer when they are preceded by 1 vs. 2 or more syl-
lables; obviously, in neither position are these final vowels word-
initial. Nevertheless, when we contrast word-initial antepenulti-
mate vowels with non-word-initial penultimate vowels, there is a
strong difference of 26 ms, even though these vowels both occur in
words of length 3. In summary, these data can be best describes as
involving two factors: word length and position with respect to the
end of the word.

We now turn to Figure 4, where we plotted vowels in word-
final positions in terms of the pure vowel, breathy, and creaky parts.
The bars for antepenultimate and penultimate data are the same
as the corresponding bars in Figure 3, except that for penultimate
vowels we averaged the two cases kept distinct in that figure. The
acoustic typology of word-final stressed vowels encountered in our
database is of some independent interest. Among the 606 finally
stressed vowels of the corpus, 366 presented a clear form of glot-
talization. Concerning these final vowels, we see that when we
confine ourselves to the pure vowel part, word-final vowels are
shorter (114 ms) than vowels in any other word position. How-
ever, when we include the creaky or breathy parts, their overall
durations (133, 143 ms) – while still shorter than penultimate vow-
els (156) – become approximately slightly longer than vowels in
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antepenultimate positions (127 ms).
In summary, the data unambiguously shows that stressed vow-

els in open syllables are particularly long in penultimate position.
This effect cannot be attributed to either word length effects or to a
hypothetical word-initiality effect. However, there is an additional
effect that causes durations of vowels in penultimate and word-
final positions to shorten as these vowels are preceded by more
syllables. This effect can be most parsimoniously described as a
word length effect.

We note that these effects are sharply different from what is
observed in American English [12], where penultimate stressed
vowels in three-syllable words tend to be shorter than in either
word-initial or word-final position. Similar results have been re-
ported for German [7], and Mandarin Chinese [11]. Moreover,
in both languages vowels in word-final syllables (that are not fol-
lowed by any type of phrase boundary) tend to be longest of all.

4. DISCUSSION
In this paper we have shown that the duration Italian stressed vow-
els in open syllables depend on intricate ways on position in the
word. We found that syllables in penultimate position are longer
than syllables in other positions in same-length words, and that
there is an additional effects which can be best described as an
overall word length effect. We also showed that the duration of
word-final vowels is not well-defined, because it critically depends
on whether or not one includes in the vowel the final creaky or
breathy region. If one does include these regions, then final vowels
are not shorter than antepenultimate vowels. We note that glottal-
ization in the final region of such vowels is very common, and the
labeler has to make a choice whether or not to include the glottal-
ized region within the vowel boundaries.

Though it has been previously argued that the glottalized re-
gion should be viewed as a syllabic coda that has the function to
render the stressed syllable heavy [15], the facts are not as clear
for the other manifestations of the final vocalic portion. Acous-
tic characteristics typical of breathy voice were found in the same
location and in many instances. Such an effect had not been pre-
viously presented in the literature. Whether the breathy portion
should be included or not in the vowel duration measurements is
debatable. As we showed above, when the breathy portion of the
vowel was included in the duration measurement, the word-final
stressed vowel resulted to be longer than antepenultimate stressed
vowels in open syllable. This is a problem for theories according
to which all non-final vowels should be equally long.

Another interesting outcome of this study has to do with the
potential effect of overall compression due to the size (in terms of
number of syllables) of the entire word in which the vowel occurs.
It had been previously argued that a possible explanation for the
smaller duration of antepenultimate vowels was the effect of over-
all word compression [6], when stress initial words are considered.
However, our data clearly show that such an effect, though its ex-
istence is suggested by the results, cannot explain the difference
in duration between penultimate and antepenultimate vowels. This
fact is especially clear when the duration of antepenultimate vow-
els (for which we only have data for stress initial words) and penul-
timate vowels in three syllable words are compared. Penultimate
vowels are still much longer than antepenultimate ones (29 ms).

Therefore, the origin of the positional effect must be of a different
nature than a linear compression effect. A phonological account is
not attempted here, while it is offered in [2].

5. CONCLUSION
Altogether, our results on stressed vowel duration in Italian chal-
lenge any model that invokes the use of a single rule of length-
ening under stress in non-final open syllables. It was shown that
antepenultimate vowels are always shorter than penultimate, even
when penultimate vowels arenon-initial in the word or when both
are measured in three-syllable words. Also, the claimed short du-
rations of word-final vowels depends critically on whether the final
glottalized/breathy region is included in the measurements.

The relatively long duration of penultimate vowels reveals a
timing pattern that is in a sense the opposite of what has been found
in a diverse list of languages, including Mandarin Chinese, Ger-
man, and American English. Here, the general rule seems to be
that vowels are shortest in word-interior syllables, longer in word-
initial syllables, and longest in word-final vowels. Clearly, a more
cogent phonological account for these different timing patterns is
needed.
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[7] Möbius, B., and van Santen, J. 1996. Modeling segmental duration
in German text-to-speech synthesis . InProceedings ICSLP(Philadel-
phia, U.S.), pp. 2395–2399.

[8] Nespor, M. 1993.La Fonologia. Bologna: Il Mulino.

[9] Nespor, M., and Vogel, I. 1986.Prosodic Phonology. Dordrecht:
Foris.

[10] Pierrehumbert, J., and Talkin, D. 1992. Lenition of /h/ and glottal
stop.s. InPapers in Laboratory Phonology II, H. Docherty and D. R .
Ladd, Eds. Cambridge: Cambridge University Press, pp. 90–116.

[11] Shih, C., and Ao, B. 1996. Duration Study for the Bell Laboratories
Mandarin Text-to-Speech System. InProgress in Speech Synthesis,
J. van Santen, R. Sproat, J. Olive, and J. Hirschberg, Eds. Springer-
Verlag, New York.

[12] van Santen, J. 1992. Contextual effects on vowel durations.Speech
Communication 11513–546.

[13] van Santen, J. 1997. Prosodic modeling in text-to-speech synthesis.
In Proceedings of Eurospeech-97(Rhodes).

[14] van Santen, J. Timing. 1997. InMultili ngual Text-to-Speech Syn-
thesis: The Bell Labs Approach, R. Sproat, Ed. Kluwer, Boston, MA,
ch. 5, pp. 115–139.

[15] Vayra, M. 1992. Phonetic explanations in phonology: laryngealiza-
tion as the case of glottal stops in italian word-final stressed syllables.
In International Phonology Meeting(Krems, Austria), pp. 275–294.

page 244 ICPhS99          San Francisco



EFFECT OF DURATION, INTENSITY, AND F0 ALTERNATIONS ON
RHYTHMIC GROUPING
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ABSTRACT

Stress patterns in language play a large role in how we perceive
speech. Stress is assigned on the basis of duration, intensity, and
F0. This study investigated the role that duration, intensity, and
F0 play in rhythmic grouping. Subjects were presented with
sequences of alternating squarewave segments that were varied
on one of the aforementioned dimensions. They were asked to
indicate whether they heard a trochaic or iambic rhythmic
pattern. Results indicate that duration-varying sequences are
grouped iambically, whereas intensity- and F0-varying sequences
are grouped trochaically. Results replicate and extend previous
research and may suggest a need for a reformulation of the
Iambic/Trochaic Law.

1. INTRODUCTION
The perception of rhythm in English depends on the sequencing
of stressed and unstressed syllables and how these are grouped by
the listener into metrical units. An important question is how the
perception of rhythm is effected by variation in three main
correlates of stress: duration, intensity, and F0. Previous research
[1, 4, 6] suggests that when subjects are presented with sound
segments that alternate in intensity, a natural two-beat trochaic
(strong-weak) rhythm is formed. In contrast, when alternating
sound segments differ in duration, listeners tend to perceive the
rhythm as iambic (weak-strong). Together, these two findings
have formed the basis for the Iambic/Trochaic Law, which Hayes
[2] states as follows:

a. Elements contrasting in intensity naturally form
groupings with initial prominence.

b. Elements contrasting in duration naturally form
groupings with final prominence. (p. 80)

Owing to certain methodological limitations, the research that has
led to the formulation of the Iambic/Trochaic Law is in need of
replication. The following vague generalizations made by
Woodrow [6] illustrate this point:

[W]ith equal temporal spacing, and not too fast a rate, and every
second sound louder than the others, the series of sounds tends
to be heard in groupings of two, with the louder sound beginning
the group. (p.1232)

The following study was conducted in order to replicate and
extend previous findings on the role of duration, intensity, and F0
on the perception of rhythmic units. F0 was included as an
additional variable because it is known to affect perception of
stress. In each condition, sound segments were presented with
equal inter-segment intervals and the segments themselves were
varied in one of the three dimensions - duration, intensity, or F0.
Subjects were asked to make judgments as to whether the
sequences consisted of segment pairs having a strong-weak
(trochaic) pattern or a weak-strong (iambic) pattern.

All stimuli in this study consisted of sequences of squarewave
segments. The use of nonspeech stimuli is important for determining
whether perceived rhythmic grouping in speech is a purely auditory
phenomenon, or whether language itself plays a role. An additional
study is currently underway in which the same stimulus variables are
manipulated in synthetically produced CV sequences to determine
whether the grouping principles carry over into the speech domain.

2. METHODS
2.1. Subjects
Twenty-four native English speakers participated in the study. All
reported normal hearing. Subjects were recruited from the
introductory psychology subject pool at the University of Texas at
Austin, and were given credit toward partial fulfillment of course
requirements. Fourteen additional subjects participated in a control
condition.

2.2. Stimuli
The stimuli were created on a PC using an in-house waveform
generating and editing program, Wavax, and consisted of sequences
of square-wave segments, which alternated either in duration,
intensity, or F0. The stimuli formed three sets. Within each set one of
the three stimulus dimensions was manipulated while the other two
were held constant. In the duration set, the alternating squarewave
segments varied in duration while intensity and F0 were held
constant. In the intensity set, the segments alternated in intensity
while the while F0 and duration where held constant. In the F0 set,
the segments alternated in F0 while duration and intensity were held
constant. The silent interval between adjacent squarewave segments
was fixed at 200 ms in all three stimulus sets. A control stimulus
sequence consisted of squarewave segments that were constant in
duration, intensity, and F0, and where the segments were again
separated by 200 ms silent intervals. Table 1 shows the
characteristics of all the stimulus sets plus the control sequence.

In pilot studies we noticed a strong tendency for the rhythmic
judgments to be based on the pattern of the first two segments of the
sequence. In order to reduce this effect we took steps to mask the
onset on the sequence. Squarewave intensity was gradually ramped
upward from zero over the first five seconds of the eleven second
sequence. During this same five-second interval masking noise was
presented with a gradually diminishing intensity.
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Set, Sequence Duration (ms) Intensity (dB
SPL)

F0 (Hz)

Duration, 1 100 & 200 56 100
Duration, 2 150 & 250 56 100
Control* 200 56 100

Intensity, 1 200 50 & 56 100
Intensity, 2 200 50 & 62 100

F0, 1 200 56 100 & 125
F0, 2 200 56 100 & 150
F0, 3 200 56 100 & 200

Table 1 Attributes for sequences in all stimulus sets.
*When the control stimulus sequence is randomized within the
set of duration-varying stimuli it is referred to as Control (D).
When it is presented in isolation in the control condition it is

referred to as Control (I)

2.3. Procedure
Subjects were instructed to listen for the rhythm of each stimulus
sequence and to indicate, by pressing a labeled button, whether
the rhythm consisted of a strong sound followed by a weak
sound, or alternatively, a weak sound followed by a strong sound.
Segment sequences were presented five times each in both
possible orders of onset and were randomized within each
stimulus set. The order of presentation of stimulus sets was
counterbalanced across subjects. At the beginning of each new
stimulus set, subjects were given practice trials with each 11-sec
sequence presented once in both orders. Randomized within the
duration set subjects were presented with the control stimulus
sequence. When judged in the context of the duration set, the
control sequence is referred to as Control (D). Excluding practice
trials, subjects hear a total of 25 duration-varying, 20 intensity-
varying, and 30 F0-varying segment sequences.

Because it was unclear how subjects would assign strength
weightings to F0 values, subjects were asked to perform the
additional task of judging whether the high or low pitched
segment of the F0-varying stimuli was the first sound of the
rhythmic unit.

All subjects listened to the stimuli through headphones
while seated at a response station in a double-walled sound-
attenuated chamber.

Subjects in the control condition were presented with the
control stimulus sequence ten times in isolation. In this condition
the control stimulus is referred to as Control (I). They received
two practice trials. All other procedures were identical to those
described above.

3. RESULTS
One-way repeated measures ANOVAs were conducted for each
stimulus set. There was no significant effect of order of
presentation for the alternating squarewave segments (All F’s <
.5, p>.5). This suggests that the onset masking procedure was
effective in eliminating the onset effect described above.

For the duration set (see Figure 1), when Control (D) was
omitted from the analysis, there was no significant difference
between Sequence 1 and 2 [F(3,69) = .53, p > .6]. When Control
(D) was included in the analysis, it yielded more trochaic

responses than either Sequence 1 or 2 [F(1,23) = 21.34, p < .000].
This is in contrast to results found when the two duration-varying
sequences were compared to Control (I) in the control condition.
Given that the duration-varying sequences did not differ significantly,
responses were averaged across sequences. An independent-samples
t-test failed to yield a significant difference between the duration-
varying sequences and Control (I) [t(36) = -.43, p > .6].

Figure 1. Percent trochaic response for duration-varying and control
sequences. For each sequence, intensity and F0 are constant.

Sequence 1 has segments with durations of 100 ms and 200 ms.
Sequence 2 has segments with durations of 150 ms and 250 ms.

Control (D) and Control (I) have 200 ms segments.

A repeated measures ANOVA performed on the grouping of
intensity-varying sequences showed that there was a significant
difference between Sequence 1(alternating segments differed by 6
dB) and 2 (alternating segments differed by 12 dB) [F(1,23) =11.83,
p < .002](see Figure 2). Sequence 2 was grouped trochaically more
often (71.7%) than was Sequence 1 (55.9%). Whereas the grouping
of Sequence 1 did not differ from Control (I) [t(36) = 1.80, p > .08],
Sequence 2 was grouped trochaically significantly more often than
Control (I) (42.1%)[t (36) = 3.75, p <.001].

The analysis of the effects of F0 on rhythmic grouping showed
that there were no significant differences between Sequences 1 (100
Hz and 125 Hz), 2 (100 Hz and 150 Hz), and 3 (100 Hz and 200 Hz)
[F(5,115) = .48, p > .7] (see Figure 3). An independent sample t-test
showed that the average response across the three sequences was
significantly different from that of Control (I) [t(36) = 2.60, p <
.013].

When subjects were presented with F0-alternating sequences but
instead were asked to judge whether the rhythmic group started with
a high or a low pitch, the pattern of results changed considerably (see
Figure 4). A two-way, repeated measures ANOVA showed that there
was a significant effect of order of presentation for the alternating F0
segments [F(1,23) = 9.89, p < .005]. There was also a significant
difference between responses to Sequences 1, 2, and 3 [F(2,46) =
5.92, p < .005]; as the difference in F0 increased, subjects were more
likely to judge the rhythm as starting with the high F0.
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Figure 2. Percent trochaic response for intensity-varying and
Control (I) sequences. For each sequence, duration and F0 are

constant. Sequence 1 has segments with intensities of 50 dB and
56 dB. Sequence 2 has segments with intensities of 50 dB and 62

dB. The intensity of Control (I) is 56 dB.

Figure 3. Percent trochaic response for F0-varying and Control
(I) sequences. For each sequence, duration and intensity are

constant. Sequence 1 has segments with F0s of 100 Hz and 125
Hz. Sequence 2 has segments with F0s of 100 Hz and 150 Hz.

Sequence 3 has segments of 100 Hz and 200 Hz. The F0 of
Control (I) is 100 Hz.

Figure 4. Percent high-low response for F0 sequences. For each
sequence, duration and intensity are constant. Sequence 1 has

segments with F0s of 100 Hz and 125 Hz. Sequence 2 has segments
with F0s of 100 Hz and 150 Hz. Sequence 3 has segments of 100 Hz

and 200 Hz

4. DISCUSSION
The Iambic/Trochiac Law was partially supported by the results of
this study. In particular, the sequences varying in intensity tended to
be grouped trochaically and this tendency increased with the
magnitude of the intensity difference. At first glance, the comparison
between the duration varying sequences and Control (D) also appears
to be consistent with the Iambic/Trochaic Law. This result, however,
seems to be an artifact of presenting the control stimulus sequence
within the context of sequences with unequal durations. When the
control sequence was presented to subjects in isolation (Control (I)),
it yielded a tendency toward iambic grouping that did not differ from
the grouping of duration varying sequences. This result is surprising
as it seems to indicate that varying the duration of alternating
segments does not afford us anything over and above our natural
tendency for grouping the control stimulus sequences.

Results on the effect of varying F0 showed some consistencies
and some inconsistencies with earlier research [3, 4, 5, 6]. Woodrow
[5] claimed that F0 itself has no predictable effect on rhythmic
grouping. He also claimed, however, that sequences with segments of
equal duration are grouped trochaically, and as such would predict a
trochaic pattern for equal-duration, F0-varying sequences. Rice [3],
on the other hand, found that there was a predictable effect of F0 on
grouping pattern. His results indicated that F0 alternations result in an
iambic rhythmic grouping. Like Rice, we found that F0 did have a
predictable effect on rhythmic grouping. Unlike Rice, but like
Woodrow, we also found that F0-varying sequences were grouped
trochaically. Rice’s F0 differences were quite small in comparison to
ours - this might account for the discrepancy between our results.

Although the pattern of results observed for the F0-varying
sequences indicates a trochaic grouping, how subjects assign strength
to F0 is not known. If subjects were consistently assigning ‘strong’ to
either the high F0 or to the low F0, the results for the high-low
judgment should have been identical to those for the strong-weak
judgment. We found that this was not the case. It appears that
subjects process the same sequences differently when they are asked

0

10

20

30

40

50

60

70

80

90

100

1 2 Con t ro l  ( I)

Intensity and Control (I) Sequences

P
er

ce
nt

 T
ro

ch
ai

c 
R

es
po

ns
e

Order 1

Order 2

Control (I)

0

10

20

30

40

50

60

70

80

90

100

1 2 3 C o n t r o l

(I)

F0 and Control (I) Sequences

P
er

ce
nt

 T
ro

ch
ai

c 
R

es
po

ns
e

Order 1

Order 2

Control (I)

0

10

20

30

40

50

60

70

80

90

100

1 2 3

F0 Sequences

P
er

ce
nt

 H
ig

h-
L

ow
 R

es
po

ns
e

Order 1

Order 2

page 247 ICPhS99          San Francisco



to make different judgments. This raises the possibility that
rhythmic grouping is not simply an auditory phenomenon, but
instead involves cognitive factors.

Preliminary results from our second experiment using
synthetically produced CV syllables seem to indicate that
subjects process duration, intensity, and F0 in speech in much the
same way that they process them in nonspeech.

5. CONCLUSIONS
Results from our experiment replicated and extended previous
research. We found that alternating segments of unequal duration
are grouped iambically. When duration is kept constant and
intensity is varied, a trochaic rhythm emerges. The same is true
when F0 is varied.

As far as extending previous research, this experiment is the
first to have an adequate control condition. Like other
researchers, we found that when sequences with segments of
equal duration were presented amongst duration-varying
sequences, they were perceived trochaically. Results from the
control condition demonstrated that this is not an accurate
description of how rhythmic grouping occurs when the control
sequence is presented in isolation. This has some important
implications for the Iambic/Trochaic Law and may ultimately
necessitate its reformulation.

In future research we will investigate how the three correlates of
stress interact when they are pitted against one another. We will also
look at what effects the characteristic rhythmic patterns of specific
languages have on perceived rhythmic grouping.
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CONTRASTIVE vs. NON-CONTRASTIVE DURATION IN RELATION
TO TEMPORAL PATTERNS WITHIN THE PARAGRAPH

Zita McRobbie-Utasi
Simon Fraser University,  Burnaby, B.C., Canada

ABSTRACT

Languages with contrastive duration tend not to utilize
duration for additional functions in the grammar.
Accordingly, they behave differently with regard to boundary
signalling than do languages with  non-contrastive duration.
The present study will explore this difference  in relation to
temporal patterns within  the paragraph.   It will be argued that
there is an effort apparent on the part of the speaker to time
paragraph constituents in a manner that evidences correlation
of the temporal organization of these constituents, and also
that such temporal strategies aimed at maintaining a target
duration are realized differently in the two language types.
Boundary signalling with  durational increase co-occurs with a
greater degree of variation in duration within the paragraph in
languages with non-contrastive duration.  In languages in
which duration is contrastive little durational change could be
noticed in boundary positions, and there is a lesser degree of
durational variation.

1.  INTRODUCTION
The present study describes a pilot project aimed at
investigating temporal patterns within the paragraph,
focussing on (i) the manifestation of durational patterns
within this grammatical unit, and (ii) the occurrence (or non-
occurrence) of preboundary lengthening.   The acoustic
analysis of duration indicates that there is a correlation
between sentence duration and sentence order within the
paragraph, and between pause duration and distance from the
paragraph boundary.  As far as the degree of durational
increase associated with the preboundary lengthening
phenomenon is concerned, the findings in the present study
do not imply that it  correlates with durational patterns within
the paragraph.

Recent research has explored the tendency towards the
maintaining of the characteristics of  duration in languages
where it plays a role in the phonological system. [1]  This
tendency has been further examined and subsequently
confirmed in connection with Saami (a Finno-Ugric language)
in two speaking modes,  one being a controlled experiment
similar to that reported on here (see below),  the other
representing connected speech. [5]  [6]   In these studies
evidence was provided through identifying timing strategies
conforming to a clearly observable durational target.  The
experiment reported on here examines the same temporal
phenomenon by comparing languages where duration is
contrastive with those where it has no phonological function.
Hungarian, Latvian and Hindi represent the former type, while
Brazilian Portuguese, English and Cantonese represent the
latter.  Results from the three languages where duration is
linguistically significant  appear to support assumptions such
as those stated above with regard to the preserving of
durational patterns. [1]  Further, they  sustain the hypothesis

according to which duration is simply not available for
additional  functions -- such as boundary signalling -- when it
plays a significant  role in the grammar. [6]   The greater
durational variability apparent in the other three languages (in
which duration is not distinctive) co-occurs with consistent
durational increase associated with the clearly identifiable
function of boundary signalling.

2.  THE EXPERIMENT
The material analyzed in this study consists of six paragraphs
recorded twice by six speakers of the six languages selected.
Each paragraph consists of three sentences (henceforth A, B
and C).   The sentences in the six paragraphs were the same,
except for their ordering.   The paragraphs were constructed in
such a way that all three sentence orderings were possible, as
in the experiment described in [3].   The content of the
paragraphs was the same in all six languages: the subjects
were asked to translate the three English sentences into their
respective languages.   All six speakers, while familiar with
the text, were not informed about the objective of the
experiment before the recording session.  The recording took
place in the sound proof chamber of the Phonetics Laboratory
at Simon Fraser University.  Altogether 72 paragraphs  were
analyzed for this pilot study (analysis is in progress of
additional material by the same speakers as well as
representatives of two more languages).

3.  TEMPORAL PATTERNS
An examination of the constituent durations measured reveals
a tendency towards keeping paragraph durations close to an
identifiable durational target.   The mean durations of 64 out of
the 72 paragraphs measured cluster around similar durational
values, with relatively small standard variations (see below).

Measurements of sentence and pause  durations were
obtained in order to examine the pattern of durational
variations in relation to their position in the paragraph.
Measurements of paragraph-final syllable durations were made
in order to establish the degree of durational variation at
paragraph boundaries, thus revealing the presence or absence
of preboundary lengthening.  [2]

3 . 1 . Sentence Duration in Relation to Sentence
Order within the Paragraph

On examining  the durational variation of sentences,  in terms
of their position within the paragraph,  the pattern that
emerges suggests a noticeable difference between the two
groups of languages.  In the three languages where duration is
non-contrastive the variation appears to be greater than in
those three languages where duration is distinctive.  Although
the languages within the two groups show variability in
duration to differing degrees, the general pattern nevertheless
appears to be valid. In the four tables below mean durations
(in seconds) and standard deviations of the three sentences are
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presented. Tables 2 and 3 show measurement values of the
three sentences regardless of their position within the
paragraph;  Tables 1 and 4 present  durational measurements of
the three sentences in relation to their position in the
paragraph. The languages are grouped according to whether or
not duration is distinctive.

Sentence            Languages with contrastive duration
Ordering
          Hungarian          Hindi     Latvian

   ›x         SD         ›x  SD    ›x        SD
A 2.45 0.27 2.86 0.31 1.71 0.77
B 4.69 0.18 5.33 0.45 4.69 0.43
C 2.45 0.12 2.08 0.43 2.17 0.14

A 2.45 0.27 2.86 0.31 1.71 0.77
C 2.47 0.71 1.99 0.98 2.24 0.14
B 4.73 0.42 5.23 2.94 4.64 0.32

B 4.77 0.24 5.15 0.34 4.95 0.45
A 2.39 0.11 2.74 0.92 1.77 0.32
C 2.45 0.12 2.08 0.43 2.17 0.14

B 4.77 0.24 5.15 0.34 4.95 0.45
C 2.47 0.71 1.99 0.98 2.24 0.14
A 2.46 0.74 2.77 0.22 1.71 0.10

C 2.49 0.13 2.14 0.12 2.39 0.14
A 2.45 0.27 2.74 0.92 1.77 0.32
B 4.73 0.42 5.23 2.94 4.64 0.32

C 2.45 0.12 2.14 0.12 2.39 0.14
B 4.69 0.18 5.33 0.45 4.69 0.43
A 2.46 0.74 2.77 0.22 1.71 0.10

Par. Duration:
 10.71    0.21     11.34  0.33 9.36   0.26

Table 1.   Sentence duration in relation to position within the
paragraph

On the basis of measurement values shown in Tables 1-4,
the durational variations associated with the sentences in
relation to their position within the paragraph may be
summarized by indicating the divergence of those values from
the mean sentence durations (see Tables 1 and 2).
i . The maximum durational difference from the mean
sentence duration in the first position is 0.09 s in languages
with contrastive duration (Hungarian 0.04 s, Hindi 0.05 s,
Latvian O.09 s);  the maximum durational difference is 0.19 s

in languages with non-contrastive duration (Brazilian
Portuguese  0.19 s, English  0.11 s, Cantonese  0. 05 s).
i i . The maximum durational difference from the mean
sentence duration in the second position is 0.1 s in languages
with contrastive duration (Hungarian  0.04 s, Hindi 0.08 s,
Latvian  0.1 s); the maximum durational difference is 0.17 s in
languages with non-contrastive duration (Brazilian Portuguese
0.12 s, English 0. 17 s and Cantonese 0.08 s).
iii . The maximum durational difference from the mean
sentence duration in the third position is 0.1 s in languages
with contrastive duration (Hungarian  0.07 s, Hindi  0.1 s and
Latvian  0.09 s); the maximum durational difference is 0.25 s
in languages with non-contrastive duration (Brazilian
Portuguese  0.18 s, English  0.25 s and Cantonese  0. 09 s).

The tendency summarized above shows that durational
variations at the sentence level are greater for languages with
contrastive duration.  It also shows that it is the third position
of  the sentence within the paragraph where these variations
are most evident.  Figure 1 demonstrates the maximum
difference from the mean sentence duration in all three
positions with regard to the two types of languages.
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          Figure 1.    Sentence level durational variations

3.2.  Pause Duration
In Tables 3 and 4 the mean durations of paragraphs with their
standard deviations are indicated.  On examining the standard
deviation values,  the relatively small difference between
contrastive and non-contrastive languages are seen to indicate
that paragraph durations tend to remain stable.  The question
that suggests itself is why, despite the evident durational
variations associated with the sentences, do paragraph
durations not seem to vary to any great extent in either of the
two language types.  In order to answer this,  pause durations
have to be examined with regard to their possible role in
achieving a durational target for the paragraph.

      Sentences            A             B                              C
  ›x SD    ›x              SD   ›x   SD

Hungarian 2.44 0.85 4.73 0.34 2.47 0.10
Hindi 2.81 0.23 5.13 0.37 2.07 0.10
Latvian 1.77 0.87 4.73 0.40 2.29 0.10

         Table 2.   Sentence duration in the three languages with contrastive duration

   Sentences            A            B                                  C
   ›x SD    ›x              SD    ›x   SD

B. Portuguese 1.87 0.35 4.52 0.46 2.41 0.80
English 2.01 0.10 3.73 0.24 1.82 0.82
Cantonese 2.18 0.87 5.79 0.11 1.80 0.10

                    Table 3.     Sentence duration in the three languages with non-contrastive duration
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Sentence      Languages with non-contrastive duration
Ordering

B. Portuguese          English  Cantonese
            ›x SD          ›x        SD   ›x         SD
A 2.06 0.62 2.12 0.82 2.23 0.33
B 4.40 0.53 3.90 0.31 5.87 0.80
C 2.42 0.73 1.83 0.11 1.71 0.11

A 2.06 0.62 2.12 0.82 2.23 0.33
C 2.41 0.80 1.84 0.67 1.83 0.52
B 4.70 0.64 3.73 0.27 5.70 0.54

B 4.45 0.19 3.70 0.19 5.80 0.89
A 1.79 0.89 2.03 0.11 2.18 0.93
C 2.42 0.73 1.83 0.11 1.71 0.11

B 4.45 0.19 3.70 0.19 5.80 0.89
C 2.41 0.80 1.84 0.67 1.83 0.52
A 1.76 0.30 1.91 0.57 2.13 0.10

C 2.41 0.10 1.75 0.49 1.85 0.27
A 1.79 0.89 2.03 0.11 2.18 0.93
B 4.70 0.64 3.73 0.27 5.70 0.54

C 2.41 0.10 1.75 0.49 1.85 0.27
B 4.40 0.53 3.90 0.31 5.87 0.80
A 1.76 0.30 1.91 0.57 2.13 0.10

Par. Duration:
9.68 0.29 7.79 0.22 10.42 0.14

Table 4.   Sentence duration in relation to position within the
paragraph

On the basis of acknowledging the greatest degree of
variation as being in  the third sentence position,  this
variation may be assumed to have the function of timing
adjustment.  It may also be hypothesized that the duration of
the second intersentential pause facilitates that function.
Should this be the case, the explanation of the relatively
small standard deviation for paragraph duration may be sought
in the further presumption that the duration of the second
intersentential pause and the sentence in the third position
depends on the distribution of durations in the first two
sentences  and the length of the first intersentential pause.

This assumption appears to be substantiated in 48 out of
the 72 paragraphs.   While these results are by no means
conclusive,  the assumption is worth exploring on the basis
of additional data.   Two examples are presented below to
illustrate this tendency: one from Cantonese (in which
duration is non-contrastive), the other from Latvian (in which
duration is contrastive).

In Cantonese the average duration of the paragraph is
10.42 s (SD: 1.48 s).   In one of the paragraphs (duration
10.35 s)  the first and second sentences (C + A)  have 1.85 s
and 2.24 s duration ( ›x:  1.8 s and  2.18 s respectively).  The
first intersentential pause has a duration of 0.05 s.  The third
sentence (B) is 0.11s longer than the mean B duration, and the
pause preceding it is 0.41 s.

In  Latvian  the average duration of the paragraph is
9.36 s (SD: 264 s). In one of the paragraphs (duration  9.47 s)
the first and second sentences (B + A)  have 5.31 s and 1.73 s
duration ( ›x : 4.73 s and 1.77 s respectively).  The first
intersentential pause is 0.4 s.  The third sentence (C) is 0.24 s
shorter than the mean C duration and the pause preceding it is
0.15 s.

3.3.  Paragraph-Final Syllable Durations
As indicated above, paragraph-final syllable durations were
measured in order to establish whether preboundary
lengthening has the function of signalling the paragraph
boundary as stated in [2].  The hypothesis being tested in the
present project is that languages with non-contrastive
duration  can be expected to have durational increase in the
last syllable as a manifestation of preboundary lengthening,
whereas little durational increase may be expected in
languages with  contrastive duration.  The pattern that
emerges in comparing the two types of languages in this
respect bears out the hypothesis, although, as will be pointed
out  below,  the presence or absence of preboundary
lengthening in relation to the expected pattern does not
completely conform to the hypothesis.  In Table 5  mean
durations (in msec), with standard deviations associated with
paragraph final positions, will be presented in relation to the
mean of last syllable durations in all three sentence
configurations within the paragraph (= control duration);  this
is followed by a comparison summarizing the apparent
differences in the realization of duration in the last syllable
with regard to the two language types (Figure 2).

The data presented above suggests the presence of a
distinct pattern, one that emerges through  comparing the two
types of languages.  In the first type (where duration is
contrastive)  durational change associated with the last
syllable  appears to be less evident than in the second type
(with non-contrastive duration).   In the former type durational
changes indicate but a small increase or decrease (within the
range of +/-  40 msec), while in the latter  the range of
durational increase averages 135 msec.   The pattern thus
supports the assumption stated in Section 1 with regard to the
presence vs. absence of preboundary lengthening in relation
to the two language types.

                           Languages with contrastive duration Languages with non-contrastive duration
    

               Hungarian               Hindi                  Latvian             B. Portuguese         English              Cantonese

›x SD ›x SD ›x SD ›x SD ›x  SD ›x    SD

A. Contr.d. 131 11 160 27 285 21 101 14 245 40 293 38
PFD 127 10 171 20 290 20 101 18 289 20 255 40

B. Contr.d. 96 12 186 15 399 21 299 22 280 31 288 30
PFD 93 10 184 22 410 11 329 14 338 18 322 22

C. Contr.d. 260 23 194 22 130 16 285 30 270 28 272 62
PFD 274 21 178 17 109 12 339 17 337 21 204 48

Table 5.    Summary of paragraph-final syllable durations
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4.  DISCUSSION
The results of the above analysis  clearly indicate the need to
recognize two main tendencies with regard to the temporal
organization associated with the type of paragraph under
investigation.  The first of these tendencies is associated with
durational variations, depending on the positioning of the
three main constituents in the paragraph.  The durational
variations observed in the three sentences suggest that they
tend to conform to a definite pattern, thus supporting the
claim as to the existence of a definite durational target.  As
pointed out in Section 3.1,  these variations at the sentence
level are most evident in paragraph-final positions.  It was
also pointed out that the duration of the second intersentential
pause appears to be dependent on both the sum of the
durations of the two preceding sentences, and on the first
intersentential pause.  In evaluating these two observations --
greatest durational variation occurs in sentences in the third
position,  and last pause duration is apparently dependent
upon those of the preceding paragraph constituents -- it may
be suggested that they indicate the speakersÕ efforts to
ÒadjustÓ durations to a definite timing target.   This effort,
which is evident in both language types, appears to override
the variation in duration associated with sentences in different
positions. While this variation is present in both types of
languages, it is clearly evident that the degree of variability in
duration is different, being greater in languages with non-
contrastive duration.  It must be mentioned, however, that
Cantonese behaves somewhat differently:  durational
variation is noticeably less there than in the other two
languages with non-contrastive duration (see Section 3.1).
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Figure 2.   Summary of durational increase in the last syllable

The second of the main tendencies recognized in the
course of this analysis is the presence of durational increase in
the final syllable in languages with non-contrastive duration.
Two points need to be raised here. First, there is no durational
increase in Brazilian Portuguese in the last syllable of
sentence A.  This should not be considered as counter
evidence, however:  the syllable in question contains a vowel
undergoing reduction in word-final position.  The second
point, which is more puzzling, concerns Cantonese. In that
language  no preboundary lengthening is observed in
connection with sentences A and C;  also, while the mean
duration of the last syllables do imply the presence of
preboundary lengthening in sentence B,  the  high standard
deviation values associated with all three sentence types raise
questions concerning the validity of the results in connection
with sentence B.  It may be added that the existence of  pause

durations between paragraphs (averaging  0.29 s longer than
the average post-paragraph duration for English or Brazilian
Portuguese) show that in Cantonese, instead of preboundary
lengthening, the speaker used pause duration to indicate the
paragraph boundary. This assumption is in accordance with
that stated in [4], according to which preboundary
lengthening is only one of the possible prosodic means
available for  boundary signalling -- laryngealization and
post-paragraph pause durations could also be employed as
boundary signals.

5. CONCLUSION
The experiment reported on above was designed to further test
the hypothesis according to which speakers tend to conform
to a durational target.  Because the paragraphs recorded were
the same except for the ordering of the sentences, and because
the speakers were familiar with the text, it was justified to
assume the existence of such a durational target.  The
characteristics of the temporal organization realized in
connection with the six languages confirm the validity of this
assumption.  These findings may be summarized as follows:
(i)  the two tendencies -- durational variations realized in
connection with sentences in different positions and
intersentential pauses, and  the presence or absence of
preboundary lengthening -- appear to represent two different
mechanisms, the latter tendency not necessarily implying the
characteristic manifestation of the former; (ii)  both
tendencies are realized differently, depending on language
type (i.e., on whether duration is contrastive or non-
contrastive).

Because this pilot study utilizes a small data base, the
results should be considered as no more than exploratory.
Their implications, however, suggest the possible usefulness
of examining these issues on the basis of additional materials
and expansion of the scope of the study.  One of the first
issues that might be examined concerns segment duration
ratios in relation to durational variations in terms of the
position of sentences  within the paragraph.
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ABSTRACT

French rhythmic organization is characterized by a tendency for
both accentual and syllabic regularity. This apparent duality
results from the tendency in French to produce rather equal
rhythmic groups in terms of duration and number of syllables,
and when this can not be possible, to balance rhythmic groups
by introducing an initial (rhythmic) accent. However, the
different levels of timing realization are not equally solicited
according to speaking styles. Indeed, we show that the way in
which the different levels of prosodic constituency are affected
by rhythmicity contributes to put the different speaking styles
(from spontaneous to read speech) on a ‘metricity’ scale.

1.  INTRODUCTION
French rhythm is characterized by the coexistence of two
complementary accentual tendencies : a (melodic) word-initial
accentuation, comparable to English accentuation, and the
traditional word- or group-final accentuation marked by
lengthening [11, 10, 17, 7].

This apparent 'duality' of French accentuation is
complemented by two competing rhythmic tendencies. Like
English or Swedish, French is characterized by a tendency to
produce regular rhythmic groups (stress-timing), in spite of the
strong syllabic weight [9] responsible for the tendency towards
syllabic isochrony (syllable timing). This double rhythmic and
accentual identity leads us to consider French as a language for
which syllabic succession and accentual alternation [1]
constitutes its rhythmic specificity.

This view is consistent with more recent propositions on
the timing of languages. Indeed, several authors have
questioned in the past fifteen years the traditional dichotomy
initiated by Pike [16] and propose rather to consider that stress-
timing and syllable-timing coexist in languages [3, 4, 6, 9, 17].
This dual timing or rhythmicity has been described for English
[3, 4] and for French [18], two languages that have traditionally
been opposed prosodically as representing the archetypes of
stress-timing and syllable–timing respectively.

Besides, the rhythmicity of a language may vary according
to speaking styles. Some authors have maintained that read

speech and spontaneous speech are ruled by different
organizing principles. The inclination for read speech to favor a
metrical organization (i.e. the regularization of inter-stress
intervals), and for spontaneous speech to favor a rhythmic
organization (i.e. the production of contingent events), in this
view, reflects the difference between these two types of
encoding processes [14]. It has also been claimed that the
differences in encoding processes are also expressed by the
predilection for a level of actualization of rhythm, syllables
being more isochronic in read speech and breath groups being
more regular in spontaneous speech [17]. Guaïtella's and
Vaissière's proposals of a clear division between speaking
styles [14, 17] implicitly suggest that there is a specific
linguistic code for each speaking style.

We do not subscribe to this point of view. On the contrary,
we hypothesize the existence of a core linguistic system
common to various speaking styles. Stylistic variability would
then be expressed by variability in the degree of rhythmicity.
Moreover, following Couper-Kuhlen [5], we hypothesize that
rhythmicity can be found at different levels of the prosodic
structure. The way in which the different levels of rhythm
actualization are solicited according to speaking styles
contributes to the classification of the speaking styles on a
'metricity' scale (from + 'metrical' to – 'metrical' or + 'rhythmic').

This work will attempt to account for the specificities of
French rhythm through the comparison of various speaking
styles. We thus wish to provide a description of the rhythmic
patterns specific to French (core system) as well as the
rhythmic variability induced by read and spontaneous speech 's
encoding processes.
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2.  METHODOLOGY
2.1. Methodological frame and observation units
Rhythmicity in French will mainly be studied through the
analysis of two levels of metrical constituency : the Prosodic
Word (PW) and the Syllable.

The PW level allows us to account for the notions of
grouping and accentual alternation, while the Syllable level
accounts for the notions of succession and syllabic regularity,
considered as characteristic of French rhythm.

The breath group (BG) (delimited by two respiratory
pauses) will also be analyzed, as a unit of performance.

Two types of PW, adapted from Di Cristo's model [7], will
be considered (Figure 1) :

- the Simple PW, constituted by one Metrical Foot (MF)
delimited on the right by a final accent located either at a minor
prosodic boundary (Word-Final accent : WF) or at a major
(Intonation Unit) boundary, either terminal (IU-T) or non
terminal (IU-NT). Some PW may thus be congruous to the
upper metrical level, the Intonation Unit level.

- the Complex PW, constituted of 2 MF, the first MF being
delimited on the right by a Word-Initial accent (WI), the second
MF being delimited on the right by a final accent (WF, IU-T or
IU-NT).

 (           x            x                x) IU

 (   x       x) (   x     x)  (            x) PW

 (x  x)(x    x) (x  x)(   x)  ( x   x      x) MF

 un    ca-   ta-  logue    de   pro- messes      pour   les   femmes

Complex Prosodic Words Simple Prosodic Word

Figure 1. Representation of the levels of metrical constituency,
according to the metrical grid representation proposed by Halle
& Vergnaud [15]. The utterance is taken from one speaker of
the Interview style. (IU : Intonation Unit ; PW : Prosodic Word ;
MF : Metrical Foot).

Without fundamentally questioning the notion of metrical
foot (MF), we privilege the PW level insofar as it is a unit of
rhythmic integration that favors the formation of "accentual
arches" (Arcs accentuels, [10]). Following Fónagy [10], we
believe that, while favoring grouping by an initial (left)
marking of a first lexical unit and a final (right) marking of a
second lexical unit, the accentual arch is a rhythmic integrator
of lexical units. We believe that phonological rules of rhythmic
balancing, partaking of eurhythmy by alternating and arranging
stressed and unstressed syllables, operate within PWs.

Beside this central rhythmic constituent, we also integrate
in our research the constituent of lowest level in the metrical
hierarchy, namely the Syllable, and more precisely the
unstressed syllable (UN). Psycholinguists have indeed
described the unstressed syllable as a 'standard' syllable, the
duration of which constitutes a reference in the rhythmic
structure of the utterance [12, 13]. It is also supposed to be of

relatively stable duration in French, as opposed to stress-timed
languages (See [2] for a discussion and for a more detailed
presentation of the levels of metrical constituents).

2.2. Material and procedure
2.2.1. Material. Our investigation was carried out on 10
minutes of connected speech, consisting of three speaking
styles ((a) reading, (b) radio news broadcast, (c) interview),
each involving two speakers. Our speakers are all native
speakers of educated standard French.

The reading material (a) consists of a connected paragraph
extracted from a story, and was produced by two non
professional readers. The radio news broadcast (b) are coherent
excerpts produced by professional journalists from one of the
French national broadcast stations. Finally, the interview
material (c) involved two personalities discussing their work on
a French national radio station. We selected a coherent passage
of the interview for each speaker, consisting of the answer to a
question asked by the journalist. The three speaking styles will
henceforth be referred as ‘Reading’, ‘News’ and ‘Interview’
respectively.

The choice of 3 different speaking styles allows us to bring
to light the potential invariance as well as the part of variability
imputable to the difference in encoding processes (read vs.
spontaneous speech). The ‘News’ speaking style was chosen to
illustrate an intermediate speaking style, on a scale going from
more spontaneous speech (Interview) to non spontaneous
prepared speech (Reading).

2.2.2. Procedure. The recordings were transcribed without
punctuation. An expert was asked to locate all perceived
prominences, to mark non-terminal and terminal Intonation
Unit boundaries.

On a total of more than 2600 syllables, our corpus
comprises 786 prominences, i.e. as many Metrical Feet (MF),
630 Prosodic Words (PW) and 156 Breath Groups (BG).

Our experimental procedure is designed to investigate two
main points : (1) the rhythmic variability of constituency
levels ; (2) the relations between rhythmic reference units.

(1) In order to account for the regularity of events at the
same level of constituency, we choose to express the variance at
the levels of the unstressed syllable (UN), of the PW and of the
BG. This variance is expressed by the ratio of the standard
deviation to the mean duration of the constituents (coefficient
of variation) and is expressed in percent.

(2) We want to establish the relations of rhythmicity
between some reference units ('ground') and variable units
('figure')  :

- at the syllable level, we examine the duration ratio
between the unstressed syllable and the stressed syllables ;

- at the level of the constituents, we compare the duration
of the mean inter-stressed interval with the duration of the
entity 'Pause + Pre-pausal syllable' [8]. Unlike Fant et al.,
however, our inter-stress interval does not comprise the
stressed syllable, but only the unstressed syllables located
between two stressed syllables.
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3. RESULTS
3.1. Constituency and rhythmic variability
One way of evaluating the temporal stability of prosodic
constituents is to measure the percentage of dispersion around
the mean (in raw duration) of each constituent.

At the syllable level, the duration stability of unstressed
syllables informs us on syllabic regularity (syllable-timing).

At the Prosodic Word (PW) level, whether Simple (one
MF) or Complex (two MF), the coefficient of variation informs
us on accentual regularity, i.e. on the tendency for accents to
occur at regular intervals (stress-timing).

Figure 2 displays the coefficients of variation at the
various constituency levels, for the three speaking styles.
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40

50
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Interview Reading News

Speaking styles

(%)

UN Simple PW Complex PW Breath Groups

Figure 2. Coefficients of variation (ratio of the standard
deviation to the raw duration mean, in percent) and levels of
constituency, by speaking styles (UN : Unstressed syllables ;
Complex PW : accentual arch).

The results indicate that the variability margin is on
average less important at the Prosodic Word level (whether
Simple or Complex) than at the Unstressed syllables and
Breath Groups levels. This tendency is in agreement with
stress-timing or accentual isochrony in French [9]. Within the
PW level, Complex PW are clearly more regular than Simple
PW, specifically when considering the Interview style. These
results lead us to consider that the standard or reference
rhythmic unit could be the Complex PW, thus granting the
accentual arch a major role in the rhythmic cohesion of word
groups.

Furthermore, the Breath Group level is the most variable
and thus does not seem to constitute a privileged rhythmic unit
even for spontaneous speech as was proposed by [17].

It is interesting to note that the Reading style presents a
lesser variability than the News and Interview styles
respectively, at all levels of the prosodic hierarchy. This
statement leads us to conclude that what distinguishes read
speech from spontaneous speech is not so much the choice of a
specific level of rhythm actualization [17], but rather the
tendency for read speech to express regularity at all levels of
the prosodic hierarchy. The difference in encoding processes is

thus manifested by the degree of regularity (variance span) and
by the superposition of the levels of rhythmicity.

3.2. Reference units of the rhythmic organization
One may assume that the role of the Unstressed Syllable as a
reference syllable is less important for spontaneous speech,
since the variability is greater at this level for this speaking
style (cf. § 3.1). One may also assume that the contrast between
unstressed and stressed syllables may be more or less important
according to speaking styles. Now, when calculating the ratio
between the duration of stressed syllables (all accentual
categories combined) and the unstressed syllables for each
speaker, the same result comes up (1.7) irrespective of
speaking styles. The Unstressed syllable thus fully represents a
reference value for the rhythmic structure of utterances,
including for spontaneous speech. The proportion it maintains
with stressed syllables does not contribute to the rhythmic
distinction between speaking styles. This figure (1.7)
corresponds exactly to the results Fant et al. [9] obtained for
read sentences in French.

It appears that the main distinction induced by the
difference between encoding processes lies in the organization
of grouping and pauses. Thus, still according to Fant et al. [8,
9], a rhythmically sensitive reader tends to plan pauses +
associated prepause lengthening to be of proportional length
(multiple integer) to mean inter-stress intervals ('free foot').

Our own reference inter-stress intervals are delimited by
Word-final accents, closer to what Fant et al. call the 'free foot',
since it is generaly never followed by a pause. We choose the
mean duration of accent category UI-NT as prepause syllable
(co-occurrent to prepause lengthening in French), since they are
followed by pauses by over 80% of the cases in our corpus.

Results show that all speakers, except the male speaker of
the Interview style, have clear rhythmic balancing strategies.
Analysis of the results concerning the News speaking style as
well as the female speaker of the Interview style show that
there is a relation of proportional duration between the
rhythmic units, the pause + prepause syllable being twice as
long as the mean rhythmic inter-stress interval. For the Reading
style, this relation is triple, pauses for this speaking style
having a much greater duration than the other speaking styles
(around 600 ms compared to 300 ms).

According to Fant et al. [8, 9], the tendency to produce
rhythmic units in a proportional relation to one another is an
indication of stress-timing in French, accentual isochrony being
highlighted by pauses. This tendency is not restricted to
reading, but extends also to professional speech and partly to
spontaneous speech.
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4. DISCUSSION AND CONCLUSION
Our investigation was designed to test 3 hypotheses  :

(1) Stress-timing and syllable-timing coexist in French ;
(2) A core linguistic system is common to speaking

styles ;
(3) Stylistic variability is expressed by the degree of

rhythmicity at various levels of the prosodic structure,
which contributes to the classification of speaking
styles on a 'metricity' scale.

Our results are in agreement with the predictions inferred
from our hypotheses. Indeed, we showed that the tendency to
regularize inter-stress intervals is characteristic of French
rhythm along with and in competition with the tendency for
syllable-timing : the most obvious example is the Reading style
for which both aspects strongly interact (cf. § 3.1). The greater
duration stability of Complex Prosodic Words for all speaking
styles and particularly for the Interview style lead us to
seriously question the traditional prosodic descriptions of
French as a syllable-timed language mainly characterized by
'boundary lengthening'. On the contrary, it appears that stress-
timing may be even more salient than syllable-timing,
especially for spontaneous speech.

Our second hypothesis concerning the existence of a core
linguistic system is also verified. Indeed, our results show that
some rhythmic 'figures' are common to the three speaking
styles. First, rhythmic balancing is a general tendency (see §
3.2) : at the syllable level, the relation between stressed and
unstressed syllables show a constant duration ratio (1.7), while
at the group level, the relation between rhythmic constituents
(PW and Pause + prepause syllable) is proportional,
irrespective of speaking styles. Secondly, the Complex Prosodic
Word appears to be a major reference rhythmic unit in the
prosodic structure, since it is the most stable constituent across
speaking styles. This lead us to consider the Complex PW as a
proper metrical constituent in the French linguistic system.

Thus, concerning our third hypothesis, it appears that
some parameters of the linguistic system are common to
speaking styles, the stylistic variability affecting only the
dimensions of these parameters. Therefore, in the light of our
results, we can not subscribe to the hypothesis according to
which read speech favors a 'metrical' organization (regularity)
whereas spontaneous speech favors a 'rhythmic' organization
(variability) [14]. Rather, our results show that speaking styles
are located on a continuous 'metricity' scale : metrical and
rhythmic tendencies seem to coexist to various degrees and at
different levels throughout speaking styles. More precisely,
Reading presents a greater regularity at all levels of prosodic
constituency, whereas the Interview style, representative of
spontaneous speech, demonstrates some sort of regularity
mainly at the level of the Complex PW. The difference in
encoding processes is thus manifested by the degree of
regularity  and by the superposition of the levels of rhythmicity.
It is interesting to note that the News style is intermediary
between the Reading and the Interview styles with respect to
rhythmicity. It thus appears that the 'metricity' scale is somehow
congruous to the 'spontaneity' scale (cf. 2.2.1).
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ABSTRACT

Recent models of French accentuation hypothesize the existence
of a Rhythmic Word Initial (RWI) accent distinct from emphatic
or pragmatic (word-initial) accents. This paper presents acoustic
correlates (f0 and duration) characterizing the RWI accent and
also describes a perceptual investigation designed on the basis
of these data. This investigation aims at testing hypotheses
concerning the existence of an underlying accentual
representation specifically associated with the initial syllable of
lexical items and concerning the rhythmic motivations of the
actualization of this representation. In an accent detection task
we varied the Onset duration of a syllable so as to induce the
perception of an accent. This syllable was localized in various
positions inside a lexical item and embedded into two different
rhythmic contexts (defined in terms of syllabic inter-accentual
distance). Results show significantly higher detection rates in
word initial position and for wide inter-accentual intervals.

1.  INTRODUCTION
On the basis of results from experimental research on the
acoustic properties of the initial rhythmic accent in French, we
propose to verify some hypotheses on the role played by this
accent in the metrical representation of French through a
perceptual experiment.

Recent studies [8, 11, 13] have brought to light the
emergence of a word-initial accent in French, the origin of
which is difficult to evaluate precisely (cf. [6] for a discussion).
Although it is found in different discourse types, the initial
accent is more frequent in TV- and Radio-News Broadcast, as
well as in conferences. It is however complementary to final
accentuation which remains a major characteristic of French
prosody. The initial accent has often been interpreted as an
emphatic accent with an expressive [16] or didactic function
[12]. For some authors however it represents an essential metric
component of the phonological representation of French prosody
[9, 14]. In an attempt to model French accentuation, Di Cristo
[6] considers that the initial accent belongs to an intermediate
underlying representation of the word in French. This potential
accent can be projected onto the level of the surface structure
either as :

- a rhythmic (word-initial) accent (RWI), motivated by the
tendency to favor eurhythmy, as in "des souliers noirs" (Black
shoes);

- an emphatic (word-initial) accent (EWI), also called
accent of insistence, as in "c'était fantastique" (it was fantastic);

- or as a pragmatic (word-initial) accent (PWI), intended
to signal the beginning of word groups that the speaker wishes
to highlight within his message, as in "… car c'était des

personnalités étrangères qu'il avait rencontrées" (because he had
met foreign personalities)

It would be interesting to see how far these three types of
accents possess distinctive phonetic characteristics. In this study
however, we shall only be concerned with the acoustic,
rhythmic, and perceptual properties of the Rhythmic Word-
Initial (RWI) accent.

Section 2 presents the results of an extensive multi-style
analysis of RWI accents [2]. It appears from this study that,
although this type of accent has long been typically considered a
"pitch accent" [17], duration correlates are relevant in the
description of RWI accents. Indeed, a closer look at the
distribution of lengthening across the different syllabic
constituents (Onset, Nucleus and Coda) reveals that RWI
accents are characterized by a typical lengthening strategy,
extremely robust throughout speaking-styles, that contributes to
distinguishing RWI accents from word-final accents.

On the basis of these duration characteristics of RWI
accents, Section 3 is designed to test the following 2 hypotheses
from a perceptual point of view:

- H1: the RWI accent belongs to the phonological
representation of French prosody.
- H2: the actualization of this representation is motivated

by eurhythmic constraints.

2.  ACOUSTIC PROPERTIES OF THE RHYTHMIC
WORD-INITIAL ACCENT (RWI)

Results in this section are extracted from Astésano [2], who
investigates the physical parameters of accentuation in French.

2.1.  Material and experimental procedure
Our investigation was carried out on 10 minutes of connected
speech, consisting of three speaking styles ((a) reading, (b) radio
news broadcast, (c) interview), each involving two speakers.
Our speakers are all native speakers of educated standard
French.

The choice of 3 different speaking styles allows us to bring
to light the potential duration invariance as well as the part of
variability imputable to the difference in encoding procedures
(read vs. spontaneous speech).

The recordings were transcribed without punctuation. An
expert was asked to locate all perceived prominence, to mark
emphatic accents and non-terminal and terminal Intonation Unit
boundaries. The syllables were classified into 6 categories:
Emphatic Word-Initial (EWI), final in a Non-Terminal
Intonation Unit (IU-NT), final in a Terminal Intonation Unit
(IU-T), Rhythmic Word-Initial (RWI) and Word-Final (WF).
The remaining syllables were labeled as unaccented (UN). Our
corpus totals approximately 2600 syllables.
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The excerpts were digitized at 16 kHz and labeled
phonemically and in syllables by hand. In order to analyze the
duration parameters, each constituent of the syllable was then
coded as Onset, Nucleus or Coda. The duration of the different
syllable constituents was measured and the raw data was
normalized using the Z transform method [5], with the phonemic
means and standard deviations calculated separately for each
speaker.

The fundamental frequency was modeled with a quadratic
spline function using an automatic modeling algorithm [10] with
manual corrections. The modeled f0 is represented by a
sequence of target points <ms;Hz> corresponding to relevant
local variations. A set of three target points defines the tonal
configurations (typically rise-fall configurations), capturing their
dynamic aspects.

The results presented below are mainly concerned with the
acoustic invariant in terms of f0 and duration, common to the 3
speaking styles.

2.2.  F0 correlates
As far as f0 variations are concerned, it appears that rhythmic
initial accents (RWI) can be distinguished from word final
accents (WF) on the basis of the general shape of their tonal
configurations. Indeed, initial accents exhibit asymmetric
configurations, whereas they are symmetric for final accents, the
slope of the fall (right slope) being less abrupt for the former
than for the latter. Moreover, tonal configurations associated
with RWI accents spread over many syllables (largest syllabic
span of all accent categories), meaning that no major f0
variations occur in their close vicinity. This may indicate that
RWI accents occur when 2 major accents are separated by many
unaccented syllables, thus confirming that the actualization of
the RWI accent is motivated by eurhythmic constraints (see [3]
for more details).

2.3.  Duration correlates
As a general tendency, RWI and WF accents have similar global
syllable duration, which is quite unexpected considering that the
RWI accent has been described as a 'pitch accent' and WF as an
'accent of duration'. This tendency is robust to changes in
speaking styles. What distinguishes these two types of accents
however is the distribution of the differential lengthening (p-
value = 0.0366). Indeed, lengthening is distributed differently
across the syllabic constituents (Onset and Rime) depending on
whether the accent is word-initial or word-final: a greater
lengthening of the Onset is characteristic of word-initial accents,
whereas a greater lengthening of the Rime elements is more
characteristic of word-final accents (Figure 1). This tendency is
also robust to changes in speaking styles (see [1] for more
details).
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Figure 1. General tendencies of differential lengthening of
syllabic constituents (Onset and Rime) across accent categories,
for 3 speaking styles (Accent categories : WF = Word-Final;
RWI = Rhythmic Word-Initial; IU-NT = final in a Non Terminal
Intonation Unit; IU-T = final in a Terminal Intonation Unit; EWI
= Emphatic Word-Initial). Duration is normalized in Z.

To summarize, the main results concerning the acoustic and
rhythmic properties of the RWI accent, which prove speaking-
styles independent, are twofold:

- the RWI accent occurs to favor eurhythmy;
- the RWI accent is characterized by a typical infra-

syllabic lengthening strategy, which distinguishes it from WF
accent type, the syllable lengthening being mainly supported by
the Onset constituent.

The following experiment is designed to give perceptual
support to these results.

3.  PERCEPTUAL EXPERIMENT
3.1.  Introduction
Hypotheses H1 and H2 developed in section 1 lead to the
prediction that, within an accent detection task, an increase of
the Onset duration should involve a better accent detection for a
syllable in a Word-Initial position than for a syllable located in
another position. It is also predicted that the longer the distance
between this initial syllable and the subsequent phrase final
accent, the stronger this effect should be. Our aim is to verify
these predictions and thus the hypotheses from which they are
inferred.

3.2.  Material and procedure
3.2.1. Introduction. The experiment described below is an
accent detection task. This task is carried out on a Target
Syllable (TS) under various experimental conditions. Three
factors determine these experimental conditions:

- Step factor (S): the duration of the TS Onset is taken
from a range of increasing steps covering the typical values
observed for unaccented syllables until the most important
values observed for RWI accents.

- Position factor (P): the TS can be either the Initial (I),
Middle (M) or Final (F) syllable of a lexical word. The Initial
position is expected to be associated with a phonological
representation of accentuation involving an increase of the Onset
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duration, while the Final position would rather involve an
increase of the Rime duration. The Middle position is not
expected to be associated with any accentuation representation.
This factor is designed to test hypothesis H1.

- the Rhythmic Context factor (RC): the distance between
the TS and the following phrase final accent can be of one
unaccented syllable (Narrow RC) or of two unaccented syllables
(Wide RC). This factor is designed to test hypothesis H2.

3.2.2.  Material. The experimental material is thus constituted
of 6 phrasal conditions (Table 1) in which Position (P) and
Rhythmic Context (RC) factors are crossed.

For each condition, the duration of the Target Syllable's
(TS) Onset varies from 70 ms to 123 ms by 16 steps of 5%
increase rate (Step factor). The Nucleus of the TS has a constant
duration of 63 ms. All other syllables have constant
characteristics: unaccented syllables have an Onset duration of
70 ms and a Nucleus duration of 63 ms; phrase final accented
syllables have a duration of 90 ms for the Onset consonant, of
120 ms for the Nucleus and of 95 ms for the Coda consonant.
Provided the disparities of intrinsic duration between macro-
classes of segments and the co-intrinsic variations, the first /l/
had to be shortened to 50 ms [15]. The lexical item carrying the
TS (i.e. “toccata”) was chosen so as to minimize that kind of
constraint.

Melodic factors were neutralized as much as possible. The
f0 curve was built on three values linked by a linear
interpolation, 105 Hz, 100 Hz and 80 Hz respectively assigned
to the initial, penultimate and final syllables of each phrase. The
duration and f0 values of the phrase final accented syllable are
typical characteristics of an intonation unit terminal boundary.

The duration and f0 values used in this study are taken
from the data of [1, 2, 3].

The 96 stimuli (16 Steps * 3 Positions * 2 Rhythmic
Contexts) were synthesized using the diphone synthesis MBROLA

[7].

Position Rhythmic Context Phrasal conditions
IN Initial Narrow la toccaTA

IW Initial Wide la toccata RUSSE

MN Middle Narrow la toccata RUSSE

MW Middle Wide la toccata de BACH

FN Final Narrow la toccata de BACH

FW Final Wide la toccata poloNAISE

Table 1. Phrasal conditions used in the accent detection
experiment (“the {Ø; Russian; Bach; Polish} toccata”). Bold,
underlined characters indicate the Target Syllable; bold, capital
characters indicate the phrase final accented syllable.

3.2.3.  Procedure. Stimuli were presented in an accent
detection task in a “Yes/No” paradigm. The assessment test
software ASTEC [4] was used to present stimuli and record
answers.

For each trial, one of the 6 phrasal conditions was
presented on a computer screen, the Target Syllable being
capitalized. The corresponding stimulus was presented after 2
seconds through headphones. The subject then had to judge

whether the TS was accented or unaccented. No stimulus
repetition was allowed.

A training session involving 12 trials was presented. The
12 trials comprised the different phrasal conditions, as well as
the lowest, median and highest steps (namely steps 01, 09 and
16).

The test was composed of 3 blocks of 96 randomized
presentations (that is to say 288 presentations per session). Each
session was about 25 minutes long, and two pauses were
allowed between blocks. 16 subjects (8 students in phonetics
and 8 non phonetician students or staff members) individually
took part to the experiment. A preliminary analysis indicated
that the answers of one non phonetician subject significantly
differed from all other subjects’ answers and were discarded.

3.3.  Results
ANOVAs were carried out on the 4320 answers collected. Two
major results emerge: 1. the accent detection rate varies as a
function of the Position of the Target Syllable; 2. the accent
detection rate varies as a function of the combination of the
Position and Rhythmic Context factors.

3.3.1.  Effect of the Position factor on the accent detection
rate. In a three-way ANOVA, at a 5% threshold, the Step factor is
significant (p-value < 0.0001). This analysis indicates that the
rate of accent detection increases as a function of the TS Onset's
lengthening. The Position factor is also significant (p-
value < 0.0001). This analysis indicates that the rate of accent
detection in Initial position is 22.2% higher than in Middle
position (p-value < 0.0001) and 23.4% higher than in Final
position (p-value < 0.0001). The detection rate for the Middle
position is 1.2% higher than the one for the Final position and
this difference is not significant (p-value = 0.4913). The
Rhythmic Context factor is not significant (p-value = 0.5969)
but the interaction between the RC and Position factors is
significant (p-value = 0.0073). We therefore performed 3 two-
way ANOVAs (Step * Rhythmical Context) in order to test the
influence of the RC in each Position condition (Initial, Middle
and Final).

3.3.2.  Effect of the Rhythmic Context on the accent
detection rate for each Position condition. The Step factor
remains significant in any position (p-value < 0.0001). In Initial
position, the Rhythmic Context factor is significant (p-
value = 0.0131), the rate of accent detection being 5.4% higher
in Wide RC than in Narrow RC. In Final position, the Rhythmic
Context factor is not significant (p-value = 0.4512). In Middle
position, the Rhythmic Context factor is also significant (p-
value = 0.0398), the rate of accent detection being 5,1% higher
in Narrow RC than in Wide RC. These results call for a
comment: it may seem awkward that the RC factor should be
significant for this position, since accentuation in a Middle
position is not phonological in French (cf. section 3.2.1.).
However, this effect is low (detection rate: 53,5% for MN),
compared to 70,4% for IN, and 75,8% for IW.
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3.4. Discussion
These results globally confirm the predictions inferred from
hypotheses H1 and H2. Subjects showed better performance of
accent detection for Onset lengthening in Word-Initial position
than in Middle or Final position (Figures 2 and 3). The more
distant the Word-Initial syllable from the subsequent accented
syllable, the more reinforced this effect.

However, as shown in Figure 2, subjects tend to detect an
accent in Initial position with a probability around 0.5 even for
null (Step 01) or negligible duration increases (Steps 02 or 03
for instance). This probability corresponds to answers given at
random, indicating that hearers expect to find an accent in this
position. This expectancy may thus be interpreted as
phonological.

4. CONCLUSION
In this study, we presented acoustic data highlighting the
specific characteristics of the RWI accent. These data emphasize
the relevance of duration parameters, namely differential
lengthening across the syllabic constituents, in the
characterization of RWI accents and its distinction from word-
final accents.

On the basis of these results, a perception experiment was
carried out to test 2 hypotheses concerning the phonological
status of the RWI accent. The results lead us to interpret the
strong probability of detection of an accent in initial position
(even for lowest steps of Onset lengthening) as the consequence
of an expectancy on the part of the hearer. This expectancy is
consistent with the hypothesis of a mental representation of the
initial accent in French. It is also consistent with the fact that
the actualization of initial accentuation is motivated by
eurhythmic constraints. Thus, these results tend to confirm the
existence of a proper rhythmic function of Word-Initial accents
in French, distinct from emphatic or pragmatic expressions of
initial accentuation.
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Figure 2. Accent detection probabilities in Initial position by
steps of increasing duration and Rhythmic Context.

Figure 3. Accent detection probabilities in Middle and Final
positions by steps of increasing duration and Rhythmic
Context.
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ABSTRACT
Speech timing at different speaking rates was studied for the
Slovenian language and the results were applied in the two level
duration prediction model in the SQEL Slovenian text-to-speech
system S5 [1].

In order to provide the synthesiser with the possibility to
pronounce input text with several speaking rates, tests were made
to study the impact of speaking rate on syllable duration and
duration of individual phones and phoneme groups for the
Slovenian language.

1. INTRODUCTION
Regardless of whether the duration units are words, syllables or
phonetic segments, contextual effects on duration are complex
and involve multiple factors [2,3,4].

Results of perception experiments show that tempo variation
contributes significantly to the perceived naturalness of speech
[5]. In order to enable the synthesiser to pronounce input text
with several speaking rates, tests were made to study the impact
of speaking rate on syllable duration and duration of individual
phones and phoneme groups.

For prosody prediction in the SQEL Slovenian Speech
Synthesis System (S5), we use a two-level approach to duration
modelling. The levels correspond to the two levels of durational
control [6,7]: the extrinsic and the intrinsic one. Units of word
length are said to have a set of intrinsic durations, stored in our
mental lexicon. As these units are integrated into larger entities,
such as phrases, they get stretched and squeezed in accordance to
larger speech demands, which correspond to an extrinsic level of
durational control.

We first determine the words' intrinsic duration, taking into
account factors, relating to phone segmental duration, such as:
segmental identity, phone context, syllabic stress and syllable
type: open or close syllable.

Further, the extrinsic duration of a word is predicted,
according to higher-level rhythmic and structural constraints of a
phrase, operating on the syllable level and above. Here the
following factors are considered: the chosen speaking rate, the
number of syllables within a word and the word's position within
a phrase, which can be phrase initial, phrase final or nested
within a phrase.

Finally, the intrinsic segment duration is modified, so that
the entire word acquires its predetermined extrinsic duration. A
method for segment duration prediction was developed, which
adapts a word with an intrinsic duration to the desired extrinsic
duration, taking into account how stretching and squeezing apply
to duration of individual segments [8,9].

It is to be noted, that stretching and squeezing does not
apply to all segments equally. Stop consonants, for example, are
much less subject to temporal modification than other types of
segments, such as vowels or fricatives.

To apply the two level approach, different aspects of phone
and syllable duration have to be measured, especially the
influence of speaking rate on phone and syllable duration.

2. SPEECH CORPUS
A large continuous speech database was recorded to study the
impact of speaking rate on syllable duration and duration of
phones and phoneme groups in the Slovenian language.

When reading the same text at different speaking rates, it is
possible to obtain phone realisations that differ only in duration.
Thus context, stress and all other factors are kept identical to
every realisation of the sentence. As a result, pair-wise
comparisons of phone duration can be made.

We opted for a relatively long text of 172 sentences derived
from the Slovenian speech database GOPOLIS [10], covering the
domain of air timetable information retrieval (Table 1):

speech
rate

number of
sentences

number of
words

number  of
phones

Normal 172 1.400 5.433
Fast 172 1.400 5.433
Slow 172 1.400 5.380
Total 516 4.200 16.246

 Table 1. GOPOLIS database. Number of sentences, words and
phones for the three speaking rates.

A male speaker was instructed to pronounce the same
material at different rates: at a normal rate, very slow and as fast
as possible. Reading the text took:

normal rate 7 minutes 32 seconds
fast rate 5 minutes 45 seconds
slow rate 12 minutes 55 seconds

When pronuncing the text, the speaker kept the speaking
rate rather constant, as it can be seen from Table 2, showing the
phone duration variation. Phone duration variation was evaluated
for a given speaking rate by averaging phone duration differences
for words, which occured in the corpus several times, in the same
phonetic environment and in the same type of phrase.
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Figure 1. Pair-wise analysis: normal rate - slow rate. Normalised mean duration difference for pairs
of phone realisations in the phoneme group context.

An average absolute phone duration difference of 5.3 ms
with a standard deviation of 8.2 ms was obtained for different
realisations of the intial part of the phrase Ob kateri uri ...,
meaning At what time ... for the normal speaking rate (Table 2).

As in [11], the speech material was initially labelled using a
Hidden Markov model speech recogniser for the Slovenian
language in forced segmentation mode. The obtained labels were
manually corrected using a special visual interface we developed
for viewing, editing and labelling speech signals.

speech
rate

average absolute
phone duration
difference [ms]

standard
devation

[ms]

normal 5.3 8.2
fast 4.0 6.4
slow 13.8 20.6

Table 2. Phone duration variation for the phrase Ob kateri uri
given in form of average absolute phone duration difference and

the standard deviation.

3. PHONE DURATION
The effect of speaking rate on phone duration was studied in a
number of ways.

An extensive statistical analysis of lengthening and

shortening of individual phones, phoneme groups (nasals, liquids,
plosives, fricatives) and phone components (closures, bursts) was
made, the first of this kind for the Slovenian language.

Pair-wise comparisons of phone duration were calculated.
Average mean duration differences and standard devations were
calculated for pairs of phones pronounced at different speaking
rates.

Prior to the comparison, phone duration was normalised to
the corresponding normal rate phone duration. Pairs were first
composed of normal and slow rate phones, and later of fast and
normal rate phones. Figures 2 and 4 give the results of these pair-
wise comparisons and show in what extent the average phone
duration when speaking or slow or fast increases or reduces with
respect to its normal rate duration.

Closures of plosives change but slightly and maintain almost
the same duration regardless of the speaking rate. Affricate
closures exhibit an interesting behaviour, since they lengthen
considerably, whereas they do not shorten at all.

The opposite holds for affricate bursts, together with their
corresponding fricatives. In the fricative group, voiced fricatives
change more than unvoiced ones. Short vowels, contrary to long
vowels, increase more in duration when speaking slower than
they shorten when speaking faster.
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normal speech rate: articulation rate [syllable/s]

number of syllables 1 2 3 4 5 6 7 8
isolated word 3.03 4.27 5.44 6.02 7.76
phrase initial word 4.26 6.33 7.11 7.18 8.76
word within a phrase 5.42 5.80 6.41 6.78 7.20 6.73 7.16 7.25
phrase final word 3.19 4.47 5.05 5.65 5.94 6.69 6.03 6.11

slow speech rate: articulation rate [syllable/s]

number of syllables 1 2 3 4 5 6 7 8
isolated word 1.39 1.87 2.48 2.43 3.08
phrase initial word 1.86 2.64 3.16 3.30 4.02
word within a phrase 2.25 2.72 3.25 3.55 3.75 3.76 4.34 3.82
phrase final word 1.56 2.13 2.59 2.92 3.02 3.25 3.46 3.92

fast speech rate: articulation rate [syllable/s]

number of  syllables 1 2 3 4 5 6 7 8
isolated word 5.24 6.08 6.60 7.38
phrase initial word 6.02 8.16 8.75 8.86 9.63
word within a phrase 6.90 6.93 7.49 7.78 8.46 8.11 7.80 8.12
phrase final word 3.89 5.30 6.08 6.65 7.15 8.39 7.07 7.29

Table 3. Articulation rate expressed in syllables per second, given for speech units in different phrase positions, different lengths (number
of syllables in the word) and for three speaking rates: normal, fast and slow.

From these observations we may draw a conclusion: phones
or phone components, which are considered as short by nature
(except for bursts of plosives), increase more in duration at a
slow rate than they shorten at a fast rate. The opposite holds for
affricates and long vowels.

4. SYLLABLE DURATION AND ARTICULATION RATE
Articulation rate, expressed as the number of syllables per second
[12], excluding silences and filled pauses, was studied for the
three different speaking rates for different word positions within
a phrase: isolated, phrase initial, phrase final and nested within a
phrase.

Figure 2 shows articulation rate, given in number of
syllables per second, plotted as a function of word length, given
in number of syllables, and the word position in a phrase. The
shown values apply for normal speaking rate.

The articulation rate immediately after pauses is higher than
the one prior to pauses. This prepausal lengthening may be
attributed as a slowing down of the speech in anticipation of a
pause [12]. The articulation rate increases with longer words as
average syllable duration tends to decrease with more syllables in
a word. The same observations hold for fast and slow speaking
rate (Table 3) [9].

We observed that in case atona are associated to their
neighbouring words, articulation rate adopts a quasi-logarithmic
contour, which can be described parametrically, as in [13].
Isolated words and those following a pause differ from this rule
for words with more than four syllables, of which only a few
realisations were available.

Figure 2. Articulation rate in number of syllables per second is
shown for different word positions within a phrase.

5. CONCLUSION
Measurements of different durational parameters of Slovenian
phones and syllables are presented and discussed. The results
were directly applied in the two level approach for duration
prediction in the Slovenian speech synthesiser S5.

A comprehensive perceptual evaluation of the quality of the
resulting synthetic speech was performed, according to ITU-T
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Recommendation P.85 [14], describing a method for subjective
performance assessment of the quality of speech voice output
devices. In the evaluation different duration modelling methods
were compared. The two-level duration prediction method based
on the measurements discussed in this paper proved to yield the
most natural sounding synthetic speech [9].
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ABSTRACT
For the Slovene language, only a few studies of segmental
prosodic parameters performed on a representative speech corpus
have been reported so far. The most comprehensive and carefully
designed is the work of T. Srebot-Rejec, providing an insight into
Slovene vowel duration and fundamental freqency on the
segmental as well as on the suprasegmental level (under the
influence of sentence intonation) [1].

We used the study of T. Srebot-Rejec as a reference and
repeated some of her measurements of vowel duration and
fundamental frequency, with a new speaker. We wanted to check
whether we could verify her findings and explanations on the
nature of word accent and vowel duration in Standard Slovene.
On the other hand, we were looking for a relevant parameter set
for prosody prediction in the SQEL Slovene Speech Synthesis
System S5 [2,3].

1.  INTRODUCTION
A number of studies suggest that prosody has great impact on the
intelligibility and naturalness of speech perception. Only the
proper choice of prosodic parameters, given by sound duration
and intonation contours, enables the production of natural-
sounding high quality synthetic speech.

Regardless of whether the speech units are words, syllables
or phonetic segments, contextual effects on phone duration and
fundamental frequency are complex and involve multiple factors
[4,5,6]. Prosody measurements on representative speech corpora
are essential for extracting prosodic parameters to build relevant
prosody models for a speech synthesis system.

For Standard Slovene, only a few studies of segmental
prosodic parameters performed on a representative speech corpus
have been reported so far [7,1,8,9]. The most comprehensive and
carefully designed is the work of T. Srebot-Rejec, providing an
insight into Slovene vowel duration and fundamental freqency on
the segmental as well as on the suprasegmental level (under the
influence of sentence intonation) [1].

We used the study of T. Srebot-Rejec as a reference and
repeated some of her measurements of vowel duration and
fundamental frequency (F0), with a new speaker. We wanted to
check whether we could verify her findings and explanations on
the nature of word accent and vowel duration in Standard

Slovene. On the other hand, we were looking for a relevant
parameter set for prosody prediction in the SQEL Slovene
Speech Synthesis System S5 [2,3].

2. PROSODY PREDICTION IN S5
For prosody prediction in the S5 speech synthesiser we use a
two-level approach for both duration and F0 modelling. The
prosody prediction process consists of four phases:
• intrinsic duration assignment,
• extrinsic duration assignment,
• modelling of the intra word F0 contour and
• assignment of a global intonation contour.

2.1. Duration Modelling
In our two-level duration model the levels correspond to the two
levels of durational control [10]: the extrinsic and the intrinsic
one. Units of word length are said to have a set of intrinsic
durations, stored in our mental lexicon. As these units are
integrated into larger entities, such as phrases, they get stretched
and squeezed in accordance to larger speech demands, which
correspond to an extrinsic level of durational control.

We first determine the words' intrinsic duration, taking into
account factors, relating to phone segmental duration, such as:
segmental identity, phone context, syllabic stress and syllable
type: open or closed syllable.

Further, the extrinsic duration of a word is predicted,
according to higher-level rhythmic and structural constraints of a
phrase, operating on the syllable level and above. Here the
following factors are considered: the chosen speaking rate, the
number of syllables within a word and the word's position within
a phrase, which can be phrase initial, phrase final or nested
within a phrase.

Finally, the intrinsic segment duration is modified, so that
the entire word acquires its predetermined extrinsic duration. A
method for segment duration prediction was developed, which
adapts a word with an intrinsic duration to the desired extrinsic
duration, taking into account how stretching and squeezing apply
to duration of individual segments [3,11].

To apply the two-level approach, different aspects of phone
and syllable duration have to be measured, e.g. intrinsic phone
duration, syllable duration, the influence of speaking rate on
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duration of speech units. This paper concentrates mainly on
measurements of intrinsic phone duration in Standard Slovene.

2.2. F0 Modelling
Since Standard Slovene is considered to be a pitch accent
language [1], special attention was paid to the prediction of
tonemic accents for individual words.

First intrinsic vowel fundamental frequencies were
determined according to previous measurements as suggested in
[6], creating the F0 backbone. Each stressed word was assigned
one of the two tonemic accents, characteristic for the Slovene
language. The acute accent is mostly realised by a rise on the
posttonic syllable, while with the circumflex the tonal peak
usually occurs within the tonic. Five typical F0 patterns were
chosen from the variety of F0 patterns described in [1]. Finally a
linear interpolation between the defined F0 values was
performed.

We used a relatively simple approach for prosody parsing
and the automatic prediction of Slovene intonational prosody
which makes no use of syntactic or semantic processing, but
rather uses punctuation marks and searches for grammatical
words, mainly conjunctions which introduce pauses. In the paper
we describe measurements of intrinsic vowel fundamental
frequency which were later used to initialize the F0 contour for a
word.

3. SPEECH CORPUS

3.1. Vowel Duration and F0
A speech database consisting of logatoms, carefully chosen by a
phonetician, was recorded in order to study different effects on
vowel duration and F0, which operate on the segmental basis in
Standard Slovene. The same speaker FM was used who had
previously recorded the diphone database and the continuous
speech corpus for consonant duration measurements.

To eliminate the influence of adjacent consonants and to
measure vowel duration in ideal conditions, the same logatoms -
artificial nonsense words were used as in the previous study of T.
Srebot-Rejec [1]. The target vowels were studied in logatoms of
different length and syllable structure:

'V:CV long stressed vowel in an open syllable,
followed by an unstressed syllable

CV'CV:CV
long stressed vowel in an open syllable,
preceded and followed by an unstressed
syllable

CV'CV:C
stressed long vowel in a finally stressed
closed syllable, preceded by an
unstressed syllable

CV'CVC
stressed short vowel in a finally stressed
closed syllable, preceded by an
unstressed syllable

The target vowels are underlined. As in [1] the logatoms
were embedded in mid sentence position so as to minimize the
influence of sentence intonation.

3.2. Consonant Duration
A large continuous speech database was recorded to study phone
and phoneme group duration in Standard Slovene with the

emphasis on consonant duration in various phonetic contexts.
We opted for a relatively long text of 266 sentences derived

from the Slovene speech database GOPOLIS [12], covering the
domain of air timetable information retrieval.
The male speaker FM was recorded again. The speech material
was initially labelled using a Hidden Markov model speech
recogniser for the Slovene language in forced segmentation
mode. The obtained labels were manually corrected using a
special visual interface we developed for viewing, editing and
labelling speech signals.

When pronuncing the text, the speaker kept the speaking
rate rather constant, as it can be seen from Table 1, showing the
phone duration variation. Phone duration variation was evaluated
for a given speaking rate by averaging phone duration differences
for words, which occured in the corpus several times, in the same
phonetic environment and in the same type of phrase.

An average absolute phone duration difference of 5.3 ms
with a standard deviation of 8.2 ms was obtained for different
realisations of the intial part of the phrase Ob kateri uri ...,
meaning At what time ... for the normal speaking rate (Table 1).

speech
rate

average absolute
phone duration
difference [ms]

standard
devation

[ms]

normal 5.3 8.2
fast 4.0 6.4
slow 13.8 20.6

Table 1. Phone duration variation for the phrase Ob kateri uri
given in form of average absolute phone duration difference and

the standard deviation.

4. INTRINSIC VOWEL DURATION AND
FUNDAMENTAL FREQUENCY IN LOGATOMS

Vowel duration and fundamental frequency were studied in
different types of logatom syllables: stressed and unstressed,
open and closed, word initial and word final. In most cases,
observations given in [1] were confirmed.

4.1. Vowel duration
As in [1], vowel duration in logatoms was studied in neutral
intonation position in 2 ways:

• paradigmatically – intrinsic duration
• syntagmatically – in stressed and unstressed syllables

Average vowel duration for stressed vowels in barytones and
oxytones is given in Table 2. From Table 3 it follows that
unstressed vowels in prestressed position are in average 27%
shorter in comparison to unstressed vowels in poststressed
syllables. Their duration is limited by the following consonant.
Unstressed vowels in prestressed position are in average 51%
shorter in comparison to stressed vowels.

4.2. Fundamental frequencies for Slovene vowels
Tables 4 and 5 give F0 measurement results for stressed,
prestressed and poststressed vowels.
Vowels in the stressed syllables are mainly higher in than those
in poststressed syllables. Speaker FM pronounced all the
logatoms with a circumflex accent.
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barytones oxytones

stressed  vowel  duration [ms] stressed vowel duration [ms]

vowel '(C)V:CV CV'CV:CV CV'CV:C CV'CVC

i : 94 80 93
i" 62
E: 165 146 148
E" 82
e: 123 191 90
a" 111
a: 144 171 227
O" 96
o: 133 243 218
O: 124 233 144
u" 102
u: 108 152 104

average 127 174 146 90
Table 2.  Average duration of long and short stressed vowels in barytones and ocsytones.

prestressed syllable poststressed syllable

vowel duration [ms] vowel duration [ms]

vowel CV'CV:CV CV'CVCV
CV'CV:CV

'CV:CV CV'CV:CV

i 36 51 52 70
E 93 86 116 126
a 78 72 113 107
O 111 80 119 112
u 78 68 123 120

average 79 71 105 107
Table 3. Average duration of unstressed vowels in prestressed and poststressed syllables.

barytones ocsytones

F0 of stressed vowels [Hz] F0 of stressed vowels [Hz]

vowel '(C)V:CV CV'CV:CV CV'CV:C CV'CVC

i : 180 207 205
i" 186
E: 139 145 143
E" 187
e: 170 158 182
a" 157
a: 153 129 130
O" 126
o: 181 169 152
O: 137 136 140

u" 177
u: 192 187 169

average 165 162 160 169
Table 4. Average F0 in long and short stressed vowels in barytones and ocsytones.
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prestressed syllable poststressed syllable

vowel fundamental frequency [Hz] vowel fundamental frequency [Hz]

vowel CV'CV:CV CV'CVCV
CV'CV:CV

'CV:CV CV'CV:CV

i 141 140 115 111
E 132 147 105 117
A 102 117 98 89
O 143 128 97 99
U 138 128 106 107

Average 131 132 114 105
Table 5. Average fundamental frequency of unstressed vowels in prestressed and poststressed syllables.

5. PHONE DURATION IN CONTINUOUS SPEECH
On the GOPOLIS continuous speech database average stressed
and unstressed vowel durations were measured. Consonant
duration was measured in CC and VCV clusters (Table 6).

Consonant
duration [ms]

VCV CC

p 68 44
t 84 64
k 68 65
b 67 60
d 53 50
g 98 55
s 103 54
S 110 58
z 59 57
Z 62 58

dZ 69 66
m 62 54
n 45 34
h 98 33
l 96 50
v 59 48
r 43 45
j 42 37
f 86 85
ts 131 100
tS 84 60

Table 6. Consonant duration in CC clusters and in VCV
sequences.

Consonants in CC clusters are in average 23% shorter in
comparison to single consonants in VCV sequences.

6. CONCLUSION
Measurements of segmental prosodic parameters in Standard
Slovene speech are presented.
The gained prosodic parameters were directly applied in the
prosody predictions models for segmental prosodic parameters.
The observations on vowel duration and fundamental frequency

mainly conformed to those of T. Srebot-Rejec presented in [1].
More measurement results are presented in [3] where they are
discussed in detail.
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ABSTRACT
A cross-linguistic study was conducted on Czech and English
reading to test the hypothesis that the intonation phrase (IP) is
the domain of a systematic pattern in articulation rate variation,
namely, of a slowing down throughout the IP (rallentando). The
articulation rate was measured across (phonological) words. The
statistical analysis showed a significant tendency towards the
rallentando pattern in both Czech and English. Moreover, in
both languages the word’s articulation rate was also significantly
affected by its size in syllables, with the rate increasing with the
number of syllables. Word class was a significant factor as well,
with phonological words containing only function words being
faster than those containing only content words. In both
languages word size seems to be the strongest factor, position
within the IP somewhat weaker and word class the weakest
factor.

1.  INTRODUCTION
Articulation rate (AR) is a prosodic feature, defined as a measure
of rate of speaking in which all pauses are excluded from the
calculation [1]. Although there is a general agreement that AR is
not constant but varies throughout speech, our knowledge in this
area is still very limited. This may partly be due to the lack of a
theory of AR and, arising from that, the uncertainty with respect
to methodology for investigation. Yet it is believed that
introducing the parameter of variation in AR would contribute to
improving both the naturalness of the signal in speech synthesis
and the accuracy of automatic speech recognition performance.

The issue of AR variation was addressed specifically in the
author’s previous experiments on Czech [2, 3], where the
question of the domain of AR variation was seen as central. In
the first experiment [1] two basic hypothetical scenarios were
examined. Either AR would be constant within the unit and any
change in rate would be restricted only to the unit boundaries
(scenario represented schematically in (a) below), or articulation
may follow a certain pattern within the unit, a pattern whose
shape would be recurrent in all units. In (b) a pattern of an
increase followed by decrease is shown as a possibility, although
the pattern could have any shape.

Three candidate domains were examined – the syntactic clause,
intonation phrase and the interpause stretch. AR within these
units was measured across phonological words. The analysis
demonstrated a considerable rate variation within these units but,

in the case of the intonation phrase (IP), also a regular
patterning. The pattern consisted of a slowing down throughout
the phrase. It was termed ‘rallentando’ and formally defined as
tendency towards an overall decrease in AR within the phrase.

In the second experiment [2] the rallentando pattern within
the IP was tested on a much larger database, including four
speakers and three tasks – reading a story, paraphrasing the story
and spontaneous speech. The rallentando pattern was confirmed
both across the speakers and across the three tasks.

The position of phonological words within the IP is
obviously not the only factor affecting their AR. Among those
mentioned in the literature are (i) the number of syllables and
phones in the word [4, 5], (ii) whether the word is a function or
content word, e.g., [5], (iii) syntactic position of the word [6]
and (iv) whether the word represents a new or given information
[5, 7]. The number of syllables in the phonological word was
found a significant factor also in the two experiments described
above. Moreover, the distinction between function and content
words was tested in [2] and found significant as well.

This paper represents a comparative study of AR variation
in Czech and English reading. In the case of Czech, the data
were extracted from the database analyzed in [2] so that
comparisons between the two languages would be possible. In
the case of English, the experiment is a pilot study testing
whether the rallentando pattern applies also to English and it is
planned to lead in the future to a larger study involving also
paraphrasing and spontaneous speech. Apart from position of the
word within the IP, the number of syllables it contained and its
word class category were considered as possible determinants of
its AR.

2.  EXPERIMENTAL DESIGN
2.1.  Material
2.1.1.  Czech. Four native Czech speakers participated in the
study, two male and two female, all with university education,
aged between 23 and 34. None of them knew the exact purpose
of the experiment. The whole recording session involved three
tasks: reading a story aloud, paraphrasing the story and elicited
spontaneous speech. Reading, the task reported on in the present
paper, included about 7.5 minutes in total.

2.1.2.  English. A male native southern British English speaker,
age 29, with university education, participated in the experiment.
The tasks were the same as for Czech speakers: reading a story,
paraphrasing the story and elicited spontaneous speech. Only
reading has been analyzed so far; it consists of 6 minutes of
speech.

AR
Unit boundary Unit boundary

AR
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2.2.  Methodology
2.2.1.  The intonation phrase. The intonation phrase is defined
as a stretch of speech determined by the intonation contour. It is
a well-defined unit in the Czech phonetic literature, e.g., [8, 9],
and with respect to English, it corresponds to the tone unit in
British intonational analyses [10] and the intonation phrase in
the Beckman and Pierrehumbert’s work [11].

2.2.2. The unit for AR measurement. Articulation rate variation
can be measured across various units (for discussion see [3]).
Following the methodology used in [1] and [2], in the present
study the phonological word was chosen. It is defined as a string
of syllables containing a single stress and respecting lexical word
boundaries (for English, e.g., [11]; for Czech [9]). It can thus be
considered a rhythmical unit.

In Czech the stress falls regularly on the first syllable and a
phonological word usually coincides with a lexical word.
Sometimes, however, it includes one or more enclitics (for
examples, see [1]) and in the phrase-initial position it may
contain also proclitics.

In English, stress placement varies and thus when stress
falls on other than the first syllable of the lexical word, the
phonological word contains one or more proclitics, as well as
possible enclitics. The following example illustrates this (slash
stands for the phonological word boundaries, stressed syllables
are underlined):

/  And the Giant   /  stole up  /   behind him. /

         enclitic       enclitic         enclitic
  proclitics     proclitic

The analysis showed that, in fact, even in English the majority of
phonological words were headed by stressed syllables and thus,
when proclitics occurred, they were mostly found in the phrase-
initial position.

The reasons for selecting the phonological word are related
to the question about at what level of speech processing
articulation rate is planned and for what unit it is planned. My
hypothesis is that articulation rate, as a prosodic feature, is likely
to be planned at phonological or phonetic levels of speech
production. The phonological word has been recognized by some
theories of speech production [13] as an important unit at the
phonological level of the processing of connected speech.
Moreover, in the Czech phonetic literature, e.g., [9], it is
traditionally considered to be the smallest rhythmical unit and
rhythm and articulation rate are related concepts. There is also
some evidence for the word as a unit of tempo in the sense that
accentuation seems to affect the duration of a single word rather
than all words within a larger domain (e.g., constituents);
moreover, the word as a whole (i.e., all segments and syllables)
is affected [14]. Finally, the phonological word is a small enough
unit to make it possible to observe the variation in articulation
rate in reasonable detail.

2.2.3. Measurement technique. IPs and phonological words
were identified impressionistically. To avoid idiosyncrasy, the
identification was performed independently by two phoneticians
for Czech - the author and another Czech phonetician, and for

English by the author and two British phoneticians. The
agreement was very high both for intonation phrases and
phonological words.

Speech samples were digitized at a resolution of 16 bits and
a sampling rate of 16 kHz. In order to make measurements of the
duration of phonological words as accurate as possible, a
combination of impressionistic listening and reference to
waveform displays and wideband spectrograms was used.

Articulation rate was expressed in terms of the number of
syllables per second.

2.2.4. Determinants of articulation rate variation. Three
possible determinants were considered in the study: the position
of the phonological word within the IP, its size in syllables and
its word class. The word class relates to content-function word
dichotomy. As phonological words in some cases included more
than one lexical word (when they contained clitics), it was
impossible to employ a binary category for the word class.
Therefore, three categories were used for phonological words: (i)
those containing one or more content words (category 'C'); (ii)
those containing a content word and one or more (cliticizing)
function words (category 'C+F'); (iii) those containing function
word(s) only (category 'F').

2.2.5. Statistical analysis.  Statistical processing involved
analysis of variance on AR of phonological words (henceforth
‘words’). Generalized Linear Modelling (GLM): General
Factorial was used, in combination with a post-hoc Tukey test,
which shows what pairs of means were significantly different (p
< 0.05 was used). The factors were the word position within the
phrase, its size, word class and, for Czech also speaker. Only IPs
containing 2, 3 or 4 words were examined, since IPs with 5 or
more words were very rare both in English and Czech. The
coding of word position within the phrase made it necessary to
perform the analysis for these groups of phrases separately.
Adjusted R2 provided information about the success of the model
(the proportion of variance in articulation accounted for) and η2,
a measure of the strength of association (ratio of the sum of
squares for a factor and the total sum of squares, [15]) gave a
rough estimate of the relative strength of individual factors.

3. RESULTS
3.1. Czech
3.1.1. Inter-speaker correlation of AR of phonological words.
Having available recordings of the same text read by different
speakers made it possible to carry out cross-speaker comparisons
of the AR of individual words. Obviously, only those IPs could
be used in the analysis in which the location of both phrase
boundaries and word boundaries was the same across speakers.
The analysis showed that the speakers coincided to a
considerable extent in this respect and so 81% of the total
number of words could be used (i.e., 150 words per speaker).

Table 1 shows the results in the form of the matrix of
Pearson coefficients of correlation between the four speakers
(AV, LG, OU and PK). The degree of correlation between the
subjects is strikingly high (and significant at 0.1% level). It
indicates strongly that the AR of words is not arbitrary. It
follows that the patterns of rate variation cannot be arbitrary
either.
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Speakers AV LG OU
LG 0.915
OU 0.917 0.903
PK 0.902 0.905 0.876

Table 1. Inter-speaker correlations of the AR
of phonological words in reading.

3.1.2. Statistical results.  A total number of 563 words were
used in the analysis (182 in 2-word IPs, 273 in 3-word IPs and
108 in 4-word IPs). The total number of IPs examined was 209
(91 in 2-word IPs, 91 in 3-word IPs and 27 in 4-word IPs).

Table 1 shows that all main factors, apart from ‘speaker’ in
4-word IPs, were highly significant. Significance of the 2-way
interaction ‘position’*‘word class’ in 3-word and 4-word IPs
suggested that there may be differences in the AR patterns across
the categories of word class. A similar interpretation applies for
‘size’ in the interaction ‘size’*‘word class’. However, further
investigation suggested that the differences may be spurious due
to the unbalanced number of observations within categories.

2-wd IPs df F p Adj. R2 η2

Model 14,167 35.9 <0.001 73%
Position 1,167 41.9 <0.001 0.063
Wd size 4,167 36.4 <0.001 0.218
Wd class 2,167 4.8 =0.009 0.014
Speaker 3,167 4.6 =0.004 0.021
Size*Wd class 4,167 9.9 <0.001

3-wd IPs
Model 15,257 27.2 <0.001 59%
Position 2,257 35.0 <0.001 0.105
Wd size 4,257 14.7 <0.001 0.088
Wd class 2,257 18.1 <0.001 0.054
Speaker 3,257 5.0 =0.002 0.023
Pos*Wd class 4,257 2.8 =0.025

4-wd IPs
Model 11,96 19.9 <0.001 66%
Position 3,96 10.4 <0.001 0.099
Wd size 3,96 20.0 <0.001 0.191
Wd class 2,96 5.7 =0.005 0.034
Pos*Wd class 3,96 5.5 =0.002

Table 1. Results for the GLM analysis for 2-word, 3-word and
4-word IPs (Czech).

The models for 2-word, 3-word and 4-word IPs were reasonably
successful, accounting for 73%, 59% and 66% of variance in AR
respectively. The strongest factor was generally ‘size’, followed
by ‘position’; the weakest was ‘word class’ and ‘speaker’.

Figure 1 shows boxplots for AR in different word positions
within the IP, separately for 2-word, 3-word and 4-word IPs. In
2-word IPs the first word was significantly faster than the second
word. For 3-word IPs the pattern of slowing down throughout
the IP was also found; however, the Tukey test showed that the
AR means in positions 1 and 2 were not significantly different.
In 4-word IPs, although the mean in position 3 was higher than
in position 2, the overall pattern still falls into the category of
rallentando. Moreover, the means in positions 2 and 3 were not
significantly different. All the other positions were significantly
different from each other.

Figure 1. Word AR in different positions within the IP (Czech).

With respect to the word size, the AR of a word increased with
the number of syllables it contained (cf. stress-timing). While in
2-word IPs all the categories (1-, 2-, 3- and 4-syllable words)
were significantly different from each other and in 4-words all
but 3- and 4-syllable words, in 3-word IPs only monosyllables
were significantly different from all the other categories.

The examination of word class showed that in all three
groups of IPs phonological words classified as category ‘C’
tended to be significantly slower than category ‘C+F’ and these,
in turn, were significantly slower than phonological words in
category ‘F’.

Although the overall results for the factor of speaker were
significant, it turned out that only one subject was responsible
for this by speaking significantly faster than the other subjects.

3.2. English
3.2.1. Statistical results. For English 406 words were measured
in total (150 in 2-word IPs, 180 in 3-word IPs and 76 in 4-word
IPs) and a total of 154 IPs were examined (75 in 2-word IPs, 60
in 3-word IPs and 19 in 4-word IPs).

Table 2 and Figure 2 summarize the results of the statistical
analysis for English. Like in Czech, ‘position’ was a highly
significant factor in all three groups of IPs, showing a slowing
down throughout the IP. In 3-word IPs the AR means in all
positions were significantly different from each other. In 4-word
IPs the mean AR in position 2 was slightly higher than in
position 1 but the difference was not significant; all the other
positions differed significantly from each other.

The effect of the number of syllables in the word was also
highly significant in all three groups of IPs, the tendency being
the same as in Czech – AR of the word increasing non-linearly
with increasing number of syllables. In 2-word and 3-word IPs
monosyllables and disyllables were significantly different from
the words containing 3, 4, 5 and 6 syllables but the latter
categories were not significantly different from each other. In 4-
word IPs, monosyllables were significantly slower than the
words with a higher number of syllables but disyllables were
significantly different only from trisyllables.

The results for word class were inconsistent across the three
groups of IPs. Firstly, it was a significant factor only in 2-word
and 3-word IPs. Secondly, while ‘C’ category was always the
slowest, in 3-word IPs it differed significantly from the fastest
‘F’ but not from ‘C+F’. Thirdly, in 4-word IPs it was ‘C+F’
which was the fastest category, followed by ‘F’ and all the
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categories differed significantly from each other.
Size of words was the major determinant of their AR,

followed by their position within the IP. The word class proved
the weakest factor. Neither group of IPs showed any significant
interactions.

2-wd IPs df F p Adj. R2 η2

Model 11,138 50.6 <0.001 78.6%
Position 1,138 50.3 <0.001 0.072
Wd size 8,138 16.0 <0.001 0.184
Wd class 2,138 6.7 =0.002 0.019
3-wd IPs

Model 11,168 42.3 <0.001 71.7%
Position 2,168 23.9 <0.001 0.075
Wd size 7,168 13.4 <0.001 0.148
Wd class 2,168 4.2 =0.017 0.014

4-wd IPs
Model 7,68 19.0 <0.001 62.7%
Position 3,68 10.8 <0.001 0.066
Wd size 4,68 10.1 <0.001 0.170

Table 2. Results for the GLM analysis for 2-word, 3-word and
4-word IPs (English).

Figure 2. Word AR in different positions within the IP (English).

4. DISCUSSION
The study presented here demonstrates that AR does not vary in
an arbitrary way but its variation is structured. It is structured
both in terms of having a domain – the intonation phrase, and in
terms of a recurrent pattern of slowing down throughout the
phrase – rallentando. Moreover, the study suggests that this
pattern applies cross-linguistically, at least for reading. As
mentioned above, it was found previously also for Czech semi-
spontaneous and spontaneous speech [3]. A larger scale study is
planned to find out whether rallentando applies across different
tasks also in English.

The question of why AR varies in this particular way is
open to speculation. However, it is very likely that phrase-final
lengthening is a partial contributor, as the final word within the
IP was always significantly slower than all the non-final words.

Apart from their position within the IP, the AR of words
was also significantly affected by their size in syllables and their
word class. In both languages a tendency was found for the word

AR to increase with increasing number of syllables. The
tendency towards isochrony in Czech provides further evidence
against the traditional definition of stress-timing (English) and
syllable-timing (Czech). With respect to word class, in both
languages phonological words containing only content words
tended to be slower than those containing function words. This is
in accord with findings reported in other studies, e.g., [5].

The finding of a regular patterning of AR suggests that the
IP, in addition to its role in planning intonation contours, is
further involved in the generation of temporal structure, in
particular, in structuring AR variation. An interesting parallel
emerges between rallentando in AR and declination in the sense
that both involve a progressive decline, and both seem to have
the IP as their domain. A question arises whether they stem from
similar causes, and, related to that, whether they might be
planned at the same stage in speech production. Further research
is needed to address these issues.
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LISTENING TO LISTS: STUDYING DURATION AL PHENOMENA IN
ENUMERATIONS

HannesPirkerandStefanKramer
AustrianResearch Institutefor Artificial Intelligence(ÖFAI), Vienna,Austria

ABSTRACT
A studyon durationalphenomenain list like enumerationsin Ger-
man is presented.Due to its highly structuredand uniform na-
ture this ratherspecializedutterancetype seemsespeciallywell-
suitedfor investigatingprinciplesof the rhythmicalorganization
of speech.A corpusextractedfrom radioweatherreportsis used
in orderto investigatephenomenalike prefinallengtheningandef-
fectsof isochrony andprominence.In additionto studyingdura-
tional phenomenawith standardstatisticalmethods,the dataalso
wasanalyzedusingStructuralRegressionTrees(SRT), amachine
learningalgorithm.

1. INTR ODUCTION
The temporalorganizationof speechhasbeenan issueamongst
phoneticiansfor decades.Numerousphoneticstudiesdealedwith
the investigationof (segmental)duration. Typically theseworks
dealedwith theisolatedinfluenceof singlefactorson durationand
establishedawholeinventoryof possibleinfluencesthatspanfrom
segmentalcontext to linguisticfactors(see,e.g.,[6] for asummary
of factorsand[5] for discussionandfurtherreferences).

In spiteof this rich phonetictraditionthespecificationof seg-
mentaldurationis still anissuein speechsynthesis.In thiscontext
notonly thefactorsbut alsotheirexactquantitativeeffectshaveto
bedetermined.Becauseof thenumberof factorsandtheircomplex
interactionsthis becomesa very difficult task. Nowadayslarge
corporaandstatisticalapproachesareusedto tacklethis problem.
Nevertheless,all thesesophisticatedmethods– including neural
networksandmachinelearningtechniques(for Germane.g. [5],
[13], [14],[10]) – haveto strugglewith theproblemof datasparsity
producedby themisbalancebetweenthevastnumberof possible
valuecombinationsandtherestrictedsizeof availablecorpora.

Thus,it is necessaryto integrateasmuchphoneticknowledge
aspossiblein orderto sustaintheautomaticmethodsandto restrict
thenumberof hypothesesgeneratedby thesemethods[15].

In thisspirit thework presentedin thispaperis anexploratory
studyin thecontext of anupcominglargescalestudyon segmen-
tal durationin AustrianGerman.Besidesthe original interestin
the investigationof list like enumerationsin AustrianGermanit
wasusedfor the developmentandevaluationof inspectiontools,
methodsof representation,encoding,andprocessingof thedata.

Enumerationsarecertainlyaninterestingdomainfor studying
duration.Not only becauseof their inherentrhythmicalorganiza-
tion, but also becauseof their rigid structuring. The utterances
display controlleduniform syntaxand semanticsin combination
with a smallvocabulary. This resultsin theproductionof uniform
andthusmoreeasilycomparableutterances.

Also, theseenumerationsare broadcastedvia radio several
timesaday. Thisallows for thesimplecollectionof ahighly con-
trolledcorpusof multipleprofessionalspeakers.

From a practicalpoint of view the study also aims for an
improvementof the prosodicquality of enumerationswithin our
Concept-to-SpeechgenerationsystemVieCtoS[1].

2. WEATHER-LISTINGS

2.1. Generaldescription
The enumerationsanalyzedin this studyaremostly standardized
listings of weatherdatafor Austria’s provincial cities which are
broadcastedalmosteveryotherhourby thenationalpublic radio.

Thefollowing exampletranscriptexemplifiesthestructureof
suchitems:

(l1) Wien heiter dreiGrad,
Vienna clear threedegrees

(l2+3) St.P̈oltenundLinz heiter sechs,
St.P̈oltenandLinz clear six,

(l4) Salzburg bewölkt sechs,
Salzburg cloudy six,
...

(l9) undKlagenfurt heiter dreiGrad.
undKlagenfurt clear threedegree.

2.2. Structural issues
Theseenumerationareorganizedinto lines. Eachline consistsof
threeblocks: a city’s name,informationon the clouding,and a
temperaturevalue. Usually thereis one line for eachcapital, re-
sultingin 9 linesfor awholemessage.

Thestructureof thelinesis fixedaswell asthestrictordering
of thecapitals.If adjacentcitiessharethesamevalues,theselines
canbe conflatedasin (l2+3). In our corpuslessthan10%of the
linescontainsuchacoordinationof city names.

Cloudinginformationis highly uniform reflectingbothstan-
dardizationof themessageandmeteorologicalconditions.Froma
totalof 17differenttypesfoundin thecorpusonly 10areobserved
onaregularbasisandalmost50%of all linesin thecorpuscontain
either/heiter/(clear) or /bewölkt/ (cloudy).

Temperaturevaluesmaybeaccompaniedby theword /Grad/
(degree) which is alwaysusedin the first andlast line but is op-
tional elsewhere.Thus,approximately40%of all linesaretermi-
natedwith thisword.

Veryfew deviationsfromthisstrictschemeareobserved,e.g.,
lessthan2%linesbearinformationon extraordinarywind speeds.
Thisextra informationis alwaysappendedto theendof a line.

2.3. Prosodicstructur e
Theprosodicstructureof theutterancesis alsohighly uniformand
reflectsthesemanticchunkingwithin thelines. Especiallythein-
tonationfollows ahighly standardizedrise-fall-risecontourwhich
in termsof theprosodicannotationschemeG-ToBI [4] canbede-
scribedasfollows:

H
�

L
�

H
�

H-L%
Wien heiterdrei Grad

Somespeakersfrequentlyinsert pausesafter the city name
andafterthecloudinformation.Thisadditionalprosodicchunking
neverthelessusuallydoesnotaltertheoverall intonationcontour.
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3. THE CORPUS

3.1. Overview
The corpuswasrecordedfrom radio broadcastsover a periodof
severalmonthandcomprisesapproximately27 minutesof speech
from from 21 speakers.It contains92 evaluablemessages,770
lines,3394words,andabout18000phonemes.

3.2. Annotation
The data was transcribedand word boundarieswere annotated
manuallyusingUCL’s Speech Filing SystemSFS[16]. Prosodic
information is encodedratherrudimentary: only explicit pauses
aremarkedwith a speciallabel /p/ for minor pausesand/b/ for
breaks. Segmentalboundarieswere labelledusing an automatic
alignmentprocedure[10]. This automaticlabelinghasnot been
completelyevaluatedyet andthuswill not be usedin thepresent
study.

3.3. Normalization
In orderto compensatefor differing speakingratesandallow for
a morecomprehensiblerepresentationnormalizeddurationswere
usedin addition to the original word length. As the city names
uniformly appearin all messagesfor eachmessagetheir average
lengthper syllableis calculatedandusedasa normalizingfactor
for all wordswithin that message.Thusa normalizedlengthof
1.4meansthatthe lengthpersyllableof this item is 1.4 timesthe
averagelengthpersyllableof all 9 citiesin thatmessage.

3.4. Representation
Informationaboutthecorpusis storedin a relationaldatabasethat
holdsinformationaboutthespeakerandlexical informationonthe
words suchas syllable structure,word classand semantictags.
This databaseis simply realizedin Prolog(see[3] for a similar
approach).From this Prolog databaseASCII files are produced
whichareusuallyfurthermanipulatedusingstandardUNIX-tools.

3.5. Analysis tools
In order to facilitate the fast and interactive explorationof a hy-
pothesisa graphicaluser interfacefor producing“clickable his-
tograms”(suchasFig.5 or Fig.6) wasdeveloped. In addition to
visualizingthedataandcalculatingmeansandstandarddeviations
clicking on a bar producesthe soundassociatedwith that token.
Thusan immediateauditive inspectionof conspicuousitemscan
beperformed.

4. DURATION AL PHENOMENA

4.1. General issues
In this sectionsomeanalysesof durationalphenomenaare pre-
sentedwhichdealwith theinspectionof effectson wordduration.
We wereinterestedwhetherthis corpusthat only displaysminor
lexical variationwouldallow for aninvestigationof durationwith-
out recourseto afinergrainedlabeling.

4.2. Prefinal Lengthening
It is uncontroversialthatmajorprosodicboundarieshavea length-
eningeffect on precedingitems. In our corpusprosodicinforma-
tion wasnot labelledin muchdetail. Only pausesthat wereper-
ceived asphrasalboundariesweremarkedwith a label /b/ while
otherpauseswerelabelled/p/. We thuscheckedto which extent
prefinallengtheningcanbe identifiedon thebasisof word length
informationandthis rudimentarylabeling.

It wasno surprisethat,e.g.,city namesfollowedby a /b/ dis-
play a lengtheningtendency. A moredetailedsurvey of theeffect
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Figure1: Comparingeffectsof prefinal lengtheningon tempera-
ture values. Monosyllabic: (1) followed by /Grad/ (N=240) (2)
phrasefinal (N=309) Bisyllabic: (3) followed by /Grad/ (N=40)
(4) phrasefinal (N=93)

wasperformedby inspectingthevariationin thedurationof tem-
peraturevalues. The specificationof temperaturealwaysis situ-
atedat theendof a line andthusattheendof anintonationphrase.
Neverthelesssomeinterestingvariationexistsbecause40%of the
linesendwith theoptionalword/Grad/.Thusit is possibleto com-
paretemperaturesthat arephrasefinal properwith itemsthat are
separatedfrom theboundaryby a singlesyllablethatfunctionsas
awell definedspacingelement.

In Fig.1 the influenceof the /Grad/on mono-andbisyllabic
wordsis displayed.In termsof absoluteword lengththepresence
of /Grad/triggersa shorteningof about100msindependentof the
numberof syllablesof the temperaturevalue. In termsof norma-
lized lengthpersyllablethis resultsin adecreasedeffect for poly-
syllabic words. This uniform absoluteadditive effect – alsoob-
servablein wordscomprisingfour syllables– maybeanevidence
thatthemainscopeof prefinallengtheningliesontheultimatesyl-
lable.

In orderto checkwhetherthepresenceof anexplicit pause/b/
is a not only sufficient but alsonecessaryconditionfor triggering
thelengthening,thevariationof /Grad/itself wasanalyzed./Grad/
alwaysis situatedattheendof a line. Neverthelesssometimessub-
sequentlinesareconnectedwithoutany interveningpause.It was
studied,whetherthedurationof /Grad/changesin thesecases.It
alsowasstudiedwhetherthedurationof /Grad/is differentat the
very endof a whole message(l9) becausean additionalslowing
down wassuspectedin this specialposition. Fig.2 shows that no
significantvariationwasfoundbetweenstandardline breaks(left-
mostcolumn),messageterminatingpositions(middlecolumn)and
positionswhereline breakslack apause(right column).

The resultsindicatethat – at least in the caseof enumera-
tions– overt pausesareunnecessaryfor indicatingmajorprosodic
boundaries.

4.3. Quantitative influences
Whenlisteningto enumerations,they areoftenperceivedasrhyth-
mical. Thoughwe do not aim for a definition of acousticcor-
relatesof rhythm – which is a rathercontroversial subject– we
testedsomehypotheseson isochrony effects. Isochronictenden-
ciesshouldbeobservableby inspectingprosodicconstituentswith
differentquantitiesof segmentalmaterial.

Whencomparingmono-andpolysyllabicwordsthelattertyp-
ically displayshorterdurationpersyllable.Neverthelessthecom-
parisononthisbasisis still problematicbecausetiming differences
alsocanbecausedby differingsyllabicweights.

Thereforewe aimedat the analysisof caseswhereidentical
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0
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Figure3: City tokennot followedby a /b/. Tokenwhichareposi-
tionedin front of /und/(and) areprintedblack.

wordsareembeddedin constituentsof differentsize. In the enu-
merationcorpusthis canbeobservedin casesof coordinatedcity
nameslike in example(l2+3). As ahypothesis,city namesshould
besignificantlyshorterwhenutteredwithin suchcomplex nominal
phrases.

(l2+3) St.Pölten und Linz heitersechs,
St.P̈oltenandLinz clear six,

Thoughthis is a rathersimplehypothesis,it is not trivial to
test this condition. Thereis a strongtendency to placea major
prosodicphraseboundaryafter /Linz/. Thus the whole prosodic
structureof theline is alteredandthesecondcity undergoesprefi-
nal lengtheningwhich conflictswith thehypothesizedshortening.
In orderto avoid influencesfrom prefinallengtheningeffectsonly
wordscomingfirst in thecoordinatedstructurewereconsideredin
Fig.3. Thedurationdistribution of somecitiesis displayedwhere
itemsfrom theinitial positionsof coordinatedphrases(black)can
be comparedto all othertokenof thatcity namethat arenot fol-
lowedby aphraseboundary/b/.

In Fig.4adirectcomparisonof durationsof city namesfound

Coordinated City Names
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N = 38

108.9

60

120

Figure4: Selectionof city itemsfrom coordinatedphrases(grey:
first elementin coordination,white: secondelement)
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Figure 5: Normalized durationsof cloud tokens (e.g.,/clear/,
/cloudy/,/rain/)of speakerjwh: itemswhichareexplicitly labelled
asaccentedareprintedblack.
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Figure6: Comparingabsolutedurationsof identicalcloud-tokens
foundin adjacentlines.

in bothfirst andsecondpositions(i.e., in front or afterthecoordi-
nating/and/)is performed.Thoughtheselectionof seconditems
(white) wasstrictly restrictedto wordsnot followed by a /b/, the
figureindicatesthat thereis still a tendency for longerdurationof
the seconditem. We rate this asadditionalevidencethat check-
ing for the existenceof /b/ is not sufficient for indicatingphrasal
boundaries.

4.4. Prominence
Due to its uniform informationstructureandintonationalrealiza-
tion theenumerationcorpusdoesnot includemany explorableex-
amplesfor analyzingtheprominencelendingfunctionof duration
and intonation. Nevertheless,becauseof their relative low fre-
quency thesecasesprovokeevenmoreinterest.

Somespeakersdeviatefromthestandardstylizedrise-fall-rise
patternin caseslike (l4). In orderto highlight theonly new infor-
mationin the line thecloud informationis asigneda prominence
lendingL+H

�
pitch accentwhile the temperaturevalue is deac-

cented.
(l2+3) St.P̈oltenundLinz heiter sechs,

St.P̈oltenandLinz clear six,
(l4) Salzburg bewölkt sechs,

Salzburg cloudy six,
For a part of the corpusthesespecialpatternwerelabelled.

Fig. 5 showson how thedurationof theseextra prominentcloud
items(black)compareto otheritemsof their type. It shows thata
tendency for longerdurationsis observable.

We alsowonderedwhetherin parallelto the highlighting of
new informationalsodeaccentingor reductionof repeatedold in-
formationcan be observed. Thereforemessageswherethe very
samecloudinformationwasutteredmorethantwice in serieswere
extracted. The resultsin Fig.6 show that this hypothesisdid not
hold. Also, the auditive evaluationof intonationanddurationof
thesecloud itemsdid not show any perceivabledeaccentingten-
dencies.
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5. USING A MACHINE LEARNING METHOD

5.1. Motivation
As it wasdemonstratedin section4.3theproblemof possiblycom-
plex interactionsbetweenfactorscanbeobservedevenin relatively
simpleinvestigations.

By usingamachinelearningmethodfor thetaskof modeling
durationandcomparingthe resultswith the insightsgainedfrom
manualinspectionbothmethodscanbe evaluated.In orderto be
ableto “learnfrom thelearner”theinspectabilityof theresultswas
animportantfactor.

5.2. Methodology
Themethodof StructuralRegressionTrees(SRT) ([1]) wasused,
which constructstheoriesfor the predictionof numericalvalues
from examplesandrelationalbackgroundknowledge.SRT offers
the full power andflexibility of first-orderlogic, providesa rich
vocabularyfor theuser, andproducestreesthatarebothgoodpre-
dictorsandinterpretable.

SRT canbeviewedasan“upgrade”of CART (Classification
and RegressionTrees[2]) to handlerelationaldata. Like CART,
SRT makesuseof error-complexity pruningfor regressionprob-
lems. The treesin the sequenceof prunedtreesareevaluatedby
cross-validation.

Differentdescriptor-setsweretested.TheresultingSRT the-
ories were quantitatively evaluatedby meansof 10-fold cross-
validation,resultsweresummarizedin termsof RMSE (the root
of themeansquarederrorof thegeneratedtheoryonunseencases)
and � (thecorrelationcoefficient).

5.3. Results
The overall bestdescriptor-set yieldedRMSE=0.26and � =0.76.
Note that the RMSE of the default theoryalwayspredictingthe
averagedurationis 0.41. So,theresultis distinctlybetterthanthe
defaulttheory.

Moreover, theresultingtheorieswereinspectedqualitatively
in order to checktheir plausibility andview the computer’s “in-
sights” in the light of priorly performedinvestigationson dura-
tionaleffects[2].

To justgiveanimpressionon theoriesSRT produced:

duration(A, B) :-
( sem_cat(A, temp) ->

( succ(A, C),
sem_cat(C, bound) ->
( nr_sylls(A, 1) ->

B is 1.79845
; B is 1.10538
)

; B is 1.25703
)

...

In theexample,wemakeuseof theoperator(+P -> +Q ;
+R), meaning“if

�
then � else � ”. Whenapplyinga theory, we

interpretthis operatorin away suchthatnot only thefirst solution
of P is explored.

B is the predictedlengthin normalizedform ( �
	 � is the av-
eragesyllable lengthof the city-namesof a message).The frag-
mentdealswith thepredictionof thedurationof temperatureval-
ues(sem_cat = ’temp’). As canbe seen,SRT “detected”the
preboundarylengtheningeffect (checkwhetherthesuccessorC is
of type’bound’) andis sensitive for thenumberof syllablesper
word(nr_sylls).

On the other hand, “higher level” features (e.g. a
’last_line_predicate’ in orderto testfor possibleritardando

effect in linessuchas(l9) or atestoncoordinatedcity-namessuch
asin (l2+3)) turnedout to bemostlyignored.

6. SUMMARY
The work presentedin this paperhasbeenconductedas a pilot
studyfor aninvestigationonsegmentaldurationandprovidedvalu-
ableinsightson boththedurationalpropertiesof list enumerations
in Germanaswell asonthepossibilitiesandlimitationsof methods
andencodingsused.

Theresultsgainedfrom theanalysiswill helpto tailor theset
of factorsusedin thefuture.It alsowasdemonstratedthatprosodic
labelshave to beintegratedin amoresophisticatedway.

The adaptionof the machine learning task proved to be
straightforwardandthefirst resultsappearpromisingbothin terms
of accuracy andinspectability.
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SEGMENTAL DURATIONS AND LENGTHENED SYLLABLES

Zu, Yiqing & Chen, Xiaoxia
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Chinese Academy of Social Sciences, China

ABSTRACT
This study examined three speakers' 1560 utterances in aim of
getting good understanding of segmental durations in continuous
speech of standard Chinese. By using normalized speaking rate
which can reduces inherent/intrinsic duration, the levels of
segmental lengthening are calculated.The results show that
different tones, final nasals, tongue position of vowels and
numbers of phonemes of final are factors to influence
compensation between initial, transition and final (38% for
initials, 40% c-v transitions and 22% finals). Aarticulatory
manners of consonants are found to be a factor affecting initial
lengthening. We also found that nearly half lengthening is
implemented in middle part of syllable and voice duration which
includes transition and final is easily lengthened. At last, we try
to find the role of syllable lengthening as a prosodic feature by
perception test and find that the lengthening syllables mainly play
the stress role, but not prosodic boundaries.

1. INTRODUCTION
The issue of segmental duration is important not only for speech
synthesis and speech recognition but also for phonetic research.
Based on labeled speech database, this study is restricted to
syllable lengthening that is one of important cues of prosody.

There is one more prosodic structure in an utterance that
may have some relationship with syntactic constraint [1]. The
boundaries of the prosodic structure are breaks whose realization
can be a pause, pre-lengthening / final lengthening, or pitch
movement / F0 reset [2,3]. It can be inferred that perceived
breaks are not necessarily signaled by silence pause, but probably
by other acoustic cues, such as final lengthening. By using
normalized speaking rate which can reduces intrinsic duration,
the levels of pause and segmental lengthening are found very
consistent with prosodic boundaries within an utterance [4].
Previous study has reported that prosodic boundaries within an
utterance are divided into major phrase (MAP) and minor phrase
(MIP) and that nearly 100% MAP is distinguished by pause,
whereas both pause and syllable lengthening will mark MIP.
Syllable lengthening will occur at both pre-boundary and post-
boundary. We have also found that in many cases there is no
pause or lengthening at MIP at all and a lot of syllable
lengthening do not occur at boundary but within prosodic phrase.
This study used three speakers' 1560 utterances and examined the
syllable lengthening, aiming at indicating the roles of syllable
lengthening in prosody.

2. SPEAKING RATE AND SEGMENTAL LENGTHENING
2.1 The Material
A national continuous speech database suitable for training and
testing Chinese speech recognizers is used in this study, which
contains 200 speakers and each has about 500 utterances. In the
procedure of designing reading text of speech database, phonetic
knowledge has contributed to select speech units, which can
describe variability in continuous speech such as junctures
between syllables. We use syllables, inter-syllabic diphones,
inter-syllabic triphones and final-initial structure as speech units
to control the coverage [5]. None of those four sets of speech
units involved prosodic information including tones, stress and
other prosodic structures. Among 200 speakers' data, initials,
finals and c-v transitions of 3 speakers' 1560 utterances had been
hand-labeled [6]. The labeled utterances in the continuous speech
database provides us the mean and standard deviation of duration
of following segments [7]:
(1) 21 consonants:

b, c, ch, d, f, g, h, j, k, l, m, n, p, q, r, s, sh, t, x, z, zh;
(2) 17 voiced consonants:

bv, cv, chv, dv, fv, gv, hv, jv, kv, pv, qv, sv, shv, tv, xv, zv,
zhv;
(3) 38 finals with five tones (38 finals × 5 tone (1,2,3,4,0) = 190):

a, e, ai, an ,ang, ao, ei, en, eng, er, o, ou, ong, i, ia, iao, iu,
ian, ie, in, ing, iong, iang, i1, i2, i3, ua, uan, uai, ui, uang, ueng,
uo, un, v, ve, van, vn };
(4) 374 c-v transitions

The data of speaker M00, M01 and M45 are used in this
study.

2.1 Normalizing speaking rate
There are numerous studies on this area [8,9,10]. The duration of
each segment has to be expressed in term of how longer or
shorter it is than expected, i.e. we should de-emphasis the
variation caused by the inherent duration of the segment. So we
use normalized segment duration, instead of absolute durations
[11,12]:

τ = (d-µ)/σ (1)
Where µ is mean and σ is standard deviation. The speaking rate r
of an utterance is defined as:

r = ( ∑τi ) / N (2)
Where N is the number of segments in that utterance.

The speaking rate of 1560 sentences uttered by speaker
M00, M01 and M45 show normal-like distribution (See Figure 1,
Figure 2 and Figure 3). The centers are 0. The normalizing
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speaking rate provides a set of inherent duration to determine
which segment is lengthening in m01’s every sentence.

Figure 1. Distribution of speaking rates of speaker M00

Figure 2. Distribution of speaking rates of speaker M01

Figure 3. Distribution of speaking rates of speaker M45

2.3 The relative duration of segments
As mentioned above, to determine the segmental lengthening the
inherent duration must be used. The normalized duration can not
only deduce the difference of inherent duration, but also the
different deviation range of durations. The speech rate should
also be concerned. So we measure the relative duration by:

dur = τ - r (3)
There is much evidence to demonstrate that segmental

lengthening is one of important acoustic cues of prosodic
boundaries. But how the role of lengthening plays in Standard
Chinese is still a problem. Based on the data we can easily count
the occurrence of segmental lengthening and classify the

lengthening into several levels. To simplify problem, at first we
concern the syllable lengthening, which is the sum of lengthening
of initial, transition and final. Figure 4 is the procedure of this
study.

          Segmentation and
                    Labeling

           All speech data means & deviations
           of one speaker          of all speech units

  Calculate every 
  Segment in an
  Utterance              perception tests

              Results

Figure 4 the procedure of data processing

3. THE SEGMENTS IN LENGTHENED SYLLABLES
3.1 The segmental compensation between initial, transition
and final
Three speakers’ (speakers M00, M01, M45) 1560 labeled
sentences in the national database have been examined by
normalized speaking rate. If the duration calculated by formula
(3) is greater than zero it is defined as lengthened segment and
sum of durations within a syllable can determine whether longer
or shorter of a syllable is. Table 1 shows the counts of longest
relative duration of initial (c), transition (c-v) and final (v) in
lengthened syllables.

                  c      c-v      v   uv/v

M00     1199     1033      299    1/1.11

M01      823      974      627    1/1.91

M45      930      947      856    1/1.94

Table 1. Distribution of the count for longest relative segments
and ratio of unvoiced to voiced segments

The voiced segment are sum of c-v and v. Table 1 shows
that the voiced segments have greater contribution to lengthened
syllable. It also demonstrates that in continuous speech, the
durations of consonant are relatively stable. For voiced part in a
syllable, c-v transition plays more important role for syllable
lengthening. In other word, middle part of a syllable or c-v
transition is very important to lengthen a syllable.

To get further result, we have examined the data of speaker
M01 carefully. Table 2 gives the contribution of segments c, c-v
and v with different finals that are in different conditions such as
tones carried by syllable, tongue position, finals with different
number of phones and nasals. In Table 5:
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tone0-tone4 is 5 Chinese tones;
vow1: a-set (a, e, ai, an, ang, ao, ei, en, eng, er, o, ou, ong);vow2:
I-set (i, ia, iao, iu, ian, ie, in, ing, iong, iang, i1, i2);vow3: u-set (u,
ua, uan, uai, ui, uang, ueng, uo, un);
vow4: v-set (v, ve, van, vn};
vo1-vo3: finals with different number (1-3) of phones
n: nasal final n (an, en, in, van, vn, uan, ian, un, van);
ng: nasal final ng (ang, eng, ong, ing, uang, ueng, iong, iang);

In M01’s lengthened syllables, we found that the articulatory
manner is a factor to influence the consonant lengthening (See
Figure 5). Stops and fricative stops tend limited to be lengthened.

             c         c-v          v

tone0      24.7       37.0         38.4
tone1      35.9       36.7         27.4
tone2      39.8       34.2         26.1
tone3      26.1       43.5         30.4
tone4      34.7       45.84        19.4

 vow1     30.0       37.9         32.1
 vow2     36.9       40.2         22.9
 vow3     43.9       43.9         12.2
 vow4     34.2       52.1         13.7

  vo1      43.8       41.6         14.6
  vo2      28.0       39.4         32.6
  vo3      31.85      37.3         30.8

   n       31.4       34.2         34.5
  ng       24.3       37.8         37.9

Table 2. Distribution of longest relative segments with different
final conditions

Figure 5. Distribution of proportion of lengthened initial
consonants

3.2 Role of syllable lengthening
There is one more prosodic structure in an utterance, which may
have some relationship with syntactic and semantic constraints.

The hierarchical prosodic structure [13] in continuous speech is
assumed as follows (from large to small): intonational phrase,
phonological phrase, prosodic word and foot. The boundaries of
the prosodic structure are breaks whose realization can be a pause,
pre-lengthening/final lengthening, or pitch movement / F0 reset.
To indicate the phenomena of segmental lengthening in Chinese,
we have contrasted the results to a perception experiment done by
Li Aijun [14], which concentrates on the m01’s 157 sentences.
The result shows that pause and segmental lengthening are
aligned with prosodic boundaries within an utterance and that
segmental lengthening not only occurs at per-boundary but also at
post-boundary. Table 3 gives the count of syllable lengthening in
M01’s 520 sentence. The lengthening levels are 4 equal intervals
between 0 to maximum of relative durations of syllable by all
data of M01. Table 4 shows the relationship between lengthening
levels and prosodic boundaries.

6XP RI OHQJWKHQLQJ OHYHOV

OHQJWKHQLQJ � � � �

QR�RI V\OO ���� ��� ��� �� ��

Table 3.  Count of syllable lengthening on M01’s data

0LQRU ERXQGDU\ 0DMRU ERXQGDU\

1R� �� ���

OHYHO /HIW ULJKW OHIW ULJKW

   1        21     22     69     6

   2        10      7     28     3

   3        1      2      2      0

   4        0      0      0      0

Table 4.  The relationship between lengthening levels and

prosodic boundaries

We know from table 3 that 157 sentences include 1983
syllables and that among them, there are 877 syllable, less than
50%, are lengthened. In further, table 4 tells us that on 58 minor
boundaries and 213 major boundaries, only 171 syllables are
lengthened, which are very lower than 877. The fact shows that
the lengthened syllables seem to be not closely aligned to the
prosodic boundaries.

What is the role of lengthened syllable? To find the answer
we use 50 sentences from 157 to test where are stress syllables
and what is the relationship between stress and syllable
lengthening. In this test, three native listeners, who don’t know
the aim of the expriment, were asked to answer where are the
stress syllables in those 50 sentences.
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       First syll.   Stressed syll.

      0       13          4

      1       19         21

      2       10         15

      3        3          9

      4        5          8

Table 5. Count of lengthened syllable on first syllable of

utterance and stressed syllable

Table 5 shows the results that on the first syllables in all
sentences, 74% syllable will be lengthened and in stressed
syllables, 93% will be lengthened. Therefore the results indicate
that the main role of lengthened syllable plays on stress syllables.
The first syllable in an utterance is always stressed. Of course,
there are other factors affecting on stress, such as F0 and energy.

4. CONCLUSIONS
In this paper we describe the study on syllable lengthening based
on labeled continuous speech database. With the results shown
above, we get the following conclusions:
(1) We used normalized speaking rate to determine the
lengthened syllable and examined the compensation between
initial, transition and final and find that 38% initials, 40% c-v
transitions and 22% finals play main roles in syllable lengthening.
It reveals the fact that transition is a very important segment in a
syllable.
(2) The analysis on lengthened syllable has been contrasted to
perception experiment on prosodic boundaries, the result shows
that pause is very consistent with major boundary and syllable
lengthening may occur at left or right of minor boundary. But a
large amount of lengthened syllables not occur at boundary.
(3) With perception test on stress of 50 sentences, lengthened
syllables are found to be very closely related with stress or
prominence in utterance. In many cases syllable group is stressed
and all syllables in the group will be lengthened.
(4) Syllable lengthening is one of prosodic features. This initial
study has not concern with F0 movement, energy and other
features that will play the roles together with lengthening in
prosody. For example, F0 movement may be an important cues in
prosodic boundary ( See Prof. Lin Maocan’s report in this
Conference).
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ABSTRACT
This research examined acoustic-phonetic cues to word
boundary location in French consonant clusters, and assessed
their use in on-line lexical segmentation. Two word-spotting
experiments manipulated the alignment between word targets
and syllable boundaries. A perceptual cost of such misalignment
was observed for obstruent-liquid clusters but not for /s/ +
obstruent clusters. For the former clusters, the analysis of a
corpus of utterances showed systematic variations in segment
durations as a function of the lexical assignment of the pivotal
consonant. We conclude that the availability of acoustic-
phonetic cues to word boundary location in consonant clusters
depends upon the cluster class. When available, these cues are
exploited in on-line lexical segmentation of speech.

1. INTRODUCTION
When listening to speech, human listeners are confronted with
the problem of locating words within the continuous speech
stream. The absence of reliable word boundary markers in the
speech signal –like systematic pauses– has led psycholinguists
to search for other, more subtle word boundary cues that the
listener could use to parse the incoming input. The syllabic
structure of the speech signal appears to play a determining role
in lexical segmentation. Several studies performed in English
and Dutch provide evidence for this hypothesis. For English,
Cutler and colleagues [1,2,3] have proposed and adduced
experimental evidence that listeners rely on a Metrical
Segmentation Strategy (MSS), in which strong syllable onsets
constitute privileged alignment points for initiating a lexical
search. In Dutch, Vroomen & de Gelder [4] assessed the
activation of monosyllabic words embedded in longer carrier
words. The authors measured the amount of cross-modal
priming in a lexical decision task on visual words related or not
to the embedded word. They clearly demonstrated the activation
of embedded words aligned with a strong syllable onset [e.g.
boos (angry) in framboos (rasperry)] but found no evidence of
activation of words that were misaligned with a syllable onset
[e.g. wijn (wine) in zwijn (swine)]. In a word-spotting study also
performed in Dutch, in which participants had to detect
monosyllabic words embedded finally or initially in bisyllabic
nonce strings, McQueen [5] showed that misalignment between
word and syllable onsets [e.g. rok (skirt) in fi.drok vs in
fim.rok] produced longer reaction times than misalignment
between word and syllable offsets [e.g. vel (skin) in velm.brul
vs in vel.brul].

We have made a similar proposal for French [6,7].
However, unlike for English and Dutch in which segmentation

is claimed to be restricted to strong syllables, we suggest that in
French every syllable onset provides an alignment point for a
lexical search. Evidence for this conclusion comes from a word-
spotting experiment [8]. Participants had to detect monosyllabic
CVC words (e.g. “lac”) embedded initially or finally in
bisyllabic nonce strings with aligned CVC.CVC (e.g. zun.lac or
lac.tuf) or non-aligned CV.CCVC (e.g. zu.glac or la.cluf)
syllabic structure. According to the syllable onset hypothesis,
only onset alignment is crucial. Hence, the processing cost
should be greater for an onset misalignment (as in zu.glac) than
for an offset misalignment (la.cluf). This prediction was
confirmed: a significant 74 ms effect was obtained for onset
misalignment (zun.lac vs zu.glac), whereas a smaller and non-
significant effect was found for offset misalignment.

One important shortcoming of a syllable-based
segmentation strategy is its difficulty in handling potential
resyllabification phenomena resulting from phonological
processes applying across word boundaries. For example, in the
case of French liaison, syllable boundaries are presumably not
coterminous with word boundaries, and an incorrect lexical
alignment would be made on the basis of syllable onsets. More
generally, phonological theories assume that resyllabification
occurs across word boundaries, based upon either the Maximal
Onset Principle [9] or the Sonority Principle [10]. Accordingly,
some psycholinguistic models of speech production [11] have
also endorsed the notion of resyllabification. These models
assume that speech production involves abstract syllabic
gestural scores computed or accessed after resyllabification has
occurred. Such a process would create frequent misalignments
between syllable onsets and word onsets at the phonetic level,
and hence a syllable onset alignment strategy would appear to
be misguided and implausible.

However, a few studies have suggested the existence of
acoustic-phonetic cues, mainly of durational nature, that depend
upon the lexical assignment of the intervocalic pivotal
consonants [12,13,14]. In addition, listeners have been  shown
to be sensitive to such cues. When Dutch listeners hear
ambiguous two-word utterances such as “die pin” vs “diep in”
[di(#)p(#)In] in a forced-choice task, they exploit durational
cues in the pivotal consonant and in the following vowel to
make segmentation decisions [13].

The present research examined the nature of these word-
boundary cues in consonant clusters in French, and assessed
their use in on-line lexical segmentation and word recognition.
Two word-spotting experiments were carried out in which
monosyllabic CVC words had to be detected in bisyllabic
carriers. We specifically compared two phonetic realizations of
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phonologically identical carriers in which the syllable
assignment of the pivotal consonant was manipulated (VC.CV
or V.CCV). Experiment I assessed the effect of initial and final
misalignment between word and syllable boundaries in
OBstruent + LIquid (OBLI) consonant clusters. Experiment II
compared OBLI clusters to /s/ + OBstruent (SOB) clusters.
Experiment III analysed durational properties of the carriers and
evaluated the generality of the durational differences in a
production study.

2. EXPERIMENT I
2.1. Method
2.1.1. Participants. Thirty-two students participated in the
experiment. All were native speakers of French without hearing
or speech disorders.

2.1.2. Materials. To examine the effect of onset misalignment,
32 VCCVC bisyllabic nonce strings with a medial OBLI cluster
(i.e. bl, gl, fl, pl, g{, d{, b{, t{, k{, f{ and p{) were
constructed. Each contained a target CVC word at its end (e.g.
roche [{�S] “rock” in [ik{�S]), with the constraint that the final
CCVC of the carrier was also a word (croche, [k{�S], “eighth
note”). Two versions of each carrier were obtained. They were
extracted from the end of longer two-word phrases that differed
mainly in the word boundary location (i.e. ...VC#CVC, as in
“magique roche” or ...V#CCVC, as in “demi-croche”). Thus, in
the aligned condition, the onset of the target CVC word
corresponded to an intended word boundary ([ik#{�S]), whereas
in the misaligned condition, target onset did not correspond to
the intended word boundary ([i#k{�S]). In order to prevent
lexical biases from favoring one particular interpretation, non-
target portions of the carriers also formed possible words.
Finally, 32 similar VCCVC strings such that the CVC portion
did not form a word served as filler trials.

Similarly, to examine the effect of offset misalignment, 32
CVCCV nonce carriers were devised, using again OBLI medial
clusters (i.e. pl, kl, bl, gl, t{, d{ and v{). The target words were
the initial CVC (e.g. tante [tAât] “aunt” in [tAât{u]), the constraint
being in this case that the initial CV of the target was also a
word (temps [tAâ] “time”). Again, two acoustic-phonetic versions
of each carrier were extracted from longer paired two-word
phrases (e.g. [tAât#{u], from “tante roublarde”, or [tAâ#t{u],
from “temps troublant”), and 32 CVCCV filler strings were
built along the same principles.

All phrases were produced by a male native speaker of
French (N.D.) who pronounced the phrases naturally, without
separating the two words. The phrases were recorded in a
sound-attenuated booth, and digitalized at a 44 kHz sampling
rate. The carrier strings were extracted using Sound Designer
software, and after amplitude normalization, they were stored at
a 22 kHz sampling rate with 16-bit resolution onto a Macintosh
PowerPC.

2.1.3. Procedure. Participants were required to press a button
as quickly as possible whenever they had heard a CVC word in
a previously specified position, and to repeat the word aloud

immediately after. Carriers were presented through headphones
directly from the computer disk, and reaction time collection
was controlled by the computer. Carriers and fillers were mixed
randomly in two experimental lists, alignment being counter-
balanced across the two lists. As the position of the target was
fixed within a given block of trials, the order of block
presentation was counter-balanced across subjects.

2.2. Results and discussion
Analyses were based upon reaction times (RTs) for correct
responses, measured from the end of the target. Words
embedded in final position were on average detected 98 ms
faster in the aligned than in the misaligned condition. Similarly,
words embedded in initial position were on average detected
140 ms faster when their offset was aligned than when it was
not. Both effects were highly reliable in separate analyses of
variance (ANOVAs; final embedding: F1(1,31) = 8.94, p < .01;
F2(1,31) = 24.49, p < .001; initial embedding: F1(1,31) =
18.15, p < .001; F2(1,31) = 19.07, p < .001). Moreover,
although the alignment effect tended to be larger for initial word
detection, the alignment effects did not differ statistically from
one another, as shown by the absence of interaction between
Alignment and Position (F1(1,31) = 1.01; F2(1,62) = 1.26,
p < .3). Error rates were very similar across conditions.
ANOVAs performed on error rates revealed no reliable effect or
interaction.

Table 1. Mean reaction time (RT) from the end of the target and error rate
(Er) in Experiment I (** indicates that the effect is statistically significant by
participants and items).

Target onset Carrier type RTs (ms) Ers (%)

Aligned ik#{�S 869 13

Misaligned i#k{�S 967 14

Difference 98** 1

Target offset
Aligned tAât#{u 916 14

Misaligned tAâ#t{u 1056 16

Difference 140** 2

The finding of perceptual costs at target onset and offset
indicates that, in OBLI clusters, acoustic-phonetic cues to the
assignment of the pivotal consonant are present and are
exploited on-line by the listener. Interestingly, contrary to our
previous experiments [8], similar processing costs were
observed for onset and offset misalignment.

3. EXPERIMENT II
Experiment II aimed at assessing the generality of these findings
by comparing OBLI clusters with SOB clusters. While OBLI
clusters are unanimously assigned to syllable onset position in
phonological analyses, and comply with both the Maximal
Onset Principle and the Sonority Principle, SOB clusters admit
divergent syllabifications. Because it was impossible to find a
sufficient number of SOB target words satisfying the required
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constraints, the comparison was restricted to the final alignment
condition.

3.1. Method
3.1.1. Participants. Forty-eight students participated in the
experiment. All were native speakers of French without hearing
or speech disorders.

3.1.2. Materials and procedure. Thirty-two bisyllabic CVCCV
or CCVCCV nonsense strings with a medial SOB cluster (i.e.
st, sp, sk and sf) were constructed. Each carried a target CVC or
CCVC word at the beginning (e.g. race, [{as] “race” in
[{asty]), with the  constraint that the initial C(C)V of the target
was also a word (rat, [{a] “rat”). As in Experiment I, two
versions of each carrier were extracted from the beginning of
paired two-word phrases that differed in the word boundary
location (i.e., VC#CV as in “race tuméfiée” or V#CCV as in
“rat stupéfait”). Note that the lexical status of the final CCV
and CV portions of the carriers was impossible to control for.

For the OBLI condition, 32 target words and carrier strings
were devised as in Experiment I but in the present experiment
both CVC (e.g. tante [tAât] “aunt”) and CCVC (e.g. grappe

[g{ap] “cluster”) words served as targets. Other characteristics
of the materials and procedure were identical to Experiment I,
except that the speaker was different.

3.2. Results and discussion
In the reaction time analysis, a significant interaction between
alignment and cluster type was obtained (F1(1,47) = 3.83,
p < .057; F2(1,62) = 9.62, p < .01). As shown in Table 2, a
reliable effect of Alignment was found for OBLI clusters (98
ms; F1(1,47) = 5.65, p < .025; F2(1,31) = 21.80, p < .0001). In
contrast, no Alignment effect was obtained for SOB clusters
(6 ms; Fs < 1). Error rates for the OBLI clusters were slightly
lower in the aligned than in the misaligned condition, and the
reverse trend occurred for SOB clusters. However, none of these
trends was reliable. Thus, in summary, the results of
Experiment II replicate the previous findings for OBLI clusters
with a different naïve speaker, but fail to reveal similar
alignment effects in the case of SOB clusters.

Table 2. Mean reaction time (RT) from the end of the target, and error rate
(Er) in Experiment II (* indicates that the effect is statistically significant by
participants only).

OBLI Carrier type RTs (ms) Ers (%)

Aligned tAât#{u 826 19

Misaligned tAâ#t{u 924 23

Difference 98** 4

SOB
Aligned {as#ty 762 18

Misaligned {a#sty 768 14

Difference 6 4*

4. EXPERIMENT III
In order to examine the nature of the acoustic-phonetic
differences between the two versions of each carrier, segment
durations for all carriers from both experiments were estimated
from waveforms. When the pivotal consonant was assigned to
the offset of the first word (...VC#CV...), OBLI strings showed
a substantial and reliable lengthening of the pre-boundary vowel
(Speaker 1: 29%; Speaker 2: 20%) and of the liquid consonant
(S1: 41%; S2: 47%) for both speakers, as well as a substantial
and reliable lengthening of the obstruent for S1 only (30%). In
contrast, no such durational differences were observed in SOB
carriers.

Experiment III assessed the generality of these findings by
collecting production data from eight naïve speakers of French.
They were recorded pronouncing a subset of the two-word
phrases used in the previous experiments, both in isolation and
in sentence context.

4.1. Method
4.1.1. Materials and procedure. The materials were composed
of 48 pairs of two-word phrases (CVC#CV… vs CV#CCV…);
32 pairs with an OBLI cluster (16 OBstruent + /l/ and 16
OBstruent + /{/) used in Experiment I, and 16 with a SOB
cluster from Experiment II.

The 96 phrases were mixed randomly in two balanced
blocks. Production in isolation consisted in reading the phrases
naturally without separating the words. For production in
sentential context, the relevant phrases appeared just after the
verb as one of its complement. Sentences containing paired
phrases were matched for length in syllables and for the position
of the relevant phrase. In half the sentences the final constituent
was attached to the head noun of the phrase as in “Aurélie est
une tante roublarde du Brabant”, matched with “Il naquît en
ces temps troublants d’avant-guerre”, while in the other half
the final constituent was attached to the verb as in “J’ai souffert
d’une mince cataracte comme un martyr”, matched with “Il
nettoie la main scarifiée à l’aide d’éther”. Speakers were
required to read the sentence silently before saying it aloud.

4.2. Results and discussion
Table 3. Mean segmental durations (ms) as a function of the consonant
cluster, the word boundary location (WBL) and the production context.
Each cell represents 128 data points.

Production C2C3 WBL C1 V1 C2 C3 V2

in isolation OB + /l/ C#C 106 143** 89 61** 101
#CC 105 115 83 47 99

OB + /{/ C#C 88 135** 63 99** 85
#CC 91 111 59 82 79

/s/ + OB C#C 95 119 95 88 73
#CC 96 116 89 83 83

in sentence OB + /l/ C#C 68 122** 68 49** 97
#CC 66 102 67 41 94

OB + /{/ C#C 59 108** 48 87** 81
#CC 56  89 50 74 73

/s/ + OB C#C 61 101 73 81 67
#CC 63  96 77 77 74
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For the phrases with an OBLI cluster, the lengthening of
the pre-boundary vowel and of the liquid was clearly and
reliably confirmed. Both in isolation (23% for V1; 25% for C3;
see Table 3) and in sentential context (20% for V1; 19% for C3),
the pre-boundary vowel and the liquid were found to be longer
when the word boundary was located within the cluster. As for
the stimuli of Experiment II, no reliable difference emerged for
SOB clusters.

5. GENERAL DISCUSSION
This research examined the acoustic-phonetic cues to word-
boundary location in two classes of consonant clusters in
French. It clearly appears that the presence of such cues depends
upon the nature of the cluster. In SOB clusters, durational
analyses revealed no reliable difference due to the word
boundary location. In contrast, analyses of OBLI clusters
revealed a substantial and systematic lengthening of the pre-
boundary vowel and of the liquid when the obstruent was word-
final. Thus, the OBLI results indicate that phonetic encoding in
speech production does not lead to complete resyllabification. In
contrast to the predictions by Levelt and Wheeldon [11], it
appears that, at least for OBLI clusters, the production of a
VC#CV sequence requires syllabic gestural scores that differ
from those activated during production of the paired V#CCV
sequence, in which the obstruent is assigned to the second
syllable at the lexical level.

The present results also provide strong evidence that the
acoustic-phonetic word boundary cues in OBLI clusters are
exploited in on-line lexical segmentation. In two word-spotting
experiments, onset and offset misalignment between the target
word and the syllabic structure produced significant perceptual
costs. Such findings confirm results obtained in English and
Dutch with off-line discrimination tasks [12,13,14] and extend
them to French clusters with an on-line word recognition task.

Our hypothesis of lexical segmentation at syllable onsets
predicts an onset misalignment effect. Thus, in the case of
finally-embedded targets [e.g. i.k{�S], recognition of the target

word [{�S] is assumed to be delayed because an incorrect
segmentation decision is initially taken and subsequently needs
to be revised. In contrast, for the recognition of the initially-
embedded target [e.g. tAâ.t{u], another interpretation is
proposed. We assume that recognition is delayed because the
target word [tAât] must compete with the word aligned with the

onset of the second syllable [t{u] for the pivotal consonant [t].
Since the competitor is activated, the decision to assign the
pivotal consonant to the target word receives less support and
takes more time.

According to the syllable-onset hypothesis, final
misalignment effects should disappear if there is no lexical
competitor for the pivotal consonant. Such an interpretation is
supported by the lexical segmentation data obtained in English
and Dutch. In both languages lexical activation was shown to be
modulated by the number of activated words beginning with the
next strong syllable [3,15]. Moreover, the interpretation may
also explain the absence of final misalignment effect [e.g.
la.klyf] in Dumay et al. [8] since in this experiment the second

syllable [klyf] of the carrier never corresponded to a word.
Current experiments are directly examining the modulation of
final misalignment effects by the number of competitors, and
should provide a further test of our hypothesis.

In conclusion, the present study indicates that the existence
of phonetic cues to word boundary location in French consonant
clusters depends upon the nature of the consonants. When
available, as in obstruent-liquid clusters, such subtle but
reliable cues are effective in on-line lexical segmentation and
word recognition. The findings argue against the notion of
resyllabification which would assume that a word-final
obstruent is systematically re-assigned to the next syllable onset
when followed by a liquid. They reinforce our belief that
syllable onsets constitute relevant alignment points for lexical
search.
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ABSTRACT 
Conventional rhythmic distinctions such as “stress-timing” 
vs. “syllable-timing” were investigated using a novel 
technique whereby speakers produced a phrase repeat- 
edly along with a metronome. When stable rhythmic 
productions of phrases in Arabic, English, and Japanese 
were compared, Japanese speakers preferred to place the 
phrase-final syllable at “simple harmonic phases”, such 
as halfway between the start of successive repetitions. 
Arabic and English speakers, by contrast, placed stressed 
syllables at these points. However, Arabic and English 
were found to differ from each other in the timing of 
stressed syllables within a phrase. English speakers more 
closely approximated isochrony of stressed syllables than 
did Arabic speakers. 

1. INTRODUCTION 
Abercrombie [l] claimed that languages fall into rhyth- 
mic categories such as “stress-timed” and “syllable-timed”. 
Arabic and English have been classified as ‘Lstress-timed”, 
and stress plays a crucial role in the phonological system 
of both languages. This contrasts with Japanese-a “mora- 
timed” language [2]-where stress plays no role in the global 
organization of utterances. However, it has proven difficult 
to find acoustic evidence that support these typological dis- 
tinctions [3]. Units such as stressed syllables or individual 
moras do not occur at regular time intervals. 

Recently, an experimental method called ‘(speech 
cycling” has been developed to study speech rhythm [4,5]. 
Subjects produce a phrase repeatedly in time with a 
periodic auditory stimulus. When speakers repeat a phrase 
at a continuum of increasing speaking rates, they have been 
found to fall in and out of stable, quasi-discrete rhythmic 
modes [5]. In this paper, we compare the results of speech 
cycling experiments in three languages: Arabic, English, 
and Japanese. 

2. METHODS 
2.1. Speakers 
Data were collected from four native speakers each of 
Ammani- Jordanian Arabic, American English, and Tokyo 
Japanese. 

Table 1: Japanese phrases. 
No.Syll Japanese 

5 do.ku da.mi da 
6 do.no ga.ra.su.do 
7 go.ma da.re da.ke da 
8 do.ku da.mi da.ra.ke da 

2.2. Text materials 
There were 6 Arabic, 4 English, and 4 Japanese phrases. 
The Japanese phrases, shown in Table 1, were 5-8 moras 
in length; all syllables were monomoraic CV syllables. 
The Arabic and English phrases, shown in Table 2, were 
4-7 syllables in length. The pattern of stressed (s) and 
unstressed (u) syllables varied across phrases, but was 
matched between the two languages as shown in the 
table. (The phrases do not match completely because the 
Arabic and English experiments were originally conducted 
as separate studies.) Each phrase contained 3 stressed 
syllables. The first and second stressed syllables were 
intervened by varying numbers of unstressed syllables. The 
third stressed syllable was either the final or penultimate 
syllable of the phrase. 

2.3. Instructions and procedure 
Subjects listened to an isochronous series of 50-ms, 600-Hz 
tones through headphones. On each trial, they listened to 
the first four metronome beeps, then joined in to repeat the 
phrase, aligning the beginning of the phrase with each suc- 
cessive beep. They produced the phrase eight times without 
inserting breaths between repetitions. 

For each phrase, the metronome was initially set to 
a slow rate, with a period of about 1500 ms. On each 
successive trial, the metronome period was decreased to 
93% of the previous trial. When the rate became too fast 
for the speaker to repeat the phrase accurately, then it was 
reset to a slow rate, and the subject proceeded to the next 
phrase. On average, subjects repeated each phrase at 7-10 
different metronome rates. 

2.4. Measurement and analysis 
The speech signal was converted into a series of “beats”, by 
placing a beat near the vowel onset of each syllable. These 
beats were used to capture the timing of vowel onsets in each 
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Table 2: Arabic and  English phrases.  
No.Syll Stress Arabic English 

4  ssus MART BAA.sim MAY BUY DOUG a  BEER 
5  ssusu BINT NAA.dir DII.ma GREAT BOM.bay DE.mons 
5  susus BA.dir BA.na BEET 
6  sususu BUK.ra BIN.dam BAAsi 
6  suusus BUL.bul bi.NAAN ba.DIIN BET.ty for.GOT the BAG 
7  suususu BAS.ma ba.DAAL ma.DII.ne GIV.ing the GIRL a  DOUGH.nut  

baa sim# may# mart# . . . 

Figure 1: External and  internal phases.  

phrase. This contrasts with convent ional measures of sylla- 
ble and  segment  durations. For example, in a  CVCVCV se- 
quence,  instead of measur ing the durat ion of CV units (i.e., 
[CV] [CVI [CVl> 7 th ese beats delimit syllables from vowel on-  
set to vowel onset  (i.e., C[VC][VC]V). This measure was 
adopted because vowel onsets are close to the “perceptual  
moment  of occurrence”, or P-center, of a  syllable [6]. 

Beats were located semi-automatically, using a  “beat  
extractor” that takes a  rectified smoothed energy profile of 
the formant f requency region of the speech waveform, and  
places a  “beat” halfway into a  local rise in this contour [4]. 
The  program output was corrected visually. 

Of the eight repetit ions in each trial, the first two 
and  the last were discarded to reduce transient effects. 
Beats from the remaining repetit ions were converted into 
two relative measures of timing, il lustrated in Figure 1. 
‘LExternal phase” measures the time of occurrence of a  
syllable relative to a  cycle def ined by the initial beats of 
the current repetit ion and  the next repetit ion (e.g., b/a 
in Figure 1). “Internal phase” measures the timing of a  
syllable relative to a  “cycle” def ined by the first and  last 
stressed syllables of the current repetit ion (e.g., c/b). 

3. RESULTS 
3.1. Stable rhythmic modes 
Since the metronome was made  faster across trials, the 
speaker  had  to repeat each phrase at a  faster rate after 
each trial. Thus,  the 
of one  repetit ion to th 

interval durat ion 
.e next (interval ” 

between the 
a” in Figure 1  

onset  
>  was 

expected to decrease successively across trials. From this, 
one  might expect  that measures such as ‘%/a” (i.e., external 
phase of a  syllable), where ‘9~” is the denominator,  would get 
larger in a  gradient fashion across trials. However,  this was 
not the case. Figure 2  shows data from the Arabic phrase 
‘Lmart baasim may”, where observed external phases of the 
syllable “may” are shown as a  histogram. The data are col- 
lapsed across all repetit ions measured,  from all metronome 
rates done  by all Arabic speakers.  The  figure clearly shows 

3 

LD- 
7 

0. 
v 

m- 

oa - .- I IllIll II ---_-------I_ _.__ ---------I~!F 

Figure 2: 

1, 1 1  I1 I 3 1  I1 

0.0 0.2 0.4 0.6 0.8 1  .O 
external phase (raw data) 

Histogram of external phase of th .e final 
syllable in the Arabic phrase “mart baasim may”. 

several distributional modes,  suggest ing that the speakers 
preferred to produce the final syllable at certain parts of the 
repetit ion cycle over others. As the speakers repeated the 
phrase at gradual ly increasing repetit ion rates, they fell in 
and  out of stable, quasi-discrete rhythmic modes,  and  this 
was found for all three languages.  

Another crucial observat ion in Figure 2  is that the 
most prominent distributional mode  occurs near  external 
phase 0.5, or l/2. The  speakers strongly preferred to pro- 
duce the phrase-f inal syllable “may” halfway between the 
start of successive repetit ions. Phases which can be  ex- 
pressed as simple fractions, such as l/2, are called “simple 
harmonic phases”, and  are frequently preferred by speakers.  

The  following sect ions focus on  some of the rhythmic 
modes  found in the three languages.  Rhythmic modes  were 
identified by taking the external phase of the phrase-f inal 
syllable of each phrase, and  making a  histogram of observed 
phases from all repeti t ions and  speakers.  (Histograms for 
each phrase are not included due  to space limitations.) 
Prominent local distributional modes  in each histogram 
were treated as rhyth .mic modes,  i.e., stable temporal 
patterns for repeat ing the phrase. Each rhythmic mode  
cant a ined all data points that were in his togram bins that 
were at least half as  tall as  the tallest bin of the mode  and  
cont iguous with it. Individual repetit ions that be longed to 
the rhythmic mode  according to this criterion were then 
pooled to derive the mean  phase of each syllable for the 
particular rhythmic mode.  
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3.2. External phase 
Figure 3(a)-( ) h c s ows representative rhythmic modes found 
for the phrases in the three languages. The vertical lines are 
the beats of individual syllables; each beat is the mean ex- 
ternal phase across all repetitions that belong to the rhyth- 
mic mode. The thick vertical lines are the beats of the 
phrase-final syllables. 

Figure 3(a) shows rhythmic modes for the Japanese 
phrases. These modes share a common characteristic, in 
which the phrase-final syllable beats (note the thick vertical 
lines) occur close to external phase 0.5. Thus, for phrases 
of various lengths, Japanese speakers find it comfortable to 
repeat each phrase such that the last syllable is produced 
at a simple harmonic phase, such as l/2. 

The Arabic data, shown in Figure 3(b), reveals a qual- 
itatively different result. Contrary to Japanese, the phrase- 
final syllable does not show a uniform tendency to occur 
near external phase 0.5. The final syllable for phrases 2, 
4, and 6 are instead substantially later in phase than for 
phrases 1, 3, and 5. However, when we focus on the final 
stressed syllable of each phrase, we find that it is close to 
external phase 0.5 for all rhythmic modes shown. That is, 
Arabic speakers prefer to produce the final stressed syllable 
near a simple harmonic phase, even if it is followed by an 
unstressed syllable. Figure 3(c) shows analogous rhythmic 
modes for English. Similar to Arabic, external phase of the 
phrase-final syllable is later if it is unstressed than if it is 
stressed. However, the final stressed syllable occurs near 
external phase 0.5 for all phrases. 

Together, Arabic and English show a similar pattern 
of rhythmic modes, while Japanese shows a qualitatively 
different result. Japanese speakers prefer to place the 
phrase-final syllable near a simple harmonic phase, while 
Arabic and English speakers do not necessarily do so. 
These speakers instead appear to pay closer attention to 
the final stressed syllable. 

3.3. Internal phase 
We now examine internal phase measurements in Arabic 
and English. Internal phase was defined relative to a “cy- 
cle” from the first to the third (final) stressed syllable of the 
phrase. A histogram of the internal phase of the phrase- 
medial stressed syllable was first made for each phrase by 
collapsing across repetitions measured from all metronome 
rates done by the speakers. Then the same criteria as those 
for external phase histograms were used to identify rhyth- 
mic modes, i.e., stable ways in which stressed syllables of a 
phrase are temporally patterned. Generally, the histograms 
showed a single rhythmic mode for each phrase.iThe follow- 
ing figures are based on these rhythmic modes. 

Figure 4 compares the internal phase of 4-syllable 
phrases in Arabic and English. Each vertical line is the 
mean internal phase of the syllable based on repetitions that 
belonged to the rhythmic mode. The two phrases showed a 
slight difference in the relative timing of the medial stressed 
syllable. The Arabic syllable “baa” is further away from the 
dotted line at internal phase 0.5 than is the English syllable 

a. Japanese 

i I 
I 

#I i 
T ku# da mi# dd “p 

#2 
no# ga ra su# d p 4” 

#3 , 
4" ma# da re# da ke# a 

4 
i 

4” 

#4 j 
ku# da mi# da ra kei da 

t 
r r I  I  I1 r 1 I1 r 11 1 I1 I1 81 9 

0.0 0.5 1 .o 
External phase(mean within the prominent mode) 

b. Arabic 

#I myrt# baa sim# may mart 

#2 I bi$t# naa dir# cii ma bipt 

#3 bia dir# ba na# bet ? 

#4 bvk ra# bin# dam# baa Sll byk 

#5 bpl bul# bi naan# ’ ba diin bll 

#’ bgs ma# ba daal# ma oii ne 
j bF 

i , I, I I I I I I1 Iti I I, I I1 I I I 
0.0 0.5 1.0 

External phase (mean within the prominent mode) 

c. English 

#I 
blly# Doug# a# be ?r byy 

#2 
gre/at# Born bay# de mons great 

#3 
Bf?’ ty# for got# the# lag 

Bi 
e 

! 

#4 
g v ing# the# girl# a# dough nut gv 

I 
I, 11  I, I, 11  I,, I, ,,I, 1  ( 

0.0 0.5 1.0 
External phase(mean within the prominent mode) 

Figure 3: Rhythmic modes in (a) Japanese, (b) Ara- 
bic, and (c) English. , 

page 287 ICPhS99          San Francisco



sim# m{y# 
I t 

bqy# Dou@# a# I begr# 
I I 0 I I I I I , I I t 

0.0 0.2 0.4 0.6 0.8 1 .O 
mean internal phase 

Figure 4: Rhythmic modes in internal phase for one 
Arabic and one English phrase. 

E:“” .“I- ,~~,,I 1 I;;“‘” 1 i%‘““. 1 

0.35 0.40 0.45 0.50 0.45 0.50 0.55 0.60 
internal phase internal phase 

0.35 0.40 0.45 0.50 0.45 0.50 0.55 0.60 
internal phase internal phase 

Figure 5: Mean internal phase of phrase-medial sylla- 
ble compared within four pairs of Arabic and English 
phrases. 

“Doug”. Internal phase 0.5 is important because a syllable 
beat that occurs at 0.5 would be halfway between the first 
and third stressed syllable beats, yielding an isochronous 
sequence of stress beats. 

Figure 5 compares the internal phase of four pairs of 
Arabic and English phrases that have comparable stress pat- 
terns. The figure shows means and standard deviations for 
just the medial stressed syllable. In the left 2 panels, the 
phrases have the stress pattern “ssus” or (‘ssusu”’ where 
the first and second stressed syllables are adjacent. In the 
right 2 panels, the pattern is either “suusus” or %uususu”, 
where the first and second stresses are intervened by 2 un- 
stressed syllables. 

The mean internal phase deviates from 0.5 in different 
directions between the left and right panels. This is caused 
by differences in the number of unstressed syllables between 
the first and second stresses (0 vs. 2). In either case’ the 
magnitude of deviation is consistently larger in Arabic than 
in English, for all four sets of comparisons. The differences 
were statistically significant. This indicates that English 
speakers more closely approximated stress beat isochrony 
within a phrase than did Arabic speakers. Even though 

both languages have been classified as ((stress-timed”, 
these data indicate that there are subtle yet systematic 
differences It appears that English is more “stress-timed” 
than Arabic under these conditions. 

4. CONCLUSION 
Analysis using external phase demonstrated that rhythmic 
modes in Arabic and English are similar to each other, while 
different from Japanese. Arabic and English speakers seem 
to pay close attention to the stressed syllables, producing 
them at simple harmonic phases. This result is consistent 
with the notion that these languages are “stress-timed”. By 
contrast, Japanese speakers tend to place the phrase-final 
syllable at simple harmonic phases. Despite their both be- 
ing “stress-timed”, Arabic and English also show system- 
atic differences, according to internal phase measurements. 
Stressed syllables within a phrase deviated from a strictly 
isochronous sequence to a greater extent in Arabic than in 
English. 

Overall, this study demonstrates that there are 
phonetically observable differences and similarities in 
rhythmic organization across languages. Some of these are 
captured by typological distinctions such as “stress-timed” 
vs. “syllable-timed”, but there are systematic differences 
even among languages traditionally labeled (‘stress-timed”. 
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NOTES 
1. For the English phrase “great Bombay demons”, internal 
phase of the medial syllable “Born-” showed 2 rhythmic modes, 
one close to internal phase l/3, and one close to l/2. The latter 
was selected for analysis because its phase better paralleled 
those identified for the other English phrases. 
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ABSTRACT
Prosodic Prominence and prosodic boundaries have been shown
to effect syllabic durations. However another factor, redundancy,
also appears to have a major impact. More common words and
words you can easily predict from context (more redundant) tend
to be articulated less clearly and so also have a tendency to have
shortened syllabic durations.

This paper explores the relationship between measures of re-
dundancy, prosodic structure and syllabic duration of a large cor-
pus of spontaneous speech. Although 50% (r=0.71) of syllable
variation is predictable from measures of accentedness, break in-
dex and other prosodic parameters, word frequency alone pre-
dicts 11% of the duration variation. Combining prosodic informa-
tion and redundancy measurements improves prediction by 0.75%
(r=0.72), suggesting that although redundancy measurements can
offer a statistically independent contribution to predicting syllabic
duration, prosodic structure implicitly represents most of the vari-
ation caused by redundancy.

1. INTRODUCTION
1.1. Motivation and Hypotheses
We appear to have two quite different factors controlling the care
with which we articulate speech. On one hand we have a complex
prosodic structure which predicts prominence and the chunking of
speech and on the other we have complex interactions within the
structure of language which make some sections of speech pre-
dictable and others less so. Understanding how these factors affect
variation in articulation is of great importance for both engineers
who wish to design effective speech recognition and synthesis soft-
ware and also psycholinguistics and phoneticians who wish to un-
derstand the human language system. Potentially such an investi-
gation can help refine theories of suprasegmental change and allow
us to not only predict articulation variation in the speech stream
but use this variation to explore the internal state of a speakers lan-
guage system.

The central questions this paper will address are:

1. To what extent does a modern theory of prosodic structure ac-
count for such changes in the care of articulation, in contrast
to some simple measures of redundancy?

2. How much interdependency exists between redundancy mea-
surements and prosodic structure? Can concepts of pre-
dictability and prosodic structure be integrated together to
offer a stronger predictive framework of changes in care of
articulation?

1.2. Prosodic Structure
Theories of prosodic structure concentrate on three distinct though
related phenomena:

1. Prominence: Some parts of the speech stream stand out
more than other parts.

2. Boundaries: Speech is split up into chunks which are cued
by changes in duration, f0, amplitude and voice quality.

3. Information Giving: Changes in prosodic structure can alter
the meaning of the message, for example changing a state-
ment into a question.

Laboratory phonetics has found that prominent syllables are
more clearly articulated. That is, the segments tend to be longer,
the spectral characteristics are more distinct, they are louder and
often marked with pitch change. Words with such prominence also
tend to be easier for human subjects to recognise when excerpted
from context.

In general: Prominence = more care of articulation = more
noticeable = easier to recognise

1.3. Redundancy
Prosodic structure clearly affects care of articulation however an-
other factor, redundancy, also appears to have an impact. More
common words and words easily predictable from context (more
redundant) tend to be articulated less clearly. For example the
’nine’ in the phrase ’a stitch in time saves nine’ is less clearly ar-
ticulated than the nine in ’I would like nine please’ [10].

Lindblom [11] in his H&H theory suggests that we put only
as much effort into articulation as required for the listener to under-
stand. He argues that we tend to under articulate easily predictable
(redundant) sections of speech and over articulate a difficult to pre-
dict (less redundant) sections of speech.

2. MATERIALS
This work is based on a large corpus of spontaneous task oriented
dialogue collected by the HCRC at the University of Edinburgh
- the HCRC Map Corpus [7]. The corpus is comprised of about
15 hours of spontaneous speech, 64 speakers and around 200,000
syllables.

2.1. Prosodic Coding
3190 words making up 679 full intonational phrases were coded
using GlaToBI [12], a variant of the ToBI tone and break index
coding system which was adapted for the Glaswegian accent. Au-
tomatic techniques were then used to assign nuclear accent place-
ment as well as syllabic structure and lexical stress to these mate-
rials.
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2.2. Automatic Coding
The entire HCRC map task is word segmented and transcribed.
This allowed the automatic coding of word, syllable and phrase
boundaries as well as the coding for lexical stress. The word
boundaries were hand segmented. Syllable boundaries (for poly-
syllabic words) were determined using autosegmentation. A dic-
tionary containing a canonical phonemic representation for each
word was used to guess the probable segmental contents of each
word. A hidden Markov model (HMM) speech recogniser with
a model for each segment already trained from previous speech
was used to posit the likely boundaries of each phoneme using
the maximal onset principle. The syllabification as present in the
CELEX dictionary lookup was then used to determine likely syl-
lable boundaries as well as being used to assign lexical stress to
syllables.

2.3. Measuring Duration
A duration model using a combined log distribution for each
phonemic segment (as in [4]) was used to produce a normalised
duration measurement. It assumed that a change in the duration of
a syllable was divided equally among the segments of that word
in terms of z-scores for duration. Therefore, the change between
a syllable’s predicted duration and actual duration could be mea-
sured in terms of a single z-score calculated for all of a syllable’s
segments. This value, called here the ’k-score’, was used as a mea-
sure of how much a syllable had been ’stretched’ or ’compressed’
from a citation form.

The predicted duration, d, of any word may be expressed as:

d =

nX

i=1

exp
(�(i)+k�(i)) (1)

where:
n = the number of phonemes in a word,
k = a constant function of average segment length,
� = the mean log duration of a segment,
� = the standard deviation of the log distribution of a seg-
ment’s duration

One log distribution was used (�=-2.7478 (64ms)�=0.5702 (-1
sd=36ms, +1 sd=113ms)) forall phonemes, so that there was ef-
fectively no differentiation between phonemes. Expected syllable
durations therefore depended on how many segments there were
in any given syllable (For more detail on this and other duration
models based on this approach see [1]).

2.4. Measuring Redundancy
The predictability of a syllable in running speech is dependent on
many factors. Without understanding all the dependencies between
semantics, syntax, pragmatics and the structure of language any
measure or redundancy is an approximation. In this work three
measurements were taken:

1. Log of Word Frequency. More frequent words should be
more easy to predict and thus be more redundant. Each syl-
lable was associated with the COBUILD word frequency of
the word it was part of.

2. Syllabic Trigram Measurement. Using the BNC national
corpus the transition probability of guessing a third sylla-
ble on the basis of the first two was calculated. The CMU-

Cambridge toolkit was used to calculate trigram probability
using good turing and backoff [5]. This measurement will
give some idea of predictability produced by frequent se-
quences of words and the redundancy in later syllables in
polysyllabic words. Together with word frequency this mea-
surement gives a more interword sense of redundancy.

3. Givenness.Both word frequency and trigram measurements
can be regarded as low level measures of redundancy, in that
they take no consideration of the meaning in language or of
the flow of meaning in a stream of speech. In contrast given-
ness is related to the introduction of a referent in a dialogue.
The more this referent is mentioned the more ’given’ it be-
comes. This final measurement of redundancy measures how
many times a referent (in this case a landmark on a map e.g.
’white mountain’ ’east lake’) has been mentioned.

3. RESULTS
A number of linear regressions were carried out to investigate the
extent to which prosodic factors and redundancy factors predicted
change in syllabic duration.

3.1. Scope of materials
The number of materials available for different analyses varied de-
pending on the factors considered. All syllables in the corpus are
coded for word frequency and trigram probability together with
a syllabic duration measurement. Of these 3698 syllables are
prosodically coded using GlaToBI. Of these 1553 are also coded
for givenness.

3.2. Does Prosodic structure account for duration variation?
Laboratory research has shown that many prosodic features have
an effect on the duration of syllables. The factors included here are
not exhaustive but do represent the major findings.1

1. Boundary effects: Phrase final lengthening is a well docu-
mented effect in speech. Wightman et al [15] showed that,
moreover, these effects extended into other prosodic bound-
aries such as word and intermediate phrase boundaries. Us-
ing a Break Index coding system [13] a strong relationship
was found between such an index and the duration of the
rhyme of the syllable preceding the boundary. The break in-
dex coding used here is the ToBI modified version and is as
follows:

� 0 = No boundary (within word/cliticised)

� 1 = Word boundary

� 2/3 = two ’strengths’ of intermediate intonational
phrase Boundary

� 4 = full intonational phrase boundary

2. Prominence:Prominence is the extent that a sound or sylla-
ble stands out from others in its environment. A number of

1Effects of syllabic structure, for example the total number of syllables
in the word, are not reported here. Including these factors (which have
an effect on duration) was complicated by being confounded by frequency
effects. A more complex linear regression analysis grouping by number of
syllables resulted in similar results.
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different factors [9] [6] have been put forward as contributing
to prominence and these factors affect duration.

� Vowel Type: Reduced vowels (e.g. schwa) appear less
prominent than full vowels. Reduced vowels and their
syllables tend to be shorter than syllables with full vow-
els [8]. For example the /i/ in /sIti/ is more prominent
than the /@/ in /Aft@/ although neither are lexically
stressed

� Lexical Stress: Lexical stress affects duration inde-
pendent of pitch accents, which are often associated
with lexically stressed syllables [3]. Syllables with
secondary stress such as ’mul’ in ’multiplication’ are
treated as stressed.

� Pitch Accents and Spillover: Pitch accents are marked
by changes in pitch and a strong impression of promi-
nence. Lengthening occurs on the syllable accented
as well as, in some cases, syllables adjacent to the ac-
cented syllable (Spillover - my term) [14]. Spillover is
affected by word boundary and occurs more strongly
to the right of the accented syllable. In this analysis
syllables within a word to the left of a pitch accented
syllable are given a spillover of 0.04, to the right 0.2
and to the right across a word boundary 0.05. These
values are in line with Turk and White’s results of a
4,20,5% increase in syllable duration in these contexts.

� Nuclear Accents: Nuclear accents (or primary phrasal
stress or sentential accent) are a subset of pitch accents
that occur, in English, before an intonational phrase
boundary. Although there is is evidence that nuclear
pitch accents are perceived as more prominent than
other pitch accents, it is unclear whether these accents
have different effects on segment duration. However
for completeness the nuclear/non-nuclear distinction is
retained in this analysis.

A linear regression including these factors predicts 51% of
the variance in the normalised duration score (r=0.715). Table 1
shows the independent contribution of these factors, and the inde-
pendent significance (Maximum Likelihood) that each factor has
in this model.

Factor Var p <

Break Index 17.97% 0.001
Full/Reduced Vowel 00.30% 0.001
Lexical Stress 04.35% 0.001
Pitch Accent 03.32% 0.001
Spillover 02.16% 0.001
Nuclear Pitch Accent 00.01% NS

Table 1 Contributions to predicting duration change. %Var - The
independent contribution to predicting the variance,p < - Signifi-
cance of the maximum likelihood ratio test.

From Table 1 we can see that most of these factors are deeply in-
terrelated. The strongest contribution by far is from the break in-
dex representing the boundary strength following the syllable. All
factors have a significant effect on duration variation except the
distinction between nuclear and non-nuclear pitch accents.

3.3. Does Redundancy Account for Duration Variation?
Context has been shown to affect articulation. When more contex-
tual information is available, making speech easier for a listener
to recognise, talkers have been shown to produce more reduced
speech ([10], [11]). The more predictable a word the more reduced
it tends to become. This study examines three different measures
of redundancy: Word frequency, trigram syllabic predictability and
mention of a reference within a dialogue.

3.3.1. Low Level Measurements of Redundancy: Word Fre-
quency and Trigram Syllabic Predictability Low level measure-
ments of redundancy do not take into account the syntactic and se-
mantic structure of an utterance. They are blunt instruments which
give an indication of predictability. Word frequency is an example
of such a low level factor and it has been proposed as a factor in
overall word shortening [2].

Other factors, such as neighbourhood density in the lexicon,
together with word frequency can produce a more robust measure
of redundancy and its effect on reduction [16]. However in this
work we are establishing whether redundancy has an effect on re-
duction outwith prosodic factors and if so by how much. For this
reason, although more complicated measurements of word redun-
dancy have been presented in other work, we will use the less ro-
bust but simpler and more theory-independent log word frequency
measurement. To augment this measurement and take into account
word internal and some phrasal predictability, a trigram syllable
measurement will also be examined. This value is the probability
of a syllable occurring given the two proceeding syllables. The
trigram measurement adds:

� Within word redundancy: Word initial syllables have a
lower trigram probability than the following syllables.

� Between word redundancy:For example, the predictability
of ’have’ following ’do you’ is higher than might be predicted
by the word frequency alone.

A linear regression taking into consideration the log of word
frequency and trigram measurement predicts 12% of the variation
in duration (r=0.35). Both factors are significant (p<0.001) but the
log of word frequency accounts for most of the predictive power
(11%).

3.3.2. The Independent Contribution of Prosodic and Redun-
dancy Factors.A maximum likelihood analysis of prosodic fac-
tors against redundancy factors shows that although redundancy
factors make a significant contribution to predicting syllabic du-
ration change (p<0.001) the contribution is very small (0.75%).
Prosodic factors implicitly represent most of the effect of redun-
dancy on syllabic duration change.

3.3.3. High Level Measures of Redundancy: Givenness.In
contrast to log word frequency and syllabic trigram measurements
givenness represents a higher level of redundancy. In the HCRC
Map Task Corpus all mentions of landmarks on the maps used are
coded for mention. The more a landmark is mentioned the more
given it generally becomes. However only a subset of the materi-
als described above are coded for mention and a large proportion of
these will be accented nouns and adjectives (e.g. ’white mountain’,
’telephone box’) and thus these materials are more homogeneous
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in terms of prosodic factors.
Redundancy parameters account for 19% of duration change

in these materials with mention contributing a small (0.3%) but sig-
nificant (p<0.01) independent contribution to the predictive power.
Across these materials prosodic factors account for 58% of the
variance (r=0.76) with redundancy variables contributing an inde-
pendent 1.5% to the model.

4. DISCUSSION
Just over 50% of the variance in duration is predicted by prosodic
factors. This leaves a lot of variance unexplained. Some of this un-
explained variance is due to the limitations of the duration model.
Segmental identity and phonemic context are not included in the
duration model even though these factors are known to affect du-
ration. It was found that making use of segmental identity is com-
plicated by being confounded with lexical structure. For example,
nearly all examples of ’th’ /D/ occur in ’the’ /D@/ [1]. It is hoped
that a more sophisticated duration model could be used in future
research reducing the noise in the duration measurement and im-
proving the predictive power of the prosodic factors.

It is also important to note that the prosodic factors used are
quite sophisticated and have been developed over years of research
into this area while the redundancy factors I examined were very
simple. Although the independent contribution made by redun-
dancy factors is very small there is a consistently significant ef-
fect. There is much scope for developing more complex redun-
dancy measurements both at a low level, for example by including
lexical access factors, and at a higher level, by including more so-
phisticated models of dialogue structure. It is possible that more
sophisticated measures of redundancy will contribute a greater in-
dependent contribution to modelling duration change. To what ex-
tent current prosodic theory can represent such redundancy factors
remains to be seen.

5. CONCLUSION
There are benefits in modifying articulation to match predictability
in language. It is an efficient use of effort and it lowers the chance
that a crucial part of the message is obliterated by noise. However
maintaining statistical language models at all levels and calculating
redundancy from them as we speak would be a resource intensive
(and a possibly intractable) exercise. The results from this analysis
suggest that a large proportion of redundancy information is im-
plicitly coded in prosodic structure. This structure appears to act
firstly at the level of the lexicon in terms of lexical stress and vowel
type and at the phrase level in terms of accenting and break index.

Although prosodic structure does appear to explain most of
the duration change predicted by redundancy there is a small but
significant independent effect. This implies that prosodic theory, as
it stands, may not explain all redundancy effects. If this is the case
then either the production system is using redundancy information
directly or prosodic theory should be modified so that it does ac-
count for these effects. For example, lexical stress could be mod-
ified to take into account word frequency so that syllables in rare
words were regarded as having stronger lexical stress than stressed
syllables in common words. Perhaps these stronger stressed sylla-
bles could be regarded as more desirable sites for accent placement
than their more common neighbours. In this way suprasegmentals

could be connected to stochastic information and be used to pro-
duce the redundancy effects we have observed.
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ABSTRACT

The tempo and prosodic pattern in Chinese were investigated

further in this paper. A special speech database, which was

composed of three compound sentences and ten speakers (5

males and 5 females), was created. Three test sentences have

different grammatical structures. The results show that: 1. The

sentence prominence and the sentence intonation are invariant

prosodic features; 2. The tonal pattern can be influenced by tone

coarticulation and speech mood; 3. The effect of last constituent

lengthening in relative duration in fast speech is not a kind of

syntactic or semantic signal; 4. The pause signals a boundary of

phrase and sentence and it will be compressed in fast speech.

1. INTRODUCTION

     The role of prosody in both human speech communication

and man-machine speech communication can not be

overemphasized. Prosody carries both linguistic and

paralinguistic information, which have to be properly processed

by speech I/O systems. As the development of speech technology,

the researchers and developers in this field pay more and more

attention to model the prosodic features. And some duration

modeling techniques were developed in both speech recognition

[1] and speech synthesis [2].

     Gårding and Zhang [3,4] have done some studies on the

temporal and prosodic pattern in Chinese and Swedish since 1987.

The testing material was two simple sentences for Chinese and

the speakers were only two males. In order to gain an insight into

this issue, we want to explore questions of that: what is speaker

general or specific and what is sentence structure related prosodic

features in temporal pattern. So that some sentences with

different grammatical structures and different logic structures

were designed and much more speakers were used in this study.

In Sections 2  the creation of the speech database was described

in details and the testing results were presented in Section 3.

Finally some discussion were given in Section 4.

2. MATERIAL, RECORDING AND ANALYSIS

2.1 Speech Material

     Three compound sentences were designed instead of the

simple sentences used in previous work. In each sentence three

primary vowels / i, u, a/, the consonants with different manners of

articulation, and different lexical tones were included. There are

two clauses (five syllables in each clause) in sentence 1 and

sentence 2 and sentence 3 is the sentence 1 connecting with

sentence2. So it is easy to remember and to utter fluently. The

two clauses in each sentence are identical in grammatical

structure.

     Sentence 1: “Ta qu Wuxishi, wo dao Heilongjiang.” (He

goes to Wuxishi, I come to Heilonjiang.).

     There is a subject and a predicate in each of the two

clauses, which is similar with the simple sentences used in our

previous work.

     Sentence 2: “Shenyang Lvdashi, Guangzhou

Neimenggu.”

     There is no syntactic and logic structures in sentence 2, it is

just a connexion of four city names. And the length of sentence 2

is the same with sentence 1. So that it is easy to do comparative

study on the effects of semantic and syntactic structures on the

temporal structures between sentence 1 and sentence 2.

     Sentence 3: “Ta qu Wuxishi, wo dao Heilongjiang.

Shenyang Lvdashi, Guangzhou Neimenggu.”

     Sentence 3 is a connexion of sentences 1 and 2. No special

instruction about how to read this sentence was given to the

speakers.

2.2 Database Recording

     A special speech database was created for this study. Ten

speakers (5 males and 5 females) who speak standard Chinese---

Putonghua uttered the test sentences nine times in three recording

sessions. All recordings were made in an anechoic room by using

a DAT tape recorder (Sony 2700A). The speech signal was

recorded on the right channel while the vocal folds vibration

signal---Laryngograph output Lx on the left channel. A

condenser microphone (B&K 4165) was hanged 30cm in front of

the speaker’s lips and there is a bar fixing on the hat of speaker to
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help keeping the right distance. And there is another condenser

microphone situated 1m from speaker’s lips which was

connected to a sound level meter to monitor the speech level and

the environment noise level.

     The speech material issuing to the speaker was prompted

on two monitors, one for speaker in the anechoic room and the

other for operator in control room. Each speaker uttered each

sentence three times in one recording session. And three

recording sessions lasted three months. So there are total of nine

renderings for each speaker and each sentence.

2.3 Acoustic Analysis

     A software package---SFS (Speech File System) which

was created by University College London was used for labeling

and time-frequency domain analysis. The speech rate was

measured at both global level and local level. At global level the

speech rate was measured in the number of syllables per second

i.e. the number of syllables in a sentence divided by the duration

of the sentence. And the sentence-normalized scale is used for

temporal structure study.

     At local level a new measure called signed relative change

rate of segment duration R(i) is adopted and the R(i) for fast

speech Rf(i) and for slow speech Rs(i) are defined as

(1)      Rf(i) = log Dn(i)/Df(i)

(2)      Rs(i) = log Ds(i)/Dn(i)

in which the Dn(i) is the duration of the segment i in normal

speech, the Df(i) is that in fast speech and Ds(i) is that in slow

speech.

     In frequency domain the pitch contours were abstracted by

using Laryngograph signal processing combined with speech

wave processing. And syllable alignment is adopted for tonal

pattern comparative study between different speech rates.

3. RESULTS

3.1 The temporal structure of sentences

     The speech rate at global level was measured in two

different methods. (1) Gross speech rate SR1 is the total amount

of syllables in a sentence divided by the gross sentence duration

in second. (2) Net speech rate SR2 is the total amount of syllables

in a sentence divided by the net sentence duration , which equals

to the gross duration minus the total duration of pauses in the

sentence. The average speech rate of three tempi over three test

sentences and ten speakers is listed in Table 1.

Speed Fast Normal Slow
SR1,syllables/s 6.01 3.31 1.74

Relative 1.82 1 0.526
SR2,syllables/s 6.59 3.91 2.03

Relative 1.69 1 0.519

Table 1. Speech rate in three tempi.

     From Table 1 it can be seen that the speech rate in relative

scale SR2<SR1, but in absolute scale it is contrary. That means

that the pauses in fast speech were significantly compressed. Fig.

1 shows the normal speech normalized relative duration of

segments averaged over ten speakers in three tempi. The black

bar stands for the initial (Shengmu) and the white bar for the

remained vocalic part---the final (Yunmu).

S e n t e n e  1

F a s t

N o r m a l

S l o w

  t a 1       q v 4    w u 2      x i 1         s h i 4          s i l       w o 3   d a o 4   h e i 1   l o n g 2     j i a n g 1

(a)

S e n t e n c e  2

S l o w

N o r m a l

F a s t
s h e n 3     y a n g 2    l v 3     d a 4       s h i 4         s i l  g u a n g 3  z h o u 1 n e i 4 m e n g 2     g u 3

(b)

S e n t e n c e  3

S l o w

N o r m a l

F a s t  t a 1    w u 2    s h i 4       w o 3  h e i 1   j i a n g 1   s h e n 3  l v 3    s h i 4   g u a n g 3 n e i 4   g u 3

    q v 4     x i 1        s i l       d a o 4 l o n g 2    s i l       y a n g 2 d a 4    s i l      z h o u 1 m e n g 2

(c)
Fig. 1. Relative duration of segments averaged over 10 speakers
in three tempi, slow, normal, and fast. a, Sentence 1; b, Sentence
2; c, Sentence 3.

     In Fig.1 it is clear that the pause is a kind of useful signal

used for bounding phrase and sentence and for adjusting the

rhythmic structure in continuous speech. And the duration of

pause is very flexile in tempo shift. In fast speech the last pause

in a sentence is much more compressed than the former. For
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some speakers the last pause can be disappeared in fast speech. It

is worth notice that the last constituent lengthening effect in fast

speech is universal in different sentences and for different

speakers. In order to show this effect clearly, the relative duration

of the last word in the six clauses of three test sentences in three

tempi is listed in Table 2.

Tempi Fast Normal Slow
Sentence 1or2 3 1or2 3 1or2 3
Wuxishi 1.03 1.03 1 1 0.985 0.992
Heilong-
jiang

1.30 1.09 1 1 1.04 0.984

Lvdashi 1.10 1.09 1 1 0.953 0.958
Neimeng-
gu

1.22 1.28 1 1 0.959 0.937

Table 2. The relative duration of the last word in clause of three
test sentences in three tempi.

     It is obvious that the relative duration of the word at the

utterance (isolated sentence) final position should be lengthened,

for example, the word Neimenggu was lengthened in both

sentences 2 and 3. As for the word Heilongjiang it was only

lengthened in sentence 1 but not lengthened in the case of

sentence 3, where sentence 1 is followed by sentence 2.

Generally, the relative duration of the last word in fast speech has

increased by around 30% over normal speech.

3.2 The local speech rate in different tempi

     In order to explore the temporal structure at segment level,

a new measure for relative local speech rate was defined by the

signed relative change rate of segment duration R(i). And the test

results of sentence 1, as an example, were drawn in Fig. 2. The

abscissa is the normal speech normalized duration and the

ordinate represents the signed relative change rate of segment

duration R(i) which are expressed in formula (1) and (2). The

solid line is for fast speech Rf(i) and the dotted line for slow

speech Rs(i). And the upper and lower dash lines represent the

average value of Rf(i) and of Rs(i) respectively.
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Fig. 2. The signed relative change rate of segment duration Rf(i)

and Rs(i).

     It can be seen that the signed relative change rate of

segment duration R(i) has a tendency towards to be symmetrical

about normal speech for the fast and the slow. Some segments

(most vowels) are more flexible and some others (most

consonants) are not. And the pauses were significantly

compressed in fast speech but not expanded in slow speech.

3.3 Tonal pattern and sentence intonation

     In order to do time normalization at segment level, the

vocalic part of a syllable was divided into six equal sections in

duration. The F0 at the section boundary point of the nine

renderings of a sentence for a speaker was averaged point by

point. Then the normal –rate temporal pattern was used as a base

and the tonal patterns in the three tempi were transposed to their

respective segments via the syllable boundary alignment instead

of the turning point alignment adopted in our previous work [3].

As an example, the results for two speakers, one male (on the top)

and one female (on the bottom) were shown in Fig. 3.
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Fig. 3. The pitch contour of sentences 3 in three tempi.

     It can be seen that the pitch contour of fast speech is
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generally higher and has smaller range. In the case of both

speaker M05 and speaker F05, the number of turning points has

changed with tempo. The tonal pattern of syllable “xi” (level tone)

turned to be falling in three tempi and the tonal pattern of syllable

“zhou” (level tone) to be rising in fast for speaker M05. As for

speaker F05, the syllable “da” with falling tone turned to be

rising tonal pattern and the syllable “zhou” (level tone) to be

rising also in fast speech. In general the number of turning points

is retained and they have rather fixed locations relative to the

segments.

     Comparing the pitch contours of different speakers we

found that : (1) Different speakers use different strategies to

manipulate the pitch contour to effect the declarative intonation;

(2) Sentences 1 and 2 have different syntactic structures but have

similar prosodic structures; (3) In sentence 3  the sentences 1

and 2 kept their original sentence intonation respectively,

although there were some interaction between them in temporal

structures.

4. DISCUSSION

     Judging from this new material the following invariant

prosodic features which were summarized in our papers [3,4]

were reconfirmed: (1) The sentence prominence, (2) The

sentence intonation, (3) The more relative duration is given to the

last constituent in fast speech.

     Generally with a shift of tempo the position of the tonal

pattern to the segments has a certain leeway. In fast speech,

however, the tonal pattern can be overridden by the tone

coarticulation in certain context under different prosodic

realization. For example, as mentioned above the syllable “zhou”

appearing in between dipping tone syllable “guang” and falling

tone syllable “nei” was changed into a rising tonal pattern in fast

speech of both speakers M05 and F05. As for syllable “da” in

fast speech, which appeared in between a dipping tone and a

falling tone also, the pitch contour of “da” for speaker F05 was

turned to be rising (maybe an atonic) but for speaker M05 it was

not changed because he put a focus on “da”. On the contrary,

Syllable “xi” (level tone) was changed into falling in all three

tempi for speaker M05 but a little bit rising for speaker F05,

because M05 focused on syllable “wu” and F05 on Syllable “xi”

instead. It should be mentioned that the relative duration of these

syllables, of which tonal pattern was changed, was almost not

varied in three tempi. So that either position of the target points

of a tonal pattern is somewhat adjusted to meet the requirement

of tonal context in specific mood. The tone modification can only

be decoded in proper tonal context under certain speech mood.

     The sentence intonation is independent of speech rate and

temporal structures of sentence although the tonal pattern of

syllables was significantly influenced by tone coarticulation.

     The pause, which is a kind of syntactic signal, plays an

important role in shifting tempo.
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PORTUGUESE

Plínio A. Barbosa* and Sandra Madureira†
*Universidade Estadual de Campinas and †Pontifícia Univerdade Católica de São Paulo, Brazil

ABSTRACT

Acoustic final lengthening is addressed in this work by
examining segment durations at three different phrase
boundaries. Each prosodic boundary strength also orthogonally
compares two kinds of Brazilian Portuguese lexical pattern
(paroxyton and oxyton). Careful statistical analyses show that
overall V#C lengthening distinguishes the two weaker phrase
boundaries from each other. It is also shown that postboundary
onset consonants are lengthened by the same process stretching
the preboundary vowel.  At utterance boundary, oxytons and
paroxytons do not entrain distinct lengthenings in postboundary
consonants, but they do so in the two other prosodic conditions.
For them, the stress degree of the last vowel extends to the
postboundary consonant. These results indicate that initial
lengthening is not the only phenomenon cueing initial
strengthening at phrase left edges. Based on these and earlier
data, a dynamical, hierarchical model of rhythm production is
presented.

1. INTRODUCTION
Acoustic final lengthening is well documented in the speech
production literature. Research shows that segments undergo
more than two degrees of lengthening, depending on the
strength of the particular prosodic boundary (see [7][17][20], for
English and [3], for French). These different strengths are
usually considered as a result of the projection of specific nodes
of a prosodic hierarchy onto the phonetic string of segments.
Phonological words and phrases, intonational phrases and
phonological utterances may constitute domains delimitating
this string, depending on the particular node label.

At phrase boundaries, it is usually reported that the last
vowel, the final consonant, the final rhyme or the final syllable
are lengthened. What is pointed out in this work is, first, that
the domain of final lengthening is not necessarily isomorphous
to phonological units like syllables or their constituents but it
extends across phrase boundaries and it includes at least one
postboundary onset consonant. And second, that in Brazilian
Portuguese (henceforth BP), this consonant lengthening cannot
be characterized as initial lengthening alone but it is also a part
of the very final lengthening that stretches the preboundary
rhyme (here, a vowel).

2. RESEARCH BACKGROUND
By studying segmental acoustic durations in syllable-sized
frames, we have presented evidence against phonological

syllables as phrasal stress bearing units. Earlier works [2][4]
have in fact shown that segments within VC sequences are
homogeneously lengthened at phrasal stress. This result
reinforces Vaissière’s claim that rhymes (tautosyllabic VC)
seem to be universal units for signalling prosodic strength [19].
Even phonological research confirms this trend by
distinguishing heavy syllables from light syllables. The first
ones are characterized by the branching structure of their
rhymes (typically, VC) and are potential or obligatory stress
attractors in many languages [10].

But our results have shown that the same is true for VC
sequences across boundaries. That is to say, not only rhymes are
lengthened at phrasal stress but also the postboundary onset
consonant (if present). In other words, our findings suggest that
VC0 (#) C0 units act as rhythmic programming units, i.e.
potential candidates for bearing phrasal stress, depending on the
particular prosodic boundary strength. This behavior is
consistent with two related notions.

Marcus and colleagues [15] have coined the term P-center
for designating acoustic anchor points in the speech signal
which are used by listeners to perceive sequences of syllables as
occurring isochronously. More ecological data [11] have
confirmed Marcus’s intuitions about the P-center location: the
vowel onset. It seems to us that P-centers would delimitate the
minimal programming units for the phonetic implementation of
rhythm. Port and colleagues’ experiments confirm this
assumption by choosing vowel onsets as rhythmic beats in their
speech cycling task [8].

Another related issue is the characterization of the speech
chain as twofold: a continuous vowel flow (probably represented
by the alternate movement of jaw openings and closings [18]) on
which consonant gestures are superimposed [9][16]. We
consider here that lengthened consonants in typical V(#)C
sequences are by-products of greater displacements of jaw
closing movements beginning during vowel production. Byrd
and Saltzman’s recent paper [6] seems to confirm this
assumption for lip movement at five different prosodic
boundaries.

The experiment we describe here shows that consonants
after three different phrase stress boundaries are lengthened and
that, at least in BP, this phenomenon can also be explained as
final lengthening.

2.1. A Pilot Study
The starting point for the results shown here was the
observation of a non-random variation of [p] occlusion durations
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in the phrase “para ele” (to him), embedded in the sentences
“Digo word para ele.” ((I) say __ to him). At  the variable place
marked word, the three BP lexical stress patterns,
proparoxytons (antepenultimate stress), paroxytons (penultimate
stress) and oxytons (final stress) were contrasted in 126
sentences. Word length was three or four syllables long. Phrase
stress falls on each contrasted word. This corpus was recorded
with one subject at three speech rates (self-chosen normal and
metronome-controlled fast and slow rates) in order to study BP
rhythmic and intonational patterns.

We have measured [p] occlusions from the previous vowel
offset to the onset of the first vowel in “para” [¥RC4m?. We have
decided to compare [p] durations according to the stress pattern
of the previous word. Statistical analyses were carried out and
no differences were found for the fast rate. But for the normal
rate, occlusion intervals were 8 ms (p < 0.0001) shorter after
paroxytons  or proparoxytons in comparison to those after
oxytons. An even greater difference in the same direction was
found for the slow rate: 56 ms (p < 0.0001).

Proparoxytons and paroxytons have had the same effect on
[p] durations. This can be explained by a tendency in BP for
reducing non-final stressless vowels in proparoxytons (cf.
“xícara”  - cup -, pronounced [¥5KM4m] or “veículo” - car -,
pronounced [XG¥KMN7]). Thus, rhythmically, proparoxytons
behave as the unmarked lexical stress paradigm: those of the
paroxytons.

These figures indicate that phrasal stress seems to extend
to the postboundary onset consonant. In order to evaluate this
hypothesis a more controlled experiment was carried out.

3. EXPERIMENT DESCRIPTION AND RESULTS
Two other subjects (AJ and GR) recorded twelve repetitions of
three-paired sentences. The three pairs of sentences contrasted
prosodic boundaries of three different strengths. Very strong (or
utterance boundary) s1: “Zé diz ___. Chapado também.” (Joe
says ___. Chapado too.), strong s2: “Digo ___ chapado e
baixo.” ((I) say ___ unconsciously and softly.) and weak s3:
“José Paulo diz ‘___ chapado” (Joseph-Paul says ‘___
unconsciously.’). Each sentence pair orthogonally contrasts “se
gaba” [U+¥ICDm] ((he’s) boasting) and “se gabá” [U+IC¥DC]1 (to
boast), i.e. the paroxyton and the oxyton pattern.

The durations of three phonetic segments are shown in the
tables below: the postboundary segment [5], the first vowel [C],
both in the word “chapado” [5C¥RCF7], and the sequence [C 5?, in

[U+ IC¥DC 5C¥RCF7] (only for oxytons). A t-test evaluated the null
hypothesis for the differences in duration under two conditions:
paroxyton or oxyton at phrase boundary. Significance was
accepted for p-values lesser than 2%.

In table 1, speaker AJ produced eight repetitions (oxyton
pattern) and four repetitions (paroxyton pattern) of the sentence
s1 with additional silent pauses at phrase boundary. These
sentences were discarded as it is preferable to preserve identical
event sequences for all utterances. Results for those cases are
143 (16) ms (paroxyton) and 158 (21) ms (oxyton) and the
difference between them is not significant. Speaker GR
produced all sentences s1 with a silent pause at phrase boundary

(that is why these results are not shown in table 1). For this
speaker, postsilence mean (and standard deviation) [5] durations
are 132 (11) ms (paroxyton) and 135 (12) ms (oxyton). This
difference is also not significant

sent. speaker AJ speaker GR
type paroxyton oxyton paroxyton oxyton
s3 *112 (4) *122(11) 124 (5) 127(12)
s2 *135 (16) *155(14) *150 (8) *163(11)
s1 170 (18) 179 (11) - -

Table 1: Mean durations (and standard deviations) in ms of [5]
in the word “chapado” for the three prosodic boundary
conditions. Stress pattern of previous word is indicated.

Significant differences are starred. In s2, p is lesser than 1%.
See text for additional explanations.

For speaker  AJ, table 1 shows significant differences for
[5] duration after phrase boundary: [5] following oxytons are
longer than those following paroxytons in s3 (10 ms) and s2 (20
ms). Speaker GR shows the same trend: [5] are 13 ms longer in
average after oxytons in s2. In both subjects, these differences
are no more distinctive at utterance boundary (s1).

Table 2 shows that this lengthening is restricted to the
onset consonant [5], it does not spread to the prestressed vowel
in “chapado”. This vowel onset sets the beginning of the second
stress group, which ends at utterance final stress.

sent. speaker AJ speaker GR
type paroxyton oxyton paroxyton oxyton
s3 61 (6) 64 (9) 54 (7) 54 (5)
s2 60 (4) 58 (5) 65 (5) 63 (6)
s1 66 (6) 64 (3) - -

Table 2: Mean durations (and standard deviations) in ms of the
first [C] in the word “chapado” for the three prosodic boundary
conditions. Stress pattern of previous word is indicated. There
are no significant differences between paroxyton/oxyton pairs.

Back to table 1, it is worth noting that differences between
[5] durations for paired sentences of different prosodic strengths
(for each lexical pattern condition) are significant for subjects
AJ (s1/s2, s2/s3 and s1/s3) and GR (s2/s3). But it is important
to stress that the role of distinguishing between different phrase
boundaries is mainly attributed to VC units (and also to
individual segments, like the consonant [5] in this work, as a by-
product of lengthened VCs or as a consequence of phrase-initial
phase adjustments: see section 5). If an utterance ends with a
vowel, the boundary is cued by stretching this vowel alone. The
same is valid for phrases ending with a vowel, if the
postboundary segment is also a vowel. Degree of phrase stress
can be inferred by observing durations of the V#C sequence
[C 5] in table 3, for oxytons at phrase boundary. For sentence s1,
only the vowel duration is shown.

The V#C durations distinguish phrase boundary conditions
s3 and s2 in both subjects. But the vowel duration alone in s1 is
not sufficient to separate this case from the others. Additional
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cues beside final lengthening are probably used to decode
utterance boundary. The significantly different initial
lengthening of [5] seen in table 1 (speaker AJ, sentence s1) is
certainly one of them but syntactic information is also certainly
used (this seems to be the case for speaker GR).

sentence type speaker AJ speaker GR
s3 238 (24) 275 (34)
s2 343 (20) 417 (36)
s1 221 (14) [C] -

Table 3: Mean durations (and standard deviations) in ms of the
sequence [C 5] (oxytons) for the three prosodic boundary

conditions. Differences between s3 and s2 are significant for
both speakers. For s1 and s3, results are statistically indistinct.

4. DISCUSSION
We have shown elsewhere [2] that only V-to-V durations can
reveal correct prosodic hierarchies underlying utterance
production. Local perturbations to this general trend can
nevertheless occur depending on syllable structure (in the
sequence CVC#CV, weaker effects - than those shown here - on
postboundary C are found), on particular language (for BP, the
whole syllable is lengthened at lexical stress not phrasally
prominent [2]). In this work, the duration of the sequence [C 5]
distinguishes two phrase boundary strengths in both subjects.
But, in BP, oxyton and paroxyton stress patterns allow us to go
further.

If the lengthening of postboundary onset consonants were
only due to the so-called initial lengthening, results would show
no differences between the two lexical stress pattern conditions.
But in fact they do. It seems easier to interpret this fact as being
due to the extension of the stress degree of the previous vowel
to the following consonant: in oxytons, the last vowel [C] is
stressed and its stress degree extends to [5] across the phrase
boundary. In paroxytons, the last vowel [m] is not stressed and
its stresslessness extends to the next [5]. Major boundaries (as
in s1) seem to block this rule. Only for these boundaries
lengthening would be restricted to the class of “initial
lengthening” phenomena (cf. longer [5] durations for s1, table 1,
speaker AJ).

Another issue still needs to be treated here. Which time
interval cues prosodic strength for paroxytons at phrase
boundary. In this case, post-stressed VCs seem to be governed
by the previous stressed vowel. The culminative interval for
stress is likely to be bounded by the stressed vowel onset and
the postboundary consonant across boundary with the inclusion
of  post-stressed segments.

Research on f0 patterns shows that post-stressed syllables
constitute domains where f0 movements unfold [12]. For
sentence s1, f0 contours do not change during all syllables in
paroxytons but go down during post-stressed syllables in
oxytons. For sentences s2 and s3 with paroxyton or oxyton
patterns, f0 contours rise at stressed vowel onset, get higher
during post-stressed syllables (in paroxytons) and level off
during the postboundary syllable [5C]. If post-stressed syllables

constitute a domain where stress culminates, the greater
perceptual prominence of proparoxytons over the other two
lexical stress patterns can also be explained.

Moraes [14] has in fact confirmed that listeners perceive
proparoxytons as being more salient than paroxytons, which are
more prominent than oxytons, ceteris paribus. In our hypothesis,
this is due to the greater duration of the stressed interval:
stressed VC plus two post-stressed units in proparoxytons,
stressed VC plus one post-stressed unit in paroxytons and just
the stressed VC in oxytons. In paroxytons, our results also show
a slightly greater stability of the durations of the sequence
[CDm 5] (case 1) in comparison with those of the sequence [m 5]
(case 2) for sentence s3 (where segments are more coarticulated
to each other at boundary). Coefficients of variation are 5%/7%
(case 1/case2), for speaker AJ, and 8%/9% (case 1/case2), for
speaker GR.

This discussion enables us to propose a model of rhythm
production integrating Metrical Phonology insights but
constrained by the dynamical apparatus of the speech production
system.

5. TOWARD A HIERARCHICAL MODEL OF RHYTHM
PRODUCTION

Articulatory Phonology (henceforth AP) [5] has shown the
advantages and power of integrating the first-order dynamic
constraints of a mass-spring system into their gestural
framework. But AP fails to account for differences in vowel
height among languages, easily explained by acoustic facts. It
also fails to explain phenomena of reduction and elision in BP,
usually characterized by a more constricted derived gesture. And
it only has begun to show how the prosodic organization of
utterances should be.

By adressing the first two questions, Albano [1] has tried to
solve the AP drawbacks with the integration of acoustic
information into a gestural framework and the introduction of
other kinds of constraint in the paired tract variable equations
associated with some gestures (as the glide gestures in the cited
reference). We would like to address the third point by
proposing a dynamical model of rhythm production.

This model uses the notion of period and phase
entrainment reported in [13], but extends it to rhythm
production. To entrain an oscillator means to synchronize it by
means of external stimulation (from an input oscillator).

In order to explain acoustic duration data in BP and in
French [2][3][4], we propose at least three hierarchically
connected extrinsic, abstract clocks (or oscillators). The first
clock stands for the vowel flow (section 2), the second one
stands for lexical stress sequence and the third clock represents
the eurhythmic phrasal stress sequence. These clocks act as the
input oscillators in McAuley’s experiments.

The abstract vowel flow clock is related to a corresponding
to-be-entrained clock representing, on the other hand, the level
of rhythm production. The period of this clock explains, at the
physical level, V-toV duration flow regularity. The onsets of the
abstract vowel flow clock cycles would be anchored at vowel
gesture onsets of AP-like gestural scores [1][5]. The
corresponding physical clock would control the alternate jaw
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openings and closings. The phrasal stress clock, on the other
hand, divides the utterance in evenly produced chunks by
reinforcing the amplitudes of the previous clock at intervals of
an integer number of syllable-sized periods. (Syntactic
information would be used to avoid perturbing linguistic input
by stress misplacement.) It also triggers a slow-down
entrainment mechanism increasing the period of the vowel flow
clock. These two clocks are supposed to be universal.

The (lexical) stressed vowel clock is supposed to be
language specific. It acts as an input for the phrasal stress clock
and as a stress beat which reinforces (and reduces eventual
poststressed beats)  the vowel flow clock amplitudes at lexical
edges, in languages like BP. French would not have this kind of
clock.

The perceptual sensation of syllable-timed or stress-timed
languages would be explained by concentrating the attention
either on the vowel flow clock or on the stressed-vowel clock (if
it exists). French listeners would use the first kind of clock to
judge the V-toV continuum and English listeners would use the
second one to make expectancies about the lexical stress flow.

In this framework, segmental durations are only by
products of this clock hierarchy controlling the mandible cycling
and of the phasing of consonant gestures around vowel onsets
[1][5]. Initial lengthening would be treated with this kind of
phase readjustments. No clock is then needed at this
microrhythmic level of implementation. The next figure shows
the model currently being implemented with recurrent neural
networks.

Figure: Clock levels of the hierarchical rhythm production
model
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NOTES
1. The deletion of  the final infinitive marker /T/ is a common phenomenon
in BP.
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ABSTRACT
Vaissière proposes that the fundamental intonational shapes
across languages are motivated by biology, psychology and
ethology so that there is one basic, archetypal prosodic
configuration - a rise followed by a fall - and all other patterns
are derived from this one shape. At the same time, Donegan
and Stampe argue that the general intonational type of a language
- rising or falling - is the result of the intimate interaction of the
global typological characteristics of that language. In this paper,
we compare the typologies of English, Finnish and French and
conclude that the two views of the origins of the intonational
universals are based on the fact that intonation may express
two different kinds of information simultaneously, one
superposed on the other.

1.  INTRODUCTION
Donegan and Stampe (D&S) [6] compare the morphosyntactic
structures of various South-East Asian languages with their
intonational and word stress patterns and propose that, in
languages in general, the morphosyntax and prosody interact
holistically to the point where the two are interdependent.
D&S suggest that there are two basic intonational types, one
with a rising and the other with a falling contour. The falling
type tends to have the following other typological
characteristics: word initial stress, free constituent order,
adjectives before nouns, enclisis, grammatical cases and
suffixing morphology. The second, rising type typically comes
with word final stress, rigid word order, adjectives after
nouns, proclisis, analytic syntax and prefixing morphology.

This interdependence is motivated by the ultimate
function of every language to express meaning. The kinds of
meaning the authors consider are the invariant linguistic
meaning and the expression of the information structure so
that it is as if there were an implicit ‘maxim’ dictating that a
language should make prominent what is semantically or
pragmatically important. This means, that, for example, within
a word, the lexical morphemes would be more prominent than
the inflections, and within phrases and clauses, the operators
(modifiers, arguments) would be more prominent than the
operands (heads, verbs), and then also, what is asserted is
more prominent than what is presupposed. D&S thus propose
that the common intonational patterns found in languages are
due to typological factors, which ultimately link to the central
function of language, which is the expression of  meaning.

Vaissière [14], on the other hand, advances the idea that
the basic intonational shapes we observe across languages
have their origin in the human biology, ethology and
psychology. She argues that the human perceptual and

phonatory systems are such that certain shapes are produced
naturally and, over time, they have become natural
‘signifiants’ and ‘signifiés.’ In what follows, we are going to
discuss, first, Vaissière’s view and then briefly describe the
general typological properties of English, Finnish and French,
three languages, which are normally considered to have very
different intonational structures. In the concluding part, we
will try to see whether it is possible at all to attribute the
universals to one source or another, that is, to the language
systems themselves or the inherent characteristics of the
language user.

2. PSYCHOLOGICAL, ETHOLOGICAL AND
BIOLOGICAL MOTIVATIONS

Vaissière [14] considers the cross-linguistic similarities in the
intonational patterns. She proposes that there is one basic,
archetypal prosodic configuration, a rise followed by a fall,
which is motivated by human biology. All the other patterns -
a rise followed by a non-fall - are then derived from this one
basic type and are further motivated by psychology and/or
ethology. These two types of shape, rise+fall and rise+non-
fall, are then recursive in contours of longer utterances. And if
there is a valley between a fall and a rise, it signals
disjunction. A rise has become conventionalized as the signal
of either the beginning of or an incomplete semantic unit, and
a fall, in its turn, signals the end of a semantic entity.

The basic rise+fall shape is hypothesized to be the
consequence of the simple fact that to produce an utterance,
the speaker first needs to fill his/her lungs with air, and when
speaking, the vocal folds need to be positioned in such a way
that the production of sound is possible [14:125]. The F0 then
rises at the beginning of an utterance, and as the air slowly
goes out during phonation, there is almost universally
declination over the contour. And since all speakers have to go
through this same sequence when they speak, it would seem
that, in diverse languages, this archetypal shape has become
conventionalized as the phonetic sign of a completed
utterance. And the same Gestalt is then universally interpreted
as a signal that the speaker has reached the end of a semantic
unit.

Now, if the fall has come to signal completion, then why
is the non-fall interpreted as continuation or incompleteness?
One explanation, preferred by Vaissière, is that provided by
Ohala [11]: the human voice itself may have characteristics
with specific signifying values and their interpretation then
follows the same natural tendency. Ohala proposes that there
is a kind of innately specified ‘frequency code,’ which
associates high acoustic frequency with the primary meaning
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‘small vocalizer’ and such secondary meanings as
‘subordinate, submissive, non-threatening, desirous of the
receiver’s goodwill, etc.’ And low acoustic frequency is then
linked to the primary meaning ‘large vocalizer’ and to such
secondary meanings as ‘dominant, aggressive, threatening,
etc.’ [11:1]. For example, a completed utterance is in itself
sufficient, and its falling F0 (to the low range) signals the
independence and self-sufficiency of the speaker. But an
interrogative utterance with a rise (to the high range) signals
that the speaker submits him/herself to the other for the
satisfaction of his/her need to know. This explanation is thus
oriented toward the social character of man. There is evidence
provided by Scherer, however, that high F0 values may be
interpreted as signalling greater assertiveness, aggressiveness
and dominance than low values [13]. Ohala concludes on this
particular point that basically, what is at issue here is the
shape of the contour: the high F0 may enable the speaker to
make steeper terminal falls and these then signal dominance,
etc.

It is not clear to us why the absolute high or low F0-
values would have to relate to the interpretation of the rising
and falling shapes, for both are produced by the male and
female voices. While we accept the proposed source and
interpretation of the archetypal shape, as presented by
Vaissière, we prefer Karcevskij’s [8] more psychologically
oriented view as to the interpretation of the falling and rising
patterns. For Karcevskij, the intonation of a sentence is a
unitary pattern, not composed of smaller units, and each global
shape contrasts with the other existing patterns. In other
words, if we interpret the fall as completion, then its absence
must mean something else. We find this explanation appealing
because linguistic information is interpreted not only with
respect to what is present in the signal but also with respect to
what is absent. For example, lexical items, such as ‘and’ and
‘or’ as well as ‘the’ and ‘a’ form ‘mini-systems’ where the
one not used is nevertheless implicitly present. But whatever
the right answer about the interpretation may be, the rise+non-
fall is generally associated with non-completion in different
languages.

Vaissière's basic suggestion thus is that spoken language
has certain natural properties whose origin is due to the
inherent characteristics of the human being, and these
properties have then become natural signifiers over time. They
have become natural signifiers because they exploit the
capacities of the human phonatory and perceptual systems.
And it is precisely because these intonational phenomena have
to do with the human being as a talking animal that the same
characteristics are shared quasi-universally across languages.

3. TYPOLOGICAL DESCRIPTION
3.1. English
Every content word in English has at least one stressed
syllable but the locus of the primary stress is variable; function
words are ordinarily reduced. The canonical intonation is
falling, with declination and final lowering, but questions and
other non-terminal utterances may have a final rise. An
intonational phrase may consist of several pitch accents [12],

composed of low (L*) or high (H*) tones, or they may be
rising (L+H* or L*+H) or falling (H*+L or H+L*). And at the
end, and maybe also at the beginning, there are phrase accents
(L- or H-) and boundary tones (L% or H%). An intonational
phrase may also consist of several intermediate phrases, each
with their own phrase accents [1]. Because of the intermediate
phrases, the relatively great variety of pitch accents, and the
phrase and boundary tones, the global shapes of the
intonational contours may thus be extremely varied [12]. The
main functions of intonation in English are the expression of
the information structure and the speaker attitude. English
syntax is analytic and constituent order, which is rigid,
encodes syntactic roles. Morphology is both prefixing and
suffixing, and encliticizing. Adjectives appear before the head
noun. As far as the general typological characteristics of D&S
go, English appears to be a mixed type, falling in between the
two typological end points.

3.2. Finnish
In Finnish, word stress is always on the first syllable, be it a
content or a function word. Intonation is virtually always
descending, with declination and final fall. In the list
intonation, there may be, if not an actual rise, a sustained,
non-declining pattern. Finnish can be analyzed as having two
pitch accents, L+H* and L*+H, and two boundary tones, L-
and H- [16, 18]. The morphology is exclusively suffixing -
there are no prefixes at all, nor is there enclisis nor proclisis.
There are 15 grammatical cases and numerous speech act
particles. The latter are said to express what other languages
express using intonation [7]. For example, polar questions are
marked with a second-position particle, and, while the overall
F0 level may rise in a question, there is no other, explicit
suprasegmental marker such as final rise in the style of
English and French. Constituent order is free and it expresses
various pragmatic functions such as the information structure.
Finnish does not have articles, and in the absence of
morpholexical markers, constituent order can be used to
express the definiteness of the grammatical subject, and
intonation is sensitive to the interaction of word order and the
subject definiteness [16, 17]. The relative absence of
intonational variability in Finnish can then be explained by the
presence of the speech act particles. And the fact that the F0
height is sensitive to the interaction of the subject definiteness
and word order also results in reduced F0 variability.
Typologically, Finnish is then very close to the falling type.

3.3. French
French does not have word stress in the same sense as English
and Finnish do, but an isolated word has a final F0 rise, which
then disappears in a concatenated sequence. This same final
rise can then be observed at the end of a non-terminal
intonational phrase, while a terminal phrase ends in a fall [4,
5]. So, there are no other major pitch movements than those
associated with the boundaries [4, 5]. The information
structure is expressed by morphology and syntactic phrasing
[9]. The speaker attitude too,
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(a)                 (b) (c)

Figure 1. In (a) and (b), two interrogative rises, and on the right, what comes closest to a rise in Finnish, a continuation contour.
(a) English: (An) earthquake? (b) French: (Un) tremblement de terre? (c) Finnish: ...suunnilleen. ‘approximately’

uses morphosyntax, and it may also use the F0 height but not
F0 shape. French syntax is analytic, constituent order is rigid
and it expresses syntactic roles. Proclisis is characteristic to
French, and adjectives follow the head noun; these two
features are typical of languages with rising intonation, and
French indeed falls very close to the rising end of the
typological continuum.

3.4. Summary of the Comparisons
Across these languages, we find three different basic
intonational structures, but individually, each language has an
analogous pattern between words and phonological phrases, as
predicted by D&S: the ‘intonation’ of the word resembles the
intonation of the phonological phrase. The linking of
intonation with the text is of the simplest type in French:
intonation only needs to consider the phrase boundaries since,
in the absence of word stress, intonation has no reason to
fluctuate within the contour, and there is thus no particular
other place in the utterance to consider. In English, the
alignment of the F0 with the text needs to consider both the
beginning and the end of the intonational phrase, the locus of
word stresses, the information structure and the speaker
attitude. The presence of word stress in English thus seems to
allow for more intonational variety than its absence in French.
Intonation in Finnish, in its turn, needs to consider word
stress, which is predictable, the information structure,
constituent order and, in certain cases, the definiteness of the
subject. As a consequence, intonational variability is more
constrained in Finnish than it is in English but it is freer than
in French.

4. DISCUSSION
Bolinger considers intonation to be a ‘half-tamed savage’

[2] and it is apparently for this reason that Vaissière decided
not to include the affective and attitudinal uses of intonation in
her discussion [14:124]. This was perhaps an unnecessary

precaution, for languages do not allow just anything in their
intonation, whatever the speaker attitude and affect are.
English does allow a great range of intonational phenomena,
but it does so because in this language the typological
properties, and in particular, its word stress patterns, permit it.
But then English, with its great variety of shapes, is
constrained elsewhere, for example, it excludes the linguistic
use of the F0 height [10], which Finnish allows [17]. The
strength of the typological constraints in Finnish, however,
does not allow true rises such as those found in English and
French. This is illustrated in figure (1), where we see that the
kind of ‘rise’ Finnish can have (continuation) is far from the
(question) rises of English and French, which patterns are
totally excluded from Finnish. But we can say that French,
too, excludes most of the patterns found in English and even
in Finnish, for while French allows movements at the
beginning and at the end, it does not allow them in the middle
of the contour, nor in the middle of the word [15]. Also,
French has an absolute interdiction of utterance initial
intonationally marked focus à la English [9]. In other words,
the basic F0-patterns of English, Finnish and French are so
‘rigidified’ because of their other typological properties, that
even in the expression of affect and attitude their intonational
contours cannot be ‘distorted’ beyond the permitted patterns.
So, while the intonational beasts may be different across
languages, they actually look more like fully tamed in a given
language.

The types of meaning and function that are discussed in
the ethological contexts, that is, continuation and completion,
are aspects of language that deal with discourse management
and turn-taking [3], not linguistic meaning per se. D&S,
however, talk about the context-invariant linguistic meaning
and information structure. All these kinds of meaning and
function, however, are part of every language and must
therefore be present in one form or another in every language.
But since languages grammaticize the same linguistic
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meanings and functions differently, it is perhaps only to be
expected that the ‘true’ intonational universals, that is, the
global rise+falls and the global rise+non-falls, are not to be
found in the domain of the strictly linguistic meaning but at
the level of discourse management and turn taking.

What is the status of interrogatives since they also tend to
have a rising contour in many languages and they are included
in the discussions of the continuation pattern? They clearly
belong to the turn taking patterns of discourse management,
for they signal adjacency pairs [3]. In languages like English
and French, where polar questions are formed by morphology
and syntax, the rising intonation is redundant and perhaps for
this reason, this rise is optional, for polar questions may have
a falling contour as well. The rise in these two languages is
obligatory only when a declarative or another non-
interrogative sentence type is used to ask a question, in which
case there is thus no double marking and the rise must be
there. But in Finnish, where constituent order is free, polar
questions are formed essentially by the question particle alone
and, in particular, there is no final rise, neither optionally nor
obligatorily. So the case of Finnish would seem to imply that
when there is only one obligatory marker, it is sufficient to the
point where the language does not allow other markings.
Should Finnish one day start to signal the presence of
interrogatives also intonationally, then perhaps the particle
would become optional.

We have now considered two different conceptions of the
origin of the universal, cross-linguistic intonational shapes.
The first takes the point of view of the users of language, the
human beings, and seeks to find 'signifiants' and 'signifiés' that
are natural to man in the sense that they are due to man's
natural abilities to produce and perceive speech and to man’s
essentially social character. The other sees the intonational
patterns to be the result of the general typological make-up of
the language, that is, it looks for the explanation in the
language system itself and its semantic-pragmatic functions.

Are these two views contradictory? It is a fact that
languages fall within a relatively small range of typologies,
and since these typologies exist, it means that languages do
not vary in infinitely many ways. Our comparisons above
showed that French is the ‘purest’ type as far as the
ethological explanations go, for French has nothing but
boundary-linked rises and falls, apparently because the
information structure and speaker attitudes are expressed in
the morphosyntax, and also because there is no word stress.
English can have rises and falls all through the contours,
apparently, because it expresses the information structure and
speaker attitude primarily with intonation, and variable word
stress contributes to the variability. Finnish with its large
number of speech act particles and free word order shows less
intonational variety than English and a quasi-absence of true
rises such as those found in the other two languages.

But, as we have seen now, there are two different kinds
information involved in the discussions about the intonational
universals: one has to do with discourse management and the
other with semantic-pragmatic meanings and functions. The
latter is obligatory while the former is optional. A piece of

discourse that is continuous need not contain any instances of
the rising contour, and an end may well be accompanied by a
rise. But a piece of discourse necessarily contains linguistic
meaning and the information structure related meanings and
functions. It would thus seem, as is implicit in Vaissière’s
model [14], that the rises and falls relating to discourse
management are superposed on the properly linguistic patterns
of F0, when allowed by typology. There is thus no
contradiction between the two views. We then suggest that the
human perceptual and phonatory systems may indeed be
responsible for a certain number of basic intonational shapes
that are made available to all languages, but what is actually
used in a given language depends on its general typological
characteristics.
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ABSTRACT

A major question in work on phonetic correlates of emotion is to
what extent vocalisation of emotion is due to psycho-biological
response mechanisms and is therefore quasi-universal and to
what extent it is due to social convention. Cross-language
research gives an angle in on this question. But
methodologically this is a very difficult area and few studies
have been conducted. This paper identifies methodological
issues and describes a study which has been designed to address
some of these problems. Nonsense utterances and quasi-
universally recognised facial expressions of emotions are used.
These help deal with translation, ethical problems in data
collection, the trade-off between artificiality of data and
consistency and the masking of verbal utterances whilst
allowing any influence exerted by specific vowel qualities to be
highlighted.

1. INTRODUCTION
The long-held, very common intercultural belief in the existence
of innate aspects of human emotion was supported in 1872 by
Darwin’s [1] observations of similar vocal and facial
expressions of specific emotions by people of diverse cultures.
He also found that phylogenetic continuity was evident in his
comparative observation of animals, thereby suggesting
biological and therefore evolutionary foundations of emotion:
most 20th century theories of emotion also include the influence
of and/or effect upon cognition, including consciousness, when
considering human experience of emotion.

Much scientific thought in the first half of the 20th century
regarded emotional expression as culturally determined.
Research now tends to point towards both psycho-biological
response mechanisms and cultural influence and a major
challenge now lies in finding more evidence to support this
claim and in attempting to distinguish these two influences. One
area in which this research can be applied is in the analysis and
treatment of emotional disorder.

This paper discusses methodological difficulties involved
in investigating the phonetic correlates of psycho-biological
response mechanisms (PBRMs) and suggests one possible way
forward, describing a methodology for use in cross-cultural,
including cross-language, comparison, which is being used in an
ongoing study comparing English and Japanese. We should,
however, bear in mind that universality is a likely but not
definite indication of innateness,

Further research into the vocal channel will also allow
more comparison between response mechanisms along different
channels. It may well be possible to connect acoustic and

auditory parameters reflecting vocal indicators to parameters
used to measure indicators of emotion in other channels (face
and body). This will require consideration of the parts played by
the somatic nervous system (SNS) and the autonomic nervous
system (ANS) in the expression of emotion along different
channels.

Research into the facial expression of emotion, comparing
cross-cultural recognition - [2, 3] are two major studies in this
field - has suggested that there are universal tendencies in the
recognition of particular facial configurations as expressing
discrete categories of emotion, especially the so-called “basic”
emotions. Emotions studied include happiness, sadness, anger,
fear, contempt and disgust. An extensive cross-cultural study, -
International Study on Emotion Antecedents and Reactions
(ISEAR), described in [4] - by a large group of researchers,
involving self reporting of emotional experience of happiness,
sadness, anger and fear in more than 30 countries, including
self-assessment of the part played by the voice, has also found
“a very strong universality in emotional experience, both in
terms of antecedent situations and in terms of physiological,
expressive, and subjective feeling reactions”. [4] (page 3).

Research into cross-cultural recognition of vocally
expressed emotion is very sparse, possibly due to
methodological problems of data collection and vocal
parameters being more difficult to measure. See [5] for reviews.
Frick notes that of the very few cross-cultural studies made,
some found that cross-cultural recognition was as accurate as
monolingual recognition, whilst others found that cross-
culturally recognition was adversely affected. [6,7] review
monolingual studies.

2. METHODOLOGICAL ISSUES
Methodological problems have been recognised in monolingual
research into the vocalisation of emotion and these difficulties
will often be exacerbated in cross-language research. In
monolingual studies, there is considerable lack of agreement
regarding how emotion is conceptualised; which emotions are
studied; which methodology is used to collect the data - whether
or not this is made explicit; the type of recognition test; whether
or not an auditory analysis and/or an acoustic analysis is carried
out and which auditory and/or acoustic parameters are analysed.

In cross-language studies, a complicating factor is the
translation of emotion labels. Monolingual cross-cultural groups
and even different individuals or the same individual at
different points in time, may attach different connotations to the
same emotion label. It is also possible that there is a western
cultural bias as to which emotions are regarded as basic and
further research in this area may well be helpful.
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It is recognised that there are ethical problems where
emotions are encoded by inducing speakers to feel an emotion.
The same stimulus may also induce different emotions in
different individuals. The induction of emotion may be even less
tolerated in some cultures than others.

Natural, spontaneous speech will fully encode the influence
of social convention upon emotion vocalisation, although there
are problems of consistency. Finding examples of natural
vocalisations of particular emotions can be difficult and some or
all emotions may be more or less likely to be expressed in
different cultures. It can sometimes also be problematic,
especially with pre-recorded data, to verify the emotion the
speaker intended to express. Where emotions are encoded
through induction or natural speech the verbal channel needs to
be masked to isolate emotion cues in the vocal channel alone.
Various masking procedures have been used, all of which pose
further problems. Speech may be played backwards, which
distorts intonation contours. A low-pass filter may be used but
this removes higher frequencies which may be important for the
expression of emotion. Random splicing removes pauses and
reorders the remaining recording but this removes temporal
features and distorts intonation. The use of a throat microphone
and laryngograph is not completely effective in masking the
verbal channel and does not pick up supra-laryngeal activity.

Emotions may be vocalised in a language subjects in a
recognition experiment do not understand. Using this method,
recognition by native and non-native speakers of the particular
language cannot be compared. Certain sounds present in the
verbal channel of a language may also perhaps carry affect
significance for speakers of another language which does not
contain these sounds.

To avoid problems involved in masking the verbal channel
and to give greater consistency, simulated data has often been
used in monolingual studies, where emotions can be vocalised
using semantically neutral utterances. It can be difficult to find
genuinely semantically neutral sentences which can
convincingly be said with different emotions. However, distinct
acoustic profiles for 14 emotions were found in a study [8] using
simulated vocalisations.

Vowel quality may also influence the emotion recognised.
For example, Bezooijen [9] (page 30) found that “extra (para- or
extralinguistic) lip rounding is easier to detect in rounded
vowels, whereas extra lip spreading is easier to detect in
unrounded vowels. She comments that Laver [10] suggested the
reverse relationship between vowel quality and perception of
lip-rounding. To investigate this further by controlling for vowel
quality in semantically neutral sentences across different
languages would be at best extremely difficult.

It is suggested [8] that more detailed analysis of recognition
data and including a wider range of acoustic parameters may
also lead to more comprehensive results. Distinct acoustic
correlates dividing emotions along a dimension of activation,
distinguishing high arousal and low arousal vocalisations, have
emerged from many studies but many authors now suggest that
a multidimensional approach including, for example valence
(pleasant/unpleasant; positive/negative), may be more useful in
the search for acoustic and auditory correlates which distinguish

discrete emotions. Studies over the past 15 years also suggest
that more discrete categories may emerge from the acoustic
analysis of voice quality.

Recent and continuing advances in manipulation of
recorded speech, acoustic phonetic research including digital
speech signal analysis and automated speech analysis systems
may also be useful in this regard, as well as possibly giving us a
better understanding of which muscle action patterns are
associated with which acoustic parameters.

Bezooijen [9] (page 57) suggests that for acoustic
parameters of emotion to be considered “meaningful and
appropriate for use as standardised tools for describing
emotional expressions” correlations should exist between
perceptual and acoustic parameters.

3. ADDRESSING ISSUES IN AN ONGOING STUDY
3.1. Aims and hypotheses
The key aim of the study described here is to contribute to the
debate on the roles of possibly innate PBRMs and social
convention in emotion vocalisation. The production procedure
therefore attempts to elicit valid emotion vocalisations by native
English and native Japanese speakers. With the aid of a
recognition test, auditory and acoustic profiles, with regard to
discrete emotions and emotion dimensions, will be compared.

It is hypothesised that vocalisations of basic emotions by
native speakers of each group will be recognised, beyond chance
expectancy, by both groups, although subjects may be more
accurate in their recognition of emotions expressed by speakers
of their own language. It is also hypothesised that groups will
vocalise basic emotions with some common auditory and
acoustic characteristics.

3.2. Subjects
Subjects included native speakers of Japanese and native
speakers of English. 8 subjects for each language participated in
the production experiment and 30 native speakers of each
language will take part in the recognition experiment. All are
university students within an 18-35 age range. English and
Japanese were chosen because they are unrelated languages,
although it should be noted that Japan has been increasingly
influenced by Western culture over the past 50 years. Although
pitch-accent in Japanese may be a complicating factor, neither
English nor Japanese is a tone language - analysis of prosodic
correlates of vocal expression of emotion in tone languages may
be easier to deal with when more cross-language data on non
tone languages has been gathered. There was also ease of access
to native speakers of both Japanese and English. Subjects had
had little contact with native speakers of any other language but
their own. This meant that only Japanese speakers who had
recently arrived in England were tested.

Previous studies which have investigated the possible
influence of gender upon the vocalisation and recognition of
emotion have found no significant influence. The scope of the
study described here includes only analysis of female emotion
vocalisation so only female subjects were included in the
production groups. However, both male and female subjects will
participate in the recognition test. In acoustic analysis,
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normalisation is a problem when comparing male and female
voices; Japanese females are reputedly less likely than Japanese
males to hide emotion due to social stigma attached to emotion
expression which is regarded as childish or feminine. Therefore
if vocalisations of only one sex were to be analysed, females
were more appropriate in a study searching for PBRMs since
Japanese males may be more likely to control these mechanisms
due to social convention. The fact that there is less research into
the female voice generally is another reason for opting for
female subjects in the production test.

Three subjects from each group were selected as the most
reliable vocalisers of emotion, using the reliability test
explained below. The edited data sample for decoding includes:
3 subjects  x  2 languages  x  6 nonsense utterances  x  5
emotions = 180 vocalisations

3.3. A procedure for collecting vocalisations of emotion in 2
languages
The main goals of the procedure were to obtain valid emotion
vocalisations by English and Japanese subjects whilst avoiding
problems of translation, being as segmentally consistent as
possible and avoiding influence from the verbal channel.
Subjects were asked to simulate emotions. The fact that quasi-
universal tendencies have been found in the recognition of
simulated facial expressions is encouraging.

Reliability tests were performed by 4 Japanese raters on
vocalisations by Japanese subjects, which had been collected by
two similar but distinct procedures. There is space here to
describe only one: this procedure yielded generally higher
reliability ratings and 3 reliable subjects from the original 8
tested. 4 English raters also found the same three Japanese
subjects reliable. Since according to the ISEAR study mentioned
above, Japanese subjects self-reported very little vocal
expression of emotion, it is expected that at least the same
number of reliable English subjects will be found.

3.3.1. Procedure and rationale
1. QUESTIONNAIRE on 8 facial expression photographs
2. practise NONSENSE UTTERANCES
3. recorded INTERVIEW
(i) practise nonsense utterances
(ii) display FACIAL EXPRESSION PHOTOGRAPHS for each
emotion in turn:

(a)INTERJECTIONS
(b)Subject gives examples of emotion vocalisations

(iii) GAME - main focus is on researcher
(a)display all facial expression photographs
(b)instructions for game including suggested stimuli
(c )researcher turns around so as not to face subject
(d)Subject chooses emotions and vocalises them using
nonsense utterances
(e)Researcher tries to guess emotions vocalised by subject

4. SELF-REPORT by subject
Table 1 Summary of production procedure

In this ongoing study, native English and native Japanese
speakers encoded emotions onto 6 nonsense utterances which
are phonotactically possible in both English and Japanese. Table

1 gives a summary of the encoding procedure These
vocalisations are decoded by native speakers of both languages.

This study includes 4 emotions - happiness, sadness, anger
and fear - for which universal tendencies have been found in
previous research on emotion experience and recognition of
facial expression. Photographs of facial expressions [2, 11] are
used which have been recognised quasi-universally as
expressing the same emotion, within the limits imposed by
translation. To attempt to focus subjects’ attention on the
photographs and emotions, they complete a questionnaire
eliciting open and forced judgements of emotions expressed and
asking for suggestions for interjections they, or people in the
photographs, might make if they were feeling like this. These
emotion labels may be cross-referenced with responses in the
recognition test.

A neutral category, is used as a base against which to
measure emotion - Japanese participants especially commented
that this neutral category can have rather negative but never
positive connotations, which could have implications for valency
measurement. To balance this, “calm”, which tends to have
positive connotations, may be a useful alternative base in future
studies as it suggests a lack of visceral perturbation which we
would associate with emotion.

There are 2 sets of 3 nonsense utterances, one set being
longer than the other to test if utterance length influences
recognition accuracy. For each set of 3, consonants remain the
same and the vowel quality changes. The 3 vowels are [aiu].
This will allow any influence due to these vowel qualities to be
highlighted (see section 2). Using nonsense utterances in a
cross-language study also has other advantages: there is no
information content from a verbal channel but the vocal channel
is not interfered with as it is in other techniques; problems of
translation are avoided; more or less the same sounds are
produced by all the speakers so there is less likelihood of
segmental interference in auditory and acoustic analysis.

Vocalisation of emotion in a normal social setting will tend
to be controlled by the different social conventions of each
group. This procedure attempts to relax this control by various
methods.

Firstly, the subject is distanced as much as possible from
association suggested by the verbal channel: nonsense
utterances rather than verbal utterances are used; photographs
rather than word labels are used for emotion categories.
Secondly interjections, which may be primitively derived affect
vocalisations, [12] are optionally vocalised. In an attempt to
disinhibit the subject, their task is to teach the researcher how
to imitate their vocalisations in order to prepare the researcher
to recognise the emotions the subject was to vocalise in the
game.

The game is played to elicit vocalisations: this is meant to
be a disinhibiting task with a real goal - that of vocalising an
emotion which the researcher could recognise. In the game the
researcher turns her back in an attempt to further disinhibit the
subject, especially as the subject is offered the stimulus of
imitating the facial expressions on the photographs as they
vocalise the emotions. Another reason for the researcher not
being able to see the subject is so that the subject can only give
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vocal cues to the emotion expressed. Optional stimuli include
thinking of a situation in which the subject had felt or would
feel the emotion, simply trying to feel the emotion, thinking of
appropriate interjections, concentrating on the photographs and
copying the facial expressions or any other technique the subject
wished to use.

After the interview, all subjects reported that copying the
facial expressions was definitely the most useful stimulus. All
subjects also reported experiencing, during the experiment, at
least some of the emotions they vocalised - this may be evidence
of PBRMs being triggered and may be partly explained by the
interpersonal feedback hypothesis and/or the facial feedback
hypothesis [13]. The James-Lange theory also suggested that
“afferent feedback from disturbed organs produces the feeling
aspect of emotion.”. [14] In this regard, the initial emotional
state of the subject may have been important, as well as whether
or not they were consciously or unconsciously disposed to be
affected.

Since the subject is free to use any or none of the suggested
stimuli to help them vocalise emotion, this method does not
have the ethical problems associated with procedures. Future
experiments may perhaps have a signalling device which allows
the subject to indicate when they have experienced an emotion,
its intensity and whether this was pleasant or unpleasant.

3.3.3. Reliability test
A reliability test is conducted to reduce the amount of data
presented to decoders. Data from the 3 most reliable subjects for
each language will be used in the recognition experiment.

Long nonsense utterances including [a] vowel are manually
edited, randomly ordered by computer and numbered. The first
vocalisations of each emotion by each subject in the game
section are used.

There are 4 raters for each language - for each vocalisation
in turn, each rater makes a forced judgement as to whether the
speaker sounds happy, sad, angry or neutral. Each rater then
rates the recognisability of the emotion for each utterance on a
scale of 1-5: 1.insufficient, 2.almost sufficient, 3.sufficient,
4.good, 5.excellent. Only data from speakers who, taking an
average over all utterances and all raters, score a 3 or higher is
used in the recognition test.

3.4. Recognition test
30 native Japanese speakers and 30 native English speakers will
make an open judgement test which will be conducted including
a 1-5 rating for degree of arousal and degree of pleasantness.
Subjects are then asked to make a forced judgement for each
vocalisation as to whether H,S,A,F or N is expressed. They then
rate for arousal and pleasantness using the rating above.
A confusion matrix is constructed to highlight patterns of
misjudgements by Japanese and English speakers, which are
then compared.

3.5.Auditory and acoustic analyses
Auditory analysis of the data will include parameters such as
those used by Bezooijen [9]. Acoustic analysis considers a range

of parameters including frequency variables, intensity variables,
speech rate and spectral energy distribution. Parameters which
are musically orientated will also be analysed by music students
because of the possible connections along acoustic and auditory
parameters between expression of emotion in speech and music.
There is little empirical research in this area although there has
been some research into acoustic signals. [12].

4.SUMMARY
This paper has explored difficult methodological issues
surrounding research into the influence of PBRM and social
convention upon the auditory and acoustic correlates of emotion
vocalisation. One way in which we can weave around some of
these issues in a cross-cultural study has been proposed.
However, extensive cross-cultural, including cross-language
studies need to be conducted before any conclusions may be
drawn. Comparing results of studies which have used different
methodologies to address the same question as well as a multi-
channel and interdisciplinary approach may help to support or
question findings and lead to the gradual emergence of a fuller
picture of human experience of emotion.
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ABSTRACT

It has been claimed that in Parisian French high and mid front
vowels in utterance-final open syllables are often devoiced
and pronounced with a fricative-like noise.  We investigated
this phenomenon in spontaneous and read speech samples
recorded from three generations of Parisian French speakers.
Acoustic measurements indicate that the majority of vowels in
read speech samples are at least partially devoiced, and show
noise between 2-4 kHz.  Devoicing and closure occur only in
vowels that are in Intonation Phrase final position, and carry a
low IP boundary tone.  Male speakers in conversation showed
the least devoicing.  In reading and in conversation, 61 to 87
year-old speakers devoiced the target vowels as often as
younger speakers did.  We interpret the devoicing and closure
of the vowel as the effect of an increased articulatory release
before pause.

1. INTRODUCTION
It is in the nature of phonetic changes to remain largely
unnoticed by native speakers.  However, foreign learners of
the language often notice and unconsciously reproduce such
phenomena.  One of the most noticeable characteristics of
present-day Parisian French pronunciation for American
students is a fricative-like noise at the end of sentences such
as in (1):

 (1) Merci_ch. Oui_ch. Allez_ch!

F�nagy [4], a non-native speaker of French himself, observed
that high-front vowels [i], [y], mid vowels [e], [oe] and the
high-back vowel [u] at the end of utterances before pause tend
to get devoiced and sound similar to the voiceless palatal
fricative [�]. He called the phenomenon devoicing of  final
vowels.

In this paper we will show in what prosodic positions,
age groups and sex this phenomenon is most likely to occur in
conversation and in reading of a short text.  We will
investigate the amount of devoicing within the vowel, and the
co-occurrence of devoicing and fricative closure. Finally we
will suggest an articulatory phonetic explanation.

2. CORPUS
Ten Parisian French speakers were recorded reading a text, and
carrying out an informal dinner conversation with their friends
and one of the authors.  The speakers were divided into three
age groups: (1) first generation: one male and one female
speaker of 61-85 years, (2) second generation: two male and
two female speakers of 55-60 years, (3) third generation: three
female and one male speakers of 16-35 years.

The text read by the speakers contained six target words
of one to three syllables, ending on the vowel [y]: vu, lu,
vaincu, venu, entendu, devenu.  Within the utterance these
past participles were placed in three different prosodic
positions: Accentual Phrase (AP) final, Intonation Phrase
(IP) final with an expected H% tone, and IP-final with an
expected L% tone [1, 2].  The utterances were connected in a
meaningful text shown in (2).  The speakers were presented
with the text in two paragraphs without special characters.

 (2)
Nous avons tous entendu parler de lÕempereur Jules C�sar, et
certains dÕentre nous ont lu, entendu ou vu mentionner la
c�l�bre phrase quÕil avait prononc�e lors de sa venue � Rome:
venu, vu, VAINCU.  Je suis sure que tu lÕas d�j� ENTENDUE.
Ou tu lÕas peut-�tre LUE.  JÕai lu cette histoire dans un recueil
de phrases c�l�bres.  DÕautres ne lÕont peut-�tre jamais VUE.

Ce que cette phrase est devenue est tout � fait exemplaire.
Elle est devenue un symbole sugg�rant, par la simplicit� de sa
syntaxe, la facilit� avec laquelle C�sar a vaincu ses adversaires.
Elle exprime d�sormais que lÕon a non seulement vaincu, mais
que lÕon nÕa rencontr� aucune opposition.  Cette phrase
honore la d�termination de C�sar et de sa VENUE.  Il a voulu
devenir empereur, et il lÕest bel et bien DEVENU.

For better readability, AP-final target words here appear in
italic, IP-final words with H% in bold, and IP-final words
with L% in upper case.

With the exception of three speakers who read the text on
the telephone, speakers in both speech situations were
recorded with a clip-on microphone and a Marantz tape
recorder in Paris.  All speakers were volunteers, and gave the
authors permission to record their speech.

3. CONVERSATION
3. 1. The end of main discourse units
Approximately 5 hours of conversation (a half an hour with
each speaker) were transcribed and perceptually tagged for
pitch movements and intonation phrase boundaries, following
Jun and FougeronÕs model [1, 2]).  Words ending on [i], [y],
[u], [e], [oe] and the semi-vowel [ç] were marked as belonging
to one of the following four prosodic positions: AP-medial,
AP-final, IP-final with H% tone, and IP-final with L% tone.
Words in AP-medial positions corresponded to non-content
words (les, ses, tu,  et, mais... etc.).  For criteria of segmentation
into APs and IPs, see [2].  Occurrences of these vowels in the
corpus were computed based on the age and the sex of the
speaker, as well as the prosodic position of the word.

Despite the large number of high and mid vowels in the
corpus, only a few of them showed devoicing with fricative
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noise in each conversation.  No occurrences were observed in
AP-medial, AP-final or IP-final H% positions.  Table 1 shows
cases recorded in IP-final position. The frequency of devoicing
in this position varied greatly between the speakers.  Some
speakers devoiced six times more often than others, but no
more than 6.1% of all high or mid vowels observed in IP-final
position were devoiced at all.

All cases of devoicing with fricative noise occurred at the
end of turns (3) or at the end of main logico-semantic units
within a turn (4).  (Words with devoiced final vowel appear in
bold).  The most frequently devoiced vowels were the high
vowels [i] in 80%, [y] in 8% and [u] in 2% of all cases.  The
vowel [e] and the semi-vowel appeared respectively in 5% of
all cases.  We did not find occurrences of devoicing and
fricative closure with the mid vowel [oe] or [¿].

 (3)           PC: ....... de tout lÕesprit am�ricain c(e) qui est g�nial
(L%)  #  (il) faut lire ces ces trucs-l� hein (H%)  #
Toqueville i(l) faut le lire (L%)  #  tu t(e) r�gal(e)ra
(L%)  #  cÕest vrai hein (H%)
MTV:    Ben j(e) sais pas moi (L%)  #  j(e)  lÕai jamais
lu_ch (L%)
PC:       TÕen a jamais lu (H%)

 (4)            PC:      Et alors euh # en fait c(e) qui est idiot (H%)
# cÕest que cÕest un poste qui qui int�resse
vachement ceux qui vivent � Paris_ch  (L%)  #  Parce
que en une heure et d(e)mie de bagnole t(u) y es quoi
(L%)

As for the age of the speaker, we did not observe
important differences between the three generations.
Individual variations between the speakers seemed more
important than age.  In conversation, the oldest female speaker,
AM, devoiced high vowels as often as youngest female
speakers (CM, SB) did.  One of the women in the parentsÕ
generation (MTV) devoiced these vowels as often as some of
the younger speakers did, while the other female speakerÕs
speech (MND) showed fewer occurrences.  Gender seems to
have more influence: male speakers in all three generations
rarely devoiced any of the target vowels.  Inferential statistics
were not drawn at this point of our study, since more speakers
per group are needed to assess the importance of these
variables.

vowels devoiced / total number of vowels
IP-final position with L%

Speakers (age) - sex dinner conversation
with a group of

friends

% of
devoicing

reading of a short
text

% of
devoicing

first generation
GM (62)  - M 1/59 1.7 5/6 83
AM (87) - F 4/66 6.1 5/6 83

second generation
MTV (57)  - F 3/49 6.1 3/6 50
MND (55) - F 2/58 3.5 2/6 33
PC (56)  - M 2/58 3.4 2/6 33
JCC (58) - M 1/73 1.4 1/6 11

third generation
CM (35) - F 5/85 5.9 4/6 66
JPR (34) - M 1/77 1.3 2/6 33
LP (16) - F 4/69 5.8 2/6 33
SB (26) - F 3/55 5.4 5/6 83

Table 1. Devoicing and/or fricative closures in conversation and reading.

4. READING
4.1. IP-final position and low boundary tone
In readingÑas in conversationÑvowels were devoiced and
followed by a fricative closure only when they were in IP-final
position, carrying a low IP boundary tone.  However, we
observed much more cases of devoicing in reading than in
conversation.  We interpret this difference by the nature of the
two speech situations.  Reading of a short text corresponds to
a read-aloud monologue situation.  Small group
conversations, however, are characterized by fast turn-taking
and few opportunities to speak in full, elaborated sentences.
Thus, in speech samples were unfinished sentences, self-
corrections and interruptions are dominant, we could not find

a great number of target vowels in paragraph or turn-final
prosodic positions.

Despite the larger number of devoicing in reading, out of
the six target words placed in IP-final L% position only three
showed systematic (³50%) devoicing and closure: devenu
(90%), lu (60%) and vaincu (50%).  These words were not
only in IP-final, but also in Òparagraph-finalÓ position.
Paragraphs in texts, just like turns in conversation, are
considered macro-prosodic constituents larger than the
Intonation Phrase, and characterized by various prosodic
features (see [5, 6, 8]).

The two older speakers devoiced five out of six target
words in IP-final L% position, more than almost anyone (with
the exception of the 26 year-old female speaker SB) in the
younger generations.  Younger speakers were less unanimous
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in this respect: they show important individual variations.
However, slightly less devoicing and closure can be observed
in the parentsÕ generation (8/24) than in their childrenÕs
generation (13/24).  First and second generation men devoiced
the least frequently.

5. ACOUSTIC ANALYSIS
5.1. Measurements
All cases perceived as devoicing with fricative-like noises in
read speech samples were submitted to acoustic analysis, in
order to determine the degree of devoicing of each target
vowel, and the extent to which devoicing and fricative
closures co-occur.  Because of background noise and frequent
overlapping of voices, the acoustic analysis of the
conversation speech samples was not considered. A total of 31
occurrences were submitted to acoustic analysis, but four
occurrences recorded over the telephone were discarded
because of poor acoustic quality.

The remaining 27 cases were divided into three
categories: fully, partially or not devoiced.  The extent of
devoicing was determined as a ratio between the duration of
the voiceless portion and the total length of the vowel.  The
duration of the vowel was measured from the onset to the offset
of the formants. Absence or presence of noise was noted.  Since
most of the read speech samples were recorded with a clip-on
microphone, we obtained good quality data on voicing.
However, formant frequencies in sentence final position were
sometimes wiped out.  In such cases, the segmentation of the
vowel was based on our perception.

FigureÊ1.  The vowel [y] in the word devenu pronounced by
the female speaker CM.

5.2. Partial devoicing and closure.  FigureÊ1 shows the vowel
[y] of the word devenu pronounced by the female speaker CM.

The word is the last word in the text, which we called the
absolute paragraph-final position.

The vowel [y] is 300 ms long, but the length of the voice
bar is only 78 ms.  Approximately 3/4 of the vowel (ratio of
devoicing 0.74/1) is devoiced.  The devoiced section i s
characterized by an intense, fricative-like noise between 2 and
4 kHz.  All but one absolute paragraph-final target words (all
speakers considered) show the same structure.  Strikingly,
they also show similar amount of devoicing (70-75%).  Non
paragraph-final target words, such as vu, entendu and venu
tend to be shorter, and have a shorter devoiced portion
(average ratio of devoicing: 0.48/1).

5.3. Total devoicing and closure. The only exception to this
tendency was the oldest female speaker who tends to entirely
devoice the vowel [y], regardless of the position of the word
within the paragraph.  As shown in FigureÊ2, the vowel [y] in
the word entendue is devoiced from the release of the
occlusive [d], and it remains devoiced throughout the entire
length (235 ms) of the vowel.  The spectrogram also shows a
somewhat less intense fricative noise within the vowel.

FigureÊ2.  The vowel [y] in the word entendue pronounced by
the female speaker AM.

We found no cases of target vowels that were all-voiced
and/or  followed by a fricative-like noise.  The presence of F2
and F3 throughout the fricative (co-articulation, figure 1), and
the absence of gap between the voiced and the voiceless
portions confirms F�nagyÕs [4] interpretation that the
devoiced vowel isÓtransformed into a voiceless palatal
constrictiveÓ (p. 247).

6. TOWARD AN ARTICULATORY EXPLANATION
6.1. More or less energy?
It is another question whether, as F�nagy claims, the
phenomenon is due to an Òincreased tensionÓ of the
articulators.

The prosodic position of the devoiced vowels seems, at
first, to contradict this hypothesis.  Our data show that
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devoicing and closure only occur at the end of major prosodic
constituents that are in final position within the utterance,
and the turn (or the paragraph).  Except for cases of emphasis,
these positions in general are characterized by decreased,
rather than increased articulatory energy: amplitude and F0
drop, deletion of entire syllables, devoicing of stop
consonantsÉ etc.  While it is not difficult to imagine how the
drop of voicing in final vowels would be consistent with less
articulatory effort, it is more problematic to account for the
closure requiring, a priori, more energy.  The tendency for the
articulators to relax before pause, and the effort to hold a
closure seem to contradict each other.

An explanation comes from Straka [7] and his distinction
between Òarticulatory energyÓ and Òarticulatory tensionÓ.
The first term refers to the initial set up, the second to the
maintain of the articulatory position.  Straka claims that
vowels and consonants behave differently in strong (stressed)
and weak (unstressed) positions within the word.  The strong
position corresponds to more, the weak position to less
articulatory energy (figure 3).

hard palate

 STRENGTHENING  WEAKENING

vowel consonant vowel consonant

closing 
gesture

opening 
gesture

Figure 3. Vowels and consonants under the effect of
articulatory energy (after Straka [7], p.79).

By applying this model to prosodic units above the word, the
closure in IP-final vowels can be explained as follows.  In
weak positions, that are characterized by less articulatory
energy, Òthe muscular contraction is the strongest at the set
up of the articulation, but it starts diminishing before the final
release of the articulationÓ (p. 108).  As a consequence of this,
consonants tend to open and vowels tends to close.  To this
decreasing articulatory energy corresponds an increasing
tension, if the closure has to be held for longer duration.
(Straka used this explanation for diphtongs.)

According to our interpretation, IP-final high vowels we
observed at the end of major prosodic units undergo the same
process.  Throughout their articulation, the vowels gradually
loose articulatory energy (ÒweakeningÓ): they get devoiced
and become less and less open.  In the same time they also
become more tense, because they undergo final lengthening at
the major prosodic boundary (IP).  Eventually, the closure
becomes so tight that the outcoming air produces a fricative-
like noise.

7. CONCLUSION
In this paper we showed that the high vowels [i], [y], [u], the
semi-vowel [ç] and the mid front vowel [e] were devoiced only

in Intonation Phrase-final open syllables, when carrying a
low boundary tone.  All occurrences appeared at the end of an
Intonation Phrase that also corresponded to the end of a
paragraph or a turn.  These macro-prosodic units seem to be the
chief prosodic domain involved in this phonetic change.

In read-aloud speech samples, acoustic measurements
showed that the majority of the vowels were at least partially
devoiced.  In paragraph or turn-final positions they were
considerably lengthened, and devoiced up to 75% of their
total duration.  Simultaneously to devoicing, a fricative-like
noise appeared between 2 and 4 kHz.

Among the two sociolinguistic variables we examined,
age did not seem to be an important factor.  In reading, older
speakers devoiced more vowels than most of the younger
speakers.  Their speech samples in conversation showed
similar amount of devoicing and closure.  Although we could
only study two speakers in this age group, our results raise
the question devoicing of high vowels isÑas studies
claimÑa new, on-going phonetic change, or an already
established, widespread phonetic feature of Parisian French
pronunciation.  Sex seemed to be a greater divider between the
speakers: men produced less devoicing and closure in
conversation than women did.  The tendency was less clear in
reading.

After Straka [7], we interpreted the devoicing and closure
of high and mid front vowels as the simultaneous effect of
decreasing articulatory energy and increasing articulatory
tension before pause.  The first leads to the drop of voicing and
the closure of the vowel, the second to the emergence of a
fricative-like noise.
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ABSTRACT 
The use of increased duration to signal prosodic boundaries 
has been demonstrated for many languages. However, a 
number of studies have claimed that languages ,in which 
length is phonemic do not have pre-boundary lengthening 
or the amount of lengthening at boundaries is not 
perceptually relevant . We show that for Hungarian, a 
language with phonemic length, there is consistent pre- 
boundary lengthening at three levels: word, syllable and 
phone. The amount of pre-boundary lengthening observed 
in our data was well within the limits of perceptible 
phonemic contrasts shown for short and long vowels and 
consonants in Hungarian. 

1. INTRODUCTION 
Right edges of prosodic boundaries can be marked by a 
variety of acoustic cues. Among these features, increased 
segmental duration, referred to as pre-boundary length 
(PBL), is of particular interest, because it raises the question 
of how this phonetic lengthening interest with segmental 
length disinction. While the general consensus is that PBL 
is widely used among to mark phonological phrasing [4], 
and therefore it might be universal [21] some languages are 
considered exceptions. It has been argued, for instance, that 
languages with phonemic length distinctions, such as 
Finnish, Estonian [ 1 l] and Skolt-Sami [ 161 do not have 
PBL, because they would not utilize duration for additional 
functions. 

In this paper we report the results of an investigation 
on PBL in Hungarian, a Finno-Ugric lanugage known to 
have phonemic length distinctions. We begin by showing 
that there is no convincing evidence against. PBL in Finno- 
Ugric languages, especially not in Hungarian. We will argue 
based on our data that Hungarian shows a consistent 
tendency for pre-boundary lengthening and that the amount 
of lengthening we observe should be well within the range 
of perceptibility for native speakers of Hungarian. 

. 

2. PREVIOUS RESEARCH ON PBL 
PBL is one of the acoustic cues used to segment speech into 
linguistically meaningful units. Early studies on PBL 
assumed a complete overlap between prosodic and syntactic 
constituents. Therefore, they used a limited set of read-aloud 
sentences in which syntactic boundaries were selected first, 
then duration measured. Findings invariably indicated that: 
1) PBL reflects the syntactic structure, and 2) it exists in a 
great variety of languages, such as English [9] [ 121, Swedish 
[14], French, Spanish and German [2], to name the most 
well-known examples. 

Linguistic theories of the eighties and nineties shed 
new light on PBL. It is now widely accepted that there is a 

, 

phonological hierarchy of prosodic constituents separate 
from the surface syntactic structure. In these studies PBL is 
argued to be a signal for the boundaries of prosodic 
constituents (e.g. [lo], [6]). 

Our study follows recent work on PBL in assuming 
prosodic constituents separate from syntactic constituents. 
Since prosodic constituents have not previously been 
studied independently from the syntactic structure in 
Hungarian, we used acoustic correlates typical of prosodic 
constituent boundaries in other language to identify such 
boundaries in our corpus (see section 3). 

2.3.PBL in Finno-Ugric languages 
While PBL has been claimed to be universal [21], some 

studies argue that PBL is nonexistent or perceptually 
irrelevant in languages where length is phonemic. For 
Finno-Ugric languages, a number of sources have been 
repeatedly cited in support of this interpretation (see [ 191; 
[21]). However, by returning to these studies, we found that 
they either do not mention phonetic lengthening at all [ 1 I], 
or they dismiss its existence based evidence we find 
questionable [ 71 [ 81. 

In more recent work, McRobbi [ 151 [ 161 argues that 
PBL is nonexistent in the Finno-Ugric language Skolt- 
Sami. However, her study of duration in boundary 
signalling in that language does not seem to provide 
sufficient evidence for her conclusion that the language does 
not have PBL. Although her data indicates some durational 
decrease in paragraph final sentences, which might be taken 
as evidence against PBL, we found that the lack of statistical 
significance or of perceptual experiments makes the 
significance of this decrease difficult to estimate. Another 
result of her study, used as an argument against PBL, is that 
disyllabics in paragraph-final position undergo vowel 
reduction or drop. However, this pattern of reduction only 
holds for words read in sentence frames and not for her larger 
corpus of spontaneous conversations 

Studies of Hungarian, the Finno-Ugric language our 
study is concerned with, have not argued against the 
existence of final lengthening. On the contrary, present- 
day and historical data indicate some amount of lengthening 
at the boundaries of syntactic constituents in the language 
[7] [8]. However, this lengthening was systematically 
dismissed, because the authors concluded that it is not 
percptually relevant. Kassai [7] [8], for instance, shows 
that vowels and consonants are longer at the end of words 
and sentences. She even states that durational differences 
between segments in sentence-initial and sentence-final 
positions are the only non-negligible difference in her 
corpus. However, she also seems to conclude that this 
amount of lengthening is not perceptually relevant, because 
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the listener tends to compare sentence-final durational cues 
to their sentence-medial (and not sentence-initial) 
counterparts ([8], p. 136). We do not think this assumption 
about the mechanism of perceptual processes is correct. In 
the following sections, we argue that the amount of 
lengthening we observe in our data must be perceptible. 

3. CORPUS AND DATA 
The data for this study comes from a corpus of 
approximately 3 hours of restricted spontaneous speech 
transcribed, digitized and analyzed by the authors, using 
Entropics’ acoustic analysis software. Two native 
Hungarian speakers (one male and one female) from 
Budapest were taped in a quiet room, using head mounted 
directional microphones, while exchanging information 
about the actions and characters in simple computer 
animations. The speakers were recorded in three dialog 
situations, representing decreasing control of the 
investigator over the speech material: question-answer, 
directed description and undirected description (see [S] for 
more detail). There were two sequences of 24 animations 
used as stimuli in recording the participants. Data for this 
study came from each participants’ directed and undirected 
descriptions, and from their answers in a question-answer 
task. 

As opposed to previous studies using read-aloud speech 
produced in laboratory conditions (see 2.), our corpus has 
the advantage of a controlled situation and of spontaneous 
speech production: the speakers were engaged in a 
constrained task, but they spoke spontaneously within the 
context of performing the task. The restricted context and 
limited vocabulary provided many occurrences of identical 
words uttered in different prosodic positions by both 
speakers. 130 pairs of words were selected from this corpus. 
These target words were paired according to their occurrences 
in each of two prosodic positions: (i) Intonational Phrase- 
final (IPF) and (ii) Intonational Phrase-medial (IPM). To 
insure clear cases of IPF words, we only considered the last 
word of turn-final utterances followed by major pitch 
movements, pauses or hesitations, i.e. any one or more of 
prosodic features typically associated with major prosodic 
boundaries. For IPM words, we excluded all items preceded 
or followed by any such boundary cues. The following 
utterances show the target word esernyo”’ ‘umbrella’ in the 
two prosodic positions: 

Intonational Phrase Medial (IPM): 
A z6Zd esernyri; nekiiitkiizik a fekete lakatnak. 
“The green umbrella (with)hits the black 

padlock(with)’ 
(h-aja-t2s1, anim. 20, Line 169) 

Intonational Phrase Final (IMF): 
A fekete lakatnak iitkiizik a fehkr eserny8. 

‘The black padlock(with) hits the white umbrella’ 
(h-aja-t2s1, anim. 20, Line 174) 

The animation corpus provided multiple instances of 
various nouns, adjectives, adverbs, verbs and particles in 
both IPM and IPF positions. Out of the 130 matched pairs 
of words, 58 pairs were produced by the female speaker, and 
72 pairs by the male speaker. 

Durations of IPM and IPF words were measured. Since 
the corpus of IPM and IPF items did not contain utterance- 
initial words, silent periods of stop consonants in both 
positions could be measured accurately. We also measured 
individual vowels in order to compare the long to short 
vowel ratios in our corpus to previous reports of these ratios 
for Hungarian. Vowels were measured from the onset to the 
offset of voicing, bursts of stop consonants were excluded 
from vowel durations. If two adjacent vowels or vowels and 
glides occurred, the segmentation was decided on the basis 
of formant transitions and perceptual judgements. Further 
measurements were made of the syllable and phone durations 
of the items used in the matched pairs of words. 

4. RESULTS AND DISCUSSION 
The result of our matched pair analysis, shown graphically 
in figure 1, is the finding that intonational phrase-final 
tokens of words are systematically longer than their 
intonational phrase-medial partners. This result is 
significant at p<.OOOl, using the Wilcoxon signed rank 
test. It is clear from the scatterplot in figure 1 that the 
significance of the result comes more from consistency of 
the phenomenon rather than from huge differences in 
duration between intonational phrase-final and intonational 
phrase-medial items. In other words, while the difference in 
duration between IPM and IPF items may not always be 
large, the IPF words are almost always longer. Contrary to 
what might have been expected, it appears that Hungarian 
speakers are consistently using increased duration to mark 
phrase boundaries in the same way that speakers do in other 
languages, such as English. This result clearly contradicts 
previous assumptions about the absence of PBL in 
languages with phonemic length, and it supports the 
hypothesis that PBL is likely to be universally used by 
languages to cue major prosodic boundaries. 

IPF word durtim by IPM wwd duration 

.l .2 .3 .4 .5 .6 .1 .# .9 1.0 1.2 
Dur-IPM 

Figure 1. Word durations in two prosodic positions: _ _- 
intonational phrase medial (Dur-IPM) and intoantional 
phrase final (Dur-IPF) 

This result iS consistent with earlier studies on 
Hungarian that also showed sy stematic lengthening of 
vowels and consonants in final position. However, these 
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studies claimed that the lengthening they observed is not 
perceptually relevant and on this basis PBL was rejected as a 

. legitimate boundary cue. The lack of perceptual experiments 
in the literature led us to wonder if this is simply 
speculative, and to ask what type of data could address the 
question of perceptual relevance. We decided to compare the 
difference in duration between IPF and IPM items with a 
durational difference known to be crucial in the language. 
Hence we compared the differences in IPF and IPM durations 
to those of long and short vowels. We measured the duration 
of individual vowels within the target words, and then 
calculated: 1) the ratios of long to short vowels, and 2) the 
ratios of IPF to IPM vowels. We did not distinguish between 
vowels in different positions within the word or between 
syllable-types. Our hypothesis was that if we found that the 
IPF/IPM ratio was as large or larger than the long/short 
ratio, we could conclude that the IPF/IPM distinction must 
be perceptually relevant. If this is the case, then it seems 
likely that speakers and hearers of Hungarian can use PBL as 
a distinction since it is as noticeable as the phonemic 
length. 

Table 1 shows that in fact our hypothesis seems to be 
correct. There are IPF/IPM ratios that are bigger than 
long/short ratios. 

Table 1: Duration ratios for long/short and IPF/IPM 
distinctions. 

no data 0.99: 1 14 L 

I PI I l-81:1 I 1.37:1 I 31 I 
A 

0: 1.52:1 22 
0 1.66: 1 l.lO:l 64 I 
0: 2.27: 1 7 
a 

a: 

. 
1.78:1 1.21:1 37 . 

1.36:1 18 

For example, the IPFIIPM ratio for /a:/ is as big as the 
long/short ratio for /i/ and larger than the long/short ratio 
for /e/. The IPFIIPM ratio for /o:/ is larger than any of the 
long/short ratios including the long/short ratio between /o:/ 
and /o/. It seems unreasonable to assume that speakers 
would be able to perceive a 1.66: 1 difference between /o:/ 
and /o/ but not a 2.27: 1 difference between /o:/ in IPF and 
IPM positions. This is particularly significant in light of 
the fact that we did not control for position of the vowel 
within the word, and controlling for position in the word is 
likely to make the ratios even larger in the same direction. 

Table 2 shows vowel length ratios in our corpus 
compared to two previous studies. Meyer and Gombocz’s 
historical data were taken from [7]. The ratios shown for 
Kassai [7] were calculated by the second author, based on the 

tables Kassai provides. We have sufficient data for 
comparison of 5 of the 7 long/short vowel pairs. As might 
be expected for a corpus of spontaneous speech as opposed 
to read minimal pairs, the ratios in our corpus show less 
variation. It has been claimed that high vowel ratios should 
be bigger than the ratios for lower vowels, but this is not 
supported by either our ratios or the ratios we calculated 
from Kassai’s data. For example the ratio of /i:/ to /i/ is 
1.52: 1 for us and 1.28: 1 for Kassai. This is smaller than the 
ratios for /a:/ to /a/ in both studies: 1.78: 1 in our corpus, 
and 1.82: 1 in Kassai’s corpus. The claim that vowel ratios 
should be larger for vowels distinguished only by length is 
also not supported (see appendix for vowel chart). The same 
compararison between i:/i and a:/a just discussed also 
demonstrates this point. The most important point is that 
in spite of the difference in speech style (spontaneous vs. 
read) our vowel ratios are sufficiently similar to previously 
reported vowel ratios that our results on PBL cannot be 
discounted as a peculiarity of our corpus. 

Table 1: Ratios of long to short vowels in three studies. 
Vowel H&F Kassai Meyer & 

(1998)* (1979)“” Gombocz 
(1925)*** 

i:/i 1.52: 1 1.28: 1 2.ll:l 
e:/e 1.47: 1 1.25: 1 1.69: 1 
YZ/Y no data 1.79: 1 1.97: 1 
u:/u no data 2.00: 1 2.02: 1 
0:/o 1.81:1 1.60:1 1.86: 1 
0:/o 1.66:1 1.89: 1 2.ll:l 
a:/a 1.78:1 1.82:1 1.78: 1 

* spontaneous speech, all types of syllables, l-6 
syllable words 

** minimal pairs, open syllables, l-4 syllable words 
*** minimal pairs, all syllables, one-syllable words 

In order to address the question of where within words 
that PBL occurs we also examined syllables and phones in 
our data. Using the Wilcoxon signed rank test we found that 
final syllables of polysyllabic words were longer in IPF 
position (p<.OOOl). Medial syllables were also longer in 
IPF position (pc.009). A closer look at the medial syllables 
showed that the penultimate syllables were responsible for 
this difference in length between IPF and IPM items while 
syllables further from the ends of words did not show this 
difference. Initial syllables did not exhibit significant 
difference in length between the IPF and IPM positions. 

Within the final syllables, we found that for CV 
syllables the lengthening affected the rhyme of the final 
syllable, which is consistent with similar findings in 
English [22] and in Dutch [l]. In word final CVC syllables, 
coda consonants had longer durations than their IPM 
counterparts (pc.0001) and also accounted for a larger 
portion of their syllable’s duration than the coda 
consonants in IPM position (p<.OOOl). Rhymes in these 
CVC syllables had slightly longer duration on average in 
IPF position than in IPM position. However, unlike the 
coda consonants IPF rhymes constituted a smaller portion of 
their syllable’s duration than IPM rhymes. Onset 
consonants in IPF and IPM positions did not differ 
significantly in duration but IPF onset consonants were 
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responsible for a smaller portion of their syllable’s duration 
than their IPM counterparts. It appears that within final 
CVC syllables, the rhyme may get some lengthening but the 
majority of the PBL occurs on the final consonant. 

5. CONCLUSION 
In this paper we have shown that Hungarian, a language with 
phonemic length also has consistent preboundary 
lengthening. Contra previous work which also noted this 
lengthening but claimed that it was not perceptually 
relevant, we presented evidence that PBL is as great or 
greater than differences in length between short and long 
vowels. Since it is clear that native speakers of Hungarian 
are able to perceive the difference between long and short 
vowels, we conclude that it is highly likely that they are 
also able to perceive PBL. This suggests that the use of 
phonemic length in a language does not preclude the use of 
PBL and that Hungarian does not seem to be an exception to 
the universality of PBL. 

6. APPENDIX 
Vowels of Hungarian: 5 pairs of vowels are distinguished by 
length only, 2 pairs of vowels differ both in length and in 
quality. 

U 
. . . Y: u: yx7 . 0 0 . 

0: 0: 

&  

aNo . . 

NOTES 
1. The carat sign (^) stands for double-bar accent used in the 
spelling of long labial vowels. 
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EARLY Ll CLUSTERS AND HOW THEY RELATE TO UNIVERSAL 
PHONOTACTIC CONSTRAINTS 

Katarzyna Dziubalska-Kolaczyk 
Adam Mckiewicz University, Poznah, Poland 

ABSTRACT 

This paper investigates the ways in which universal phonotactic 
constraints describing consonant clusters are reflected in early first 
language acquisition. I looked for frost appearances of clusters in 
children’s speech. Data from a number of typologically different 
languages has been considered. The predictions as to which 
clusters were expected to appear in the young phonologies 
stemmed from universal phonotactic constraints. These constraints 
have the nature of preferences and were formulated within the 
phonotactic model of the beats-and-binding phonology, in the 
naturalist framework. A general tendency for cluster reduction in 
child language is shaped by such constraints. Thus, it is possible 
to predict the phonotactic behaviour of a language system in fIux, 
e.g. in L 1 acquisition (or in L2 acquisition, phonostylistics, 
aphasia). On the other hand, systems in flux belong to the areas of 
external evidence against which the model of phonotactics 
proposed in the paper may be verified. 

1. INTRODUCI’ION 
Consonant clusters are rare in the world’s languages. The ground 
for this is the universal preference for the CV-structure1 which is 
in turn derived from higher order semiotic and functional 
principles of, respectively, figure-and-ground and perceptibility 
and pronunciabihty (cf. 121). In particular, a good phonetic 
contrast which is both easy to hear and pronounce is best realized 
by a consonant+vowel syntagma. There are languages, however, 
among them also some major world’s languages with respect to 
the number of speakers, which do allow for clusters of consonants. 
Though they differ fi-om language to language, clusters share 
certain universal traits which either guarantee their survival in a 
language or let them be similarly treated by children, aphasics, 
learners of foreign languages or every-day casual talkers. Those 
universal traits are expressible in terms of phonotactic preferences 
which derive the preferred clusters for all positions. Their function 
is, on the one hand, to counteract the CV-only preference and, on 
the other, to counteract the creation of dysfunctional clusters. 

In this paper I examine the functionality of the phonotactic 
preferences in young children’s speech. Section 2 will be devoted 
to the preferences, section 3 will present the data and section 4 
will provide discussion and evaluation of the study. 

2. PHONOTACTIC PREFERENCES 
2.1. The model 
The model of phonotactics which I employ in this paper has been 
formulated within the Beats-and-Binding Phonology (B&B 
Phonology in short), constructed according to the assumptions and 
principles of Natural Phonology (cf. e.g. [4], [5]). 

2.2. Beats and bindings 
The smallest units in the B&B Phonology are beats (svmbohzed 
as l ) and nonbeats (symbolized as 0). The relation thai typically 
obtains between the two is that of binding (symbolized as O+O). 
Phonemically, 0-0 is typically represented by a C+V syntagma, 
thus: 

Yt 
Figure 1. A 030 binding. 

A CV-realization of the 0-0 binding is the universally preferred 
one and derives directly from the figure-and-ground principle, 
clarity of perception and ease of articulation functions of 
phonology, and the principle of least effort. The CV-preference, if 
alone, would prevent the occurrence of any consonant clusters at 
all. Clusters, in order to survive, must be sustained by some force 
counteracting the overwhelming tendency to reduce towards CVs. 
This force is sonority. 

2.3, The Optimal Sonority Distance Principle (OSDP) 
The Optimal Sonority Distance Principle (OSDP) defines the 
way in which phonemic segrnents should order themselves in a 
successful sequence: the relations between sonority distances 
between pairs of neighbouring phonemes should be optimaMy 
balanced. I.e., an optimal relation should obtain between the 
distances in pairs of consonants measured in sonority and their 
distances to the neighbouring vowels. “Optimal” means different 
things depending on the context. Below I shall specify the optimal 
sonority relations for double and triple clusters in all positions in a 
word. They take the form of well-formedness conditions holding 
for: initial and fmal doubles, initial and final triples, medial 
doubles and medial triples. Those well-formedness conditions 
have the status of preferences (cf. [3]) since the more a given 
condition is observed2 the better the output cluster will be. They 
refer to the sonority values of the scale below3: 

vs semi-Vs liquids nasals fricatives affkicates plosives 
0 1 2 3 4 5 6 

Figure 2. The sonority hierarchy. 

2.4. The preferences 
2.4.1. Initial and final doubles. For word-initial and final double 
clusters, the distance between the two consonants should be bigger 
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than or equal to the distance between a beat and a nonbeat bound 

c c v c c 
Figure 3. A preference describing initial and final doubles. 

t r a a 1 t 
Figure 4. Examples of good clusters. 

2.4.2. Initial and final triples. For word-initial and final triple 
clusters, the distance between the first (counting from the beat) 
and the second consonant should be bigger than or equal to the 
distance between this fast consonant and the beat, and bigger than 
the distance between the second and the third consonant. 

Figure 5, A preference describing initial and final triples. 

Good doubles are included in the good triples; so, there is no good 
triple without a good double. In other words, a good triple implies 
a good double. 

2.4.3. Medial doubles. For a word-medial double cluster, the 
distance between the two consonants should be smaller than 
between each of the consonants and its respective neighbouring 
beat. 

1 r-7 2 7-T 
V C C V 

@O~@@<@~ 
Figure 7. A preference describing medial doubles. 

1 F-p 2 Y-7 
4 2 6 

a s t a 
Figure 8. An example of a good cluster. 

2.4.4. Medial triples. For a word-medial triple cluster, the 
distance between the first and the second consonant should be 
smaller than between the first consonant and the beat to which it is 
bound, whereas the distance between the second and the third 
consonant should be smaller than between the third consonant and 
the beat to which it is bound. 

r-7 P w 
V c c c v 

Figure 9. A preference describing medial triples. 

s p n a a r t s 
Figure 6. Examples of good clusters. 
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a S t k a 
Figure IO. An example of a good cluster. 

The extreme consonants of a medial triple cluster constitute a 
good medial double one (e.g. ash). The other two combinations 
of two medial consonants out of the three may but need not to 
form a good medial double (e.g. a,sta and atka are good, but abwa 
or awtka from abwka are not). 

2.5. Relations among the preferences 
There are two sets of predictions concerning the relations among 
the phonotactic preferences specified above. The first set concerns 
the implications which obtain in pairs of clusters. There are the 
following implications between triples and doubles (Recrd: a 
preferred medial triple implies a preferred medial double, etc.): 

vcccv >> vccv 
cccv >> ccv 
vccc >> vcc 

Figure 11. Implications between triples and doubles. 

The second set of predictions refers to the relation between medial 
vs. periferal clusters. Preferred medials may be the only clusters 
whereas dispreffered medials (at least developmentally) imply the 
occmence (development) of preferred initials and fmals4. 

I 
VC(C)CV 

* VC(C)CV >> occv & VCC(C) I 
Figure 12. Relation between medial and periferal clusters. 

2.6. Hypotheses concerning Ll acquisition of clusters 
On the basis of the above preferences and relations among them, 
certain expectations can be formulated with reference to the 
acquisition of clusters by children. (1) Firstly, the earliest clusters 
to appear should be from among the preferred ones, while the 
dispreferred ones should undergo the so-called Ll cluster 
reduction. (2) Secondly, less complex clusters should appear 
before the more complex ones. (3) Thirdly, the first clusters 
should be medial, arising as a result of combining the sequences 
VC and CV. Only &en should initial and foal clusters be able to 
dissociate (unless a medial is a preferred one and there is no need 
W- 

To test the above predictions, data fkom typologically 
different languages is needed. Of this work-in-progress research I 
present here a selection of observations from three languages: 
Polish, English and Italian. 5 

3.1. Polish 
3. THE DATA 

The data I quote here comes from three girls, two of them 
observed by means of a diary study (age spans: I’& 0; 1 l-2$ and 
K. 2;O-2;6)6, the third one recorded and transcribed (2. 1;7-2; 1)‘. 

Table 1. Clusters in Polish L 1. 

In M.‘s speech, the fast cluster was a dispreferred medial [-gg-] (a 
potential preferred final). This was the only cluster from 0; 11 to 
1;8. From 1;9 to 1; 10 three more (non-medial) clusters appeared. 
Then, a rapid growth of medials 1; 10 - 2; 1 took place, with only 
infrequent non-medials. In the time span 2; 1 -2;8 medials still 
predominate, while initials begin to be more frequent. 

In K’s speech, the fust cluster was also a dispreferred medial 
E-J&-] (a potential preferred final). Early medials, while almost 
alone, were mostly of the dispreferred types. They improved when 
initials and fmals started to appear. 

Also 2. shows the predominance of medial clusters over 
initial ones, and these in turn over the fmal ones. 

Reductions showing precedence of medials: M. sw’~jlts~ 3 
fDpts&; M. 33tkj‘Efka -3 atkj’cfka; M. QxtJ‘itSka + 
xts‘itska; K. ps’i j& E+ p‘i j& C. 

Substitutions showing improvement according to the 
preferences: kfj- 3 fkj-, an improvement within the preference 
stated in Fig-S.; Iv- 3 vl-, gv- + gi-, changes f?om dispreferred 
to preferred according to the preference stated in Fig.3.; W  adrat 

-3 kr‘advat (kf- + kr-, -dr- + -dv-), an change firom dispreferred 
to preferred of both an initial and medial cluster according to the 
preferences stated respectively in Fig. 3. and in Fig. 7, 

3.2. English 
The data comes from [6], which is a systematic study of babbling 
and early words in five infants from ca 7-36 months of age. 

: : . . 
it.’ ,.’ ,: :..I : ,. 56% I 22% (em. nasal+stotl) I 

G, ,‘i; y .::. :.y;::j 13% 33% (esp. nasal+stop, ,__. ,_: ” .:.. :, . . . .: : : -. . . stop+ticative) 

liquid (both orders) 
C+glide 

Table 2. Clusters in English Ll . 

Table 2 demonstrates different tendencies for clusters in babbling 
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and in early words. The data also showed that monosyllables were 
preferred among early words, that increased cluster complexity co- 
occurred with decreased cluster productions, that cluster elements 
were derived primarily from the singleton phonetic inventory, that 
contiguous segments in babbling clusters varied by manner more 
often than place and that the majority of clusters in both babbling 
and words were homorganic. As far as the influence of the ambient 
language on clusters was concerned, no strong influence was 
evidenced in babbling, whereas it evidently showed in early words. 
Moreover, the cluster types in words demonstrated continuity and 
expansion of the types in babbling. 

3.3. Italian 
The data below comes from one child (a boy C.) in an age span 
2;0 - 2;6, and was collected for the purposes of the already 
mentioned project (cf. note 7). The analysis was performed by 
Sabrina Noccett?. 

C. showed a definite preference for a stnrcture CVCCV, 
which started to appear systematically at 253, after VCV and 
CVCV (sporadically VCCV) had developed.. For example: cesccl 
(francesca), ostre=gWtre. As the main cluster reduction strategy 
C. employed assimilation resulting in gemination: altri -j. atti, 
quest0 3 etto, aspetta 9 appetta, tanti 4 tatti, bank? 9 bakki, 
talpa 4 tappa, orso 4 osso, ritorna 3 tonna etc. All geminates 
are preferred medials, according to the preference stated in Fig. 7. 
Other reductions also occurred, e.g. reductions via a preferred 
initial: dentro - tro 3, dento, zebra - bra + ba, sopra - pra + 
sopa, or reductions leaving only a medial cluster of a word, and 
thus pointing to its precedence, e.g.: brutto + butto, spengo + 
pengo, scuola + cola; etola, scritto 3 itto. 

4. DISCUSSION 
Of the three major predictions specified in 2.6, the third one 
appears to be fully confirmed by the above data. The earliest 
clusters were indeed medial and they prevailed for a substantial 
period in the discussed children’s speech. Their precedence was 
also supported by reductions of other clusters but medial within a 
word. 

The English data distinguished between the tendency for 
medials (of the dispreferred types) in babbling which gave rise to 
initials of the most preferred type (stop+glide) in first words. The 
order ‘medials before initials’ is compatible with the order in 
Polish and Italian. It may be that the English children developed 
initials earlier due to the demonstrated preference for 
monosyllables in early words. 

The second prediction concerned the expected growing 
complexity of clusters. The data confirmed this prediction as well. 
Clusters grew more complex not only in terms of number of 
segments involved (there were very few more complex ones than 
doubles in the data), but also in terms of articulatory variety of the 
segments themselves. The English data was systematically 
analyzed in this respect and showed the homorganicity of clusters, 
and this tendency is also discernible in Polish, e.g. in nasal+stop 
clusters, and in Italian in geminates.g 

The first hypothesis of 2.6, predicting the universal 
‘goodness’ of the early clusters, was only partly confirmed. The 
Italian gemination produced the best possible medials. Many of 
the Polish mediais were of the dispreferred types at first and 

improved only when the peripherak started to develop. In the 
English data the medials were predominantly bad at the start, but 
as such created material for good initials (esp. stop+glide) and 
fmals (esp. nasal-&top). Thus, frlrst (medial) clusters are random 
combinations of simpler structures VC and CV, which constitute a 
necessary stage in the creation of the preferred types of initials and 
finals. However, the phonotactic preferences did manifest 
themselves explicitly in the improvements of the target clusters 
according to the well-formedness conditions. Also, the early 
clusters (esp. in the EngIish babbling) varied by manner rather 
than place, which points to the developing perceptual sensitivity in 
children which is the basis of the phonotactic preferences. 
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NOTES 

1. Cf., e.g., [I]: 13f, [4]: 63ff for a summary of evidence. 
2. They are formulated by means of ‘greater than’ and ‘less than’ symbols. 
3. Cf. [4] : 8’7 and other pages for discussion of the notion of sonority. 
4. Since the same cluster cannot be both a preferred initial and a preferred 
final, these are largely independent. However, either may occur (develop) 
in a language depending on other factors. For instance, initials may occur 
due to the prominence of a word-initial 
need for morphological suffixes. 

position, finals may occur due to a 

5. The data will gradually expand to include, among others, German, 
Finnish, Dutch, French, Estonian, Greek, Quichua. 
6. The diaries were conducted by myself and report on the speech 
development of my two daughters. 
7. This data comes Gem the International Project on the Acquisition of 
Pre- and Protomorphology, supervised by W.U.Dressler (University of 
Vienna). The Project includes ca 24 languages; I have collected part of the 
Polish data. 
8. I’m grateful to Sabrina Noccetti, who recorded and transcribed C. ‘s 
speech, for having analyzed the data from a phonological perspective and 
letting me use her results. 
9. The preference for homorganicity is also discernible in the data quoted 
by Vihman (cf. [7]: 31 IQ: clusters preserved most often by the 
investigated Slovenian, Estonian, Czech, Spanish and English children 
were: nasal+stop, fYicative+stop, stop+f?icative, and lateral+stop. 
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ABSTRACT
A searchable database of speech samples from more than 100
Swedish dialects is being established for use in research and
education. Each dialect is represented by at least 12 speakers.
Recordings are made of spontaneous speech as well as words
and phrases elicited with a number of specific research goals in
mind. This paper summarizes one of these goals, a prosodic
typology for the Swedish dialects. The current database
prototype was designed as a tool in this research. Its use in
accessing, representing and analyzing the relevant data is
described.

1.  INTRODUCTION
Whereas there is a rich dialectological literature from around the
last turn of the century, phonetic studies of the Swedish dialects
have been rare during the last few decades. Recently, however, a
nation-wide research initiative has been launched to record and
analyze comparable speech samples from more than 100
Swedish dialect areas in Sweden and Finland (Phonetics and
phonology of the Swedish dialects around the year 2000, or
SWEDIA 2000 for short; http://www.swedia.nu ). Each dialect is
represented by at least 12 speakers with one female and one
male group of elderly speakers, and one female and one male
group of younger speakers. Recordings are made of spontaneous
speech as well as words and phrases elicited with a number of
specific research questions in mind; those questions concern,
e.g., tonal word accents and intonation, quantity contrasts, and
vowel and consonant inventories.

The project is designed to serve several theoretical as well
as practical purposes. The theoretical objectives include the
definition of criteria on which phonetic and phonological
typologies can be based, the analysis of the geographical
distribution of dialect features, and sociolinguistically oriented
problems such as levelling tendencies in the two age groups and
sexes. In particular, the database material will be used to
characterize the Swedish dialects in a global phonetic-
typological perspective, and to provide a basis for the study of
historical sound change. For example, the phonetic
‘microvariation’ represented by dialects of ‘the same language’
can be seen as the result of relatively few diachronic steps
affecting a common vocabulary. Thus, a careful phonetic study
of the dialects can make possible detailed and reliable
inferences as to which sound changes must have taken place.
These inferences can provide a valuable ‘answer key’ against
which it is possible to evaluate hypotheses concerning areal,
perceptual or articulatory constraints on diachronic processes.

The practical objective of the project is to establish a
searchable database that can be put to use in both education and
research. In particular, the project aims at offering linguistics a
solid and well-documented source of information on the
phonetic and phonological features of the Swedish dialects
spoken around the upcoming turn of the century. The database
material will thus provide a reference for future studies of the
phonetic and phonological development of the Swedish dialects.

2.  A PROSODIC DIALECT TYPOLOGY
Gårding’s accent typology for the Swedish dialects [6], which is
based on Meyer’s [7] tonal data base with citation forms of the
word accents (accent I/accent II), uses the number of pitch peaks
and their timing in relation to syllables as criteria. This typology
gives us a division into five prosodic dialect types: two ‘single-
peaked’ dialect types with a distinction in the timing of pitch
peaks for both accent I and accent II (SOUTH, CENTRAL) and
two ‘double-peaked’ dialect types, also with a distinctive timing
of pitch peaks (EAST, WEST). The fifth type is single-peaked
but with no word accent distinction (FAR EAST, i.e., Finland
Swedish).

Within the project Swedish prosody [5], this accent typology
was developed into a more extensive prosodic dialect typology
[2]. The ideological starting point of this extended typology is
the communicative functions of the different contributions to the
pitch contours from phrasing, focus and accentuation (accent
I/accent II). The database used in the project Swedish prosody
contained phonetically balanced utterances with a systematic
variation of (besides accent I/accent II) placement of focus,
final/non-final phrase position, and simplex/compound words. A
main feature of this typology was the pitch realisation of focus
[1]. Factoring out the contribution of focus to the pitch contours
we arrived at a new interpretation of single-peaked/double-
peaked dialects. Another characteristic of the typology was the
recognition of the pitch patterns of compounds as a criterion of
prosodic dialect type. Critical parameters of the Bruce and
Gårding intonation model were the following:

1) Timing of pitch accent gesture
a) earlier for accent I than for accent II
b) dialect-dependent distinctive timing for each accent
2) Pitch realisation of focus
a) as a wider range of the pitch accent gesture
b) as an extra pitch gesture after the word accent gesture
3) Pitch patterns of compounds
a) no distinction between compounds/simplex words
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b) secondary stress - relevant pitch synchronization

The distinction between accent I and accent II (in the
varieties of Swedish that have the difference) is, according to
this model, a difference in the timing of the accent gesture (in
unfocussed position), so that the pitch gesture for accent I is
earlier than for accent II independent of dialect. The timing of
the accent gesture is a relevant parameter not only for the word
accent distinction (accent I/accent II) but also for each of the
word accents in an inter-dialectal comparison. In this way, there
appears to be a distinct order of the four dialect types from early
to late timing: EAST, WEST, SOUTH, CENTRAL.

The identification of the contribution of focus to the pitch
contour as either a wider range of the word accent gesture or as
an extra pitch gesture added after the pitch gesture of the word
accent itself was a confirmation of the division into single-
peaked dialect types (SOUTH, CENTRAL) and double-peaked
types (EAST, WEST).

Yet another decision in the dialect typology is whether the
pitch patterns of compounds are distinct from those of simplex
words. Whereas there appears to be no distinction in terms of
the pitch patterns of compounds as opposed to simplex words in
WEST and SOUTH, secondary stress can be shown to be a
relevant synchronization point of pitch gestures for EAST and
CENTRAL. The secondary stress is a trigger of the focal accent
pitch rise in EAST, whereas in CENTRAL, it is a
synchronization point for the pitch fall in accent II compounds.

A possible extension of the prosodic dialect typology is to
recognize NORTH Swedish as a prosodic dialect type distinct
from EAST Swedish. These dialects are prosodically similar in
several respects, but the stress distribution in compounds is
different particularly in the far north Swedish dialects. Whereas
in most Swedish dialects, compound words are characterized by
two stresses, i.e., an early primary stress and a late secondary
stress, many compounds in far NORTH Swedish have only one
(primary) stress located in the final element of the compound.

To illustrate the importance of intonation for dialect
identity and to test our prosodic dialect typology, we have made
an attempt to simulate the different dialect types using
resynthesis of intonation. A phonetically balanced and dialect
neutral test utterance was chosen for the resynthesis: de’ e’ en
syntetisk dialekt som datatekniken fixat (It’s a synthetic dialect
that was fixed by computer technique). Variables in the
intonation model were different timings of the accent gesture
(several points on a scale early-late), simultaneous/separate
focus gesture, and same/different pitch pattern for simplex and
compound words. The following diagram shows the parameter
values that have been chosen for the simulation of six different
prosodic dialect types of Swedish.

Accent Focus Compound
SOUTH late timing simultaneous not distinct
CENTRAL v. late timing simultaneous sec. stress relev.
EAST early timing separate sec. stress relev.
WEST central timing separate not distinct
NORTH v. early timing separate final stress
FAR EASTlate timing simultaneous not distinct

(no acc I/acc II, timing of accent like in acc II)

No formal testing of the synthetic versions of the different
dialect types has been undertaken so far, but the reactions
among those exposed to the synthetic dialects show rather
unanimously that the simulation of half of the dialects is
successful whereas, for the other half, the simulation is still
prosodically incomplete. Our interpretation of this is that we
have at least a partial knowledge of the prosodic variation
among Swedish dialects, but extended research is needed for a
more complete understanding of this variation.

In the SWEDIA 2000 project, our starting point is this
intonational modelling of prosodic dialect types and later work
in the area (cf. [3,4,8]). By using new data collected in the
project we hope to be able to refine the prosodic dialect typology
for Swedish dialects. An example of a hypothesis that will be
tested on the SWEDIA 2000 database is the idea that prosody, in
particular accentuation and intonation, varies little within major
regional dialect areas, whereas other phonetic features such as
vowel quality is more variable locally within such dialect areas.

The next section briefly describes the database tools
currently available for evaluation of the above-mentioned
prosodic schemes.

3.  DATABASE TOOLS AND GRAPHIC INTERFACE
FOR A PROSODIC ANALYSIS OF THE DIALECTS

As noted, the SWEDIA 2000 database will be a searchable
database from which sound files and accompanying information,
in the form of label files, may be extracted. The database will
contain segmental as well as prosodic data. As noted, work is
presently in progress to elaborate and refine its prosodic
component. This section describes the current state of this
aspect of the database.

The following word and sentence level parameters have
been systematically varied in the prosodic part of the project’s
field recordings: word accent, focus, number of syllables in the
word, and compound vs. simplex words. In addition, there are
the following non-linguistic parameters: speakers’ age and sex,
and location of the recording, i.e., the dialect.

Using the database, digitized phrases complying with any
combination of these parameters can be extracted. A desired
parameter combination is chosen by entering the appropriate
information in a dialogue box. For example, a search may begin
by identifying one of the recording locations available in the
database. These locations are given either alphabetically or by
province in the Recording Location dialogue box illustrated in
figure 1 (in which ‘Lappland’ is the name of a Swedish
province). For example, selecting ‘Sorsele’ as the interesting
local dialect returns the Prosodic Parameter dialogue box shown
in figure 2. From that box, selecting ‘older’, ‘man’, ‘plain (i.e.,
simplex) word’, ‘2 syllables’, ‘accent type 2’ and ‘focus’
amounts to specifying the intersection between those
parameters, i.e., a phrase containing a bisyllabic accent 2 word
with focal accent as produced by an elderly gentleman of the
Sorsele dialect.

Once all the relevant selection criteria have been specified,
there are, as shown, two options available for presenting the
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results; the phrases complying with these specifications can
either be played back by the user, or they can be sent to a new
file. Thus, clicking ‘Create Sound File’ will result in a file
containing all instances of the selected phrases. The contents of

this file can then be displayed for further analysis using
accompanying broadband spectrograms or F0 plots as
exemplified in figure 3. The  accompanying label window will
serve to identify the selected utterances. Additional features will
be added to later versions of the database. For example,
transcriptions will be provided to reflect the progress made in
the phonetic and phonological analyses of the dialect material.

Figure 3. Speech waveform, broadband spectrogram, F0 contour
and label window for the sequence [τι:Υ δε:] (part of the
utterance [τι:Υ δε:µαρκ] 'ten D-Marks'). The first (brief)

segment is the fricative burst for [t], the second segment is the
remaining part of the word [τι:Υ] ‘ten’, the third (brief) segment
is the closure interval for [d], and the rightmost segment is the
syllable [de:]. The utterance was produced by a male Sorsele

speaker with focus accent on the word [τι:Υ].

Figure 1. Example of Recording Location dialogue box.

Figure 2. A Prosodic Parameter dialogue box.
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PHONETIC MOTIVATION FOR CONSONANT GEMINATION: EVIDENCE
FROM GREEK, ROMANCE, AND GERMANIC

Jeannette Marshall Denton
The University of Chicago

ABSTRACT

In the history of Greek, Romance and Germanic, certain
consonant geminations were conditioned by immediatel
following glides and/or liquids.  Despite phonological and
prosodic differences across the three languages, this common
conditioning of consonant gemination suggests that some
property of these resonants causes strengthening of preceding
consonants.  This paper reports on an acoustic analysis of the
English intervocalic and pre-resonant word-internal consonants
of three speakers and reveals that resonants and high vowels
have a lengthening effect on the VOT of stops and on
constriction durations of nasals and liquids.  These findings
demonstrate that the geminations in Greek, Proto-Romance and
Germanic may have been phonetically motivated fortitions.

1.  INTRODUCTION
Geminate consonants may arise through a number of different
common processes in the development of a given language, but
three separate geminations in the early histories of Greek,
Romance, and Germanic were all brought about in the
environment of an immediately following glide or liquid.  In
Greek, the gemination involved sonorants and /s/ before /y/ [1];
in both Proto-Romance and Germanic, consonants, except /r/,
were lengthened by immediately following /y/, /w/, /l/, and /r/
[2, 3, 4].

Murray and Vennemann [5] explained gemination in
Germanic and Italian (and Maiden [2] follows them for Italian)
by invoking the Syllable Contact Law (SCL) and the Stressed
Syllable Law (SSL).  The SCL states that syllable contacts are
more preferred the greater the rise in strength from a syllable
nucleus to a following onset, while the SSL stipulates that the
preferred Germanic stressed syllable has two morae.  Murra
and Vennemann show that the (pre-gemination) Proto-Germanic
(PGmc.) word *�sat.jan ‘to set’ violates the SCL, but a simple
resyllabification (* �sa.tjan) would not have fulfilled the
preference for bimoraic stressed syllables.  The process of
gemination, they argue, remedied this situation and resulted in
an output which satisfied both conditions: West Germanic
sat.tian.  There are words in Germanic, Romance and Greek,
however, in which either stress or syllable contacts clearly had
little bearing on the gemination process, e.g., PGmc. *����� �-
‘meadow’ (where /w/ and /j/ are traditionally assigned the same
degree of consonantal strength) > Old High German �������;

Proto-Romance *������	�� > *��������	��� ‘January’; and

Greek 
�	� �� �� > *
�	� �� > 
�	�	� �� ‘north wind’ (where
gemination occurs in syllables without primary stress) [6, 2, 1].

These forms and the similar behavior of gemination in the three
languages suggest that there is a feature common to liquids and
glides which causes lengthening or fortition of preceding
consonants.

1.1. Gemination as Fortition.
A number of acoustic studies suggest that VOT of stop
consonants may be affected in pre-resonant positions.  If the
Greek, Romance and Germanic gemination processes had been
motivated by purely phonetic factors and resulted in true
geminates, we would expect that the gemination triggers would
have increased the closure duration of preceding stops rather
than just the VOT.  In later stages of Italian and West Germanic,
however, most of the double consonants which had resulted from
these earlier gemination processes were simplified [7, 8].  In
Germanic, those which were preserved into Modern Standard
German were only voiceless stops and sonorants in certain
morphological categories, although geminates from earlier
processes were retained. This development suggests that the
double consonants which arose from the geminations in question
were not true geminates, but were, indeed, somehow different
from their simple counterparts.  The difference may have been
one of strength or fortition rather than of length.  Therefore, in
attempting discover any phonetic motivation for these changes,
it is prudent to examine the effects of following resonants on
those aspects of the consonant which might lead to a perception
of increased strength, such as consonant release and VOT, in
addition to increased duration.

1.2. Previous Studies.
In a study of word-initial stop consonants and clusters, Klatt [9]
found that VOT’s of  pre-vocalic voiceless stops were 15%
longer before a high syllable nucleus (/ i,u/) than before /��� �/.
Klatt’s findings, however, are in contrast with earlier work b
Lisker and Abramson [10], which showed that the quality of the
syllable nucleus has no effect on VOT of the preceding
consonant.  In an attempt to discover the factors at work in
these, and other, seemingly conflicting data sets, Weismer [11]
studied the VOT sensitivity of initial voiceless stops in CVC
sequences to the tense/lax distinction of following vowels.  His
analysis showed VOT’s of word-initial /p, t, k/ to be longer
when immediately followed by tense vowels than by lax, and
that, with the exception of /k/, it is tenseness rather than tongue
height which systematically influences VOT.  The voiceless
velar articulation, however, seems to be sensitive to both tongue
height and tenseness.  An aspect of Klatt’s study that Weismer
did not address in his investigation into the role of tenseness in
VOT, was the effect of following sonorant consonants on stop
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VOT’s. Klatt examined English word-initial stop-sonorant
clusters (labials and velars before /r/ and /l/, and coronals before
/r/ and /w/) and found that VOT’s of /p, t, k/ were 10-40 ms.
greater before sonorant consonants than before vowels.

Ohala [12] reported on a study of “abnormally prolonged”
voiced stops in VCV sequences spoken in isolation by a single
male speaker.  He states that “the stops coarticulated with the
high vowels [i, u] permitted voicing to continue longer than
those coarticulated with low vowels.”  Thus, the high vowel
environment seems to have an effect on voicing, which raises the
question whether glides articulated in the same vicinity as the
high vowels would exert similar influences.

1.3.  Purpose of the Experiment.
The segments most commonly affected by gemination in Greek,
Romance, and Germanic were the stops and the sonorants.
Therefore, one of the first priorities in exploring the role of
phonetic factors in these geminations is to investigate the effect
of glides and liquids, the gemination triggers, on word-internal
stops and sonorants.  A second task is to examine any variations
in closure or constriction durations, in addition to VOT, for
effects of the following segment.  Working with the hypothesis
that liquids and glides will demonstrate lengthening effects
similar to those found b Klatt, Weismer, and Ohala, a new
experiment was undertaken to test English word-internal
consonants before glides and liquids in the speech of three
subjects.  It was anticipated that if the consonant geminations at
issue had been phonetically motivated, some of the effects which
ultimately led to consonant strengthening in these languages
might be visible in this data set.

A further motivation for this study was the hope of
discovering some insight into the details of the Germanic
geminations.  In West Germanic, only voiceless stops were
regularly geminated by all four resonants /y, w, r, l/, although
only /k/ was affected by /w/.  In North Germanic, /g/ was also
strengthened by /w/, suggesting an affinity of /w/ for velar
consonants.  Thus, we might expect to see a difference in how
the resonants affect voiceless versus voiced stops or velars
versus non-velars.  Finally, the West Germanic voiced stops
were only lengthened by /y/, with the exception of /d/, which
occasionally appears doubled before /r/.  So, again, we might
hope to see some signs of lengthened durations of /d/ before /r/.

2.  METHODS
2.1. Materials.
The tokens used for acoustic analysis were nonsense words of
the shape /aC(R)V/.  The consonants were the American English
voiceless stops, voiced stops, nasals and liquids.  The stops /p, t,
k/ and /b, d, g/ occurred one time in each of seven environments
/a__a/, /a__i/, / a__u/, /a__ya/, /a__wa/, /a__la/, and /a__ra/.
The sonorants /m, n, l, r/ were followed by /-a/, /-i/, or /-ya/.
Each nonsense word was presented three times in the carrier
sentence “I said ______ too” and various distractor sentences
were added to the list, resulting in 280 total sentences, 162 of
which contained the tokens of interest.  The sentences were
blocked by category and voicing of the nonsense word
consonants, i.e., by voiceless stops, voiced stops, and sonorants.
Within each block, the sentences were randomized with the final

two sentences of each block being distractor sentences to avoid
list intonation on nonsense words in these pre-pausal positions.

Three subjects, one female and two males, were recorded at
the University of Chicago Language Laboratories and Archives.
All three subjects were native speakers of a variety of American
English most easily characterized as Midwestern.  The subjects
were instructed that all nonsense words had word initial stress
and that the syllable boundary was marked between the first
vowel and the following consonants as in �a-tra, �a-gya, �a-nya,
and so on.  Each subject was recorded in a single session in a
sound-proof room using a DAT recorder.  The tokens were
digitized at a sampling rate of 20,000 Hz using Ka Elemetrics
Computerized Speech Lab (CSL).

2.2.  Measurement.
2.2.1. Stop Consonants.  Measurements were taken from each
digitized sound file using wave form and spectrographic displays
in addition to the sound of the token.  For each token containing
a stop consonant, measurements were taken at five locations: the
beginning of the first /a/ vowel, the beginning of the stop
closure, the beginning of the burst, the beginning of voicing, and
the end of the second vowel.  The beginning of the first /a/ was
measured from the abrupt appearance of energy in the displays
following the burst of the final /d/ of “said” in the carrier phrase.
In cases in which the first /a/ of the di-syllable began without
voicing or visible formants, the cursor was placed immediatel
following the /d/ burst (or after the closure when no burst was
apparent).  The beginning of consonant closure was measured
from the first significant drop in amplitude of the preceding /a/’s
second formant.  The cursor was aligned with the left edge of
the burst, where a burst was present, and with the beginning of
frication or aspiration in those cases where no burst was
discernible.  Voicing was measured from the first voicing
striations visible in F2 and the first periodicity of the wave form.
The end of the di-syllable was measured at the significant drop
in amplitude of F2 of the final vowel.

From these landmarks were calculated duration of the first
/a/ vowel, duration of the closure, VOT, and the total duration of
the token.  VOT here, for both voiceless and voiced stops will be
defined as the period from the beginning of the consonant burst
or release to the onset of voicing.  The consonant release was
included in this measure due to the difficulty of locating the end
of the burst in the wave form and spectrographic displays.  The
high level of frication at the release of many of the stops made
this task impossible.  Any voiceless period prior to the stop
release was also not included in this measurement.

2.2.2.  Sonorants.  Tokens containing the sonorants /l, r, m, n/
were recorded and digitized as for the stop consonants.  Four
measurements were taken for each of the tokens containing an
intervocalic /l, m, n/: the beginning of the first /a/, the beginning
of consonantal constriction, the end of consonantal constriction,
and the end of the second vowel. The liquid and nasal
constrictions were measured from the beginning of the
transitions and concomitant drop in amplitude.  Additional
landmarks were also noted, such as abrupt or fricative releases
of sonorant consonants or their following glides.
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3. RESULTS
3.1. Voiceless stops.
Because true geminate or long stops are generally distinguished
by their increased closure duration when compared to simple
consonants, the first measure that was examined was the closure
durations of voiceless and voiced stops. Each of the three
speakers demonstrated a different relationship between duration
and phonological environment such that no cross-speaker
correlation between these two variables was apparent nor were
any other significant trends.

This was not the case for VOT.  There was a difference in
VOT of 10-19 ms. or 18-30% between /p, t, k/ before /a/ and the
same stops before the other environments.  This is shown in
Figure 1.  Of the three places of articulation of voiceless stops,
the labials have the shortest VOT, and of them, the pre-/a/
environment has the shortest duration at 42 ms. The coronal
stops showed the longest VOT’s, counter to what was expected
from previous studies and general belief—that velars have the
longest VOT’s, but this may have been an effect of the following
resonants and vowels.
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Figure 1. Average VOT of voiceless stops

In accordance with Klatt’s and Weismer’s studies, the
voiceless stops generally showed longer VOT’s before /i/ and /u/
than before /a/.  In comparing the effects of high vowels versus
high glides, seen in Figure 2, the lengthening effect was more
pronounced before /y/ than before /i/, while the pre-/u/
environment generally effected longer VOT’s than the
environment before /w/.  Klatt [9] found a difference of 10-40
ms. between stops in the pre-vocalic and pre-sonorant position.
A similar comparison in this study revealed differences of 5-30
ms. between pre-/a/ and pre-resonant voiceless stops.  The
smaller differences in this experiment may be explained by the
fact that all consonants measured were in medial position in di-
syllabic words with word-initial stress, whereas Klatt studied
word-initial consonants in mostly mono-syllabic words.
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Figure 2. VOT of /p, t, k/

3.2.  Voiced Stops.
As with the voiceless stops, no systematic trends were observed
for closure durations across the three speakers.  Figure 3 shows
VOT’s of voiced stops /b, d, g/ where we see the general
tendency for VOT’s to be greatest in the pre-resonant positions.
Although there were also positive differences between stops in
the pre-/a/ and pre-high vowel environments for some speakers
and at some places of articulation, this was not a general trend.
Thus, /y/ had a greater influence on VOT than /i/, and /w/ had
more lengthening power than /u/.  /y/, /w/ and /r/ effected the
largest differences—/y/ and /w/ on preceding /g/, and /r/ and /y
when they followed /d/.
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Figure 3. Average VOT of /b, d, g/

3.3.  Sonorants.
The /r/ phoneme carries a number of difficulties for this type of
study.  First, rhotic articulations can vary in so many ways from
one language to another, that studying only American English /r/
durations in order to shed light on ancient sound changes is of
questionable utility, especially given that these changes occurred
in three different language families which may have had three
completely different rhotic articulations. Secondly, in an
examination of spectrograms of nonsense words containing /r/, it
was discovered that when the /r/ was in the coda of the first

page 327 ICPhS99          San Francisco



syllable, its properties were spread across that entire syllable.
Similarly, when it was in the syllable onset, it rhotacized the
following nucleus.  Although this is an extremely interesting
finding, it makes the /r/ constriction much more difficult to
separate from the surrounding vowels as was done for the other
sonorants.  Therefore, the effect of following /y/ and syllable
boundaries on American English /r/ will be dealt with
elsewhere.

The durations for the remaining sonorants /l, m, n/ are
shown in Figure 4.  All three sonorants have similar values for
the environments before /a/ and before /i/.  Thus, unlike the
stops, the high vowel environment seems not to influence
sonorant duration—at least as far as constriction durations are
concerned.  Following /y/, however, does have an effect and
produces constriction durations that are 10-15% longer than
those before the vowels.  A particularly interesting point
observed from the spectrograms is that a number of the /l/
tokens contained edges or releases at the end of their
constriction periods.  All of these tokens were cases of /l/ before
/i/ or /y/ with five of the nine /- ly-/ tokens exhibiting a clear /l/
edge and three of the nine /- li-/ tokens doing the same.
Considering that this experiment has shown the high vowels and
resonants to have an effect on the VOT of preceding stops, it is
conceivable that following resonants and high vowels could also
influence the oral release of /l/.
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Figure 4. Sonorant Constriction Duration as Percentage of
Preceding /a/

4.  CONCLUSIONS.
The present study confirms findings from previous
investigations that syllable initial stop consonant VOT’s are
sensitive to following vowels and sonorants.  The results
presented here do not resolve the question of whether VOT is
sensitive to vowel height, as Klatt suggested, or to the tense/lax
distinction as Weismer argued.  However, this investigation has
demonstrated that certain resonants have the capability to
strengthen preceding consonants.  Specifically, when
phonological environments are recreated in American English
resembling those in which gemination occurred in three different
languages over 1500 years ago, we see durational variations in
portions of the same consonants and in the same environments
in which gemination occurred.

The strengthening effect of West Germanic resonants on
the voiceless series of stops is mirrored here by the data shown
in Figure 2, which shows all four pre-resonant positions to
condition longer VOT’s in /p/, /t/, and /k/.  In Figure 3 we also
see the influence of /y, w, r, l/ on the voiced stops, but the
greatest differences in VOT here are in those specific
environments which conditioned gemination of voiced stops in
Germanic: /b/ by following /y/, /d/ by /y/ and /r/, and /g/ by /y/
and /w/.  The resulting high VOT’s of coronals and velars in
these particular environments brings them into the upper range
of VOT’s for voiced stops.  Indeed /g/ in the environment before
/y/ has a VOT of 44 ms.  This is longer than some voiceless
stops and it is not difficult to imagine how such consonants
could have eventually been perceived as different from, perhaps
more fortis than, the voiced stops at other places of articulation
or those in non-resonant environments.

The sonorant consonants in this experiment all exhibited
increased constriction durations in the environment before /y/.
These are instances of true lengthening, as opposed to the
strengthening of consonant releases.  It may be due to such a
lengthening effect that geminate sonorant consonants were often
longer lived than geminate stops.  It is particularly interesting
that the release of /l/ also appears to be strengthened by a
following glide and, to a lesser degree, by a high front/tense
vowel.  The possible influences of resonant environment on
lateral releases and how these effects might be perceived are
intriguing topics for further research.

This investigation has demonstrated that the initial
variations in consonantal strength and duration which ultimatel
led to geminations in Greek, Romance, and Germanic, may have
had their base in the same coarticulatory effects we have seen in
Modern American English consonants.
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ACCOUNTS OF PHONEMIC SPLIT HAVE BEEN
GREATLY EXAGGERATED Ñ BUT NOT ENOUGH

Richard D. Janda
Ohio State University

ABSTRACT
Frequently, an earlier historical stage of a language where a
single phoneme has two major allophones yields to a later
stage where two phonemes have one major allophone each.
Here, schematically, a phonological system where /X/ = (has
the realization(s)) [x] and [y] is replaced by a system where /X/
= [x] and /Y/ = [y].  Treatments of such Òphonemicization/
phonologization of (former) allophonesÓ  tend to exaggerate
the importance of distributional factors and underestimate the
role of phonetic (dis)similarity, psycholinguistic aspects of
categorization, and social considerations.  Hence accounts of
phonologization require a greater focus on two different sorts
of exaggeration:  the trend for each successive generation of
younger speakers to set itself off from older ones by using
phonetically more extreme values of existing phonological
variables, and the tendency for such variants to originate, in
the first place, via the hyper- and hypo-correct processing and
(re)production of perceived speech.  

1.  INTRODUCTION
Given the current ascendancy of constraint-based, surface-ori-
ented Optimality Theory (OT, as in the work of Prince & Smo-
lensky [34]), contemporary phonologists and diachronicians
now cast a less jaundiced eye on Post-Bloomfieldian American
Structuralist accounts of phonological change, with their focus
on constraints governing the distribution of surface elements.
TwaddellÕs [37] 1938 treatment of High German umlaut is the
most famous of these; in 1957, Joos [20] treated it as nothing
less than a revolution in diachronic phonology.  Korhonen
[26] observed in 1971, however, that essentially the same ac-
count had already been proposed in Finnish by Valentin Kipar-
sky [24] in 1932!  Be that as it may, Twaddell [37] claimed that
the front-rounded phones [�(:)] and [�(:)] were not orthographi-
cally indicated in Old High German (OHG) because they were
respective allophones of /u(:)/ and /o(:)/ conditioned by /i(:)/
or /j/ in a following syllable.  When these triggers either were
reduced to schwa or disappeared, the new phonemes /�(:)/ and
/�(:)/ were created; hence Middle High German (MHG) orthog-
raphy tended to use distinct symbols for them.1  But there is a
logical problem here:  if the front-rounded phones [�(:)] and
[�(:)] were allophonically conditioned by following /i(:), j / ,
then loss of such triggers should have been accompanied by
loss of the fronting-effect which they conditioned.  This draw-
back justifies the assertion that praise for Twaddellian ac-
counts of phonemic split has been greatly exaggerated.  

Attempts to resolve the contradiction in TwaddellÕs [37]
treatment have been almost as numerous as they are unknown.
Many such accounts (especially early ones) were summarized
by Dressler [8] in 1985, Anatoly Liberman [30] in 1991, and
Fertig [10] in 1996, while explicit statements on this issue
have been made by Dressler [7] in 1972, [Bybee] Hooper [3]
and Hyman [13] in 1976, Anttila [2] in 1989, and Haiman [11]
in 1994.  The consensus of these counter-Twaddellian trends i s
that phones such as [�(:)] and [�(:)] must have become phone-
mic (for Hyman, ÒphonologizedÓ) BEFORE reduction or loss of
[i(:), j].  Since such new phonemes occur in defective distribu-
tion, they have received names like ÒmarginalÓ, Òquasi-Ó, or
ÒsecondaryÓ phonemes.  Yet these analyses provide neither
any motivation for WHY nor any mechanism for HOW certain

former allophones in complementary distribution could be-
come phonologized.  In this senseÑof giving no reason for
why the separateness of such allophones was extended to the
point where they were (re)categorized as distinct
phonemesÑthese non-distributional accounts are not
exaggerated enough.  

Yet precisely two kinds of linguistic exaggerationÑmoti-
vated in phonetic studies like those made by Ohala [32, 33] in
1989-1993 and in sociolinguistic works like LabovÕs [27, 28]
from 1972-1994Ñexplain why and how certain allophones
become phonologized while still in complementary distribu-
tion.  Crucially, there exist pairs of sounds whose individual
phonemic status is unquestioned even though their distribution
is sufficiently defective for them to be complementary:  e.g.,
English /h/ and angma, whose phonetic distance is criterial for
their distinctness.  But there is no reason why the pronuncia-
tions of two allophones of a single phoneme cannot, over
time, diverge phonetically to a point where they differ phonet-
ically as much as do /h/ and angmaÑand so undergo phonolo-
gization (reanalysis as two distinct phonemes).  This is in fact
exactly the thrust of OhalaÕs work:  sound changes grow from
the exaggeration of physiologically or acoustically motivated
phenomenaÑas in OhalaÕs ÒhypocorrectionÓ and Òhypercor-
rectionÓ.  Another reason for such exaggeration is found in the
consistent emphasis of quantitative variationists like Labov
on a second overgeneralizing practice:  the tendency for a
group of younger speakers to mark its generational status by
extending the domain of phonological patterns via generali-
zation of their effect, their set of inputs, or their environment.

Without fear of exaggeration, then, we may conclude that
phonological reanalysis can indeed occur before the loss of a
conditioning environment.  Below, I support this finding by
expanding, in turn, on each of the preceding three paragraphs.  

2.  TWADDELL AND THEN TWADDLE
Responding in 1897 to the consternation provoked when he
was reported dead while still very much alive, what Mark Twain
[pseudonym of Samuel L. Clemens (1835-1910)] wrote to the
London correspondent of the New York Journal was:  ÒThe re-
port of my death was an exaggerationÓÑoften quoted as Ò(Re-
ports or) Accounts of my death have been greatly exaggerat-
edÓ.  In the case of TwaddellÕs [37] 1938 treatment of High Ger-
man umlaut, however, exactly the opposite holds:  reports of
the viability of this account have been greatly exaggerated.  

After all, the basic assumption that the OHG [�(:), �(:)]-al-
lophones of the phonemes /�(:), �(:)/ existed ONLY in the con-
ditioning presence of a following /i(:), j/ is hardly compatible
with the claim that such front rounded allophones became pho-
nemicized afterÑand becauseÑtheir former conditioning was
LOST (since one would instead simply expect [�(:), �(:) to have
been lost, in favor of [u(:), o(:)].  But precisely this is implied
by Twaddell [37] and had explicitly been stated six years earli-
er by V. Kiparsky [24].  Discussing the parallel development
of the (presumably pre-OHG) low front vowel [�]Ñoriginally
an allophone of /a/ÑV. Kiparsky suggested that MHG Òspeak-
ers[Õ] fe[e]l[ing]... that the sound [�] was a different phoneme
from the phoneme /a/... happened after the transition of un-
stressed [i] ... to the indefinite vowel ... [schwa]Ó (p. 245; my
translation of the German version in Korhonen [26]ÑRDJ).  
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As documented in great detail by A. Liberman [30] in
1991, Òthe same fatal questionÓÑthe same Òparadox of pho-
nologization... as presented by TwaddellÕs schoolÓÑbegan to
elicit individual reactions of bewilderment and even Òabsolute
dismayÓ (pp. 126-127) during the 1950Õs, and these isolated
critical voices have been heard right up to the present.  Yet,
Òdespite all its weaknesses, TwaddellÕs model stands like a
rock in all the phonological tempests of the last half-centuryÓ,
with Ò...[s]tandard texbooks... and surveys... singl[ing]... out
the ÔAmericanÕ explanation of umlaut as the greatest achieve-
ment of phonologyÓ (p. 127).  Cf. JoosÕs [20] view in 1957:
ÒNowadays we expect every discussion in historical phonolo-
gy to be in harmony with Ôphonemic theoryÕ... and... [its]
principal role..., but... [TwaddellÕs] paper [37] was a startling
novelty when... publishedÑexcept for those who... saw that
this was plainly the right way to do things...[.  Though a]
large fraction of... linguistic[s]... has its origin in Germanic
philology, ...[t]his paper begins to repay the debtÓ (p. 87).  

Essentially disguising the conceptual problems of Twad-
dellÕs [37] approach with a convenient term, Hoenigswald [12]
in 1960 gave the name Òsecondary splitÓ to Òthe situation in
which a change elsewhere in the system ... turn[s] the allo-
phones of one phoneme into distinct phonemes...[.  B]riefly,
allophones become phonemes when part or all of their deter-
mining environments fall together without at the same time
canceling the phonetic difference between the allophones in
questionÓ (pp. 93-94).  Here, the brute-force inclusion of
Òwithout at the same time canceling the phonetic differenceÓ
directly reflects the insoluble difficulty of any approach which
denies that phonemicization occurs prior to the loss of the for-
mer conditioning environment.  I.e., since the relevant
upgrading of allophones cannot really follow the environmen-
tal neutralization in question, the only remaining possibility
is to posit two absolutely simultaneous but independent chan-
ges:  phonemic split, and loss of one or more conditioning
factors.  But, in the latter case, there is no apparent reason why
phonemicization should suddenly sunder the phonemic unity
constituted by a state of complementary distribution, or why
such a split should accompany environmental neutralization.  

That serious, inherent flaws of this sort should have es-
caped TwaddellÕs [37] notice is understandable:  he was react-
ing to the atomistic methods of many Neogrammarians.  But
the twaddle involved in purveying exactly the same views to
students almost sixty years later is hard to comprehend.  Cf.,
e.g., Trask [36], writing in 1996 on the Òdevelopment... called
loss of the conditioning environment[:]  the... [segment] that
had formerly conditioned... [one] allophone ... was lost, and
hence the distribution ... was no longer predictable; thus...[,]
the former phoneme split in... two...[Ñ]one phoneme simply
divide[d]... into two phonemesÓ (p. 78; original emphasis).
Still, the fact that this view remains common cannot be held
against the surprisingly numerous scholars who have discussed
its problems at length and suggested alternatives, even though
their arguments have had little resonance in the literature.  

3.  SO PHONOLOGIZATION IS EARLYÑBUT WHY?
Just as V. Kiparsky [24] anticipated by six years TwaddellÕs
[37] phonologization-via-environment-loss account of OHG/
MHG umlaut, so A. Liberman [30] has observed (p. 126) that,
as early as 1931, ÒJakobson [16] realized the intrinsic weak-
nessÓ of the Òmodel that we associate with TwaddellÓ and Ònev-
er commented on ... [the] articleÓ.  Liberman also lists numer-
ous articles (in Russian) by Soviet scholars of the 50Õs and
60Õs who emphasized the internal contradictions involved in
assuming phonemicization at (or after) the exact moment of
environmental neutralization and therefore came to the only
reasonable remaining conclusion.  This is, namely, that pho-
nemicization/phonologization must precede the loss of a for-
mer conditioning environment, and that morphosemantic,

morpholexical factors are likely to play a crucial role thereby.
Likewise, Fertig [10] at some length and Janda [17] in passing
(p. 197; cf. also pp. 216-217n.10) observe that a number of
American and European scholars reached exactly this conclu-
sion regarding OHG/MHG umlaut in the 60Õs and 70ÕsÑand
that the perspective of these writers has simply been ignored.  

As might be expected from the ability of historically-
minded generative phonologists to use long derivations to
maintain underlying forms from much earlier eras despite the
phonetic vicissitudes which have altered their surface forms,
most pre-OT generativists adopted basically an updated Twad-
dellian view.  Thus, concerning OHG/MHG, P. Kiparsky [22]
wrote in 1971 that Ò...[t]he elimination of the conditioning i
and j turned the umlaut rule opaque...[; a]t some point AFTER
this took place, umlaut STARTED to be reanalyzed as a mor-
phologically conditioned processÓ (p. 634; emphasis added).
In the face of this view (essentially the party line), little or no
headway was made by the divergent claims of Dressler [7, 8],
[Bybee] Hooper [3], and Hyman [13] in the 70Õs and 80Õs, or
by Haiman [11] in the 90Õs.  Rather, their phonologization-
before-environment-loss approach, with its phonemes in com-
plementary distribution, later elicited from P. Kiparsky [23]
the reaction (p. 657) that, e.g., ÒKorhonen[Õs] (1969, pp. 333-
335) suggest[ed] quasi-phonemesÓ [25] are Òperceptually im-
plausibleÓ, and so to be dispreferred to an (analogical) Òprim-
ing effect ...[whereby r]edundant features are likely to be pho-
nologized if... [a] languageÕs phonological representations
have a class node to host themÓ (original emphasis).  

Yet precisely the case of OHG/MHG umlaut shows that P.
KiparskyÕs proposal is untenable, since there certainly is no
motivation, in an underspecification analysis, for assigning
vowels a [round] feature or a Labial node, and appealing to the
presence of a general V[owel]-Place node wildly overpredicts
what sort of vocalic changes are possible and so should have
been observed in the course of over a millennium.  Still, P.
KiparskyÕs [23] paper is useful in revealing what it is that
makes both diachronic and synchronic phonologists reject (or
at least ignore) with such vehemence the numerous and repeat-
ed claims that have been made for phonemes in complementary
distribution:  their proponents Òdo not spell out the conditions
under which allophones acquire this putative quasi-distinctive
status...Ó (p. 657).  This trait suffices to give marginal/quasi-
/secondary phonemes the status of PandoraÕs box:  if some ap-
parent phonemes with multiple allophones are really disguised
sets of phonemes in complementary distributions, where and
how can one draw the line and say that not all allophones are
actually distinct phonemes?  

Actually, a principled answer to this question has been
given at least twice (in roughly the same form), but it unfortu-
nately has suffered from insufficient explicitness, in the case
of EbelingÕs [9] 1960 version (pp. 136-139), and from having
been undercut by a conjoined contradictory proposal, in the
case of the 1976 avatar diffidently discussed (pp. 86-91) by
[Bybee] Hooper [3].  The crucial element here involves PHO-
NETIC SIMILARITY VS. DISSIMILARITY (DIFFERENCE)Ñi.e.,
PHONETIC DISTANCEÑbetween sounds which begin as co-al-
lophones (all belonging to the same phoneme) and end as dis-
tinct phonemes.  [Bybee] Hooper (p. 90) cautiously raised the
possibility that the Òdifference between ... [two sounds might
be] too great phonetically for them to be considered mere vari-
ants of one another, and that they will be interpreted as sepa-
rate entities...[;] there may be substantive constraints on what
may be a natural alternation...[,] and ... alternations that pro-
gress beyond the natural limit may lead to restructuringÓ.  (Cf.
also ComrieÕs [4] 1979 study of morphophonemic exceptions
and phonetic distance.)  

Lamentably, though, [Bybee] Hooper [3] prefaced these
remarks with a discussion (p. 90) which falls into the very
contradiction plaguing Twaddellians:  Òas... [a nasal] conso-
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nant weakens, ... language learners will ... confront... a nasa-
lized vowel followed by a consonant so weakened that the
[vowelÕs] nasality will not be considered redundant, ...but rath-
er ... a nonpredictable feature...Ó.  But, once again, it seems
that such vocalic nasality would have been attenuated along
with its conditioning nasal consonantÑunless the vowel in
question had already been reanalyzed as distinctively nasal.
There thus indeed remains a need for a solid foundation that can
anchor attempts to invoke phonetic distance as a force in pho-
nemicization.  Nor does [Bybee] Hooper (or Ebeling [9]) cite
existing sociolinguistic research which provides a mechanism
to yield increases in phonetic distance between allophones.  

4.  PHONETICS, PSYCHES, & SOCIAL FACTORS
4.1.  Phonetic Distance & Phoneme-as-Category
Yet the wherewithal for rendering (more) plausible the propo-
sition that former co-allophones may end up as distinct pho-
nemes even while they are still in complementary distribution
Ñand for reasons having to do with phonetic distanceÑhas
long been at hand.  After all, it is a commonplace of introduc-
tory phonology-courses that, because of their great phonetic
dissimilarity, English /h/ and angma must be reckoned as dis-
tinct phonemes, even though their defective distributions are
in fact complementary.  But we can then ask if any known
principle of phonological change would prevent two sounds
which originally were allophones of the same phoneme from
eventually becoming as phonetically distant as /h/ and angma.
In fact, no such principle exist, and so there is nothing to rule
out long- or even short-term developments whereby former co-
allophones ultimately come to be so phonetically dissimilar
that they are recategorized as realizing two separate phonemes.  

The crucial element here is indeed (re)categorization.  For
all the current emphasis on cognitive science in contemporary
linguistics, it is difficult to resist the conclusion that the dom-
inant strain of generative phonology, despite its mentalist or-
igins and orientation, continues to shlep along essentially an
anti-mentalist post-Bloomfieldian structuralist notion of the
phoneme as primarily a distributional category.  And the
AchillesÕ heel of this category is phonetic (dis)similarity.  In
no other (sub)discipline would any self-respecting researcher
seriously employ the default assumption that any two entities
occuring in complementary distribution are members of the
same cognitive category unless they are too dissimilar from
each other.  Instead, a perspective with something like exactly
the opposite orientation makes a lot more sense:  that entities
are unlikely to be members of the same category unless they
are extremely similar (preferably along several, but at least
along one or more, dimensions), and then only if they occur in
complementary distribution.  In that case, a phonologist
would always bear the main burden of proving that any two pu-
tative co-allophones in fact possess sufficient phonetic simi-
larity to be categorized as instantiating the same phoneme.  

Of course, what would help most to resolve this line of de-
bate is psycholinguistic data regarding categorization in and
of itself.  In fact, some such evidence exists, and it tends to fal-
sify the expectations of synchronic and diachronic phonemi-
cists.  E.g., in 1961, Moulton [31] wrote (here in my transla-
tionÑRDJ) that Òthe normal speaker is simply not aware of
the allophones of his/her native languageÓÑa claim which he
adduced as an explanation for the alleged fact that, Òin a normal
orthography (i.e., apart from scholarly phonetic transcrip-
tions, etc.) allophones of the same phoneme are NEVER, EVER
distinguished in writingÓ (original emphasis).  To begin with,
the last claim here is simplify false, as shown in 1976 by
VoylesÕ [38] discussion (pp. 21-22) of five allophonic distinc-
tions reflected in some of the very OHG texts discussed by
Moulton.  More crucially, though, relatively recent psycholin-
guistic research by Derwing, Nearey, & Dow [5], reported on in
1986, shows (p. 53; original emphasis) that Òsome sub-pho-

nemic differences can be perceived by phonetically untrained
monolingual speakersÓ, and Òa more powerful experimental de-
sign aimed at more specific questions might well show that . . .
other distinctions are also perceptible, at least to some speak-
ersÓ, their data already exhibiting Òa range of variation which
is highly suggestive in this regardÓ.  

Hence Derwing et al. [5] argue (pp. 53-54) that, Ò...[t]a-
ken together with... JaegerÕs [1980] study [14], ... this grada-
tion in fact suggests... that it is perhaps quite incorrect to re-
gard the phoneme as the sharply defined kind of category that
one finds in classical set theoryÓ.  Rather, it is Òsomething
more akin to a Ônatural categoryÕ (in the [1973] sense of Rosch
... [35]), i.e. one that is best represented by a particular proto-
type exemplar, with other members tailing off gradually...[;]
see Jaeger & Ohala...Ó [15] (who wrote in 1984).  Indeed, I
would argue that, given the way in which, from an original uni-
ty, allophones develop from one another, differentiate, di-
verge, and may eventually come to be reinterpreted as members
of distinct mental entities, phonemes are radial categories in
the 1987 sense of Lakoff [29].  Such developments in fact
show close parallels with the 1996 treatment of diminutive se-
mantics by Jurafsky [21], who documents the various sorts of
extensions and transfers through which a word for ÔchildÕ can
acquireÑor shift toÑa disparate set of meanings like ÔsmallÕ,
ÔpetÕ, ÔimitationÕ, ÔpartitiveÕ, ÔaffectionÕ, ÔexactnessÕ, Ôcon-
temptÕ, and/or ÔhedgingÕ (cf., e.g., p. 542).  This is the direct
counterpart of the disparate expansions by which the elements
and generalizations of phonology can become ÒunnaturalÓ (as
in AndersonÕs [1] 1981 study of such phenomena).  

In the case of allophones, the issue of origins has already
been addressed often and at length by Ohala [32, 33] and many
others.  It bears repeating, however, that OhalaÕs findings
have increasingly focused on exaggerated reactions to percepts
by listeners, rather than articulatory machinations by speak-
ers.  Thus (simplifying drastically), ÒhypercorrectionÓ exag-
gerates the undoing of conditioned allophonic effects, while
ÒhypocorrectionÓ allows excessive acceptance of allophonic
divergence as a prototypical phonemic target.  Hence Òthis ac-
count of sound change is entirely non-teleological...[;]
sounds... [do not] change in order to be easier to pronounce, to
be easier to hear... [or] learn, or to ... create any significant
improvement or defect in language....  The only teleology . . .
need[ed]... is that listeners do their best to imitate the pronun-
ciations they hear (or think they hear) in othersÕ speech and
thus adhere to the pronunciation norm ([32], p. 191).  Yet this
last statement requires minor rephrasing in order to accomo-
date the final sort of exaggeration to be discussed here:  the
fact that, while speakers always seem to orient their speech to-
ward othersÕ pronunciation, based on what they perceive, there
are circumstances in which their articulatory intent is to exceed
the production of their models, in order to mark themselves so-
cially through speech.  It is this mechanism which gives the
differentiation of allophones a persistence and a direction that
can ultimately eventuate in phonologization.  

4.2.  Phonetic Distance via Generational Change
In his 1972 summary of the results from his earlier fieldwork
on MarthaÕs Vineyard, Labov [27] reported (p. 167) that
successive generations of Vineyarders showed increasingly
greater indexes of centralization for the diphthongal variables
(ay) and (aw), as in knife and houseÑfindings corroborated by
instrumental records as well as impressionistic transcriptions.
Generalizing from these and similar data, Labov characterized
(p. 178) the 3rd stage in the mechanism of sound change as in-
volving Òhypercorrection from below[ the level ofÑexplicit
Ñsocial awareness]Ó (on hypercorrection in general, cf. the
1992 study by Janda & Auger [19]).  ÒSuccessive generations
of speakers within the same subgroup [as the speakers origi-
nating the change], responding to the same social pressures,
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carr[y]... the linguistic variable further along..., beyond the
model set by their parents...[, so that] the variable is now
defined as a function of group membership and age levelÓ.  

The 7th and 8th stages of such Ò[sound-]change from be-
lowÓ also involve exaggerations.  ÒThe movement of the lin-
guistic variable within the linguistic system always le[a]d[s]
to readjustments... of other elements....  The[se] structural re-
adjustments le[a]d to further... changes ... associated with the
original change.  However, other subgroups which enter... the
speech community in the interim adopt... the older ... change
as a ... norm... and treat... the newer... change as stage 1.  This
recycling... appears to be the primary source for the continual
origination of new changes.  In the following development,
the second ... change may be carried beyond the level of the
first changeÓ ([27], p. 179; LabovÕs 1972 emphasis).  

Similarly, in the 1998 view of Downes [6] (pp. 237-240),
the reason why sound-changes tend to be generalized to new
contextsÑand extended in their effectsÑis that this consti-
tutes the only way for younger speakers in a social group both
to show their solidarity with older members (by sharing partic-
ipation in the change via the use of common innovative
forms) and yet also to set themselves apart (by extending the
use of a variant to unique new contexts or degrees where it i s
not in fact phonetically motivated).  This mechanism is per-
sistent, directional, and incremental (apparently ÒcontinuousÓ,
or at least gradual), and so it remains synchronically relevant
for every speaker and generation that maintains a given phe-
nomenon as an active sociolinguistic variableÑthereby obvi-
ating the need for any ill-defined notion of trans-generational
inertia to push matters along over time.  In fact, LabovÕs [28]
1994 conclusion (p. 84) is that such Ò[g]enerational change i s
the normal type of linguistic change...Ñmost typical of sound
change and morphological changeÓ (cf. also the forthcoming
discussion by Janda [18]).  

When such quantitative documentation of socially moti-
vated exaggeration is combined with psychophonetic research
on the origins of phonological change in another kind of
exaggeration, and viewed in the light of existing psycholin-
guistic studies of categorization (especially of phonemes vs.
allophones), the solidity of the conclusion that phonemiciza-
tion/phonologization of an allophone can precede loss of its
conditioning environment can hardly be exaggerated.  

NOTES
1. Purely for ease of exposition, I here omit most discussion of the High
German unrounded-vowel changes of short /a/ usually to [e] (so-called
Òprimary umlautÓ; cf. the recent discussion by Janda in [17], pp. 173-
174) but sometimes to [¾] (Òsecondary umlautÓ), and of long /a:/ to [¾:].  
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ABSTRACT 

The Dispersion-Focalization Theory (DFT) is a predictive model 
of vowel systems based on the minimization of two combined 
costs, one aiming at increasing auditory distances between vowel 
spectra (“dispersion”), the other aiming at increasing the 
perceptual salience of each spectrum through formant proximities 
(“focalization”). This model is controlled by two parameters: 
A, the weight of F, with regards to the group of higher formants 
F, F, F, and a the weight of focalization (encouraging “focal 
vowels”) with regards to dispersion. For a given number of 
vowels we can predict in the (A, ol)space what should be the 
preferred system, together with other sub-optimal ones. This is 
achieved thanks to the so-called “phase space”, a well-known 
procedure in thermodynamics used to predict the state of a given 
substance as a function of pressure and temperature. The present 
work consists in determining how many phonological vowel 
systems within the 451 UPSID languages agree with different 
possible structures predicted by the DFT. We present a complete 
typology of systems with 3 to 7 vowel qualities in the light of the 
DFT, we introduce a new variant inspired from physics - that is, 
polymorphism within a given phase, leading to define 
superstructures in vowel systems - and we show that the phase 
space methodology allows to predict a great part of the observed 
systems. This enables to better specify the A value: a value 
around 0.2 seems more or less compatible with about 85% of the 
3-to-7 vowels systems considered in the UPSID basis. 

1. THE DISPERSION-FOCALIZATION THEORY 

1.1. General principles 
Since the beginning of the 70s several proposals have been done 
to predict the phonological structure of vowel systems with MM- 
phonological principles, be they listener-oriented (perceptual 
contrast and stability) or speaker-oriented (articulatory contrast 
and economy). The so-called “sufficient perceptual contrast” 
theory [l] provides the best global fit with phonological data. 
However, to overcome its two main problems (that is, the 
excessive number of high non-peripheral vowels in the model 
predictions and the impossibility to predict the [i y u] series 
within the high vowel set), we proposed at ICP the Dispersion- 
Focalization Theory (DFT) [2]. The DFT allows to predict 
vowel systems thanks to a competition between two perceptual 
costs: for a given number of vowels, the most frequent system in 
the world languages is supposed to be obtained by minimizing a 
global criterion combining a structural dispersion cost and a local 
focalization cost. 

2. Implementation 
Each vowel is characterized by the formants of its spectrum, that 
is Fi, F2, F, and Fq, expressed in a perceptual Bark scale. The 
(F2, F,, F4) set allows to compute an integrated “effective 
perceptual formant” F’,. The dispersion cost involves auditory 
distances between vowel spectra, computed through an Euclidean 
distance in the (F,, F12) space, and favours large inter-vowel 
distances. The focalization cost involves distances between 
consecutive formants within each vowel spectrum, and favours 
focal vowels, that is vowels with closed F, and F,, F2 and F, or F, 
and Fd. The model is controlled by two parameters, that is A 
specifying the weight of F’, in respect to Fi in the dispersion cost, 
and a specifying the respective weight of the focalization cost 
relative to the dispersion cost. 

1.3. Phase spaces - . 
For a given number of vowels, from 3 to 9 (beyond this limit, 
vowel systems introduce a new dimension, mainly nasality and 
less often quantity, [3]), we can predict, in the DFT frame, the 
different vowel systems in the (A, @space. This leads to the 
determination of what we call “the phase space”, a well-known 
procedure in thermodynamics used to predict the states of a 
substance (for example the states of water: steam, liquid and ice), 
as a function of pressure and temperature. The general trend is 
that, for a given number of vowels in a system, decreasing A 
favours peripheral systems while increasing it favours systems 
with one and then two high non-peripheral vowels; and 
increasing a favours focal vowels, and particularly stabilizes [y] 
within an [i y u] high series, while this series is unstable when a 
is set to 0. 

Previous work allowed us to verify that these predictions 
were more or less compatible with the observed preferred 
phonological vowel systems in the “UPSID 317” database [4]. 

Considering that peripheral systems are generally preferred 
from 3 to 7 vowels and that the [i y u] series of high vowels 
exists in a significant amount of cases in the basis (about 5% of 
the cases in the whole basis, and 13% of the cases for systems 
with 7 vowels or more), we showed that setting the il value 
around 0.2-0.3 and the a value around 0.3-0.4 led to quite 
acceptable predictions [2]. In the present work, we try to go one 
step further: we shall attempt to determine where in the phase 
spaces one can find the different systems, preferred or not, 
existing in UPSID 451, and what kinds of “superstructures” can 
be derived from this analysis. 
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2. STRUCTURAL SYMMETRIES BETWEEN 
VOWEL SYSTEMS: 

A TYPOLOGICAL EQUIVALENCE CRITERION 

2.1. Prototypical structures in phase spaces 
Our previous simulations lead to determine “prototypical 
systems”. These are winning n-vowels systems in the DFT 
framework, in the sense that they have the minimal global 
Dispersion-Focalization (DF) energy, according to the values of 
the two free parameters ;1 and a. 

We have focused our study on values of n from 3 to 7 
because they allow to capture the most significant phonological 
tendencies of the UPSID basis. The DFT simulation results are 
given in Figures l-5, respectively for n = 3, 4, 5, 6 and 7. For 
each value of n, the phase space determines regions in the (a, CY) 
space in which a given system wins (with its vowel qualities 
displayed as black points on a prototypical grid). We see that 
there are two prototypical systems for n = 3, which we called 
S,T, and SST,. There are four prototypical systems for n = 4, 5, 6, 
and five prototypical systems for n = 7; let us call them S,Ti , 
with n from 3 to 7, and i from 1 to 5. The global trend is that 
increasing n increases the dispersion cost of peripheral systems, 
hence it decreases the a boundary necessary for making these 
systems optimal. Hence peripheral systems are favoured with 
small values of a. When il is too small, the vowel space is 
completely vertically stretched (since higher formants play a 
minimal part in the determination of vowel phonetic quality); this 
favours asymmetrical peripheral configurations because of the 
interactions between front and back peripheral vowels in the 
systems. Non-peripheral configurations, that is systems with 
more than two high vowels, appear with large il values, and when 
a increases, focal vowels (specially [i] with close F, and F,, other 
front unrounded vowels together with [y], all with close F, and 
F,, and back rounded vowels, with close F, and FZ) are favoured. 
Decreasing a leads to replace the high rounded vowel [y] by a 
high vowel acoustically more central (namely [i] or [vu]). 

2.2. Reverse prototypical structures 
We settle the hypothesis that two structures having the same 
number of peripheral vowels but systematically replacing front 
unrounded vowels by back rounded ones with the same height, 
and vice-versa, are equivalent structures in the sense of DFT, that 
is to say that they have roughly the same DF energy for a given 
value of n and of the (a, a> pair. This was systematically verified, 
by comparing the energy of the S,Ti prototypical systems, with 
reverse systems that we called S,Ti* ; for example, for n = 4 we 
compared S,T, = [i o E a] with S4T1* = [i e 3 a], and 
SAT, = [i ‘e’ a u] with S4T2* = [i ‘0’ a u],SqT3 = [i y u a] and 
S,T, = [i i u a] having no reverse counterpart. Indeed, we verified 
that SnTi” structures have a DF energy quite close to the S,Ti 
ones whatever the region of the phase space, that is to say 
whatever the aand a values. Pushing the analogy with physics 
one step further, this reminds us of the “polymorphism” of a 
number of solids (e.g. metals, or crystals). In this situation, while 
fusion produces an homogeneous liquid phase, solidification 
leads to mixtures of two or more variants of the solid phase, all 
stable and more or less with the same energy. This is exactly 
what happens here with the two variants within a given phase. 
Hence in the following we consider in the typologies of the phase 
spaces “superstructures” grouping prototypical structures and 
reverse ones (displayed with white points instead of black ones in 
Figures l-5). The relevance of these superstructures for 

describing the UPSID basis will now be discussed in the next 
section. 

3. COMPARING UPSID DATA WITH DFT 
SIMULATIONS 

3.1. UPSID data reanalyzed 
The UPSID basis gathers phonological systems of 451 languages 
in the world, sampling more or less uniformly all linguistic 
families [5]. The languages in UPSID have 3 to 28 vowels. In 
order to test our hypothesis, we have reanalyzed the UPSID basis 
of vowel systems, thanks to a two-steps methodology. 

First, from raw data, that is to say without any typological 
equivalencies, we obtain 252 types of phonological structures 
from 3 to 17 vowel qualities. What we call vowel qualities 
corresponds to “basic segments” (vs. “elaborated” and “complex” 
segments) in the sense of [6]. We note that more than 96% of the 
languages have from 3 to 10 basic vowel qualities, and if we 
focus our study on systems with 3 to 7 qualities, we obtain 77% 
of the 451 languages (348 systems). This is due to the fact that 
there are in many cases more vowels than vowel qualities in a 
given system; for instance / i e a o u / is the phonological 
structure of four UPSID languages of which three have more than 
5 vowels: Chipewyan with 14 vowels /i e a o u i: a: u: i” 8 ii 31: 8: 
a:/, Siriono (12) /i Z e e a ZX o d u ii i’ 1”?, Tamang (10) 
/ i e a o u .i e a Q  u/. In the case of systems with nasal, laryngeal, 
pharyngeal or retroflexed vowels sharing no vowel qualities with 
a basic segment as in Chipewyan, we have decided to discard 
them for follow-up analyzes. This results in removing less than 
3% of UPSID languages and 3.4% of languages having from 3 to 
7 vowels from our next analyzes, that is seven languages with 6 
vowels qualities, and five languages with 7 qualities: for instance 
the Cherokee system / i ‘e’ ‘a”’ a ‘0’ u/ or the Tarascan system 
/ i i E a o u/. At this stage we keep 336 systems of the basis. 

Second, we take into account the so-called “transparency 
rule” [7]. This rule states that schwa should be conceived as a 
separate class, considering that it does not seem to interfere with 
the other vowels in a system: indeed, schwa added or removed 
from a system does not disrupt the structural organisation of this 
system. The “transparency rule” concerns 64 languages from 4 to 
8 vowel qualities. For instance we have classed the Ivatan 
structure k ‘a’a u/ as S3T2, Achumawi /i ‘e’ ‘a’ a ‘0’ u/ as S,T,, 
Ndut / ieEaaDu/ as &T,, Fur /i e E ‘3’ a 3 o u/ as ST,. The 
“transparency rule” results in slightly increasing the number of 
systems in the analysis, thanks to six &vowels systems which 
become 7-vowels ones. Hence at this last stage we stay with 342 
systems (75.8% of the basis). 

3.2. Distribution of UPSID data within phase 
spaces 
We now have at our disposal both a series of predictions, 
organized around the typology S,Ti/ S,Ti* defined in Section 2, 
and an inventory of 342 systems (the three-fourth of UPSID 451) 
with 3 to 7 vowel quantities, defined in Section 3.1. The final 
goal of this work was to try to associate to most of these 342 
systems a region in the phase space where they would be optimal 
(i.e. viable in the sense of the DFT). This is what is displayed in 
Figures l-5, where we have plotted within each region of the 
phase spaces the number of systems fitting with the 
corresponding structure. Let us now discuss the obtained results 
in more detail. 
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First, it appears that 303 of the 342 3-to-7 vowels systems 
(88.6%, or 672% of the whole UPSID 451 basis) fit with one of 
the S,Ti or S,T,* types. The 39 rejected systems (fitting with no 
prototypical or reverse type) correspond to one system in S3, 5 in 
Sq, 9 in S5, 10 in Sg, 14 in S,; hence their number increases with 
n, which is logical since the complexity of the distribution of 
vowel qualities increases. 

Second, the most widespread types in Fig.l-5 are those 
corresponding to S,T, (and sometimes toS,T,*). This provides a 
first confirmation on UPSID 451 of our results on UPSID 317 
[l], that is that the (a, @region defined by 0.2 L 3L I 0.3 and 
0 < a I 0.4 is compatible with preferred 3-to-7 vowels systems in 
UPSID. 

But the data in Fig. l-5 provide some new confirmation of 
this result. Indeed, it appears that systems corresponding to types 
associated to large R or a values are quite few. On the contrary, 
most systems on Fig. l-5 are located at low ;i. values. Indeed, 
apart from the “best” S,T, structures, other structures generally 
occupy quite close regions (mostly of types S,T, or S,Ti* ) and if 
we define a broad acceptable region such as 0.1 I 3L I 0.3 and 
0 < a < 0.4, we obtain a total of 293 systems, that is 85.6% of the - - 
342 systems of our inventory, which is quite important. 
Altogether, this confirms with a strong reliability the need of 
“stretching” the acoustic space along the F, dimension in 
auditory spectral distances, which indicates the dominant role 
played by the lower formant F, in the vowel phonetic quality. 

The next observation deals with the symmetry between front 
and back peripheral vowels. Globally, the data in Fig. l-5 
confirm the well-known fact that vowel systems “prefer” both 
peripheral vowels and front-back symmetry. In the 
dissymmetrical cases, when the numbers of front and back 
vowels are different, the (classical) trend is that there are more 
front than back ones: for example, 9 S,T, [i o E a] vs. 0 S,T 1 * 
[ue3a] structures, 8 S4T, [iu ‘e’a] vs. 4 S4T2* [ iu’o’a] 
structures, 14 S,T, [i u e ‘o’ca] vs. 10 S6T1* [i u o ‘e’3 a] 
structures. When the number of front and back vowels are the 
same, the (less classical) trend is that front vowels have often a 
more open degree than back ones: though this is not true for 3- 
vowels systems (2 S3T, [ i ‘0’ a] vs. 0 SsT,* [ o ‘e’ a ] structures), 
it is clearly the case for 5-vowels systems (4 S,T, vs. 16 SsT1*) 
and for 7-vowels systems (0 S7T1 vs. 2 S7T1*) 

In what concerns focalization, its role is more important for 
stabilizing the vowel structures of larger systems, particularly 
those containing [y]: this vowel appears in only 2% of the UPSID 
languages from 3 to 7 vowel qualities, but almost 7% of all the 
UPSID languages; notice that more than half of them are Indo- 
European and Uralo-Altaic languages [S]. In our simulations, /y/ 
is only present in the S,T, [ i y u ’ o’ E a] structure (3 examplars, 
that is only 1% of our restricted basis). 

4. CONCLUSION 

This study allowed us to go one step further in our program of 
experimental validation of the Dispersion-Focalization Theory. 
To begin with, we obtained a series of results on UPSID 451 
which globally confirm previous simulations on UPSID 3 17, 
which is of course not unexpected, but still satisfying. But more 
importantly, we have proposed here an additional ingredient in 
our modell ing phase-space framework, with the notion of 
polymorphism of a given phase, or superstructures in 
phonological organisations. Thanks to this new ingredient, we 
were able to obtain two new and important results. First, almost 

90% of the 342 3-to-7 vowel systems kept in our restricted 
inventory could be located on the phase spaces in Fig. l-5. 
Second, more than 85% of these systems correspond to il values 
around 0.2, which suggests that this value is indeed a crucial 
feature in the determination of vowel quality, and which provides 
overall a strong argument in favour of the DFI’. 
A next step should consist in adding 8- and 9-vowels systems to 
the present analysis. Indeed, our analysis of raw UPSID 451 data 
demonstrate that more than 9 languages over 10 (91.5%) in the 
basis contain 3 to 9 vowel qualities. The difficulty however is 
that phase spaces become increasingly complex with such a large 
number of vowels. 
But whatever the feasibility of this next step, we believe that the 
present study provides a new illustration of the convincing ability 
of substance-based theories, from Stevens’ quantal theory and 
Lindblom’s Dispersion Theory to ICP Dispersion-Focalization 
Theory, to produce realistic predictions and useful typologies, at 
least for vowel systems. 
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ABSTRACT 

This paper departs from the assumption that phonemic sounds 
also exist as independent mental entities, that is, independently of 
their pronunciation, acoustic, syntagmatic, linguistic and 
functional, prosodic, pragmatic, indexical or any other 
actualization. Their existence may be established and some of 
their characteristics revealed by their interactive assessment. The 
method employed in this study was the Galileo procedure of 
J. Woelfel and E. L. Fink. A group of 160 students studying 
phonetics and speech pathology at Zagreb University 
introspectively evaluated distances of 30 Croatian phonemic 
sounds arranged in pairs, each pair with each other and with ego 
(me), which means that 465 pairs were evaluated, that is 
(30+1)(31-1)/2. The results are partially as expected, however 
there are some which are rather unexpected and are not easy to 
interpret. We assume that it is because a new approach was 
employed and consequently a new aspect of sound reality 
emerged. 

1. INTRODUCTION 
The sounds to be contemplated and investigated in this study will 
be only the phonemes of the Croatian language, out of any 
context and abstracted from any substance except their own 
mental image referred to by letter representations. Isolated in 
such a way they may be described as their co-relation which was 
exactly done by applying the Woelfel and Fink procedure [lo]. 
These co-relationships may be assessed only by subjects which is 
inevitable and the only correct way. Such introspective 
assessment of sound images, to the best of our knowledge, has 
not been done so far and studies of a similar type are in any case 
very scarce [5, 9, 2, 3, 1, 81. It is probably the result of a wrong 
view that mental necessarily implies phonemic, and phonemes 
are, as it is well known, nonparametric entities. Sounds, as 
measurable speech units, have not been studied as deep as their 
mental level. The other reason may be that such type of study 
does not provide any other information apart from the studied 
one. 

2.1. Introduction 
2. METHODS 

The Woelfel and Fink’s Galileo procedure [lo] is characterized 
by specific measurement, specific computation and specific 
display of results (Figures l-5). The starting point is that each 
image is perceived from the ego (me) stand point as located at 
one point in the mental space where all the other images are 
located and which is shaped by all the other images from the 
same group. The measurement is limited to the introspective 
assessment of distances between the respective pairs. The 
procedure does not restrict the number of categories to be used in 
the assessment, as is the case in, for example, semantic 

differential procedure where the number of categories is 
restricted to 5 or 7, and the given measure can measure any 
number of units. 

2.2. Procedure 
A group of 160 students studying phonetics and speech 
pathology at Zagreb University assessed introspectively the 
distances between all of the pairs of phonemic sounds of all 30 
Croatian language sounds and also each sound with ego (me), 
thus making 465 pairs to be assessed, that is (30+1)(3 l-1)/2. 
There were altogether 74,400 (465.160) distances assessed. The 
measure was established in the way that it was said before the 
experiment started and repeatedly said during the experiment, 
that the distance between [b] and [s] was 100 units. For the sake 
of comparison two more experiments were carried out by 
employing the same procedure - the assessment of interdistances 
of 12 auxiliaries and the assessment of 12 semantic words. 
Before the data processing 5% of the lowest and 5% of the 
highest assessments were discarded in order to exclude any 
atypical conduct of subjects. Then, the mean values and standard 
deviations for all pairs and multidimensional constellations of 
sounds were computed. 

3. RESULTS 
Due to the restrictions on the length of the papers the Table with 
the results of 465 pairs and their mean values assessed by 160 
subjects and their respective standard deviation is not presented. 
Some of the non presented results will be sporadically presented 
in comparisons and comments and Table 1 will display only the 
results of the mean values of all phonemic sounds towards the 
ego (me). Figures illustrating three-dimensional constellation of 
some sound groups will be added. 

3.1. Testing and comparisons 
In order to test sound measurability in mental images, the 
comparison with a group of auxiliaries and a group of semantic 
words is extremely important. Testing is necessary because one 
may assume that sounds as images are rather fluid and hence 
difficult for the subjects to assess, as compared to semantically 
meaningful words with known and clear meanings. One could 
talk about non measurability if all the pairs had very similar 
distances or if the dispersion of judges or answers were very high 
regarding a specific mean value. The results obtained in this 
study show exactly the opposite tendency. The pairs of sounds 
are well differentiated in the range of the lowest average distance 
being 45 ([ml-[n]) to the highest 134 ([a]-[ds]) with a standard 
deviation of dispersion of these 465 mean values being 26. Pairs 
of grammatical words show lower dispersion, ranging from the 
minimal 54 (ju-u, English her-in) to a maximal 118 (od-premda, 
English of-although) with a standard deviation of mean values 
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being 112. Pairs of semantic words show dispersion ranging from 
the minimal 70 (borba-rat, English fight-war) to a maximal 127 
(&lad-rat, English harmony-war) with standard deviation being 
17. The assumption that greater differentiation of sound pairs is 
not only the result of their very large number but that it also 
shows the reliability of assessment is substantiated by a degree of 
correlation of estimates of all 160 subjects as regards each pair. 
The average standard deviation for all 465 pairs is 37, for 
grammatical words it is 38 and for semantic words it is 45, which 
clearly shows that sounds as images are less fluid than auxiliaries 
and easier to assess than words of known and clear meanings. 

3.1.2. Comparison with sound similarities. In another 
experiment [8] where a group of 230 students had to associate to 
each phonemic sound the one that they considered most similar, 
the similarity among sounds was quantified by a frequency of 
such associations. Similarities established in such a way were 
correlated with mean distances assessed in the Galileo procedure 
and it was found that the correlation was negative as expected 
and high r- -.63. Considering the differences of these two 
procedures, in the Galileo procedure introspective assessment of 
a distance between pairs and in the association of the most 
similar sound the frequency of its selection by subjects, the 
degree of correlation is remarkably high showing that the 
assessments are not accidental. 

3.1.3. Contrast between the initial consonants. One of the first 
investigations of sounds in, according to the authors, 
“psychological space” is by J. H. Greenberg and J. J. Jenkins [5], 
and J. W. Black [2, 31. Comparison is much more meaningful 
with the results obtained in Black’s experiment with Croatian 
sounds in Zagreb [ 11. The students had to assess the magnitude 
of contrast between the initial consonants in syllables while 
hearing them. The correlation of their results (in fact, the mean 
values of contrasts of pairs recorded in two directions, e.g. [ka]- 
[sa] and [ sa]-[ka]) and the results obtained in this study is high 
i-=.59, notwithstanding the fact that the procedure applied was 
different. The consistency of results in different experiments 
reveals the reality of mental characteristics of sounds which may 
be manifested as their interdistance in mental space. 

3.2. Comments and implications 
3.2.1. Acoustic similarity. One of the conceivable 
manifestations of mental proximity could be acoustic similarity 
and consequently a higher degree of substitutions of more similar 
sounds in noise conditions. Therefore the results obtained in this 
study were compared with a number of perceptive errors as 
obtained by G. M. Miller and P. E. Nicley [7]. The correlation 
obtained for the results related only to one condition of the 
disturbance, that is when the noise was 12 dB above the loudness 
of sounds, and those related to the sounds similar to the Croatian 
ones was r=.50. Such correlation may be interpreted as the sound 
similarity being only partially the factor responsible for mental 
proximity. 

3.2.2. Spectral similarity. That mental proximity only partially 
mirrors sound similarity is also shown by comparison with the 
characteristic spectral sections for specific sounds, with the so- 
called optimal frequency band according to P. Guberina [4]. 

Somewhere these relations are congruent as in a scale of vowels 
[ul, [ol, [al, kl, Eil UWbl 57, Wbl 71, M-Gel 7% lW[il 80) 
and with only a slight distance between sounds having an optimal 
frequency band on the same section of the spectrum, e.g. [b]-[p] 
64, [z]-[s] 63, [s]-[ts] 69. However, it does not hold true either 
for spectral sequences [p]-[k]-[t] and [b]-[g]-[d] where mental 
proximity correlates with pronunciation proximity ([p]-[t] 66, 
[p]-[k] 85, [b]-[d] 64, [b]-[g] 84) rather than with the sound one, 
or some other pairs of sounds which have the optimal frequency 
band on the same part of the spectrum, e.g. m-[tD 87, [3]-[d3] 
92. This analysis indicates that sound image is only one factor 
responsible for the creation of mental proximity. 

3.2.3. Assimilation of sounds. Assimilation of sounds in a 
syntagmatic contact represents economizing by pronunciation 
adaptation, and consequently one should assume that in linguistic 
combinations compatible groups also have sounds more similar 
among themselves than in the incompatible ones. In Croatian 
combinations of different type of voicing are incompatible and 
their incompatibility is resolved by the first sound being adapted 
by voicing of the other. The distances obtained in this study are 
on the average larger between sounds of different voicing than 
between the ones of the same voicing: [b]-[d] 64, [b]-[t] 75; [b]- 
[g] 84, [b]-[k] 96; [p]-[t] 66, [p]-[d] 78. In Croatian [n] is before 
[p] and [b] adapted to [m] which is closer from the pronunciation 
point of view and it is also substantiated in the results of this 
experiment: [n]-[p] 92, [ml-[p] 76; [n]-[b] 94, [ml-[b] 80. 
However, there are many opposite examples where groups of 
proximate sounds are less compatible than those more 
compatible. A cluster [ZJI] is in Croatian most frequently 
assimilated to [y], [SJI] to u’], [sL] to UL], [zL] to [3x], [ki] to 
[tsi] or [tsi], [hi] to [si] or [si], [gi] to [zi] or [si], [ke] to [tJe] and 
so on. Mean mental distances of these pairs are as follows: [z]- 
@ I 107, [31-I$1 11% bl-Ml 100, III-b1 10% bl-114 9% III-[4 
106; [z]-[ICI 109, [3]-[ICI 117; [k]-[i] 95, [ts]-[i] 105, [t&[i] 113; 
[xl-[i] 91, [s]-[i] 102, m-[i] 106; [g]-[i] 98, [z]-[i] 110, [#[i] 
120; [k]-[e] 93, [tn-[e] 109 and so on. Hence, no such a regular 
pattern exists that would always associate pronunciation 
proximity, manifested by adaptation assimilation, with the 
proximity assessed in mental space. 

3.2.4. Distinctive features. The relationship of distinctive 
features and values of mental distances are worth consideration. 
In the above mentioned paper Miller and Nicley [7] find that 
perceptual errors are very likely between the sounds 
differentiating in only one distinctive feature. W. A. Wickelgren 
[9] while testing errors in short term memory finds that 
remembering consonants in fact means remembering distinctive 
features they are composed of. Overall, the results in this study 
are similar to the results obtained in similar studies, that is that 
pairs are probably closer in mental space when the number of 
their distinctive features is smaller. Thus out of 25 of the closest 
pairs 23 of them are distinguished by only one distinctive feature 
and out of 50 of the closest pairs 37 of them. In the mental space 
as identified by Greenberg and Jenkins [5] the average distance 
between sounds distinguished by one distinctive feature is 6,503 
and of those distinguished by two distinctive features it is 10,146, 
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which is higher but not double. Yet, the results indicate that 
distinctive features no matter how evaluated show their mutual 
inequality, which in other words means that they cease to be 
phonemic substance and become sound substance or cease to be 
phonological entities and become the phonetic ones. Miller and 
Nicely [7] in noise conditions, as mentioned before, find that 
when it is a question of one opposition gravity/non-gravity a 
number of errors varies from one pair to the other; for [ml-[n] it 
was 144, for [p]-[t] 117, for [fJ-[s] 48. Different distinctive 
features cause different number of errors; the opposition 
voicedness/voicelessness in a pair of [s]-[z] cause in noise 
conditions 20 errors and in the opposition 
compactness/diffuseness in a pair [z]-[3] it causes 65 errors. 
Distinctive features also show different values in the studies of 
Greenberg and Jenkins [5]: mental distance for [b]-[d] is 3,225 
and mental distance for the same distinctive feature in a pair [p]- 
[t] is 6,755. Different distinctive features show different average 
mental distances: voicedness/voicelessness 6,433, 
labiality/alveolarity 7,325, alveolarity/velarity 8,187. The results 
in this study are in keeping with those results. The average 
distance of compactness/ diffuseness is 62, however distances in 
pairs with this opposition range from 51 to 72; the average 
distance of gravity/acuteness is 75 with a range from 47 to 87; 
the average distance of voicedness/voicelessness is 69, however 
distances in pairs with this distinction range from 63 to 80; the 
average distance of continuity/discontinuity is 82 ranging from 
69 to 92; the average distance of sharpness is 62, of stridency 
([ts]-[t]) 87, nasality/oral@ [n]-[l] 74, Ijl]-[A] 73. It may be 
concluded that distinctive features do not determine distances 
among sounds in the same way, whether it be because they are 
not of the same magnitude, or because the same features are 
differently structured in different sound entities. 

3.3 Sounds and ego (me) 
The Galileo procedure also includes, as mentioned above, 
comparison of images with one’s ego (me). Table 1 displays the 
results of average estimates by introspection of 160 subjects for 
the distances of Croatian phonemic sounds towards one’s ego 
(me). It is obvious that the sounds show different relation 
towards ego (me), from the most proximate [a] (45) to the most 
distant [d3] (133). It is quite clear that vowels (including b]) are 
closer to the ego (me) than consonants. These distances may be 
assumed to relate to the sound frequency in speech. This 

Table 1. Distances of Croatian phonemic sounds from 
one’s ego ( 
m  98 

n 98 
b 100 
J1 101 

X 101 
S 101 
P 101 
t 102 

u 105 
ts 105 

=> 
A 105 
Z 105 
r 106 

tG 109 
s 109 
f 111 
tS 114 
3 118 

d& 125 
d3 133 

assumption is substantiated by a very high negative correlation 
between frequency and the results in this study related to 
distances against ego (me), r =-.83. This correlation does not 
explain the reason of evaluated proximity because it may be 
exactly the opposite - that is, that frequency is the result of the 
association of sounds and organicity. This relation was identified 
by Jakobson long ago [6] while he was studying child speech. 
Poetically speaking one could conceive that speech elements 
spring up from man so that they are of an unequal degree of 
coalescence with him and an unequal outgrowth thus leaving 
unequal protuberances on his ego (me). 

4. CONCLUSION 
Sounds create a constellation of very different interdistances in 
mental space. Sometimes these estimated values are in harmony 
with known qualifications and sometimes they show remarkable 
interrelationships which are hard to explain. Sounds as 
independent mental units are neither simple projections of sound, 
nor the projection of pronunciation motor programmes, nor 
linguistic functions, nor a stochastic speech process, but 
something as a result of all these or something that partially 
stands before all these. These intersound relationships are in a 
certain way summarized by a hierarchical sequence whereby man 
rejects speech units from himself. Subjects introspectively 
estimated speech units rejected from themselves without being in 
any way confused by paradoxicallness of the procedure. Thus it 
seems as if they abstracted two concentric circles - one where 
speech is located and another from which speech is differently 
remote, the one one’s ego (me) is encompassed in. Thus speech 
emerged as something man is and something man possess. 

APPENDIX: THREE-DIMENSIONAL GALILEO 
CONSTELLATIONS OF GROUPS OF CROATIAN PHONEMIC 

SOUNDS 

t+- 

- 100 

700 

-760 -I- 
Figure 1 

page 339 ICPhS99          San Francisco



I-- -1w 

-100 -J- 
Figure 2 

I+ t 

700 

-?- 

f 

- 700 --I- 
Figure 4 

+-i 
700 

- 700 P 

REFERENCES 
[l] Bakran, J., Black, J. W., Guberina, P., Takefuta, Y. 1980. 
Judgements and Identification of Croatian and English Consonants. R. 
P. A., 53, Mons, l-10. 
[2] Black, J. W. 1970. Interphonemic Distances. Proceedings of the IUth 
International Congress of Linguistics. Bucharest. 
[3] Black, J. W. 1974. Perceptual Dlflerence among Consonants. 
Columbus: Ohio State Univ. Res. Found. 
[4] Desnica-TerjaviC, N. 1990. Neke slusne osobine glasova / About 
some Auditive Properties of Speech Sounds. Govor / Speech, 2, 157- 
179. 
[5] Greenberg, J. H., Jenkins, J. J. 1964. Studies in the Psychological 
Correlates of the Sound System of American English. Word, 20, 2, 157- 
177. 
[6] Jakobson, R. 1939. Les lios phoniques du language enfantin et leur 
place dans la phonologie generale. In: N. S. Trubetzkoy: Principles de 
phonologie. Paris, 1949,367-379. 

- 700 
Figure 3 

t+- 
- 700 

f d3 

-7(xI - 
Figure 5 

[7] Miller, G. A., Nicley, P. E. 1955. An Analysis of Perceptual 
Confusion among Some English Consonants. J. Accoust. Sot. Am., 27, 
338-352. 
[S] SkariC, I. 1991. Sami glasnici / Sounds Themselves. Govor / Speech, 
8/9, l-30. 
[9] Wickelgren, W. A. 1966. Distinctive Feature and Errors in Short 
Term Memory for English Consonants. J. Acoust. Sot. Am., 39, 2, 388- 
398. 
[lo] Woelfel, J., Fink, E. L. 1980. The Measurement of Communication 
Process: Galileo Theory and Methods. New York, London, Totonto, 
Sydney, San Francisco: Academic Press. 

page 340 ICPhS99          San Francisco



AERODYNAMIC CONSTRAINTS ON SOUND CHANGE:
THE CASE OF SYLLABIC SIBILANTS

Alan C. L. Yu
University of California, Berkeley, USA

ABSTRACT
High vowels are known to assimilate in place of articulation
and frication to a preceding sibilant.  Such an assimilation
process is found in a historical sound change from Middle
Chinese to Modern Mandarin (e.g., */si/ became [sz`] 'poetry').
However, such assibilation is systematically absent when the
vowel is followed by a nasal consonant. This paper investigates
the co-occurrence restriction between nasalization and
frication, demonstrating that when pharyngeal pressure is
vented significantly during the opening of the velic valve, the
necessary pressure buildup behind the constriction of a fricative
is severely diminished, resulting in no audible turbulence.  It
reports the aerodynamic effects of nasalization on vowels, as
spoken by a native speaker of American English (presumed to
parallel the phonetic conditions present in Middle Chinese).
The results reveal that in comparison to oral vowels the
pharyngeal pressure, volume velocity and particle velocity
decrease dramatically when high vowels are nasalized.  Based
on this study, a physical motivation for the phonological
patterns with respect to the interaction between syllabic
sibilants and nasal is advanced.

1. INTRODUCTION
High vowels are known to assimilate in place of articulation
and frication to a preceding sibilant.  Such an assimilation
process is found in the historical sound change from Middle
Chinese to Modern Mandarin and several other phonological
patterns found in languages such as Yuchi and Fante.

In this paper, we will provide aerodynamic evidence to
demonstrates that when pharyngeal pressure is significantly
vented during the opening of the velic valve that the necessary

pressure buildup behind the constriction of a fricative is
severely diminished, resulting in no audible turbulence.

This paper begins with a brief discussion on the basic facts
about syllabic sibilants. In section 3, an investigation of the
aerodynamic properties of oral vowels, vowels before a nasal
and nasalized vowels is presented.  This investigation reveals
that the anticipatory velic opening during the production of a
vowel before a nasal bleeds the pharyngeal pressure build-up.
Based on this, a physical explanation of the non-fricativizing
property of vowel before nasal is advanced.

2. SYLLABIC SIBILANTS?
2.1. Some facts about syllabic sibilants
Syllabic sibilants are generally rather uncommon among the
world's language.  Bell [2] reports in his survey that of the 182
languages of major language families and areas of the world 85
of them possess syllabic consonants while only 24 of them
have syllabic continuants.  In many Chinese dialects (e.g.
Hakka, Hsiang(Chang-sha), Hsiang(Hankow), Kan, Mandarin,
Wu(Suchou), Wu(Wenchou)) [7] and Lolo-Burmish languages
(e.g. Ahi, Lahu, and Nyi) [9], the high front vowel /i/ and its
rounded counterpart in some dialects are often pronounced as
fricativized.

Many researchers have studied the acoustic structures of
fricative vowels, most notably Svantesson [18].  These fricative
vowels display distinct formant structure as often found in
vowels, however, the definitive indication of its sibilant
property is the high frequency energy noise in the 4000 Hz -
6000 Hz region, most typical of fricatives and sibilants (see
figure 1).

Figure 1. The spectrogram of the word ‘silk’ [si] in Cantonese (left) and [sz`] in Mandarin (right). The vowel /i/ in Mandarin is
fricativized, indicated by the concentration of high frequency noise in the 4000-7000 Hz. region. The non-fricative counterpart, presented
on the left, lacks such high frequency noise.

High
frequency
noise in the
4000-7000
Hz. region
found in the
word [sz̀]
(right) but
not in [si]
(left).

s i s z̀
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2.2. Phonological patterns
Chen [5], in his 1976 comprehensive study of the historical
sound change from Middle Chinese (MC) to Modern Mandarin
(MM), points out that MC sibilant-high front vowel sequences
becomes MM sibilant-syllabic sibilant sequences. For example,
*/si/ ® [sz̀] ‘poetry’;  */§i/ ® [§½̀] ‘lion’.  However, the high
front vowels in MC sibilant-high front vowel sequences when
followed by any nasal segment, the vowels remain oral vowels
in MM.  Thus, the assibilation of the vowel fails to occur in the
presence of nasalization. For example, */§i«m/ ® [s«n] ‘forest’
but not [sz̀n].  Phonological patterns similar to those found in
MM are also found in other languages. For example, in Fante
[16], /hI/ ‘border’ ® [Ci] but /hI)/ ‘where’ ® [hi )] not [Ci)].  In
Yuchi [19], voiceless spirants appear predictably between all
vowels and following lingual stops but not if the vowel is
nasalized. Recent research [6, 13, 14] suggest that the feature
[nasal] rarely co-occurs, if at all, with continuant obstruents. In
the next section, I will introduce an aerodynamic study of
vowels in nasal and oral environment.

3. THE STUDY
3.1. An aerodynamic hypothesis
Fricatives are produced by making a tight constriction
somewhere in the vocal tract with the constriction area of the
order of 0.1 cm2.  The volume flow-rate of voiceless fricatives
range from 200 to 400 cm3/s [17].  According to Fant [8: 272-
279], “sustainable sounds of noise character are produced from
a turbulent source located at or near a constricted passage
within the vowel tract.  The contraction of the flow causes the
air particles to accelerate, forming a jet of air shot at high
speech through the passage.  The jet associated with circulation
effects and eddies, partially of a random nature… The turbulent
noise is a secondary effect of the airflow.”

The non-co-occurrence between nasalization and frication
has been noted by various researchers [6, 12, 13, 14, 15]. Ohala
et al. [15] provide instrumental evidence demonstrating that
frication is hard to maintain in the presence of nasalization.
They argue that such a constraint has its origin in the basic
aerodynamic properties of human physiology.  They assert that
pharyngeal pressure is so significantly vented during the
opening of the velic valve that the necessary pressure buildup
behind the constriction of a fricative is consequently severely
diminished and results in no audible turbulence.

This impacts on the fate of the [i] in the [s_n] context for
the following reason:
Many researchers [3, 10, 11] have pointed out that there is an
anticipatory velic opening during the production of the segment
preceding a nasal.  Such velic opening should theoretically
decrease the pharyngeal pressure during the articulation of the
vowel.  Thus, assuming that the configuration of the tongue and
other resisting bodies remain constant, the only variable that
affects the formation of turbulence is the amount of airflow
passing through the constriction.  Hence, the higher the airflow,
the more chance turbulence is generated.  Since volume
velocity is proportional to the intraoral pressure and to particle
velocity, theoretically then, a decrease in the intraoral pressure
should decrease volume velocity and particle velocity.  Ali et
al. [1], in their study of intrusive stops in nasal-fricative
clusters, also observe that the co-articulatory velopharyngeal

opening may shunt the oral air pressure, delaying air pressure
build up.   Although they conclude that the intrusive stops in
nasal-fricative clusters are the result of the timing and release
characteristics of nasal stops, they acknowledge that the nasal
“bleeding” may also have been a contributing factor. This
aerodynamic constraint with respect to nasal "bleeding"
imperils the frication in syllabic sibilants even more directly
since the generation of voicing already compromises the
frication.  In order to produce enough vocal cord vibration for
audible voicing, pressure in the pharyngeal area must be lower
than the subglottal pressure.  Yet, the pharyngeal pressure must
be higher than the atmospheric pressure in order to create
enough intraoral pressure for frication to happen.  The
anticipatory velopharyngeal opening will invariably offset the
precarious balance of pharyngeal pressure in satisfying both the
voicing and frication requirement.

The working assumption behind the experimental findings
reported in the following section is that phonological
phenomena that recur across geographically distant languages
have a phonetic basis and stem from the same mechanisms of
speech production and perception that all humans share.  This
evidence may be drawn from the speaker of a language that
may have no overt phonological pattern involving nasalization
and its effects on frication and on adjacent vowels should
further strengthen this universalistic interpretation of
phonology. In the remainder of this paper, instrumental
measurements of pharyngeal pressure and airflow in oral and
nasalized environment produced by a native English speaker
are presented.  The implications of these data are discussed in
the final remarks in section 4.

3.2. Method
To attempt to verify this hypothesis, a trained phonetician, who
is a native speaker of American English, uttered [isi, ise, isa,
isin, isen, isan, i, e, a, i), e), a)] seven times.  Audio was recorded
by a high quality microphone place within 15-20cm. of the
speaker's mouth.  Pharyngeal pressure was sampled by a 3mm
inner diameter and 21cm long catheter inserted into the
pharynx via the nasal cavity and connected to a pressure
transducer.  A Rothenberg mask with oral and nasal separation
was placed on the subject's mouth and nose.  Oral and nasal
flows were collected by connecting plastic tubes from the
respective chambers of the mask to the transducer.  All signals
were digitized and logged directly onto a PC hard drive at a
sampling rate of 4.8kHz.  A Khron-Hite filter was used to 50
Hz low-pass filter the pressure and nasal flow signals in order
to minimize the effect of microphonics created by voicing.

3.3. Results
Figure 2 is a tracing of the filtered air pressure (channel 1),
nasal (channel 2)/oral flow (channel 3) and acoustic signal
(channel 4) from the production of [isin].  The onset of the rise
phase of the nasal flow (UVN) is far anterior to the actual
production of the nasal segment.  This provides evidence of
anticipatory velum lowering during the production of the
vowel.  This contrasts remarkably with the oral vowel (UV)
preceding the fricative where little, if any, nasal flow is found.
Since the two vowels under comparison are the same, namely
[i], the difference observed cannot be attributed to variation in
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vowel production.  The amount of nasal flow is significantly
higher during the production of the nasal segment than during
its preceding vowel [i].

Figure 2. The tracing of the pressure, nasal/oral flow and the
acoustic signals of the word [isin].

i s i n

The results of this study for the effect of nasalization on
vowels are best shown in Tables 1, 2, and 3.  The calculation is
based the average of the seven sets of measurements collected.
As can be seen in Table 1, air pressure is highest in high
vowels and lower in the mid and low vowels.1

/isV/ /isVn/ Diff. /V/ /V )/ Diff.

/i/ M 0.492 0.394 -20% /i/ M 0.667 0.513 -23%

SD 0.080 0.070 SD 0.060 0.080

/e/ M 0.167 0.183 10% /e/ M 0.198 0.193 -3%

SD 0.020 0.030 SD 0.010 0.040

/a/ M 0.204 0.277 36% /a/ M 0.290 0.294 2%

SD 0.050 0.030 SD 0.050 0.040

Table 1. Mean and standard deviations in centimeter of water
of the air pressure values in various oral and nasalized
environments.

The flow difference between vowels in oral and nasalized
environments is most dramatic in the high front vowel [i],
yielding a 26% drop when followed by a nasal segment and a
40% drop in flow when fully nasalized.  Little effect or even
reverse effect in the case of the non-high vowels followed by a
nasal.

Table 2 reveals that the intraoral flow is highest in the
high vowel [i], lower in the mid vowel [e] and lower yet in the
low vowel [a].  Nasal vowels, in general, suffer greater
aerodynamic change than contextually realized vowels in nasal
environments, that is, when the vowel is followed by a nasal
segment.  As expected, pharyngeal pressure is greater in high
vowels than the other two non-high ones, since the constriction
created the tongue body is tighter for high vowels than low
ones.  The values of the low back vowel [a] are higher than the
mid front vowel [e] in most dimensions.

/isV/ /isVn/ Diff. /V/ /V )/ Diff.

i M 149 111 -26% i M 166 102 -40%

SD 7 9 SD 18 2

e M 116 114 -2% e M 159 115 -30%

SD 18 12 SD 10 17

a M 77 91 19% a M 120 72 -40%

SD 14 18 SD 32 7

Table 2. Mean and standard deviations in milliliter of air per
second of the volume velocity in various oral and nasalized
environments

The mean particle velocities during the production of
vowels in various environments are calculated and the values
and their percentage of difference between oral and nasalized
vowels are given in Table 3.  Assuming a constant aperture, the
particle velocity is calculated using the formula given below:

Particle velocity = Intraoral flow/412(Pressure)½

This formula is derived from various formulas given in Catford
[4: 31, 34].

/isV/ /isVn/ Diff. /V/ /V )/ Diff.

i M 901 816 -10% i M 1069.7 933.3 -13%

SD 76 76 SD 50 73

e M 537 558 4% e M 584.3 572 -2%

SD 38 47 SD 14 50

a M 591 677 15% a M 734.7 698.7 -5%

SD 67 39 SD 63 41

Table 3. The calculated mean and standard deviations in
centimeter per second of the particle velocity in various oral
and nasalized environments

3.3. Discussion
This study points to velopharyngeal opening as a factor in
inhibiting turbulence, at least when the constriction is small
(i.e. [i]).  Typologically, vowel fricativization, resulting in
syllabic fricatives and sibilants, is found mainly in high vowels.
Comparison of the values of each aerodynamic dimension
measured permits us to form a rough idea of the relative impact
of the velopharyngeal opening on aerodynamic conditions
during the production of vowels and, presumably, to other
continuants such as fricatives and glides.  The normal particle
velocities of flow being of the order of 1000 to 4000 cm/s
through the articulatory channels for fricatives.   A 20% drop in
particle velocity during a fricative with a minimal particle
velocity of 1000 cm/s would result in a particle velocity of 800
cm/s.  Such a value of particle velocity coincides with the
particle velocity during the production of a high vowel as
shown in Table 3.  This suggests that, given the proper
circumstance, frication is endangered, if not extinguished all
together, when followed immediately by a nasal segment.  As
mentioned above, syllabic sibilants are especially vulnerable to
the bleeding of pharyngeal pressure since the aerodynamic

UVNUV
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condition for voicing requires the pharyngeal pressure to be
lower than in voiceless fricative.  As a result, the already low
pharyngeal pressure diminishes even further.  This further
jeopardizes the generation of turbulence, as the intraoral
pressure is invariably lower than under normal condition.

4. Final Remarks
In this paper, a partial phonological distribution of the fricative
vowels is presented which reveals that syllabic sibilants are
rarely, if at all, appear before nasal segments.  This non-co-
occurrence restriction is observed in several phonological
patterns of several genetically and geographically unrelated
languages. However, this restriction is most salience in the
historical sound change of sibilant-high front vowel sequence
from Middle Chinese to Modern Mandarin and in the general
distributional property of syllabic sibilants in several Chinese
dialects.2  An aerodynamic investigation of nasalization on
vowels is reported based the production of a speaker of
English.  Despite the fact that English has no productive
phonology or attested phonological distribution biased against
sibilants-nasal sequence, the finding reveals that anticipatory
velum opening generally result in a decrease of pressure, oral
flow and particle velocity.  Such reduction effect is most
apparent in segment with high degree of constriction, such as
high vowels, suggesting that the intrinsic human physiological
aerodynamic constraints disfavor the adjacency of strident and
nasal segments.  The results of this study also demonstrates that
such gaps in the phonological distribution of syllabic sibilants
should not be viewed as accidental, but have sound physical
grounding for the co-occurrence restriction on syllabic sibilants
and nasalized segments.
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NOTES
1. A peculiar phenomenon occurs in the pressure value of the low
back vowel [a].  The intraoral pressure of this low back vowel is
unexpectedly higher than the mid vowel [e].  A plausible explanation
for this fact can be that the location of the catheter might be lower in
the pharyngeal area than the back constriction created by the back
vowels.  Thus during the production of a back vowel, the back
constriction might create a buildup of pharyngeal pressure below the
back tongue body.  Since the judgement of the location of the catheter
cannot be observed without additional instrumental study, e.g. by X-ray
imagining, we can only rely on an impressionistic judgement on this
matter.

2. There are also other suggestive motivations for the observed
pattern in Mandarin. For example, the historical development of the
word ‘forest’ is */§i«m/ ® [s«n]. The modern pronunciation suggests
that possibility that the schwa might have been lowered before the
assibilation be introduced into Mandarin, thus effectively eliminating
the condition for assibilation since the fricativization only applies to
high vowels. Larry Hyman also points out that the distribution of the
syllabic sibilants in Mandarin might have to do with the syllable
structure, that is, syllabic sibilants only occur in open syllable and not
the closed ones.  All these alternative explanations are plausible.
However, I should stress that the purpose of this paper is merely to

empirically demonstrate one of the many possible motivations for the
asymmetric distribution of the syllabic sibilants in Mandarin.
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ABSTRACT

The realization of the diphthongs /aE/ and /A�/ of Standard
Austrian German differs between the two big dialect regions and
this difference also affects the process of monophthongization,
especially affecting the direction of the assimilation. However,
neither the difference in diphthong realization nor the difference
in the application of the process of monophthongization existed in
the late nineteen-fifties. Observing the realization of the diphthong
/aE/ over the past decades, a constant rise of F2 can be observed at
the onset of the diphthog in the Viennese Standard variety.
Gradually, in the Viennese Standard variety, the onset steady state
of the diphthong /aE/ has given way to a gliding movement. Long
offset steady state portions could be observed in the late seventies
for the first time, consequently, they have to be interpreted as
uncertainty in diphthong articulation due to the rapid progession
of the process of monophthongization.

1.INTRODUCTION
1.1. Some preliminary remarks on the language
situation in Austria.
The situation of the German language in Austria differs markedly
from that in Germany. It is often described as a dichotomy
consisting of two systems, a dialectal one and a standard one [4].
Additionally, both systems can be differentiated regionally [9].
This dichotomy has been described in terms of a so-called two-
competence model [3], that is, it is assumed that speakers of
Austrian German have competence in two varieties, a dialect one
and a standard one, each of which may be partial.

This concept implies that some dialect forms differ
completely from "corresponding" standard forms, and that
speakers switch from one form to the other. These forms are
described in terms of "input-switch-rules", which show that the
dialect form and the standard form coexist independently.
Nevertheless, the situation in Austria is not diaglossic, since in
may cases intermediate forms between the two extremes of dialect
and standard do in fact occur. Therefore, both systems do share
many natural phonological processes [9].

However, a process of one system can be in an input-switch-
relation with a process of the other system, as it is the case with
the process of monophthongization. This process has been
completed in the Viennese Dialect at least fifty years ago, and
resulted in a restructuring of the phonological system of the
dialect [3]. The former diphthongs /aE/ and /A�/ have been

substituted by the new monophthongs /Eù/ and /�ù/. These
additional new monophthongs did not disturb the vowel system,

since the dialect lacked lax vowels anyway. The opposition of
Standard long tense and short lax vowels is expressed by long
versus short tense vowels in the dialect system. In the Viennese
dialect, therefore, the process of monophthongization has to be
described as a prelexical process [2].

Probably as a result of the Viennese Dialect, the process of
monophthongization affected the Viennese Standard as well,
though postlexically. That means, the process is applied as a
function of well-known linguistic and socio-psychological
variables [8, 9, 12]. The relation between the Viennese Dialect
and the Viennese Standard as concerns the process of monoph-
thongization can be described as follows:

figure 1: interaction of the Viennese Standard (St) and the Viennese
Dialect (Dial) as concerns the process of monophthongization.

To put it in another way, synchronically, the process of monoph-
thongization is a process of the Standard, in the Viennese Dialect
a long monophthong might be reduced as a function of linguistic
and socio-psychological variables. Nevertheless, the output might
be the same.

A quantitative analysis of the spontaneous speech material of
Viennese Standard and Dialect speakers exhibited a peak of
monophthongal realizations of the diphthongs /aE/ and /A�/
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(=dialect) and a standard distribution curve with respect to gradual
decrease or increase of diphthongal movement [12]. This result
supports the suggestion of a two-competence-model for Austrian
German.

1.2. The actual realization of the diphthong /aE/
in Standard Austrian German.
Following the definition given by Lehiste [6], a diphthong is
characterized as a sequence consisting of an initial steady state
which is followed by a transition and a final steady state. The
timing relations between these three elements are language
specific [7] and contribute to qualitative differences of one and the
same diphthong. As far as the Austrian varieties are concerned,
differences with respect to these timing relations can be observed.
The main differences of these timing relations correspond to the
two large dialect regions of Austria [10, 11]. The typical South-
Bavarian diphthong is characterized by a long onset steady state
portion, whereas the offset is relatively short (figure 2).

figure 2: linear time standardized diphthong /aE/ spoken by a Standard
speaker of Innsbruck.

As can be seen from figure 2, the onset steady state comprises half
of the diphthong and is followed by a short transition and a
relatively short offset steady state. The three phases are not as
sharp with respect to F1, it has to be mentioned that the change of
diphthong quality affects first the movement of F1. That means,
within the South-Bavarian region, diphthong realization is most
distinct in the city of Innsbruck, in Graz, however, the distinct
movements of F1 have been substituted by a gliding movement.
Already, the characteristic South Bavarian pattern is obvious
within the movement of F2 only.
The typical Viennese Standard diphthong, on the other hand, is
characterized by a gliding movement with no clear detectable
onset or offset steady state portion (figure 3). A greater span of
gliding within the Viennese Standard variety as compared with
East Middle German has also been described by Iivonen [5]. This
means that the change in diphthong quality is very progredient in
Vienna already. However, in the few cases, a steady state portion
can be observed at a diphthong articulated by a Standard Viennese
speaker, it is rather the offset that is affected (figure 4).

figure 3: linear time standardized diphthong /aE/ spoken by a Standard
speaker of Vienna.

figure 4: linear time standardized diphthong /aE/ spoken by a Standard
speaker of Vienna.

1.3. The process of monphthongization.
It follows from this that the process of monophthongization,
triggered by the Viennese Dialect, has regionally different outputs
as well. Whenever diphthongs are monophthongized in the South
Bavarian region, the offset of the diphthong is assimilated towards
the onset (see figure 5). Figure 5 shows 4 realizations of the
diphthong /aE/ from "vielleicht" (perhaps) from a Styrian speaker.
As can be seen, none of the four realizations exhibits a movement
with respect to the first formant. Looking at the second formant
however, a gradual decrease at the offset of the diphthong can be
observed, the last realizations being totally monophthongized (the
arrow at the right side of the figure indicates the direction of the
assimilation).
In Standard Viennese, however, the onset of the diphthong is
assimilated towards the offset in case of monophthongization
(figure 6). Again, assimilation is completed with respect to the
movement of the first formant, the direction of the assimilation
can be observed in the second formant (the arrow at the left side
of the figure indicating the direction of the assimilation).
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figrue 5: linear time standardized diphthongs /aE/ spoken by a Styrian
dialect speaker.

figure 6: linear time standardized diphthongs /aE/ spoken by a Viennese
Standard speaker.

Again, no movement with respect to the first formant can be
observed. The second formant, however, exhibits an increase at
the onset of the diphthong. This direction of the assimilation
process could point to a more prominent offset of the Viennese
diphthong.

From the observed differences the questions arise whether
Viennese Standard diphthongs were characterized by long offset
steady states before the start of the process of monophthongization
or whether the observed differences are simply the result of an
uncertainty in diphthong articulation due to the rapid spread of the
process of monophthongizsation?

2. METHOD
Official speech samples of 5 male Viennese Standard speakers of
the late fifties, the late sixties, the late seventies and the late
eighties have been used. At least one speaker from each period has
been anaylized a decade later in order to look at intra-individual
change. The recorded speech samples were digitized at 16 kHz, 16
Bit, by means of the acoustic workstation S_Tools [1]. First and

second formants were calculated by LPC, 22 coefficients and a
pre-emphasis of 0.9, linear time-standardization was ensured by
calculating 30 frames over each diphthong.

3. RESULTS
Interestingly enough, Standard Viennese diphthongs in the late
fifties exhibited a long onset steady state portion, comprising
about 2/3 of the diphthong, a short transition and a short offset
steady state portion. This pattern can be observed in the
movement of both the first and the second formant (figure 7):

figure 7: linear time standardized diphthongs /aE/ spoken by a Viennese
Standard speaker in 1958.

figure 8: linear time standardized diphthongs /aE/ spoken by a Viennese
Standard speaker in 1958.

That means, the pattern of the diphthongs resembles those
observed in todays South Bavarian diphthongs. Moreover,
whenever a diphthong was monophthongized in the late fifties,
the offset assimilated towards the onset (figure 8):

Therefore, in the late fifties, no regional difference with
respect to diphthong articulation could be observed yet. Over the
decades, however, a rise of F2 at the onset of the diphthong can be
observed (figure 9) in the Viennese Standard:
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figure 9: linear time standardized diphthongs /aE/ of two Viennese
Standard speakers (3 tokens each): –– 1958, ---: 1988.

This change can also be observed within one and the same
speaker (figure 10):

figure 10: linear time standardized diphthongs /aE/ of one and the same
Viennese speaker: ––: 1977, ---: 1988 (three tokens each)

4. CONCLUSION
It has to be concluded from these results that
1. in the late nineteen-fiftees, the diphthongs of the

Viennese Standard and the corresponding monoph-
thongs of the Viennese Dialect co-existed indepen-
dently. The process of monophthongization in the
Viennese Standard applied as a postlexical process; no
input-switch relation could be observed yet.

2. As a next step, the monophthongs of the Viennese
Dialect influenced the diphthong realization of the
Viennese Standard, resulting in a progressive raise of
F2. Consequently, the onset of the Viennese Standard

diphthong looses the [a]-quality. Moreover, as this
raise affected only the onset of the diphthong, the
diphthong proceeds towards monphthongization.

3. Monophthongization in the Viennese Standard is
launched from two sides: from the Viennese Dialect
on the one hand and from well-known linguistic and
socio-psychological factors causing the application of
backgrounding processes.

4. This results in a great uncertainty with respect to
diphthong articulation in the Viennese Standard.

5. As the Viennese Standard functions as a model for
Austrian varieties in general, the process of monoph-
thongization gradually spreads all over Austria.
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ABSTRACT

The approach to phonological comparison adopted in UPSID as
well as other studies fails to recognize the abstract nature of even
the most phonetically based definition of a phonemic system.
Phonemes receive a simple phonetic translation based on one
allophone. Phonological comparison is therefore carried out
using no more than arbitrary selections of the phonetics of the
languages involved. Phonemic systems belonging to the
phonological level of comparison are being compared in phonetic
terms, misrepresenting the abstract relational nature of a
phonological system and at the same time grossly
oversimplifying the complex phonetic patterns employed in
languages to bring about differences in meaning.

While the appeal of many aspects of UPSID is recognized,
the need for a more complex demarcation of three levels of
phonetic and phonological comparison requiring different types
and quantities of information is argued.

1.  INTRODUCTION
Over recent years UPSID [9,10] (UCLA Phonological Segment
Inventory Database) has  become  a  popular  tool  in  compara-
tive  phonetic  and  phonological  research  and teaching, e.g.
[8,4].  It is undoubtedly appealing:  the phonemic systems of a
representative sample of 451 of the world’s languages are acces-
sible in machine-readable form.  However, the contents of
UPSID as well as the way in which the contents are regularly
used to make comparative and typological statements have seri-
ous theoretical flaws.

This paper argues that the approach to phonological com-
parison adopted in UPSID, but also in the use of similar data
collections such as the Stanford Phonology Archive [14 ,2], fails
to recognize the abstract nature of even the most phonetically
based definition of a phonemic system. It will be shown that this
has far-reaching consequences for the majority of comparative
and typological statements being made.

It will be argued that the comparison of linguistic sound
systems must proceed on three levels:

phonetic: speech sounds are compared without any refer-
ence to their function.
functional phonetic: speech sounds are compared with
reference to their structural distribution and their gram-
matical and lexical function.
phonological: comparison of relational systems set up on
the basis of differences and similarities in the functional
phonetic patterns.

Examples from well-known languages are used to illustrate

that while UPSID presents linguistic sound systems in a compact
fashion, phonetic and functional phonetic comparison require far
more detailed and complete descriptions of the phonetics, while a
paradigm for phonological comparison would still appear to be
lacking.  It is argued that we still have no way of identifying
sameness and difference in two phonological systems, a problem
which is only apparently overcome by casting phonological
contrasts in terms of a selection of features from a universal
inventory.

2. THE MEANING AND SYMBOLIZATION OF
PHONEMES

To understand why the phonemic systems that make up UPSID
cannot be interpreted and compared as has been done in a num-
ber of places [9], or why other comparative studies [2,3] using
similar material are behaving equally illegitimately, we must
consider what a phonemic system can be, and more importantly
what it cannot be.

The content of both the British [5] and American struc-
turalist [1] phoneme are for the purposes of argument here es-
sentially the same. The phoneme is seen as a family or group of
sounds sharing some phonetic characteristic and being either in
free variation or mutually exclusive in the contexts in which the
individual members of the group occur.  For certain purposes it is
convenient to represent this group of sounds using a single
symbol or symbol-diacritic complex.  The choice of symbol may
be dependent on the use to which it is being put.  Jones [5] es-
tablishes a number of phonetic and distributional criteria to
single out one allophone whose symbolization can be used to
represent the phoneme, i.e. the family of sounds:

1. an articulatorily central allophone;
2. the most frequent allophone;
3. the allophone least affected by its context;
4. an allophone which can occur in isolation.

Except in the simple and rare case of the monophonematic
phoneme - a family comprising a single allophone - the choice
and consistent use of one of these criteria can lead to consider-
able differences in the set of symbols used to represent a pho-
nemic system. In Standard High German, for instance, /[/ is most
commonly used to represent the family [&� [� ;], which fulfils
the criterion of articulatory centrality if velar is seen to be
between palatal and uvular, yet from the point of view of
frequency of occurrence or contextual criteria, & would be the
more appropriate choice [6].

The Praguian phoneme [13] is a different object.  It com-
prises just that set of phonetics - phonological content - which
minimally distinguishes it from all other phonemes in an indi-
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vidual system.  In its most extreme form the phonological content
may be only negatively defined, as is the case with German r ,
which Trubetzkoy defines as non-lateral, non-nasal and non-
fricative [13, p. 60].  Rather appropriately, Trubetzkoy also talks
of phonemic symbolization in negative terms:

One should not be misled by the use of the same interna-
tional transcription symbols.  These are merely a makeshift.
Were one only to use the same symbolization for phonemes
with the same phonological content one would require a
separate alphabet for each language.

[13, p. 66, trans. AS]

Trubetzkoy illustrates this by comparing the very different
phonological content of phonemes symbolized in a number of
unrelated languages with r .  The symbolization of a Praguian
phoneme is governed by no more than ill-defined similarity be-
tween the phonological content of a phoneme and the phonetic
translation of the symbol used.

It is clear, then, that in different phonemic schools the sym-
bol chosen to represent a phoneme, regardless of the theoretical
status of the phoneme itself, may be determined by any number
of equally valid criteria, but in each case, it is no more than a
shorthand device for talking about a complex abstract object and
under no circumstances is it to be equated with a single sound in
a general phonetic sense.

3. THE CONTENT AND COMPARISON OF UPSID
PHONEMES

We can now examine the meaning and symbolization of UPSID
phonemes. In UPSID each phoneme “is represented by its most
characteristic allophone” [9, p. 6]. The allophone chosen to rep-
resent the phoneme is classified from a set of 58 phonetic attrib-
utes.  Although we are given no description of the criteria used to
establish the “characteristic” allophone, the UPSID phoneme
evidently bears a strong resemblance to a Jonesian or American
structuralist family or group of allophones.  However, there is
one crucial difference.  The allophone no longer represents the
phoneme, it replaces it; the phoneme and its characteristic allo-
phone become one and the same thing. This reduces the
phonemic system of a language to a small, arbitrary selection of
its phonetics, i.e. just that set of allophones replacing the
phonemes.

Reducing the phonological system of a language to a set of
phonetic descriptions has attractive consequences. Any number
of languages can be reduced in this fashion and comparison is
simple, the establishment of statistical universals becomes a
process of counting up the number of languages having items
sharing the same phonetic characteristics. However, there are a
number of reasons why it is illegitimate to reduce the phonetics
of languages in this fashion and subsequently to compare these
phonetic sets.

First, as we have seen, there are many ways of choosing
appropriate phonemic symbolization, but no principled way of
isolating an allophone to the exclusion of all others. So, for in-
stance, there is no motivation for treating Spanish [%] (see Table
1) as any more characteristic than another allophone, such as the
voiced bilabial plosive [E]. Likewise, in German voiced bilabial

plosion [E] is considered characteristic (Table 2), yet in parallel
to [S+], [E�] would be more appropriate as that allophone occur-
ring initially in stressed syllables, or [%�] as a frequently occurring
intervocalic allophone.  Any of these is characteristic in the sense
that it is a phonetic complex bringing about lexical or
grammatical contrast in utterance.  It is little wonder then that
both Maddieson and Crothers use the term “characteristic”
without defining it.

Spanish (011) b
ila

b
ia

l

la
b

io
-d

en
ta

l

d
en

ta
l

a
lv

eo
la

r

p
a

la
to

-a
lv

eo
la

r

p
a

la
ta

l

ve
la

r

la
b

ia
l-v

el
a

r

voiceless plosive S W� N

vl. sibilant affricate W6

vl. nonsibilant fricative I 7 [

vd. nonsibilant fricative % ' ¦

vl. sibilant fricative V�

voiced nasal P Q� Ú

voiced trill U

voiced tap D

vd. lateral approximant O� �

vd. central approximant M Z

Vowels
high i u
mid "e" "o"
low a

Table 1. The UPSID phonemic system for Spanish

German (004) b
ila

b
ia

l

la
b

io
-d

en
ta

l

d
en

ta
l/a

lv
eo

la
r

a
lv

eo
la

r

p
a

la
to

-a
lv

eo
la

r

p
a

la
ta

l

ve
la

r

u
vu

la
r

va
ri

a
b

le
 p

la
ce

vl. aspirated plosive S+ "W+" N+

voiced plosive E "G"
vl. sibilant affricate "WV"
vl. nonsibilant affricate SI

vl. nonsibilant fricative I [ K

vd. nonsibilant fricative Y

vl. sibilant fricative V 6

vd. sibilant fricative ] =

voiced nasal P "Q" 1

voiced trill ^

vd. lateral approximant O

vd. central approximant M

Vowels
long short

high LÛ� \Û XÛ ι� < 8

higher mid HÛ� 2Û RÛ

mid "�"
lower mid (Û (� ¡ o

low DÛ n

Table 2. The UPSID phonemic system for German
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The problem of singling out one allophone to the exclusion
of all others in turn undermines the status of any comparative or
typological statements made using them, particularly since many
of these are statistical universals of the type “X% of the lan-
guages in the sample have Y”.  To return to the examples just
given, the frequency of occurrence of bilabial fricatives includes
Spanish and not German, and a statement about voiced bilabial
plosives excludes Spanish. Different, yet equally characteristic,
phonemic representatives from both languages would reverse the
inclusion of either language in such statements.  If we project any
number of such examples onto the vowel and consonant systems
of the 451 languages in UPSID then the value of statistical uni-
versals based on such data becomes apparent.

UPSID is by no means alone in its approach.  Comparative
vowel system analyses by Crothers [2] using the Stanford Pho-
nology Archive and Lass [7] are just two examples in which
phonemic vowel systems are compared in terms of phonetically
defined representatives.  Indeed, Lass claims to be overcoming
problems he sees in Sedlak’s [12] vowel system comparison by
paying careful attention to phonetic detail. However, no amount
of attention to detail addresses the central problem that a single
allophone is the wrong object for comparison.

While phonetic detail may provide an accurate description
of one allophone, it is more likely to obscure phonological
relationships within a language. German again provides a good
example of the problem. In the classification of the vowels in
Table 2  /LÛ� \Û� XÛ/ are at the same height (high) as /ι� <� 8/, and
/aÛ/ is at the same height (low) as /n/, whereas /HÛ� 2Û� RÛ/ are at
different heights than /(� ¡� o/. This description, while
describing allophonic characteristics, is forced to neglect the
linguistic relationships, failing to show that /(� ¡� o/ stand in the

same relationship to /HÛ� 2Û� RÛ/ as /ι� <� 8� n/ do to /LÛ� \Û� XÛ� DÛ/.
Paying greater attention to phonetic detail offers no help, since at
most this would “lower” the short set /ι � <� 8/ to the same height
as /HÛ� 2Û� RÛ/. The situation is complicated still further by many
southern varieties of German which have the same phonological
relationship between long and short vowels as that of the
standard variety shown in Table 2. However, the phonetic
difference between long and short vowels is only marginally
qualitative, forcing the short vowels into similar descriptive slots
as their long congeners, i.e. /L� \� X/ vs. /LÛ� \Û� XÛ/, /H� 2� R/ vs.
/HÛ� 2Û� RÛ/. While going some way to capturing qualitative
allophonic differences between different varieties, similarities in
the relationships between the long and short vowel groups in
different varieties of the same language are successfully
obscured.

 The last problem we will address in the UPSID approach is
the haphazard and unprincipled way phonetically defined pho-
nemic systems are compared.  This becomes most apparent in the
chapter on liquids and in particular in the discussion of “r-
sounds”.  While it may be possible to categorize sound types in
terms of descriptive phonetic labels, e.g. plosive, voiced, the link
between the “r-sounds” has its origins in the wide range of pho-
netic possibilities associated with a phonological object often
symbolized with /U/ in many Indo-European languages.  This is
unjustifiably projected onto a phonetically disparate set of pat-
terns in other unrelated languages which happen to be symbol-

ized with r/R-based symbols (U� 5� ^� `� �).  Ironically,
Maddieson has to establish criteria for delimiting r-sounds from
other phonetic categorizations, such as fricatives, meaning that
different varieties of a language such as German would arbitrarily
be considered to be r-less depending on the characteristic
allophone chosen to represent r  (in the Praguian sense). Fol-
lowing Maddieson’s own criteria, a variety with /´/ (incidentally
probably a better choice for the UPSID inventory) would not
have an r-sound because [́] is a uvular fricative, whereas one
with /^/ would.

4. LEVELS OF PHONETIC AND PHONOLOGICAL
COMPARISON

Phonetically defined phonemic systems mix levels, preventing
either serious phonetic or phonological comparison.  What is
required is the clear separation of levels into phonetic, functional
phonetic and phonological, described at the outset of this paper.
Each level requires different quantities and types of information
about sound systems.

4.1 Phonetic
Comparative phonetics can proceed without any recourse to the
linguistic function.  So, for instance, the investigation of the
relationship between fundamental frequency and vowel height
can proceed by merely identifying vocalic portions which meet
particular phonetic criteria however defined (open, close, high
F1, low F1 etc.). This is also the level at which to identify sound
types used in different languages. Again there is no question of
linguistic function - a nasalized vocalic portion in English is
equivalent to a similar object in French or Portuguese; a
voiceless bilabial plosive occurring as the result of epenthesis has
the same status as any other plosive in the language.

4.2 Functional phonetic
Functional phonetic comparison must examine the phonetic
correlates of phonological elements in toto. In phonemic terms
functional phonetic comparison must embrace all the allophones
of a phoneme together with information about the contexts in
which they occur.  So, for instance, in many varieties of English
we find [W+], [W], [5] and [�] as allophones of a single phoneme.
These variants together with their contexts can be compared with
the phonetically similar allophonic groups and contexts in other
languages. Such comparison reveals any parallels and differences
in the phonetic correlates in various contexts.  The Stanford
Phonology Archive was designed to contain allophonic
information, yet inconsistencies mean that large scale compara-
tive analyses only employ the data in phonetically interpreted
phonemic terms, e.g. [2].

It is at this level that UPSID is working, if only in an
arbitrarily selective fashion, i.e. some of the functional phonetics
from one language are being compared with some of the
functional phonetics from another.

4.3 Phonological
Finally, we turn to phonological comparison.  At this level cross-
linguistic comparison may only be possible in very restricted
terms and will often be carried out in combination with
functional phonetic analysis.  So, for instance, one method of
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establishing the relative complexity of the vowel systems in two
phonemic systems is simply to count the number of elements in
each.  Examining and comparing the allophonic groups behind
these systems will reveal any differences in the way in which the
vowel space is exploited in each language.

Up until now nothing has been said about universal feature
theory, but this approach does not offer any firmer ground for
phonological comparison, despite claims to the contrary [11].
Casting the phonological contrasts in a language in terms of
universal feature specifications does not solve the problem any
more than UPSID’s system of phonetic classification. As there
are no criteria for assigning the same feature to different phonetic
patterns in two languages or even to assigning them to different
sets of phonetics in the same language, the inventory of features
becomes little more than a list of possible contrasts which must
simply be large enough to capture the number of contrasts in a
particular language.  Stating that two languages have the feature
[ATR] or [labial] is as trivial as stating that phonemes in two
languages are symbolized with k or r .

The sort of question that we may never be able to answer,
other than in the trivial sense described above, is whether broadly
similar phenomena across languages are just different
manifestations of the same thing. Do, for instance, the phonemic
alternations (as symbolized in UPSID) /S/~/SÛ/ in Finnish, /%/~/S/
in Spanish, /S/~/S+/ in Mandarin or /�/~/I/ in Vietnamese
constitute exponents of the same universal contrast?

5. CONCLUSION
This paper has demonstrated that the comparative and typological
statements made using the phonetic interpretation of phonemic
systems as is done in UPSID, but also in comparative analyses
using similar data collections such as the Stanford Phonology
Archive are flawed. The compactness and the ease with which
such systems can be compared is appealing, yet the unprincipled
reduction of the complexity of linguistic sound systems severely
weakens any qualitative or quantitative statements made using
them.  Instead, a clear demarcation of levels is required.  Each
level demands differing types of quantities of information.

UPSID itself will no doubt continue to be used as a
vademecum for phonetic and phonological comparison, and it
certainly has applications as a reference for identifying languages
with a particular sound type, or for establishing the degree of
phonological complexity in terms of phoneme count; however,
for serious qualitative or quantitative phonetic and phonological
comparison UPSID is of little use. Contrary to Maddieson’s
claim that those who consider phonology in terms of purely
abstract constructs are not interested in investigating language
universal properties [9, p. 160], we can equally argue that the
phonetic interpretation of phonemic inventories may make them
comparable, but tells us little about the languages they claim to
be representing.
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WHAT CAN A DATABASE OF PROTO-LANGUAGES TELL US ABOUT THE
LAST 10,000 YEARS OF SOUND CHANGES ?
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Dynamique Du Langage, Université Lumière Lyon 2, France

ABSTRACT
This paper describes the construction of a database on
reconstructed phonological system and some of the preliminary
interpretations. The statistical study of the content of over a
hundred proto-phonological systems, does not reveal a significant
evolution towards either complexification nor simplification,
during the last 10,000 years. This means first that language
reached a sufficient level of complexity long ago, and second that
sound changes must not be viewed as teological processes, thus
placing their motivations and explanations elsewhere. We also
offer insights on some theoretical points raised by this study.

1. INTRODUCTION
The aim of this study is to test different theories about
complexification and/or simplification of phonological systems in
their evolution. Two centuries of research in historical linguistics
has led to a large number of reconstructed proto-languages,
covering most language families. Though they vary greatly in
terms of number of languages concerned and time-depth, it is
now possible to take a first look at the content of these proto-
phonological systems. In order to do so, we created a database –
BDPROTO - based on published material, containing for the
moment over a hundred proto-languages. We analyzed the overall
organization of those proto-phonological systems (number of
segments per systems, consonant/vowel ratio, average number of
consonants and vowels, frequency hierarchy of the segments...) as
well as in more details (proportion of front vs. central vs. back
vowels, rounding, different series of consonants, average number
of contrastive places of articulations...) and then compared it with
similar statistics for modern languages, based on the UPSID
database compiled by Ian Maddieson [4].

Such an enterprise is not straightforward, and although many
precautions have been taken while gathering and standardizing
the data, we can only very cautiously interprete our results. Far
from solely dealing with phonological typology, this research
also addresses issues about the reconstruction methodology as
well as about the real nature of the phonetico-phonological
behavior of languages.

We will first present our sample and then our comparative
results between 'synchrony and diachrony', and we'll end by
discussing more theoretical points.

2. BDPROTO: THE SAMPLE
In order to be able to make generalizations and not skew our
analysis, we need to have a sample representative of the genetic
classification of the world's languages. Following Rulhen's
classification [6], our sample covers sixteen out of his seventeen
families, and it also includes two isolated proto-languages
(sumerian, pre basque) and one member of a macro-family
(nostratic). Although it may sound paradoxal to use a
classification obtained by mass comparison to classify proto-
languages reconstructed using - or at least claming to use - the
comparative method, we should note here that we do not accept

this classification as a whole nor as the best representation of the
genetic situation, but simply as a practical mean to organize our
sample.

Even if we cover more than 90% of the families, we
recognize a disproportion in the representation of each family,
some have only one element (Khoisan, Caucasian, Eskimo-Aleut,
Na-Dene) where some others can have up to 18 (Austric) or 21
proto-languages (Amerind). However, we can balance this
apparent desequilibrium noting that the families with the largest
number of representatives are also the largest ones (Niger-
Kordofanian 12 proto-languages, Austric 18, Amerind 21), thus
turning hyper-representation into a better picture of the actual
diversity of these families.

We gathered a total of 113 reconstructed proto-languages but
we have only kept 95 of them for the sake of reliability and
representativity. (see Table 1.) We have eliminated some doubtful
proto-languages (proto Hokan, East-Nostratic, macro-Caucasian)
and when a particular branch was developed on three or more
levels, we did not take into account the middle nodes in order to
have a better trace of the evolution. We also dropped
reconstructions that were too close in the family tree (eg. West
Saxon, pre Anglian Old English too close to Middle English).

Table 1. Number of languages per family in BDPROTO
Khoisan 1
Niger Kordofanian 12
Nilo Saharan 4
Afro Asiatic 6
Caucasian 1
Indo Hittite 6
Uralic Yukaghir 7
Altaic 3
Chukchi Kamchatkan0
Eskimo Aleut 1
Elamo Dravidian 2
Sino Tibetan 4
Austric 18
Indo Pacific 2
Australian 2
Na Dene 1
Amerind 21
Isolated 2
Macro family 1

Another aspect of representativity is the one of time-depth.
We have in our sample, proto-languages going back as far as
6000 or 7000 years (Afroasiatic, Indo-European, Central
Khoisan) but we also have some of only a few centuries (Attic,
Middle English). This problem of time-depth is an important one,
the original idea of this project was to draw several pictures of the
phonological systems representing different levels of time-depth,
which would have been the best way of detecting particular
patterns of evolution. The fact is, that the further you go back, the
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less rigorous is the representativity of the sub-sample obtained,
and the fewer systems you have, thus making it hard for a
statistical study. Our decision has been not to distinguish different
levels of time-depth when considering the entire sample, but,
when possible, to do so within a family, that might enable us to
catch family-specific changes.

We want to make some remarks about the codification. A
great deal of the work has been done to standardize the different
codifications used by the authors (regarding school or family-
specific traditions or simply when thinking that the phonetic
interpretation of a symbol went without saying). We decided to
use the IPA alphabet to describe our systems. Thus, we made
correspondances charts for each of our proto-languages (we
would like to thank Ian Maddieson without whom several
misinterpretations of symbols would have been made).

3. STATISTICAL ANALYSIS
3.1. On systems
We will present the results and the analysis at the same time.

Before going into the detail of consonantal and vocalic
systems, we first give - in table 2. - results about systems in
general. Following Maddieson [4], we made the distinction
between vowel segment and vowel quality, the former covering
every vocalic segment, whereas the latter represents only the
vowel distinctions based on height, frontness and rounding. This
distinction corresponds to primary vs. secondary features, all
vowels having at least a value for the three primary features but
the secondary ones being not always present.

Table 2. General statistics on proto-phonological systems
Seg. Cons. Vowels Qualities V/C

BDPROTO 30.2 21.3 8.6 5.8 0.47
UPSID 31.0 22.8 8.7 6.3 0.40

Table 2. shows the stability of the overall organization of the
systems of the two databases, if anything we can note that the
difference in the number of segments in UPSID corresponds to an
increase of the number of consonants.

If we consider the average numbers of consonants and
vowels, we can use the most frequent segments to draw a picture
of the prototypical system, that is:

R�D V�F E�± M�I ! K 	£	 W

O P � 0 G Q

U�\ 5 Z J 	�	

N�T 	'	 	Ä	

Y L C

Although this picture reveals a perfectly organized consonantal
system, we looked at the languages containing around the average
number (between 20 and 22 consonants) and none of them
presented this exact pattern, two were very close (Môn and
Katouique with 19 out the 21 consonants) the others having only
around 14 of these segments. With a slightly different set (V5 but
no palatal stops, H and no Z), Maddieson draw the same
conclusion about the effectiveness of such a system (i.e. none of
the inventory of UPSID is exactly the same as the one obtained
with the most frequent segments). However, as we will see when
dealing with the subsets (consonants and vowels), they respect
the general organization of segments in terms of the proportion of

each categories of consonants. If we take into account the
prototypical vowel system and consider only the mean of vowel
qualities (vowels with no quotes), it is consistent with the systems
with 5 vowels /i e a o u/, which the great majority of them have.

3.2. On vocalic systems
Figure 1. shows that for both databases, the class of systems with
5 qualities is the most frequent and that very few languages have
more than 9 vowel qualities in their systems, when the system is
too crowded in qualities, they generally prefer to add a secondary
contrast (length, nasalization....).
This preference for 5 vowel qualities is reinforced by the fact that
the most frequent number of height levels is three.

If we now turn toward the details of the composition of these

systems (see Table 3), once again we can see slight differences
between the two stages of languages. If central vowels seems
more frequent (and front vowels less frequent) in UPSID, this
finds its explanation in the fact that, following the IPA, we
describe /a/ as being a front vowel whereas Maddieson choosed
to describe it as central. Note the similar percentage of peripheral
vowels, revealing their importance in the vocalic organization.

Table 3. Percentage of vowels in different categories averaged
across systems

Percentage
Front V.
UnR./R

Central V.
UnR./R

Back V.
UnR./R

Peripheral
Vowels

BDPROTO 56
97 / 3

8
94 / 6

37
4 / 96

88

UPSID 40
94 / 6

22
96 / 4

38
6 / 94

88

Table 4. is the most interesting one, it reveals variation in the
choice of secondary contrasts, the number of systems using
length has almost been divided by 2, and the number of systems
with nasalization multiplicated by more than 2.5. Here may lay an
illustration of the hypothesis of the cyclic nature of sound
changes, a more refined analysis, considering evolution within
particular families and taking into account several (if possible)
levels of time depth, might show different patterns of evolution
for these two contrasts, thus demonstrating the dynamic of
systems.

Table 4. Distribution of secondary contrasts
% systems with

contrast
Length Nasal ATR

BDPROTO 54 38,8% 8,2% 4,7%
UPSID 45 19,6% 22,4%

Figure 1. Distribution of vocalic systems 
according to the number of vowel qualities
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3.3. On consonantal systems
We will only give here results about the places and manners of
articulation of consonant.

100% of languages in both databases have at least one
plosive, the average number of plosives is 8.5 for BDPROTO and
10.5 for UPSID, distributed in respectively, 4 and 3.6 places, and
organized in 2.4 and 1.9 series. The main places are (with almost
equal percentages) bilabial, alveolar and velar, the most frequent
series being plain voiceless and plain voiced.

95.5% of the systems in BDPROTO have at least one
fricative (93.4 in UPSID), the average number being 3.9 (3.9 in
UPSID too), divided in 2.5 places in both cases, namely alveolar
and glottal (s and h).

If the percentages do not vary a lot with nasals (90% of the
systems of BDPROTO for an average number of 3,6, against 97%
for UPSID and an average of 2,9), what is interesting is that after
a shared prefered place of articulation for alveolar, the pattern is
the reverse for the second and the third places. BDPROTO
presenting the following order: velar>bilabial and UPSID
bilabial>velar. We shall suggest that this might be the result of
the temptation to systematically reconstruct a full serie of nasal
according to the corresponding plosive serie, and as velar plosive
are more frequent, it increases the number of velar nasals in
BDPROTO.

Yet, for liquids and approximants we turn back to more
ressemblances between the two databases. Both have around two
elements of each categories which are present in more than 87%
of languages, the favored places being alveolar for liquids (l,r)
and palatal and labial-velar for approximant (j and w).

4. THEORETICAL INSIGHTS
4.1. About the evolution of phonological systems
The most remarkable point of this comparative study is the fact
that there are no great differences between the "reconstructed"
and the "synchronic" levels of phonological systems. The first
interpretation is to say that sound changes are not teological and
that we cannot talk about an overall complexification or a
simplification of phonological systems in the course of their
evolution. Of course, relative complexification (and/or
simplification) may happen between two particular stages of a
language. We said that, due to the quality of our sample, we
should be very cautious when interpreting our results,
nevertheless interpretations here serve a double purpose: they
first are an analysis of the available material, and second they can
indicate directions in which to continue the research.

So, what can those directions be ? Saying that sound changes
are not teological is not to deny that they happen. They do, they
are frequent, important and sometimes they can change a great
deal of a system (or a sub-system). What it brings out is that we
need to find another motivation (another explanation) to why
changes occur. The idea we want to put forward here, is that
languages change because they are a "living phenomenon",
maybe not intrinsically but definitively in their use by humans.

Everyday, people are communicating, doing their best to
respect the articulato-acoustico-perceptual norms of speech,
fortunately most of the time with success. But, following John
Ohala's approach [5], sometimes they make mistakes when
parsing the acoustic signal, by hypo-correction or hyper-
correction, thus initiating a potential sound change. Another
source of change can be found when considering the acquisition
of language by children, although this process may be slower

than the preceding one, and not of the same nature if we take into
account not only the misparsing errors but the fact that the vocal
tract is still in development. Another is the phenomenon of
contact, people speaking languages of variable typological
distance talk together everyday, sometimes borrowing features
(when not segments) from the neighboring community's language
and thus modifying their own.

All these external factors force languages to change, but it
has long been known, that sound changes are not random but
rather directional and, we shall suggest, cyclic, when being driven
by physiological constraints. What is interesting then, is to
understand the forces (internal factors) that put some limitations
on the phonological changes of a particular language. Those can
be found in the physical foundations of speech, namely the
constraints of the vocal tract, the acoustic and perceptual cues of
speech. Also, it appears that, as a complex system, language
shows patterns of self-organization, among these emergent
properties, we can cite for vocalic systems, the size principle
(Lindblom and Maddieson [2]), vowel dispersion (Liljencrants
and Lindblom [1]), sufficient contrast (Lindblom [3]) and to some
extent focalization (Schwartz & al. [7]).

To summarize this part, we'll say that as no teological
purpose is responsible of the constant mutations of languages, we
should ascribe it to their living aspect, which, following
evolutionary theories dealing with interaction of man with his
environment, require languages to adapt to the errors of
production, perception, acquisition and to the phenomenon of
language contact.

4.2. About the phonological side of languages
What the comparison of proto and modern phonological systems
also reveals, is, to some extent, how phonological systems are
organized in terms of contrasting elements. Instead of dealing
with particular segments, we believe it is advantageous to think in
terms of oppositions. The segmentation undertaken by
phonology, turning a continuous reality (the speech string) into
discrete units, may be a bias against the understanding of how
speech works. Far from being singular, both in their production
and perception, segments are plural, and the set of variations of
their realization is precisely what enables languages to change.
Nevertheless, segments are part of a system of opposition where
what matters is not really the production of a particular sound
itself, but rather the fact that it contrasts with others. It is the
general organization of the languages that presents regular
patterns, when taken separately, languages reveal a large
variation both in synchrony and in diachrony. The idea here is
that it is not as important, for example, to find out the exact
degree of height of a vowel than to consider how many degrees a
language uses.

4.3. About the comparative method
When one reconstructs a proto-phonology, no matter how
accurate the phonetic description of the languages compared, one
can never be sure of the phonetic interpretation of the proto-
segments reconstructed. Not only is the fact that a certain
community somewhere back in time spoke the proto-language
hypothetical, but the possibility of recovering the entire
allophonic system is as well. The point is that this system, we
think, is the one that gives the boundaries within which a
language can change. Thus, how can we rely on the set of
phonemes –rather than sounds- that has been reconstructed, to
describe the presence or the absence of such a feature, of such a

page 355 ICPhS99          San Francisco



contrast, when knowing that we can only reconstruct something
that left a trace in the daughter languages ? In other words, it
seems like a "natural skew" of the comparative method to only
enable to reconstruct what we can access by the existing
description of modern languages, thus, consequently showing
logical similar phonological systems for both synchronic and
diachronic levels.

Nevertheless, we are not saying that comparative work is not
worthy of analysis, we just want to draw attention on that in order
to point to a potential methodological skew. Moreover, in our
opinion, there is no reason to think that languages should have
changed drastically during the last ten thousand years, other than
within the limits of the natural evolution induced by the use of
language, as described in 4.1.

5. CONCLUSION AND PERSPECTIVES
To be sure, these results are preliminaries to further research,
though it seems like no great changes happened between the two
stages, a refined analysis (almost considering one system at a
time) has to be done, and it might reveal evolutions in some
smaller domains of phonological systems or also within particular
families.

REFERENCES
[1] Liljencrants, J., Lindblom B. 1972. Numerical simulation of vowel
quality systems. The role of perceptual contrast. Language 48.839-862.
[2] Lindblom, B., Maddieson, I. 1988. Phonetic universals in consonant
inventories. In L. M. Hyman & C. N. Li (eds), Language, speech, and
mind: Studies in honor of Victoria A. Fromkin. London : Routledge. 62-
80.
[3] Lindblom, B. 1986. Phonetic universals in vowel systems. In J. J.
Ohala & J. J. Jaeger (eds), Experimental phonology. Orlando, FL:
Academic Press. 13-44.
[4] Maddieson, I. 1986. Patterns of sounds. Cambridge University Press.
[5] Ohala, J. 1993b. Sound change as nature's speech perception
experiment. Speech Communication. 13:155-161.
[6] Ruhlen, M. 1987. Classification of the world's languages. Vol. 1:
Classification. Stanford University Press. Stanford, California.
[7] Schwartz, J.L., Boë, L.J., Perrier, P., Guérin, B., Escudier, P. 1989.
Perceptual contrast and stability in vowel systems: a 3-D simulation
study. Eurospeech 89. Paris. Vol. 1/2, 63-66.

APPENDIX: LIST OF PROTO-LANGUAGES OF BDPROTO
pre basque katouique
pomo australian
sangiric edoid
polynesian afroasiatic
lakkja cushitic
malayo polynesian lower sepik
old chinese takanan
eskimo early proto finnic
yokuts lapp
tano congo uto aztecan
quichean mixtecan
old telugu popolocan
dravidian chiapanec manguean
karen otomi
lower cross zapotecan
ijo chinantecan
plang zoquean
anatolian totonocan
sabaki semitic
môn common berber
new caledonian lolo burmese
philippine chadic
maba uralic
mandekan samoyed

huon gulf ob ugric
markham finno permic
lakes plain sara bongo baguirmian
east tariku gbaya
west tariku bantu
ainu gorokan
mande otomanguean
central gur algonquian
kimbe salish
austronesian chimakuan
ongamo maa paman
nubian japanese
common nordic pre nizaa
germanic guang
middle english attic
indo european vietnamien
kartvelian coptic
altaic micronesian
sumerian maidun
nostratic keresan
central khoisan athapaskan
mayan chibcha
finno-ugric tai
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ABSTRACT
This study was designed to investigate universal mechanisms
governing patterns of VH. By discovering how listeners deal with the
contextual variation of vowels in the context of other vowels, we
look for evidence of the phonetic “seeds” of VH in languages which
synchronically do not exhibit it. Listeners’ criteria for front-back
differentiation of V1 when V2 is a high front vowel are tested. The
main hypothesis being tested is that a postconsonantal [i] will cause
the vowel in the preceding syllable to be perceived as less fronted,
due to listeners' perceptual correction of vowel backness in the
environment of an adjacent front vowel. The results show that a
postconsonantal front vowel affects the perception of a preceding
vowel by causing this to be perceived as less fronted. The results,
however, could be explained as contrast effects. This requires a
deeper investigation of the perceptual mechanisms giving rise to VH.

1. INTRODUCTION
Vowel harmony (VH) is a widespread phonological phenomenon
whereby vowels in a word or phrase are modified under the
influence of a vowel occurring within the same domain, so that
all the vowels in that domain come to share some of their
parameters, such as the front/back or the height parameter.
Typically, VH is manifested in morphological or morpho-
phonemic processes, and the vowels in inflectional endings and
functional affixes have variable forms which tend to ‘agree’
phonetically with the vowels in neighboring nouns, verbs and
adjectives. In Hungarian, for example, the vowel of the plural
suffix varies according to the vowels in the noun root, e.g.,
/astal/ “table” ~ /astalok/ “tables”; /ember/ “man” ~ /emberek/
“men”. The general understanding of VH captures the intuition
that VH is a dynamic process involving the interaction of a
sequence of vowels. However, much of the universal
mechanisms governing patterns of VH are still unaccounted for
[1]. For example, it has not yet been explained why only some
properties of vowels, such as fronting or roundness, are subject
to harmonic processes, while others, like duration or
diphthongization, are not. Likewise, no phonetic account has
been provided of the different segments which may block
different harmony systems. Such is the case of oral obstruents
blocking the spread of nasalization in nasal harmony. The
existence of vowels that are neutral to the harmonization process
in VH languages is also still unexplained. In Finnish, for
example, the front vowels ä ö y cannot co-occur with the back
vowels a o u in the same non-compound word (e.g., /musta/
“black”, /vaara/ “danger”; /köyhä/ “poor”, /väärä/ “wrong”).
The two neutral vowels e and i, however, can appear in words
with either front or back vowels (e.g., /saari/ “island”, /sääri/
“leg”; /huone/ “room”, /pääte/ “ending”).

The possibility of providing an explanation for some of the

mechanisms governing patterns of VH arises if VH is considered
as the fossilized or phonologized result of between-vowel
assimilation. If the view is accepted that before a given
phonological variation can develop, it must have phonetic
‘seeds’, then the examination of phonetic patterns can give us
clues about the emergence of phonological processes. This study
was designed to investigate some of these phonetic patterns.

It has been shown (e.g., [2]) that, in normal speaker-to-
listener interaction, listeners can generally compensate for the
distortion in the speech signal by reverting to their linguistic
experience and thus parse the influence of contextual effects on
speech segments. When listeners fail in their corrective strategy,
there is potential for sound change. So, sources of perceptual
ambiguity for the listeners are possible sources for sound
change. Discovering listeners’ mechanisms for dealing with the
variation of vowels in the context of other vowels can give us
insights into the emergence of VH.

Phonetic studies on V-to-V processes have suggested the
possibility of finding phonetic explanations for the patterning of
VH in the production and perceptual domains. It has been shown
that, due to coarticulation, the formant patterns of V1 in V1CV2
sequences are variable and affected by the quality of V2 [3]. In
addition, vowels are perceived in relation to their flanking
vocalic context, due to the tight coupling of the listener’s
production and perceptual strategies [4]. Our hypothesis is that,
if we can demonstrate that listeners correct for the predictable
distortion of an adjacent palatal vowel, and thus accept as a back
vowel a vowel that is more front than usual, it is also possible to
predict that a failure in the listeners’ perceptual correction
mechanism of vowel backness in the environment of an adjacent
palatal vowel can lead to palatal VH.

When considering the contextual effects of coarticulation
on the perception of vowels, caution should be taken to rule out
the possibility of contrast effects. These are well known
phenomena and occur when the identification of a sound is
affected by its context in a dissimilative way [5, 6]. It is often
difficult to distinguish coarticulatory and contrast effects
experimentally. However, evidence that dissimilatory perception
occurs in the absence of clear coarticulatory influences should be
an indication of dominating contrast effects.

2. EXPERIMENT I
A first experiment was designed to test the following
hypotheses: 1) in a V1CV2 sequence where V2 is [i], C is [b]
and V1 is part of a continuum spanning from [i] to [u], V2 will
cause V1 to be perceived as less fronted due to listeners’
perceptual correction of vowel backness in the environment of
an adjacent palatal vowel; 2) a shorter intervocalic interval will
have a greater effect than a longer one; 3) this perceptual
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process will be independent of the listener’s native language.

2.1. Method
2.1.1. Stimuli.  A short  (100 ms)  and a long  (150 ms) 19-point
/i–u/ continua were created by manipulating the LPC
coefficients of a single /i/ vowel. Four more continua were
created by splicing onto the two isolated vowel continua a short
and a long /-'bi/ sequence (where /b/ was either 60 ms or 90 ms
long). The two isolated vowel continua served as control stimuli,
while the four combinations of /V'bi/ were designed to test the
effect of the V-to-V interval duration on the perception of V1.
The duration of the vowels and consonants, as well as the
formant frequency values of the vowels at the endpoints of the
continua, were chosen between possible values of American
English and Italian. The F1, F2 and F3 values for [i] were: 300,
2258, 2960 respectively; for [u] they were: 300, 860 and 2260.
In the continua F2 was decreased by steps of 45-50 Hz up to
1700 Hz, and then by steps of 140 Hz; F3 was decreased by
steps of 20-25 Hz up to 2680 Hz and of 70 Hz afterwards. This
particular variation in F2 and F3 was made non-linear to make
the crossover between vowel categories closer to the middle of
the continuum. A pilot experiment had shown that without this
adjustment the categories saturated to /u/ for almost the entire
continuum.

2.1.2. Subjects. The subjects of the experiment were 20 native
speakers of American English and 20 native speakers of Italian,
non-paid volunteers. English and Italian present relevant
differences with regard to vowel and consonant contrasts and to
vowel inventory size. English has no vowel or consonant
contrasts depending solely on duration, while Italian has
consonant but not vowel contrasts depending solely on duration.
The difference in vowel inventory size and systems of contrast
between the two languages --Italian having fewer vowels than
English-- may have consequences on the way the two languages
allow for vowel-to-vowel coarticulation [7]. Most importantly,
neither language has VH among its current phonological
processes. It is appropriate to seek the universal phonetic basis
of a common cross-language sound pattern in languages which
do not at present show the phonologization of the given pattern
[2].

2.1.3. Presentation. The stimuli were presented to the listeners
through headphones over a computer. The first part of the test
consisted of the four /V'bi/ continua, each token repeated twice
and randomized, for a total of 19 x 4 x 2 = 152 trials. The
second part consisted of the two isolated vowel continua, each
token presented twice and randomized, for a total of 19 x 2 x 2 =
76 trials. In each part, the subjects were to make a forced choice
judgement of the target vowel by clicking on an [i] or an [u] box
on the computer screen. The subjects were told that we were
trying to assess vowel quality for a speech recognition system
and their task was to help us decide how to classify vowels. The
whole session lasted 10 minutes.

3. RESULTS
Figures 1-4 present the results of the experiment, in the form of
probability of ‘i’ judgements. In all the figures, a smooth curve
calculated with Probit analysis is superimposed on the raw data.

Each data point represents 40 judgements (20 subjects x 2 token
repetitions). In the figures, the numbers on the x axis correspond
to the stimulus number, so that 1 and 19 represent the first and
last endpoint stimuli, i.e., [i] and [u] respectively; the values on
the y-axis indicate the probability of ‘i’ judgements, from 0 to 1
(a decrease in number of ‘i’ judgments indicates a shift in
perception in the expected direction, i.e., that more tokens have
been identified as ‘u’). The statistical analyses (ANOVA's), both
between and within group, were performed on the raw data.
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Figs. 1 (Americans) and 2 (Italians): Fitted curves to the data
showing identification as /i/ of the stimuli from the /i-u/
continuum in isolation.

In Figures 1-2, showing the results for the isolated vowels,
both language groups show saturated judgements at 0 and 1
endpoints, which indicates that the subjects had no trouble
identifying the endpoint vowels [i] and [u]. The two language
groups differ in where they have the crossover between [i] and
[u]. For the Americans it is around token 11 for both continua,
while for the Italians it is around 11-12 for the short vowel
continuum and around 12 for the long vowel continuum. The
difference in identification of short vs long isolated vowels does
not reach significance. The language effect, L, is significant
(F(1,76) = 76.05, p=0.004).
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Figs. 3 (Americans) and 4 (Italians): Fitted curves to the data
showing identification as /i/ of the stimuli from the /i-u/
continuum in the context /V'bi/ (conditions: long vowel + long
/b/; long vowel + short /b/; short vowel + long /b/; short vowel +
short /b/).

Figures 3-4 show the results for the vowels in the /V'bi/
continua. Here too, both endpoints of the continua for both
groups show saturation. Compared to the data of the vowels in
isolation, these data show that there is a clear shift in the
probability of 'i' judgement due to context. For the Americans,
the crossover between [i] and [u] has shifted to token 10 for the
short V1 continua and between token 8 and 9 for the long V1
continua. For the Italians, the crossover between [i] and [u] is
around token 9 for both the [V:bi] and the [V:b:i] continua,
around 10 for the [Vbi] continuum and around 11 for the [Vb:i]
continuum. The language as well as the context effect, C, are
significant (for L, F (1, 152) = 6.44, p=0.01; for C, F (3, 152) =
4.40, p=0.005). The differences in the two experimental
conditions (i.e, isolated vowels vs four /V'bi/ continua) are
significant both for the language and the context factors (for L, F
(1, 335) = 24.74, p=0.000; for C, F (1, 390) = 28.84, p=0.000).
The effect of the four /V'bi/ conditions is different for the two
language groups. The Americans show two distinct trends, one
for the two /V'bi/ continua with short V1 and the other for the
two continua with long V1 (for C, F (3, 76) = 5.09, p=0.003) –
this latter causing a greater shift in perception than the former.

The Italians too show a greater perceptual effect for the two long
V1 continua, but of the two short V1 continua, the one where
the vowel is followed by a short consonant has a greater effect
than the one where it is followed by a long consonant, which
reflects a sensitivity to the long-short consonant distinction (but
the difference between the conditions is not significant).
Unexpectedly, for both languages a longer vowel-to-vowel
interval appears to cause a greater shift in identification
threshold than a shorter one.

4. DISCUSSION
The results of experiment I point to the existence of a vowel-to-
vowel perceptual effect affecting V1. For both language groups,
the probability of 'i' judgements for V1 decreases when the
stimuli are in the environment of an [i] in the following syllable,
i.e., when they occur in the /V'bi/  context as compared to when
they are found in isolation. In other words, the listeners identify
the first vowel as ‘u’ a greater number of times. This finding
could be explained as due to listeners’ compensation for the
effect of the neighboring vowel by accepting as a back vowel /u/
some vowels that previously had been identified as an /i/. This
would mean that listeners have learnt to expect that a high back
vowel followed by a high front vowel becomes fronted and that
this phonetic effect (back vowel fronting) occurs in their
language. The failure to normalize this effect could be seen as a
possible explanation for how VH arises.

However, the pattern observed might also be due to
contrast effects. According to [4], a contrast effect on a V-to-V
sequence would work by erasing the coarticulatory influence of
the neighboring vocalic context. Contrast effects would also
work in the opposite direction, and be similar in magnitude, as
coarticulatory effects. Accepting accounts that explain the
observed perceptual patterns as due to contrast effects would
disregard the tight coupling between the listener’s production
and perception strategies, which is undesirable. To examine if
the results obtained with our experiment are due to contrast
effects, which would yield similar results, we decided to run a
second experiment.

5. EXPERIMENT II
The hypothesis to verify with this experiment was: the existence
of contrast effects would be proven if, in a sequence of two
vowels separated by a certain time interval, the second vowel
influences the perception of the first vowel, and this effect is
comparable in magnitude to the effect observed in experiment I.

4.1. Method
4.1.1. Stimuli. Using the same short (100 ms) and long (150
ms) 19-point /i–u/ continua as in experiment I, four more
continua were created, in which the short or long vowel of the
continuum was followed, after a 650 ms time interval, by either
[i] or [u]. The duration of the time interval was designed to be
long enough to avoid sounding like an actual utterance. The
duration of the second vowel was the same as the duration of V2
in the /V'bi/ sequence.

4.1.2. Subjects and presentation. The subjects of the
experiment were, again, 20 Americans and 20 Italians, all native
speakers, non-paid volunteers. The stimuli presentation was the
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same as that described in 2.1.3. above.
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Figs. 5 (Americans) and 6 (Italians): Fitted curves to the data
showing identification as /i/ of the stimuli from the /i-u/ continuum
in the context /V/, 650 ms time interval, and /i/~/u/ (conditions: long
vowel + /i/; short vowel + /i/; long vowel + /u/; short vowel + /u/).

6. RESULTS
Figures 5-6 show the results of experiment II. The data are
represented as explained in 3 above. The two languages have
clearly different crossover points for the four continua. Both the
language and the context factor are significant (for L, F(1,152) =
765.9, p=0.00; for C, F(3, 152) = 158.47, p=0.00). The
Americans have crossover points around tokens 8-9 for the
/V:_i/ continuum; tokens 9-10 for the /V_i/ and the /V:_u/
continua; and token 11 for the /V_u/ continuum. The differences
due to context are significant (for C, F(3,76) = 61.61, p=0.04).
The Italians have crossover points around token 10 for both the
/V:_i/ and the /V_i/ continua, and at token 13 for the /V:_u/ and
the /V_u/ continua. These differences are significant (for C,
F(3,76) = 138.41, p=0.00).

Comparing these results with those from experiment I, the
Italians show evidence of a contrast effect for all four context
conditions. This is shown by the fact that in the /V:_i/ and /V_i/
conditions the number of ‘i’ judgements has decreased when
compared to the judgements of the vowel in isolation, which
shows that the percept has shifted to ‘u’ a greater number of

times for contrast with the second /i/. In the /V:_u/ and /V_u/
conditions the number of ‘i’ judgements has increased as
compared to the judgements of the vowel in isolation, which
shows that the percept has shifted to ‘i’ a greater number of
times for constrast with the second /u/. The effect is similar in
magnitude to the effect obtained in the four /V'bi/ continua. The
Americans show evidence of a contrast effect for the /V:_i/ and
the /V_i/ conditions: here too the number of ‘i’ judgements has
decreased when compared to the judgements of the vowel in
isolation, and the effect is similar in magnitude to the effect
obtained in the four /V'bi/ continua. For the two /V:_u/ and
/V_u/ conditions the data are less clearly interpretable, since the
former shows a decreased number of ‘i’ judgements, and the
latter an about equal number of ‘i’ as when the vowel is in
isolation.

7. FINAL DISCUSSION AND CONCLUSIONS
We presumed that listeners adjust their criteria for vowel
interpretation in environments where they expect some
coarticulatory distortion of the vowel quality. In the search of
perceptual correlates for VH, we though that the failure to
implement this strategy could be a plausible source for the
emergence of VH in languages. When we set out to prove this
hypothesis, some data in our experiment led us to suppose that
contrast effects may be responsible for the results obtained. A
second experiment showed us that, in fact, the results are in the
direction of contrast. V-to-V contrast effects appeared significant
in spite of the long duration of the time interval between the two
vowels. The two languages examined have appeared to be
different in the way in which the four contextual conditions
affect the shift in perception. This suggests that universal, as
well as language-specific factors may be involved. However, the
main question remains unanswered: if the V-to-V effect found is
due to contrast, how does VH come about? How can we explain
VH if there are forces resisting it? At some point listeners have
to learn to expect that a vowel is colored by some other vowel in
order for VH to take place. More research is needed to better
understand V-to-V perceptual mechanisms so that a phonetic
account of VH can be given after the contrast effect has been
ruled out.
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ON THE PRESENCE OF /λ/ IN THE HURON LANGUAGE

Benoît Jacques  and Michel Gros-Louis
Université du Québec à Montréal, Canada

ABSTRACT
The aim of this paper is the study of a particular point of the
Huron, a language of the Iroquoyan family spoken in the
village of Wendake (or Lorette), near Quebec City, Canada, and
in the State of Oklahoma. In 1904, it was noted that the Huron-
Wendats of Lorette had introduced the letter ‘ L ’ in their
proper names at the places where the comma was found of the
old documents. Now, in the Huron-Wyandot spoken in
Oklahoma, the same comma has been replaced by the letter
‘ Y ’, pronounced /j/ by the actual speakers. So, the same sound
seems to have evolved differently in the two communities. This
led us to make the hypothesis that the unknown sound that gave
origin to the two actual phonetic realizations was a palatal
lateral, a hypothesis that our findings tend to confirm.

1. INTRODUCTION
 The descendants of the Huron nation live in Wendake,
formerly known as Lorette, near Quebec City, Canada, and in

the State of Oklahoma. The Hurons of Oklahoma are now
known as Wyandots, whereas those of Wendake are known as
Wendates. The problem in describing the language is due to the
fact that the last subjects who spoke it as a mother tongue died
at the beginning of this century. The French missionaries who
trancribed the language in the XVIIth Century, using the Latin
alphabet, lacked symbols to note phonemes that were not used
in French. They compensated by using various graphic signs,
such as the comma, the theta, the subscribed iota or the
apostrophe, and provided a summary explanation of them.
Therefore it is very difficult to get an exact idea of the
pronunciation of Huron spoken in the XVIIth, XVIIIth and
XIXth Centuries on the sole basis of these documents.

During the XIXth Century, the letter ‘L’ began to appear
in the Wendate dialect, especially in topographic names, but
also in the current vocabulary. It seems that the pronunciation
had evolved, and at that time the Hurons themselves were the
writers. Table 1 shows examples of this evolution.

XVIIIth Century Wendat Wyandot Glosis
,arha larha yarha forest

,anonchia lanonchia yanonshia house
,andi,onra landilonra yadironra thought
,aronia,re laronhiale yaronya'ye in heaven

Table 1, Evolution of the pronunciation in the Wendat and Wyandot dialects.

As for the Wyandots, who migrated to Ohio, Detroit and
Kansas before settling definitely in Oklahoma, they used
systematically the letter ‘Y’ where the comma was used in
older documents. Marius Barbeau [1], who made  the
recordings that we used for our  study, says that the sound
corresponding to this letter is the semivowel /j/ as in the
English word ‘yes’. The aim of our work is to find out the
characteristics of a sound that is now written with the letter
‘ L ’ in Wendat and with the letter ‘ Y ’ in Wyandot, our
hypothesis being that the exact sound is a palatal lateral /λ/. On
that respect, Lounsbury [2] questions the phonetic value of the
letter ‘Y’ used by the Wyandots: « The exact pronunciation of
Huron ‘Y’ is open to question, since it is no longer possible to
consult speakers of the language, but Potier described it as a
‘semi-letter’ equivalent to ‘i’, and the other French writers
noted it as a subscribed iota ». In other words, is it a /j/, an /l/
or a third sound that takes some characteristics of the first two?
We intend to answer this question on the basis of acoustic
analyses of wax cylinder recordings made at the beginning of
the century from last native speakers of Wyandot.

2. METHOD
2.1. Summary
The wax cylinder recordings were digitized and analyzed. The
formant frequencies and the duration of the consonant and its
adjacent vowels were measured. The measurements were
compared to the data available on palatal glides and laterals as
described in section 2.3. and then they were used to synthesize
the sounds thus eliminating the surface noise of the wax
cylinder recordings and restoring a part of their acoustic
quality. These synthesized stimuli were submitted to the
judgment of French and Spanish language speakers, the former
language not having /λ/ as a phoneme, the latter having it. The
listeners were asked to tell what sound they heard. Then in
order to find out the exact nature of the analyzed segment, we
synthesized the sequence /ala/ in which we assigned different
F1 and F2 frequencies to the /l/ portion.

2.2 The corpus
The corpus we worked on comes from the Huron dialect of
Oklahoma. It was recorded on wax cylinders by the
anthropologist Marius Barbeau for the Canadian Museum of
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Civilization during the summers of 1911 and 1912. It goes
without saying that the quality of these recordings is very poor.
The frequencies higher than 2000 Hz are lost and so is the
fundamental frequency. Moreover, there is a strong background
noise that prevents from identifying the sounds with precision.
On the other hand, these are the only existing audio documents
on the Huron language. Figure 1 shows a sample of a sonagram

made from these recordings. The corpus contains no more than
40 Huron words, and only a few of them can give information
on the phoneme that is the object of our study. Nevertheless, we
got good examples of the segment in initial and intervocalic
positions, most of them preceded and followed by vowel /a/.
For our analysis, we retained 10 words in the context of this
vowel.

          a         Y a g   e      n

Fig. 1.  Sonagram of the word ‘aYagen’.

2.3 Identification criteria
2.3.1. /j/. According to Chafcoulof [3], the palatal glide /j/ is
characterized by the following formant structure:
F1 = 250~275 Hz, F2= 2500~2700 Hz, F3= 3000~3100 Hz.
It is to be noted that a glide has seldom a long steady state, and,
in the case of /j/, important CV transitions can be seen.
2.3.2 The lateral. According to the same author, the duration is
what allows to distinguish in a definite manner a lateral
consonant from a glide, García Jurado et al. [4] emphasize as
well the duration as a parameter for identifying a lateral.
Furthermore, O’Connor et al. [5] and Lisker [6] consider a
steady state duration of 50 ms. as a minimum for /l/ to be
accurately identified. Of course /j/ may also be that long, but it
is seldom longer. Generally speaking, a lateral has long steady
states and short CV transitions. But the transitions of a palatal
lateral may be a little longer because it is articulated with the
tongue body, a rather big organ. O’Connor et al. [5] mention
that the F2 of a lateral may vary between 840 and 1700 Hz in

the context of vowel /a/. They add that the closer to 1800 Hz F2
is, the more palatal the consonant is. For Chafcoulof [7],
however, F1 may be high, but it is important to put F2 no
higher than 1900 Hz, so that it could not be confused with /j/.
Finally, according to Recasens et al. [8], « German speakers
exhibiting a high F2 frequency at about 1800~1900 Hz present
maximum dorsopalatal contact ». F3 is around 3000 Hz, but it
is not relevant in our analysis, because it did not appear on the
spectrograms.

3. FINDINGS
3.1 Formant frequencies and durations
Tables 2 and 3 show the formant frequencies and steady state
durations for the occurrences of the sound corresponding to the
letter ‘Y’ in the Oklahoma dialect. There is still one unknown
meaning, since Barbeau did not provide any of them. Some
meanings are even lost by the Hurons themselves.

Words Meaning F1 (Hz) F2 (Hz) Steady state duration (ms)
ayataste I am heavy 762 1667 67
ayaden (meaning unknown) 763 1752 111
ayagen I am seeing it 763 1611 141

ayaraskua I am leaving 763 1611 113
yayatha pupil (of the eye) 1015 2028 174
Table 2. F1, F2 and duration of the sound corresponding to the letter ‘Y’ in Oklahoma dialect, intervocalic position.
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Words Meaning F1 (Hz) F2 (Hz) Steady state duration (ms)
yaa 'ta Body 1017 1582 119

yadakia (meaning unknown) 763 1724 126
yaton I am lost 819 1526 90

yagwenda eye 840 1950 48
yayatha pupil (of the eye) 1044 1623 91
Table 3. F1, F2 and duration of the sound corresponding to the letter ‘Y’ in Oklahoma dialect, word initial position.

As it can be seen on the tables, the F1 frequencies measured
on the occurrences of the Wyandot ‘Y’ are much higher than
those of the corresponding formant of a palatal glide and even
higher than those usually found in alveolar laterals. In fact,
F1 frequency is the same as F1 frequency of the adjoining
vowel /a/. This gives a good cue concerning the nature of the
phoneme. In intervocalic position F1 is lower than in initial
position, but still much higher than the F1 of a /j/ or a /l/. As
for F2, in both positions, it is lower than the corresponding
formant of the palatal glide, the mean frequency obtained
from the measurements of the ten words is around 1700 Hz.
Some of the F2’s respond to O’Connor’s and Recasen’s
definition of a palatal formant, but some others do not. The
mean frequency of the vowel F2 is 1300 Hz, therefore a
positive transition is observed for this formant, but the
difference between the F2 frequency at the onset of the vowel
and  the frequency of the same stabilized formant within the
vowel does not exceed 400 Hz except for two cases. As for
the duration, it is longer than 100 ms. in all intervocalic
positions but one. As normally expected, there are shorter
steady state durations in word initial position. The 174 ms.
duration observed  in the word ‘yayatha’ (Table 2), may be
due  to gemination. These results are far from the acoustic
parameters of a palatal glide,

3.2 Checking with synthesis. To find out the real nature of
the phoneme, we synthesized the words with a Sinpar
synthesizer, This software is a Klatt cascade formant
synthesizer, using the mouse for the tracing of some
parameters, such as the formants, the bandwidths, the
intensity of voicing and noise and the fundamental frequency.
So we could copy the parameters that were visible on the
spectrograms, thus eliminating the noise and keeping only the
relevant features. The 10 stimuli were submitted to the
judgement of Canadian French and Spanish speakers, the
former not having palatal /λ/ as a phoneme in their own
language, the latter having such a phoneme as we said earlier.
Yet the palatal glide exits in both languages. The results were
the following: According to the French speakers, the
consonant was neither /l/, nor /j/. On the other hand, the
Spanish speakers identified the consonant as a /λ/ slightly
different from the consonant they used to pronounce, but a
palatal /λ/ anyway.

3.3 Cues for identification. We carried out a last experiment
in order to find out which were the cues that made us identify
a /λ/. To that end, we drew on the synthesizer a /aCa/

sequence, where 'C' is a consonantal segment, using only F1
and F2, the only visible formants on the spectrograms. In the
steady state portion of the consonant, F1 and F2 frequencies
were set at 400 Hz and 1650 Hz respectively, consequently
with positive F2 transitions. This gave a /ala/ sequence with
an alveolar clear /l/. Raising F2 up to 1800 Hz gave a palatal
lateral, as expected. Now, putting back F2 to 1650 Hz and
gradually raising F1 up to the values that were measured on
the spectrograms (762 Hz and more) also changed the lateral
from alveolar to palatal. Most of the consonants ‘Y’ of our
sample, although they did not have very acute F2’s, had
nevertheless high F1’s and were recognized as palatal laterals.
With F1's that high, one should hear 'r' sounds [7], but the
positive F2 transitions seem to prevent such auditory
perceptions.

4. CONCLUSION
Our experiments tend to confirm our hypothesis: The last
individuals who spoke Huron as a mother tongue in
Oklahoma used a /λ/, and not a /j/ as Barbeau thought. This
can explain why the same phoneme evolved in two different
ways in actual Huron what is an alveolar lateral in Wendat
and a palatal glide in Wyandot. The main cues for the
identification of the said consonant are a high F1, together
with positive transitions and long steady state duration. We
do not consider these results as definitive, but they make up
an interesting path for further research.
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PRECISENESS OF TEMPORAL COMPENSATION
IN JAPANESE MORA TIMING
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ABSTRACT
This study was motivated by a hypothesis that mora-timed
Japanese would show a stronger tendency to keep CV length
equal than other languages, because CV must not be too long in
Japanese where CV and CVC / CVV have a durational contrast.
Thus from this hypothesis, the magnitude and preciseness of the
temporal compensation effect is expected to be larger for
Japanese than those for other languages.  Previous studies only
examined the existence of temporal compensation; the issue of
how differently temporal compensation is performed depending
on a language has not been considered.  Comparing Japanese
with Korean and Chinese that have different timing patterns from
Japanese, the results of this study confirmed the above hypothesis
holds true at least within the speech context in this experiment.
The magnitude of V changes to compensate for the C differences
was larger in Japanese than the other two languages.
Furthermore such temporal compensation was more consistently
performed, resulting in stable CV length.

1. INTRODUCTION
It has been questioned in the literature whether moras in Japanese
are constant in duration.  While some experimental results
showed that Japanese mora timing keeps each mora equal in
duration [2], other researchers found no acoustic evidence to
support the mora as a constant time unit [1].  Among these
studies some researchers claimed that a temporal compensation
effect between consonant and vowel (vowel duration is inversely
related to consonant duration) is an acoustic evidence for
Japanese mora timing.  For example, Port et al. (1980)[6] and
Homma (1981) [3] claimed that the temporal compensation effect
between consonants and vowels within the –VCV- level or the
word level is a unique characteristic of Japanese mora timing. On
the other hand, other researchers such as Otake (1988)[5] claimed
that it is simply a universal phenomenon that can be observed in
any language.  These studies, however, have not considered to
what extent temporal compensation is realized depending on the
language.  It is possible that mora-timed Japanese controls CV
units more precisely to make these rhythmic units isochronous
than languages of other rhythmic types such as syllable timing,
because mora-timed Japanese must maintain a durational contrast
between CV (1 mora) and CVC or CVV (2 moras).  If consonant
or vowel segment in CV units in Japanese were too long, CV
would be mistaken for CVC or CVV.  Such cases frequently
happen in the productions of Japanese by nonnative speakers

(Minagawa-Kawai & Kiritani, 1998) [4] ; e.g. "katana" (3 moras)
produced by nonnative speakers are sometimes perceived as
"kattana" (4 moras).  Consequently, a stronger tendency for
temporal compensation, in other words, more constant CV unit
despite the large differences in inherent duration of different
segment types, may be expected for Japanese productions.
     The present study is a preliminary experiment examining the
extent and preciseness of temporal compensation within the CV
level, the –VCV- level and the word level for Japanese, Chinese
and Korean.  Comparing the extent and preciseness of temporal
compensation in Japanese to those of Chinese and Korean that
have different timing control from Japanese, we discussed to
what extent Japanese maintains CV moras equal despite the
various segment types.

2. METHODS
2.1. Materials
The nonsense words “maCVka” and “maCVnka” where the CV
is /ra, ba, sa, ri, bi, si/ was inserted in a carrier sentence in the
production experiment.  As a liquid consonant, /l/ was used for
Chinese speakers, because /l/ in Chinese is more phonetically
similar to /r/ in Korean and Japanese than Chinese /r/.  To make
the acoustical conditions of the target word in each language
uniform, the accent was assigned to the initial syllable that
resulted in the HLL structure.  Furthermore, for Chinese
materials, Chinese characters for the target word chosen have the
third tone to prevent large differences in pitch contour depending
on the language groups.  This study only dealt with the results of
“maCVka” words.  All the words where each word was repeated
five times were randomized in the word list for the recording.
These words were written in Kana orthography for Japanese
subjects and Hangul orthography for Korean subjects and
Chinese characters for Chinese subjects.  The carrier sentences
used were "moo ichido --- to itte kudasai." for Japanese and "han
pyeondyeo ---- ra go malhae juseyo." for Korean.  This means "
Say ---- once again".

2.2. Subjects
Six standard Japanese speakers from Tokyo, seven speakers of
Mandarin Chinese from Beijing and six speakers of Korean from
Seoul attended the recording.  All were students, and the Chinese
and Korean speakers were currently living in Japan.
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2.3. Recordings
Subjects were recorded in a sound proof-room using a digital
audiotape recorder and microphone.  To keep a constant speech
rate both within the word list and across subjects and language
groups, a reference speech was given by PC before the recording
and also at every five words during the experiment.  The target
word in the reference speech was "nanana" embedded in the same
carrier sentence as that for the recordings. The recordings began
after the instruction and trial session in which whether the correct
accent was assigned and proper speech rate was realized, was
checked.

2.4. Analysis
The recorded materials were digitized onto a computer with a
sampling rate of 22 kHz and accuracy of 16 bits.  This was then
analyzed via wideband spectrograms (5ms / 200Hz) and
waveforms using Multi Speech (KAY).  Segmental durations of
the recorded utterances were measured.  To make the speech rate
in one language uniform, the production data of one subject in
each language who had a different speech rate from the averaged
value was discarded.  Finally, the production data of five
Japanese, five Korean and six Chinese speakers were considered
in this study.

3. RESULTS
3.1. Temporal compensation between C2 and V2

In Figure 1, the duration of C2 (e.g. /b/ in /mabaka/) and the
duration of its following vowel V2 in each utterance were plotted
for Japanese productions.  Durations of C2 and V2 are almost
inversely related to each other and the longer the C2 duration, the
shorter the V2 duration.  The correlation is strong and the
correlation coefficient is -0.87 (p>.001).
     Figure 1 was re-plotted with the Chinese and Korean data as
shown in Figures 2 and 3 to compare the tendency of temporal
compensation effect across language.  Regression analysis of C2

and each segment such as V2 was carried out.  Tables 1 and 2
indicate the correlation coefficients and the slope between C2 and
following vowel (V2), preceding vowel (V1), duration of V1 plus
V2 (V1+ V2), and the total word duration minus C2 (Word- C2).
Since in Japanese and Korean /i/ in /masika/ is often devoiced,
the duration of some /i/ vowels was 0 ms.  Inclusion of a zero
value sometimes increases the coefficient value, therefore for V2,
two patterns of analysis were done: one in which all vowels
including 0 ms (V2) and one in which all vowels excluding all /i/
in /masika/ (V2SI) were calculated.  Figures 4 and 5 indicate the
relation between C2 and V2SI, comparing the Japanese, Chinese
and Korean data.
     From Figures 2 and 4, it is shown that the extent of
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Figure 1. Correlation between duration of C2 and V2 for
Japanese.
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Figure 2. Correlation between duration of C2 and V2 for Chinese
and Japanese.

temporal compensation is larger for Japanese than for Chinese.
This can also be understood from the slope value in Table 2.
From Table 2 it is observed that for the 100 ms C2 lengthening,
V2 length was 75 ms shorter in Japanese, and 35 ms in Chinese.
This means the difference in CV length is smaller for Japanese
than for Chinese.  The values of correlation coefficients can be
interpreted to indicate the stability of such temporal
compensation effects, i.e., how consistently the same CV syllable
durations are realized.  Table 1 shows that the correlation
coefficients are higher for Japanese than for Chinese.  This
phenomenon is consistent to every subject, according to the
Tables 3 and 4 that show the correlation coefficients and slope for
every subject.
     As for comparison between Korean and Japanese speakers, a
similar tendency as that of Chinese and Japanese speakers is
observed.  Namely, the correlation between C2 and V2 as well as
V2SI is stronger and slope values are higher for Japanese than for
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Figure 3. Correlation between duration of C2 and V2 for Korean
and Japanese.

Korean (Figures 3 and 5).  However, the differences are smaller
in this case particularly for C2 and V2.
     The longest C2 V2 syllable in this experiment, expected from
the inherent segment duration, is /sa/ and the shortest syllable is
/ri/.  Since the extent of the temporal compensation effect may
reflect the durational differences between the /sa/ and /ri/
syllables, the durational difference between the averaged length
of /sa/ and /ri/ for each subject was calculated.  This value was
then divided by the averaged one syllable length for each subject,
in order to normalize the variation of speech rate.  This
normalized value was 0.17 for Japanese (averaged from five
subjects), 0.25 for Chinese (averaged from six subjects) and 0.27
for Korean (averaged from five subjects).  To examine the
statistical difference in these values, t-tests were conducted.
According to the results, statistically significant differences were
observed between Japanese and Chinese (t=1.88, p>.05) as well
as Japanese and Korean subjects (t=2.03, p>.05).

3.2 Range of temporal modification
Tables 1 and 2 show that the correlation coefficients and slope
value are higher for V2 and V1 V2 in every language group.
Those values are rather low for V1 and Word- C2.  This means
there is a tendency to maintain a stable duration at the CV or -
VCV- level, but not at the -VC- and word level.  However, only
one Japanese and one Chinese subject showed different
characteristics and their correlation coefficients and slope values
are rather high for both V2 and V1.

4. DISCUSSION
This study was motivated by a hypothesis that mora-timed
Japanese would show a stronger tendency to keep CV length
equal than other languages, because CV must not be too long in
Japanese where CV and CVC / CVV have a durational contrast.
Thus from this hypothesis, the magnitude and preciseness of the

temporal compensation effect is also expected to be larger for
Japanese than those for other languages.  Previous studies only
examined the existence of temporal compensation; the issue of
how differently temporal compensation is performed depending
on a language has not been considered.  Comparing Japanese
with Korean and Chinese that have different timing patterns from
Japanese, the results confirmed that the above hypothesis holds
true at least within the speech context in this experiment.  The
magnitude of V2 changes to compensate for the C2 differences
was larger in Japanese than the other two languages.
Furthermore such temporal compensation was more accurately
(consistently) performed, resulting in stable C2 V2 length.  The
accuracy with which moraic units are controlled in Japanese, in
other words, how strongly temporal compensation is realized as
observed in this study, might be one of the acoustic
characteristics of Japanese mora-timing.
     The determination of in which unit or which direction a
temporal compensation take place in Japanese is sometimes a
controversial problem.  Several previous studies [6,7,8] reported
different results.  The results in this study using CVCVCV
context were similar to those of Sagisaka & Tohkura (1984) in
terms of the direction (a following vowel compensates more than
a preceding vowel) as well as the magnitude of temporal
compensation effect.  Further studies using various speech
contexts as materials are required to clearly explain these
problems regarding range of temporal modification.
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Table 1. Correlation coefficients between C2 duration

and each segment.

V2 V2SI V1 V1V2 Word-C2

Japanese -0.87 -0.54 -0.14 -0.76 -0.13

Chinese -0.52 -0.22 -0.22 -0.67 -0.27

Korean -0.57 -0.15 -0.15 -0.51 -0.28

* V2SI does not include /si/ tokens.

Table 2. Slope between C2 duration and each segment

V2 V2SI V1 V1V2 Word-C2

Japanese -0.75 -0.47 -0.07 -0.87 -0.16

Chinese -0.35 -0.17 -0.13 -1.04 -0.44

Korean -0.63 -0.15 -0.15 -0.90 -0.64

Table 3. Correlation coefficients between C2 and V2 for

each subject.

Japanese Chinese Korean

subject V2 V2SI V2 V2SI V2 V2SI

1 -0.92 -0.68 -0.41 -0.22 -0.76 -0.11

2 -0.79 -0.66 -0.68 -0.62 -0.44 -0.44

3 -0.84 -0.51 -0.57 -0.13 -0.70 -0.06

4 -0.87 -0.56 -0.73 -0.50 -0.77 -0.53

5 -0.95 -0.70 -0.60 -0.30 -0.70 -0.47

6 -0.65 -0.27

Table 4. Slope between C2 and V2 for each subject.

Japanese Chinese Korean

subject V2 V2SI V2 V2SI V2 V2SI

1 -0.71 -0.41 -0.29 0.2 -0.76 -0.08

2 -0.57 -0.57 -0.32 -0.35 -0.5 -0.51

3 -0.82 -0.45 -0.45 -0.09 -0.86 -0.06

4 -0.85 -0.55 -0.44 -0.29 -0.63 -0.28

5 -0.87 -0.65 -0.36 -0.17 -0.57 -0.33

6 -0.45 -0.18

Figure 4. Correlation between duration of C2 and V2SI for
Chinese and Japanese.

Figure 5. Correlation between duration of C2 and V2SI for
Korean and Japanese.
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EXPERIMENTAL STUDY OF THE EXPRESSION OF EMOTIONS AND
ATTITUDES IN FOUR LANGUAGES

Olivier Piot
University of Paris III, Paris, FRANCE

ABSTRACT

This paper is a study of the prosodical means people with
different cultural backgrounds use in order to express emotions,
or convey attitudes in speech. An experiment was carried out in
four languages (American English, Korean, Finnish,
Vietnamese), in which a recording of a common corpus by two
men and two women was made. It included two sentences, one
of them being one word length (the first name «Natacha», or a
translation of it, in a vocative context), the other one including a
displacement of the speaker («OK, now, I’m going to the station
to get that packet»). Thirteen attitudes were chosen, on the basis
of our thesis work on the expression of attitudes in speech. The
parameters measured were: amplitude, mean and final contour
for F0 and intensity, as well as mean syllable duration.

1. INTRODUCTION
The study of the expression of emotions in speech has become
for a few years a major topic of research in phonetics. This
recent interest comes in part from the fields of speech
recognition and synthesis, but the comprehension of the
phenomena involved remains a challenge for psychological
theories [7]. Moreover, taking attitudes (taken here as including
the expression of emotions) into consideration raises some other
difficulties, linked for example to prosodic patterns or cultural
constraints [2, 5]. Emotions are then embodied with the issues
of individual choice and linguistic norm, which must be taken
into account as it is the general case. In this experiment,
described in section 2, the expression of thirteen attitudes in
four different languages was recorded. These attitudes were
chosen in order to confront theoretical hypothesis and claims
that can be found on this subject area.

2. EXPERIMENTAL PROCEDURE
2.1. Description of the corpus
The attitudes tested included:
- Threatening (1) and domination relationship (12) (13) [4];
- Big (2) (3) (4) and small (5) (8) (9) (10) arousal [7];
- Basic emotions (2) (7) (8) (9) (10);
- A contradiction between pragmatico-semantic content and

attitude (6) (11);
The common corpus we used was translated in each

language from French. It included two sentences, one of them
being one word length (the first name «Natacha», in a vocative
context), the other one involving a displacement of the speaker
(«OK, now I’m going to the station to get that packet»). We
chose this latter one because we believed its context was likely
to enhance rhythm differences, without implying any particular
emotion. When «Natacha» was not an available name in a
language, we asked our translator to find another one, if possible
trisyllabic and making use of no other vowel than /a/ (so that
intrinsic pitch phenomena could be neglected). The second
sentence was simply translated, resulting in a 10 to 16 syllables
version. Each attitude was described by a single sentence, so

that the task was easy to understand and unambiguous (see table
1. below).

Nbr. Sentence Attitude
1 "Natacha" To your child who has just disobeyed

you, warning before acting severely
2 "Natacha" To your child who has just disobeyed

you for the fifth time, reaction
3 "OK, now I'm ..." To a friend, you have to go fast (but

you would prefer to stay)
4 "OK, now I'm ..." To a friend, you have to go fast (very

valuable packet)
5 "OK, now I'm ..." To a friend, you've got time (but you

would prefer to stay)
6 "OK, now I'm ..." To a friend, you've got time (very

valuable packet)
7 "Natacha" To your child who has just done

something well (and you're used to it)
8 "Natacha" To your child who has just disobeyed

you for the 80th time, resignation
9 "OK, now I'm ..." To a friend, after a deception, "sad"
10 "OK, now I'm ..." To a friend, after having been bored

all day long, "boredom"
11 "OK, now I'm ..." To a friend, but thinking about

something else
12 "Natacha" Calling of a collegue who is very

much superior to you on the hierarchy
level

13 "Natacha" Calling of a collegue who is very
much inferior to you on the hierarchy

level

Table 1. English text of the common corpus.

2.2. A brief linguistic presentation
Following the introduction it is useful to summarise briefly the
prosodic constraints of the four languages under study here.
American English is a "stress" language, the accented syllable
being mostly the first or second within the word (intensity and
duration increase): this accent is "free" according to the
terminology of Paul Garde [3]. Finnish has a "fixed" accent on
the first syllable of the word (intensity and duration increase)
which is independent of vowel quantity, and a lexico-syntactic
marking of several modalities (e. g. interrogation). Vietnamese
is a tone language, its standard dialect (the one recorded here)
has six tones. It also has a lexico-syntactic marking of several
modalities and attitudes (for instance it distinguishes between
standard and surprised interrogation), therefore we may expect
less variation for this language.

2.3. Recording procedure
For each language, we recorded two women and two men of
similar ages from the same speech community. They were given



the text of the corpus a few days in advance, so that they could
prepare for the recording. This took place in an anechoic room,
with high quality recording tools. The experimentalist was also
sitting in the room but, as he kept watching the recording level
in order to make sure that there was no saturation, the subject
could not be disturbed by any interactional process. We made a
pause in the recording whenever the subject asked for it.

3. RESULTS AND DISCUSSION
3.1. Sentence 1
For the analysis we used an analogic device called "prozodik",
which performs an analogic calculation of both F0 and intensity,
drawn together with the speech signal in real time. After setting
its parameters in a way adapted to each speaker, it provides
measurements of high accuracy. We then calculated, for each
performance, mean syllabic duration D (ms), mean value M and
amplitude A of both F0 (in Quarter Tones) and intensity (I, in
dB). Mean values as well as amplitudes were calculated over all
voiced portions for F0, and over all syllable peak values for
intensity. F0 and intensity patterns were considered whenever it
appeared to be useful to the discussion (see below).

First we compared the 16 performances of (12) and (13),
and found significative differences for D, resp. 213 and 183 (p <
0,05), and MF0, +3.69 for (12) (p<0.01). If we view the speaker
as self-centred, MF0 difference is in accordance with Ohala's
"frequency code" as well as with our theoretical work [4, 5]:
lower F0 is used to convey higher domination. The difference in
rhythm is also interesting, and may be explained by the
avoidance of too long a process (and state) of sympathy with
Natacha in (13). Each language showed the same tendencies.

The comparison of (1) and (2) showed no significant
differences, which also is quite in accordance with our
predictions. What made the difference was the F0 pattern on the
last syllable, which was recto tono or increasing for (2), and
decreasing for (1). This was surprisingly similar for each
performance in each language; it may be explained in our
theoretical framework as a warning, with sympathy in (1), but
with no more (and avoidance of) sympathy in (2).

(7) and (8) show a quite similar rising-falling pattern,
even if in (7) it tends to spread over the whole word, while it is
often mono- or disyllabic in (8). But here again statistic
parameters make the difference: D amounts to 230 and 338 resp.
(p < 0.001), which we believe is due to the difference in
motivation between the two attitudes: satisfaction constitutes a
temporary source of motivation in our theory, while resignation
is believed to consist in a withdrawal of involvement, hence of
motivation.

3.2. Sentence 2
Between (3) and (4) as well as between (5) and (6), we

expected to find greater AF0 and AI for the latter than for the
former, but (with p=0.071, and p=0.222 resp.) this tendency,
although observed on the mean values, didn't reach significance.

Between (3) and (5) as well as between (4) and (6), we
expected to find greater D for the latter than for the former,
which was significant (p < 0.05) only in the first case. It must be
noticed that D was significantly shorter for (4) than for (5)
(p=0.0001), which suggests that some of the extra motivation

implied by the high value of the packet was invested in speech
rate, which then explains why neither AF0 nor AI differences
reached significance. It seems also worthy to mention that MI
difference between (4) and (6) nearly reached significance
(p=0.06), which suggests that extra motivation expected to
invest in speech rate somewhat deviated towards phonatory
tension.

In order to evaluate over which parameters the decrease in
arousal took place for performances (9) to (11), we compared
them to (6) which we believed was the nearest to the most
typical, or "standard" situation. Actually no significant
difference was found between these last three contours. Mean
syllable duration D was found to be significantly greater for (9)
(10) and (11) (p<0.01, p<0.05, p<0.05 resp.). This tendency is
already well known, as well as the fact that sadness has the
slowest speech rate of all commonly studied emotions [7].
Sadness was expressed also through a decrease of AF0, and
boredom by a decrease of MI. What we suggest in the first case
is a decrease of motivation, caused by the vanishing of ways
towards satisfaction [6]. This explanation also predicts a
decrease of MF0, which was observed although not significant
(p=0.11). If we were to view boredom as involving mainly a
decrease of focalization without any decrease of motivation,
because of the rarity of situations interesting for one's
satisfaction, then this phenomenon could be explained [6], but
this hypothesis remains to be justified. The presence of both
phenomena in (11) would then be explained by the co-occurence
of these two factors, which doesn't seem unreasonable.

4. CONCLUSION
Predictions coming from studies on the expression of emotion in
speech, as well as our own theoretical work on the expression of
attitudes by prosody, are quite satisfyingly confirmed by this
experimental work. Despite their very different prosodic
constraints, these four languages showed remarkable similarities
in the expression of both emotions and attitudes, which we
believe deserves further investigation. Further experimental as
well as theoretical work is therefore needed.
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ABSTRACT

The aim of the work to be reported here is the development of schemata
which are able to predict the quality of spontaneity and help to create and
collect databases for certain tasks on spontaneous speech. The term
“spontaneous speech“ is used in a wide range and allows the existence of
many spontaneous speech corpora with different levels of spontaneity. Our
aim was to find appropriate categories and description values for these
corpora. Therefore we started by analyzing transcriptions of spontaneous
monologues of one minute, which were recorded and annotated. We made a
structure analysis of the introductory part of the monologues and let people
qualify categories of spontaneity in a small experiment containing a subset
of the monologues. Correlations between the judged categories of
spontaneity and the amount of spontaneous speech phenomena in the
monologues will be shown.

1.  INTRODUCTION
In recent years speech recognition has concentrated more and more on
understanding spontaneous speech with the aim that every person should be
able to communicate with speech understanding systems in natural
language. To train these systems it is necessary to create corpora which are
based on spontaneous speech data. There already exist various types of
speech corpora all of which could be considered as spontaneously spoken
language. The problem is that all these databases refer to varying levels of
spontaneity. In fact there is a wide range in the levels of spontaneity due to
different kinds of requirements of recognition systems. Several factors can
influence the level of spontaneity, e.g. the required amount of the
vocabulary, the domain, or the microphone used. Another important feature
is the question whether the data is based on telephone recordings and what
kind of instructions and tasks were given to the speakers. All these
conditions led to the development of many different kinds of speech corpora,
which are supposed to contain spontaneous speech data, but are not
comparable and not compatible to each other or could hardly be repeated or
complemented.

The current search of factors, which should allow predicates about the
level of spontaneity of collected speech data, is part of a serial of
experiments we are realizing on the approach of improving our collections
and searching of evaluation sets for existent databases [4][5].

The focus of the present work lies in the development of categories
which are able to describe what elements of speech allow people to decide
whether speech is spontaneous or a prepared talk and how is the structure of
spontaneous speech. We tried to establish this by means of an analysis of the
RVG1 corpus [1] which is a regionally covered collection of aspects of
currently spoken German.

The first experiment describes what we found within our material
regarding the internal speech act structure. Further we tried to get
appropriate judgments from subjects about the level of spontaneity of
presented texts and finally we searched for correlations between the so
called spontaneous phenomena like breathing or hesitations, etc. and the
judgments we got from our subjects.

The resulting schemata could be used in comparing spontaneous
speech corpora and should be taken into account before new databases in
this field are collected.

2.  DATABASE

The database for this study consists of transliterated recordings of
spontaneous monologues which are part of the RVG1 corpus (Regional
Variants of German) [2]. This corpus was recently recorded at the Phonetics
Department at Munich University in co-operation with AT&T, Lucent
Technologies and the Bavarian Archive for Speech Signals (BAS) [9]. It
covers all regional variants of German, including the German dialects
spoken in Switzerland, Austria, and Northern Italy. With regard to the main
task of collecting currently spoken German, the determination of how many
speakers of each German-speaking region are to be recorded was made by
means of population density and according to the dialectal subdivision
introduced in [6]. All RVG1 recordings were made in a quiet room. In total,
the RVG1 corpus consists of 42500 read utterances (polyphone-type
material: single digits, digit sequences, commands, phonemically rich
sentences, telephone numbers) and 491 spontaneous monologues spoken by
491 speakers (43% female, 57% male). Every spontaneous monologue
lasted one minute. The speakers got their explanations by prompts on a PC
screen. They didn't get any specific order about the topic of their talk.

The recording situation was as follows: first the speakers had to read
aloud the digits, commands and various sentences which were promted on a
PC screen. This task lasted about 20 minutes. At the end of this session the
subject had the task, also given via PC screen, to narrate something
spontaneously. A lot of speakers were surprised when confronted with this
situation, so we added some proposals like “what did you do today“ to the
displayed explanation. The monologues were transliterated on the
orthographic level according to Duden [8]. The transliteration conventions
follow the standard for the transliteration of spontaneous speech as defined
in VERBMOBIL [2]. Attention was also directed to the annotation of
pronunciation variants. A striking deviation from the standard pronunciation
was annotated by means of additional comments appended to the standard
orthographic transliteration of the word concerned. A more detailed
description of the rules used for the annotation of pronunciation variants can
be found in [3].The transcribers are trained students of German Linguistics.
There was more than one person concerned with the transliteration of each
monologue. This was to reduce the influence of a transriber’s dialectal
origin.

3. ANALYSES
3.1 Structure analysis
3.1.1 Introductory part. A first next step of the study was to categorize all
491 monologues according to their internal speech act structure. We read
the monologues and categorized their introductory material, which lasted in
general one or two sentences, according to their internal structure.

At the very beginning, the first term speakers started with could be
divided into six broad categories. We categorized the beginning with
“interjection“ when the monologue started with “well“ or “okay“, or
something similar. The category “hesitation“ stands for the annotation of
hesitant phenomena like “uhm“ or “uh“. Some speakers started their
monologue with a question like “may I start now?“ and others simulated
dialogues and began their talk addressing a person, which we also counted
as a category. People often started their talks giving a time or date to which
we refer here as the category “date“. The category “topic“ was chosen when
the speakers immediately went into the topic which indicated at the same
time the beginning of the monologue body.
In Figure 1 there are given the frequency in percent of the categories which
appeared in the first introductory part of the monologues.
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Figure 1: frequency of the categories in the first introductory part of the
monologue (given in percent)

As a first result it should be mentioned that only 8% of the subjects knew
immediately what they wanted to talk about (which is indicated by the
category “topic“).

Further, more than half of the monologues start with interjections.
Obviously people tend to use “introduction features“ when they are asked to
narrate something without any further limitations or instructions. These
“interjections“ are probably a filler for bridging the gap between thinking
and talking.

In 92% of all the cases in which people don’t start immediately into
the topic, further introductory structures can be observed in this part. Only
four of the six previous categories appeared, while most of them belong to
the category “date“ (52%). In a few cases people used “interjection“ (0,5%)
or “address“ (1,5%), as can be seen in Figure 2. The categories “question“
and “hesitation“ disappeared completely.
Almost half of the speakers (46%) led up now to the main body of the
monologue which is indicated again by the category “topic“.

Figure 2: appearance of the categories in the second introductory part of the

monologue (given in percent)

After this second introductory part all speakers without any exceptions made
the transition to the monologue body and into their topic, without any
further filling features.

This structure analysis revealed that most people begin with an
interjection followed by a date or time when they are confronted with the
task of narrating something for one minute, without any further instructions.

3.1.2 Change of topics. A further step in this investigation was to look at
how often people switch to another topic within the one minute of
monologues.
The results of this analysis are given here in percent.

Table 2: change of topics within the monologues in percent

From Table 2 it can be seen that none of the speakers had a change in topic
more than 5 times in the whole corpus, and also a change of three or four
topics didn’t appear very often (4%, 3%) in our material. In 16% of the
monologues people switched to another topic twice and only once in 18% of
the cases. But most of  the speakers (59%) stuck to just one topic
throughout the whole recording.

3.2. Spontaneity judgments
For our further analysis of the RVG1 corpus we made an experiment to get
judgments of subjects about the spontaneity of the monologues. We decided
to start with asking for the impression the subject get from simply reading
the transliterations of a subset of the 491 monologues. We choose two
monologues from each of the 24 regions ( see map in [7]), which was about
10% of the whole corpus, and presented them to two groups of 12 test
persons each. In order to make the text easily readable for persons who are
not familiar with the annotation system, we changed the formats of the
original transliterations. The layout of the resulting texts were similar to an
actor’s script.
In other words, we placed the annotations of pauses and breathing always in
the beginning of a line, separated by tab for to simulate a break in fluency.
We left in the text annotations of hesitations and lengthening of sounds
which were indicated by underscores added to the concerning sound. In the
case of commented pronunciations we substituted the pronunciation
comment for the orthographic version, so that the reader had a better
impression of how the speakers of the transliterated texts had spoken in real
life. Another reason for fitting the pronunciation comments directly into the
text, is that this would facilitate recognition of the regional origin of the
speaker.

Here is an example of how the text was presented to the reader:

6 or more changes 0%

5 changes 1%

4 changes 3%

3 changes 4%

2 changes 16%

1 change 18%

no change 59%
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The readers had to fill out :
• whether the originally talk was a spontaneous realization or whether it

was prepared previously
• whether the text contains more fluent speech or more hesitant
• whether the sentence construction within the text makes a simple

impression or if the sentences were complex
• whether the subjects used a simple vocabulary or a more complex

vocabulary
As an additional task we asked the test persons to estimate by means of a
printed map containing the Bundesländer of Germany, Switzerland and
Austria which dialectal region the original speakers could be from.

The following Table 1 shows the decisions of the readers on the
transliterated and specially formatted monologues.

spontaneous talk 94%
prepared talk 06%
fluent talk 58%
hesitant talk 42%
sentence construction simple 71%
sentence construction complex 29%
vocabulary simple 79%
vocabulary complex 21%
region recognized 46%
region unrecognized 54%
Table 1: judgments of the presented monologues in percent

The results of this investigation show that 94% of all the presented
texts were judged as spontaneous. More than half of the texts (58%) were
estimated as fluently spoken. 71% of the monologues had been categorized
as spoken with simple sentences and even 79% with a simple vocabulary.
In 54% of all texts the readers were not able to recognize the regional
affiliation of the speakers.

3.3 Correlation between spontaneity judgments and selected
spontaneous speech phenomena
In a further step we wanted to know if there are any relations between the
judgments of the persons who had to read the monologues and the number
of annotated phenomena which occur in spontaneous speech as mentioned
above. Examples of spontaneous phenomena are hesitations, breathing,
pauses, lengthening of sounds, self corrections or repetition of words, etc.

We extracted these annotated phenomena automatically with the help
of a parser and compared the number of occurrences with the judgments of
the readers for every monologue.
The results are expressed in the following correlation matrix:

spontaneous
monologue

fluent
talk

sentence
simple

vocabulary
simple

region
recog.

hes 0,17 0,29 0,07 0,26 -0,26
zog 0,07 0,4 0 -0,15 0,11
agram -0,21 0,17 0,2 -0,01 0
art_abr -0,43 0,19 -0,08 -0,17 -0,17

atmen -0,02 -0,07 0,14 0 0,19
pause 0,28 0,5 0,36 0,29 -0,14
proz_va 0,33 -0,2 0,22 0,34 0,39

Table 3: correlation matrix: x-axis: judgments of the readers, y-axis:
extracted phenomena; hes = hesitations, zog = lengthening of sounds, agram
= self corrections and word repetitions, art_abr = break-off in the middle of
words, atmen = breathing, pause = pause of more than 400 ms, proz_va =

percent of pronunciation comments per total word amount of each
monologue; postive correlated phenomena > 0,2 printed bold, negative

correlations > 0,2 printed italic

From the correlation matrix it can be seen that there are some phenomena in
spontaneous speech that might have influenced the readers in their choice of
the appropriate category. The strongest influence is shown by the occurrence
of pauses in the text, but an interesting feature is the positive correlation
with the judgment of the fluency of talk. This could be interpreted as
showing that the more pauses the speaker made the more the test person
rated the text as fluent speech. This result could be explained by the layout
used to present the transliterations to the readers. As mentioned above, the
presentation of the texts was reminiscent of an actor’s script; the pauses
were separated from the text and might therefore be overlooked by the
readers. The feature “pause“ seems also to have influenced the ratings of the
simplicity of the sentence construction and the vocabulary, as well as the
ratings of levels of spontaneity. Another feature which had an effect on
almost every decision was the phenomenon “hesitation“. It influenced
positively the ratings for the fluency of the text and the simplicity of the
vocabulary, but it shows a negative effect on the regional recognition. The
appearance of annotated hesitations in the text might have irritated the
readers in recognizing the origin of the speakers. The feature “proz_va“
seems to have quite strong effects on every category. At least for the
recognition of the dialectal region this could have been expected. It has only
a negative influence on the judgment of the fluency of speech. What is also a
striking result is the negative influencing effect of repetitions, self
corrections and broken-off words on the decision of spontaneity of the text.
Here the question arises as to whether the influence on this category might
be neglected, given that 96% of the monologues were judged as
spontaneous.

The correlation between the judgments of the readers and the
spontaneous speech phenomena becomes clearer if similar phenomena are
grouped together into classes. Accordingly the categories “atmen“ and
“pause“ were collapsed in to one group, as were the phenomena “hesitation“
and “lengthening“, and the phenomena “corrections“ and “break-off“ of
words. At least within the first two classes the correlation with the judgment
“fluency of talk“ becomes stronger.

sum_at_pau sum_hes_zog sum_agr_abr

fluency 0,32 0,45 0,19

Table 4: Correlations of spontaneous phenomena which were grouped
together and the fluency of talk. sum_at_pau = summery of “atmen“ and
“pause“, sum_hes_zog = summery of “hesitations“ and “lengthening“,
sum_agr_abr = summery of “repetitions and corrections of words“ and

“words which were broken off“

It should also be mentioned that an influencing effect can also be found
within the judgment categories themselves.

sentence-simple vocabulary-simple

fluency 0,47 0,37

Table 5: Correlation between the fluency of the talk and the simplicity of the
sentences and vocabulary.

There seems to be a correlation effect not only between the spontaneous
speech phenomena and the judgment categories, but also within these
categories themselves. As can be seen in Table 5 the more people judged a
text as fluently spoken, the more the sentences and the vocabulary of this
text were considered simple.

<Pause>
<Atmen>   also , eingklich hab' ich auch nix richtiges
          gemacht ,
<Atmen>   "ahm so f"u' die Uni oder so , son'ern ich hab'
          pfff in erster Linie mein Zimmer aufger"aumt , un'
<Atmen>   wir kriegen 'ne neue Mitbewohnerin , und na
          mu"sten wa dat Zimmer noch renovieren
<Atmen>   un' dat is' ziem'ich viel Arbeit , da m"uss' ma
          streichen un' so ,
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4. CONCLUSION
In this investigation we could show that there exist specific spontaneous
speech phenomena which can be analyzed and categorized. The analysis of
the monologue structure revealed that people almost always started with
some introductory features before going into the topic they wanted to talk
about. The most frequent sequence of categories within the first one or two
sentences was interjection before date and topic. We assume that these
features could be a typical sign for this kind of speech corpus.
The high number of votes for the category spontaneous talk in the task
where people had to judge the special formatted transliterations of the
monologues confirmed our analysis concerning the spontaneity of the
material. On the other hand the ratings may have falsified the correlation
coefficients for the selected features. The influencing effects of the
spontaneous speech phenomena are more prominent when they are related to
the other judgment categories, especially when they were merged into larger
classes.
The presented analysis is the beginning of further work on this kind of
structure analysis. For future work we will try to find different categories
and parameters which are able to reflect phenomena of spontaneous speech
in a more appropriate way.
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ABSTRACT
It is claimed that close vowels in Japanese are devoiced when
they occur between voiceless consonants.  In this paper,
voiceless vowels are represented symbolically as [V-] and
voiced vowels as [V+]. The articulatory gestures during C[V-]C
units and the corresponding C[V+]C units are examined using
electropalatography (EPG). Our results shows that a devoiced
vowel is generally produced by creating a greater degree of
linguopalatal contact at the front part of the palate than a voiced
vowel. However, it is also observed that when the patterns of
linguopalatal contact are similar, the duration of a devoiced vowel
is longer than a voiced cognate.  This study suggests that a
turbulent noise during a devoiced vowel results from either
creating a greater degree of tongue-palate contact, or increasing the
duration of the inter-consonantal noise. This kind of linguopalatal
contact seems to results from speakers subconscious use of
aerodynamic effects.

1. INTRODUCTION
In Japanese, close vowels are frequently devoiced in the context
below. 
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The physiological process of vowel devoicing in Japanese has
been  examined using fiberoptics, EMG and photoelectric
glottography etc [1]. Devoiced vowels between voiceless
consonants are produced with one glottal opening gesture so
that there is no vibration of the vocal folds during the
transition from C1 to C2. The source of excitation during a
devoiced vowel is made with an opening gesture of the glottis
so the resonant frequencies would be expected to be generally
similar to that of the voiced counterpart, differing only in the
absence of voicing. However, the spectral patterns of devoiced
vowels can be categorised into two different types, some
showing a formant-like structure while others have spectra
more similar to fricative consonants [2]. This seems to suggest
that voiced and the corresponding devoiced vowels may also
be different in the patterns of linguopalatal contact. In a
similar vein, Farnetani [3] shows that the patterns of
linguopalatal contact differ depending on the type (e.g.
plosive, fricative) and the voicing of the consonants in Italian.
She suggests that this is due to aerodynamic effects. It is
probable that the difference between voiced and the
corresponding devoiced vowels might not simply be a matter
of the opening/closing gesture of the glottis. The distinction
for voiced and the corresponding devoiced vowels also seems

to involve aerodynamic effects. The duration of a devoiced mora
(C[V-]) is shorter than the corresponding voiced mora (C[V+]) [4],
[5]. Shorter duration is typical of fast speech, which often leads to
articulatory "undershoot" [6]. Yet this does not appear to be an
explanation for the Japanese devoicing, since the process of vowel
devoicing seems to be influenced more by the type of the adjacent
consonants than by the tempo of speech [10], [11]. These studies
seem to suggest that the vowel devoicing effect is different from
fast speech.

In this paper, we examine the patterns of linguopalatal
contact during voiced and the corresponding devoiced vowels,
specifically in the context between voiceless consonants (we will
refer to these as C[V+]C units and C[V-]C units). If devoiced
vowels are simply voiceless allophones of the corresponding
voiced vowels, little difference would be expected in the patterns
of linguopalatal contact.

2. METHOD
21 words (out of a possible 23 words) which are phonologically
liable to vowel devoicing were selected from those listed in the
Oxford Acoustic Database [7]. Each word was repeated in a
voiced and devoiced manner three times in a normal and relaxed
style, without a carrier sentence (phonologically devoiceable
vowels can often be voiced by Japanese speakers [2]). The words
were said without pitch-accent.
The subject (the experimenter) wore the EPG palate for
approximately 30 minutes before the recording. Recording was
carried out in the recording studio at the University of Reading.
EPG data and its corresponding acoustic signals were captured
simultaneously and analysed using a Unix workstation. The
sample rate for the acoustic signals is 10 KHz  and 100 frames per
second for the EPG data [8].

CVC units were examined from the release of C1 until
the maximum contact of C2. The average amount of tongue-palate
contact of each electrode of three tokens were taken. The patterns
of linguopalatal contact for C[V-]C units and the corresponding
C[V+]C units are examined from 3 aspects:

1) The articulatory time interval from C1 to C2
2) Total amount of linguopalatal contact
3) The patterns of linguopalatal contact at the corresponding

equal measurement time
      points

3. RESULTS AND DISCUSSION
3.1 The articulatory time interval
Our results show that the articulatory time interval from C1 to C2
is usually shorter in C[V-]C units compared to the corresponding
C[V+]C units, though this is not always the case for all the
consonantal types [4]. In principle, the articulatory time interval
tends to be longer in C[V-]C units compared to the corresponding
C[V+]C units when either of the adjacent  consonants is:

• C1 is /k/ and C2 is /t/
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• Either of the consonants (C1 or C2) is /h/

3.2 The amount of linguopalatal contact
The results show that the difference in the amount of linguopalatal
contact is generally statistically significant for C[V-]C units and
the corresponding C[V+]C units. General Linear Model (GLM)
comparing all rows of the palate for voiced and devoiced vowels
generally gave a p-value of <.001. t-tests were used to compare
counts for individual rows, and for rows at the alveolar region
(generally at the 2nd and  3rd rows)  normally showed  p-values of 
< .001.  However, when the CVC units were composed of /k/+/t/
or /k/+/h/ or /h/+/k/ as shown in section 3:1, the amount of
linguopalatal contact is similar for a voiced and a devoiced vowel.

3.2.1 Typical patterns of linguopalatal contact of  voiced and
devoiced close vowels
Typical patterns of tongue-palate contact of voiced and devoiced
close vowels are identified in the word /chakushoku/ . EPG
pictures represent the view looking down from above. The top of
the picture represents the front part and the bottom represents  the
back of the palate. There is more tongue-palate contact at the front
part (the alveolar region) in devoiced vowels compared to the
corresponding voiced vowels. There shows two different patterns
of linguopalatal contact for a voiced and a devoiced /u/. In Figure 1
and Figure 2, allophonic variations of /u/ (one is voiced and the
other is devoiced) show different articulatory gestures for a voiced
and a devoiced vowel. Whereas allophones /u/ have similar
articulatory gestures in Figure 3 and Figure 4 (see section 3.2.1).

3.2.2 The patterns of linguopalatal contact at the
corresponding points in time
The patterns of linguopalatal contact for C[V-]C units and the
corresponding C[V+]C units at the corresponding 6 equally-spaced
measurement points are often different at the front part of the
palate. In general, activity of tongue-palate contact shows earlier
onset in C[V-]C units compared to the corresponding C[V+]C
units. In this particular example of the word (/chakushoku/), the
difference in the amount of tongue-palate contact is significantly
greater in C[V-]C units compared to the corresponding C[V+]C
units at the 2nd and the 3rd rows (also see Figure 1 and 2 for
demonstrating the differences in the articulatory gestures).

row 2

0
1
2
3
4
5
6
7

1 2 3 4 5 6

devoice

voice

row 3

0
1
2
3
4
5
6
7

1 2 3 4 5 6

devoice

voice

Fig 5. The amount of linguopalatal contact at 2nd & 3rd row in the
word /chakushoku/. X corresponds to the successive measurement
points in C[V-]C units and the corresponding C[V+]C units. Y
corresponds to the total amount of tongue-palate contact at each
measurement point.

In principle, therefore, C[V-]C units show a greater amount of
tongue-palate contact compared to the corresponding C[V+]C
units, specifically at the front part of the palate. The difference in
the amount of linguopalatal contact at the mid-back part of the
palate is not significant, regardless of whether the vowel is voiced
or devoiced.

4. DISCUSSION AND CONCLUSIONS
The patterns of linguopalatal contact for C[V-]C units and the
corresponding C[V+]C units are often different. A comparatively
larger amount of tongue-palate contact is often obtained in C[V-]C
units than the corresponding C[V+]C units, specifically at the front
part of the palate. The patterns of tongue-palate contact show
significantly earlier onset in C[V-]C units compared to the
corresponding C[V+]C units. This appears to be similar to the
production of fricatives such as /s/ and /w /: a turbulent noise is
generally made by forcing the air through the narrow gap between
the tongue and the palate at the front part of the palate. By
increasing the constriction of the tongue against the palate, the rate
of airflow will be increased during a devoiced vowel.

The goal of speech production is not independent
from its perception [9]. It has been suggested that Japanese
vowel devoicing is also influenced by the environment and the
type of the listeners [10],  [11].Devoiced vowels are realised
as fricative-like noise, and are relatively weak in terms of
their acoustic energy compared to the corresponding voiced
vowels. Thus, devoiced vowels may present problems of
perception for listeners.

5. SUMMARY
It seems from our data that voiced and the corresponding
devoiced vowels are different not only in terms of the state of
the glottis.  Tongue-palate contact has been shown to differ
between voiced and devoiced vowels, and this in turn implies
aerodynamic differences.  
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APPENDICES
A typical pattern of voiced /u/, devoiced /u/. In Figure 1 and Figure 2,
allophonic variations of /u/ also show different articulatory gestures for a voiced
and a devoiced vowel. Whereas allophones /u/ have similar articulatory
gestures in Figure 3 and Figure 4 (see section 3.2.1).

                    

Figure 1 Devoiced /u/

Figure 2 Voiced /u/

Figure 3 Devoiced /u/

Figure 4 Voiced /u/
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DELETION PHENOMENON OF PHONEMES IN SPONTANEOUS
TAIWANESE MANDARIN

Tzu-Ting SU
ILPGA University of the Sorbonne Nouvelle & CNRS / UPRESA 7018

ABSTRACT
This study presents acoustic and perceptive results on deleted
phonemes of 15 minutes of spontaneous Taiwanese Mandarin.
Acoustic results show that only 3% among 8580 phonemes are
deleted, in which 75% belong to grammatical words. Furthermore,
the deletion concerns less vowels than consonants (1.6 % versus
5.1% deleted). Perceptive results show that deleted vowels are
more often perceived than deleted consonants (40% versus
13.8%). It seems that in acoustic and perception, the vowel is
much more preserved than the consonant in spontaneous
Mandarin, this suggesting that the structure of the syllable in
Mandarin is based on the vowel, in which the tone is to be found.

1. INTRODUCTION
This study is part of a larger program aiming to compare
spontaneous speech phenomena in related and unrelated languages.
Spontaneous speech phenomenon is the object of growing interest.
Most of the studies concern Indo-European languages, like English
[8], German [4], French [2], and Finnish [14]. Our concern is to
investigate the deletion phenomena of phonemes in spontaneous
Taiwanese Mandarin, a Sino-Tibetan mono and disyllabic tone
language, intending to compare the phenomena with other
languages (this study is a continuation of [13]).
Our investigation is based on a spectrographic and perceptive
analysis.
We firstly investigate spectrographic results of our data in
spontaneous Taiwanese Mandarin. We examine: (i) the influence of
the words' category (lexical or grammatical) on the deletion of
phonemes. (ii) the deletion of vowels versus deletion of
consonants.
We then investigate perceptive results on the deletion of vowels
versus deletion of consonants.

2. ACOUSTIC EXPERIMENT
2.1. Method
The corpus consists of 15 minutes of continuous dialogue in
Taiwanese Mandarin uttered by three native-speakers of about 30
years old (two male and one female), recorded in a sound-proof
room.
The 15 minutes of speech were then transcribed in Chinese, with a
total of about 4100 characters. Signals were segmented on
spectrogram, phonetically transcribed (whenever possible) and
prosodically annotated on a computer. The criterion of deletion is
based on spectrographic analysis: a phoneme is considered deleted
when it is apparently not visible on the spectrogram.

2.2. Results
2.2.1. Percentage of deleted phonemes
Table 1 shows deleted phonemes versus total number of phonemes
in our data. Only 3% among all phonemes were deleted.

total deleted %
8580 260 3

Table 1. Total versus deleted phonemes

2.2.2. Lexical words versus grammatical words
We firstly investigate the influence of the words' category on the
deletion of phonemes. It seems quite universal that reduction or
deletion affect more frequently grammatical words (or function
words) than lexical words and familiar words than unfamilar words
[6] [11] [14].
We have divided all the phonemes of our data into two categories,
depending on whether they belong to grammatical or lexical words.
Grammatical words are pronouns, articles, auxiliaries,
conjunctions, prepositions, postpositions and particles. Nouns,
adjectives, verbs and adverbs belong to the lexical words’ category.
Table 2 shows that most of the deleted phonemes belong to
grammatical words (74% in grammatical words versus 26% in
lexical words). In addition, Table 3 shows that phonemes are more
likely to be deleted in grammatical words than in lexical words
(4.6% versus 1.5%). Our results confirm therefore the conclusions
of the studies mentionned above.

Deleted 260 %
Grammatical 193 74
Lexical 67 26

Table 2. Deleted phonemes in grammatical words and in lexical
words

total deleted %
Grammatical 4220 193 4.6
Lexical 4360 67 1.5

Table 3. Deleted phonemes in grammatical words versus in
lexical words

2.2.3. Vowels versus consonants
Table 4 shows the percentage of deleted vowels, glides and
consonants.Vowels are less likely to be deleted than consonants
(only 1.6% of vowels deleted versus 5.1% of consonants deleted).
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As far our results are concerned, the deletion of consonants leads to
a great number of succession of vowels but to a rare formation of
clusters.

total deleted %
Vowel 4186 69 1.6
Consonant 3106 157 5.1
Glide 1288 34 2.6

Table 4. Total versus deleted vowels, consonants and glides

2.2.4. Vowels
Table 5 illustrates which vowels were deleted. Some points can be
observed:
i) Few vowels are concerned by deletion, these being mainly
central and close vowels.
ii) Oral close vowels tend to be deleted but not open vowels. Thus,
the tendency that close vowels are less resistant than open vowels
[12] seems quite systematic in Taiwanese Mandarin.
iii) Deletion of central vowel schwa is frequent in many languages.
Similarly, the schwa in our data, nasalised or not, was deleted
(7.3% nasalised and 2.8% oral).
iv) [�] is both central and close. This vowel is the most deleted one

(7.8%).
v) The nasalised vowels [�n] and [en] are deleted only when they

are preceded by a nasal consonant, which has a strong vocalic
character. In addition, all deleted [�n] belong to the word [wom�n]

« we », a frequent word that Bally [1] would call « worn out ». In
our data, two productions were found: [wom�n] and [wom]. Here

we follow the suggestion made by Ohala [9] that more than one
entry may exist for very frequent words.

   Deleted / Total (%)
� 6/410(1.7) �1/79(1.3) ����26/334 (7.8) � 3/188 (1.6)

��0/141 �   14/503 (2.8) ���/396

�   0/8

�����/293
��/� 0/130 ����	/248 (7.3) ���0/99


�1/158(0.6) ��/���/377

����/208 �����/170 ������/141 �� 0/303

Table 5. Deleted versus total number of vowels

2.2.5. Glides
Table 6 shows deleted versus total number of glides.

j 20/597 (3.4%)
w 13/616 (2.1%)
� 1/75 (1.3%)

Table 6. Deleted versus total number of glides

2.2.6. Consonants
The results of deleted versus total number of consonants are shown
in Table 7. We may notice the following elements:
i) The deletion phenomenon is quite scattered. Almost all modes
and places of articulation are concerned.
ii) Regardless of the scattered tendency of consonants in Taiwanese
Mandarin, surprisingly none of labial consonants was deleted, this
confirming Straka [12] who showed that labial [p] is less likely to
be deleted than dental [t] and velar [k].
iii) The most deleted consonant is [x] (19.4% deleted).
iv) The only voiced fricative of Mandarin [�] has a high percentage

of deletion: 10.3%. It is known that voiced fricatives have weaker
frication than unvoiced fricatives because of aerodynamic
constraints [10] (conflict between frication and voicing). As a
result they may tend to be deleted.

The deletion phenomenon of consonant was also mentioned by
Lien [5] in Taiwan Southern Min, a tone language as well, where
consonants such as lateral [l] can disappear. For example, [khilai]
« go up » becomes [khiai]; [tokhi] « go back » becomes [toi].

Deleted / Total (%)
labial dental retroflex palatal velar

stop not aspirated p       0/167 t     28/442 (6.3) k     9/187 (4.8)
aspirated ph     0/21 th   3/111 (2.7) kh   0/84

affricate not aspirated ts    6/110 (5.5) ��    10/170 (5.9) ��    10/178 (5.6)

aspirated tsh  0/20 ��h   1/35 (2.9) ������/127 (0.8)

fricative voiceless f        0/51 s      1/61 (1.6) �      16/376 (4.3) �      1/226 (0.4) x     50/258 (19.4)

voiced �      9/87 (10.3)

nasal m      0/145 n      6/129 (4.7)
lateral l       6/121 (5)

Table 7. Deleted consonants versus total number of consonants (%)
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3. PERCEPTIVE EXPERIMENT
As noted in [7] « lenitions are less complete than they first
appear », an apparent deleted phoneme may leave a trace
somewhere. Deletions may be the effect of gestures’ overlapping
rather than them being omitted just like argued Browman and
Goldstein [3]. As showed in Table 8 there are four catagories in
which a phoneme can be represented according to whether it is
visible on spectrogram and whether it is perceived. For example, if
a phoneme applies to both the two conditions (visibility and
perception), it belongs to category nb. 1; if it is invisible but
perceived it will belong to category nb. 2, and so forth.

1 2 3 4
visible on spectrogram + - + -
perceived + + - -

Table 8. The four categories adopted to classify phonemes

In order to examine which phonemes may have residual effect in
perception (phonemes in catogory nb. 2), a perception test is
performed  in this section.

3.1. Method
Signals of 260 disyllabic syntagms in which one phoneme appeared
to be deleted on the spectrogram were extracted from the original
corpus and presented to 3 native-listeners. We asked them to
transcribe what they hear and then obtained a total of 780 responses
(=260 x 3).
One inconvenience is that two syllabes can easily form a word in
Mandarin. Consequently, context could become an important factor
to influence the results. However, since the effect of context is
equal for vowels just like for consonants, the comparison of vowels
versus consonants perception should be valid.

3.2. Results
Table 9 shows the number of deleted versus perceived phonemes.
i) Vowels not visible on the spectrogram are quite often perceived
(40%), hence, tending to cue in the consonant, and are often not
completely deleted.
ii) Consonants not visible on the spectrogram are often not
perceived (only 13.8% perceived). It seems that consonants are
more likely to be deleted entirely. Furthermore, listeners perceived
only one syllable instead of two, leading to a syllable merger. For
example, in [pauxan] "contain" where [x] is deleted, the disyllabic
word is perceived as a monosyllabic one [pan].

deleted perceived %
Vowel 207 (=69x3) 83 40
Consonant 471 (=157x3) 65 13.8
Glide 102 (=34x3) 8 7.9

Table 9. Deleted versus perceived phonemes

Table 10, 11 and 12 respectively show the percentage of perceived
vowels, glides and consonants. We noticed that the most deleted
consonant [x] is surprisingly quite often perceived (20%
perceived). However, context seems to be an important factor for

perception of deleted vowels, glides and consonants.

Deleted / Total (%)
������	����� ������ ��������	����� �����������


 ������������ �

�

�

���	 �������������� �	


������ ���	


� �� �� ��

Table 10. Perceived versus deleted vowels

j 0/60
w 8/39 (21%)
� 0/3

Table 11. Perceived versus deleted glides

Deleted / Total (%)
p t  13/84 (15) k  3/27 (11)
ph th   0/9 kh

ts    0/18 ��    1/30 (3) t�  2/30 (7)

tsh ��h   0/3 t����0/3

f s     1/3 (33) �    5/48 (10) �     0/3 x 30/150 (20)

�    2/27 (7)

m n   2/18 (11)
l    3/18 (17)

Table 12. Perceived versus deleted consonants

4. DISCUSSION
Our previous study [13] showed that in spontaneous French, on the
contrary of spontaneous Taiwanese Mandarin, vowels are more
likely to be deleted than consonants (5.3% of vowels versus 1.9%
of consonants deleted in 15 minutes of continuous dialogue). This
suggests that the syllabic structure is different in the two languages.
The vowel seems to play a much more important role in Mandarin
than in French.

5. CONCLUSION
According to the acoustic and perceptive investigations, in
spontaneous Taiwanese Mandarin, phonemes are more likely to be
deleted in grammatical words than in lexical words, as in other
languages. Moreover, consonants are much more likely to be
deleted than vowels. The second phenomenon indicates that the
vowel is much more important than the consonant in Mandarin, and
confirms that the structure of the syllable in Mandarin is based on
the vowel, in which the tone is to be found.
We argue that, on the one hand, the fact that tones are only to be
found in vowels may lead to them being less frequently deleted; on
the other hand, a mono or disyllabic language may preserve its
vowels in case they are the basis of the syllabic structure of this
language. It would be interesting to examine more tone languages
as well as mono and disyllabic languages to test these arguments.
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VOICING ASSIMILATION IN STOP SEQUENCES IN CATALAN AND
ENGLISH

Nestor Cuartero
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ABSTRACT
The aim of the experiment was to determine the direction and
temporal extent of voice assimilation in Catalan and English
VOICELESS - VOICED stop sequences, and the effect of
speaking rate on the process. The material consisted of two-word
sequences that contained consecutive stops across word
boundaries. The results showed that, in Catalan, C1 was realized
as voiced when followed by a voiced stop. In English, on the
other hand, C1 was implemented with no vocal fold vibration,
and C2 was devoiced. The results also showed that, in Catalan,
the process applied in a categorical fashion, so that the closure for
C1 was implemented as voiced. English exhibited variability in
the degree of voicing during the closure of C2. Degree of voicing
in C1 did not co-vary with speaking rate in Catalan, and C1 was
voiced independent of speaking rate. In English, there was no
effect of speech rate, either.

1. INTRODUCTION
The experiment intended to analyze the process of voicing
assimilation in Catalan and English. More specifically, it aimed
at observing the process of assimilation when two stops that have
a different phonological specification for voicing co-occur across
word boundaries within a phonological phrase. The second aim
was to analyze the influence of speaking rate on voicing
assimilation in both languages.

In summary, the experiment had two main objectives:
firstly, it was designed to observe the direction and temporal
extent of voicing assimilation across word boundaries in Catalan
and English. Secondly, we wanted to study the effect of varying
speaking rate on assimilation of voicing across word boundaries.

It has been observed that the process of voicing assimilation
in obstruents has a different direction and extent in Catalan and
English. This suggests that phonological units with the same
feature specification are phonetically implemented differently in
both languages. Thus, a sequence like Catalan pot dur �¥RnV ¥FW�
results in complete regressive assimilation of the voicing feature
by C1 (=¥RnF FW?). Conversely, in the English sequence back door

�D3M ¥FnÖ� (=D3M ¥F�nÖ?) C1 remains voiceless and C2 is partially
devoiced [1]. The present study aims at studying these cross-
linguistic differences in the phonetic implementation of
phonological units with the same feature specification with
original data, and to review how theories of phonetic
implementation model such differences.

We also intend to analyze the influence of speaking rate on
voicing assimilation in the two languages. Various studies [2, 8]
have shown that the overall tempo of performance affects
assimilatory processes and connected speech processes in
general. More concretely, there seems to be a trend towards more
assimilation in fast speaking rates, and less assimilation in slow
careful rates of speech. The tendency for assimilation to co-vary

with speech rate shows that assimilation is a gradual process
rather than a discrete phenomenon. This poses an additional
problem for phonological models that are based on discrete
phonological units, where phonological processes like voicing
assimilation are represented as discrete changes. Thus, we wanted
to test whether the patterns of co-ordination of oral and glottal
gestures -if there are any- are categorical or gradient across
different speaking rates.

2. METHOD
2.1. Material
The material used in the experiment consisted of meaningful two-
word sequences that contained consecutive alveolar or velar stops
across word boundaries within a phonological phrase. In the test
sequences, the first word ended in an underlying voiceless
alveolar/velar stop (e.g., Catalan pot gal, English hot girl). The
second word began with an underlying voiced alveolar/velar stop
(e.g., Catalan sac dolç, English back door). In the control
sequences, the final sound of the first word and the first sound in
the second word were stops with the same phonological
specification for voicing.

The number of syllables and the accentual pattern of the
word sequences were kept constant. The sequences contained two
monosyllabic words with the tonic stress falling on the second
word. The material was read twice by each speaker at three
different speaking rates.

The two-word sequences were inserted in the frame sentence
‘digui ___ un cop’ for Catalan, and ‘say ___ twice’ for English.
The test sequences included in the stimuli together with the
control sequences are listed in Figure 1 below. The same words
were used in different combinations when possible. The slightly
different frequency of occurrence and predictability of the final
combinations may have affected the results.

Figure 1. Stimuli for the Catalan and English speakers

The grammatical status of the sequences used in the
experiment was a factor that could have an influence on the
results.  Therefore, the syntactic status of the two-word sequences
was kept constant: all of them were noun phrases consisting of a

Frame sentence            digui ___ un cop    say ___ again

 Test sequences �V#I�    pot gal hot girl
�M#F�    sac dolç back door

 Control sequences  �V#M�    tot coix hot cop
�M#V�    sac tort             Czech town
�F#I�    fred gal sad girl
�I#F�    mag dolç big door
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noun and a modifying adjective. The natural syntactic order of
these two elements in the two languages was respected: thus, the
adjective followed the noun it modified in the Catalan utterances,
whereas the modifying adjective preceded the head noun in the
English sequences.

Only consonants whose articulatory constriction involved
tongue-palate contact –and were consequently observable in the
EPG frames – were used. This means that bilabial stops were not
included. Homorganic stop sequences and sequences that showed
complete assimilation of place of articulation (e.g. Catalan ‘pot
gal’ �¥RnV ICN� =¥RnIICN?; English ‘hot girl’) were not analyzed in
this experiment because it was impossible to identify the
boundary between the two consonants in the EPG frames.

2.2. Subjects
Four adult subjects participated in the present experiment, two
native speakers of the eastern variety of Standard Catalan – MJ,
DA-, and two native speakers of English, labeled AL and ME.
MJ and DA were born and bred in the Barcelona and Tarragona
areas respectively. They both lived permanently in Catalonia and
used Catalan for all their daily linguistic exchange. As for the
English subjects, AL spoke the variety of British English known
as RP, whereas ME spoke General American. The dialectal
difference was assumed to be irrelevant for the experiment, since
neither AmE nor BrE have been reported to differ in the
realization of stop sequences in terms of voicing. All the subjects
were linguistically trained. No subject reported a history of
speech or hearing disorders.

2.3. Experimental procedure
Subjects were asked to sit in front of a Samtron 486 computer at
the UAB Phonetics Laboratory in Bellaterra. The lights were
turned off in order to reduce external noise to the minimum. The
electroglottograph and palatograph were adjusted to each of the
subjects, who were then asked to read the test and control
sequences inserted in a frame sentence.

All the utterances were stored in a 486 computer.
Electropalatography (Reading EPG3 System) was used to trace
the movement of the oral articulators. Electroglottography (EGG)
was used to trace the activity of the vocal folds during the
production of the stop sequences. EGG traces were obtained with
an electroglottograph EG 830, F-J Electronics.

The measurements were carried out with the help of
Reading EPG3 software, which provides a simultaneous multi-
channel representation of the EPG, the EGG and the acoustic
waveform. The duration measurements were double-checked by
means of spectrograms (Computerized Speech Lab, Kay
Elemetrics).

Each sequence was read twice at different speaking rates.
Firstly, the subjects were asked to read the sequences at a normal
speed, as if they were talking to a friend. After that, they were
asked to read the sequences more slowly, as if they were talking
in a very formal context to a formal audience. Finally, the
subjects read the sequences as fast as possible. In a pilot
experiment, the subjects were asked to read the sequences fast,
and then as fast as they could. However, it was found that none of
the speakers could produce a distinction between a “fast” and a
“fastest” speaking rate. Thus, three speaking rates were obtained
from each subject, which were labeled ‘slow’, ‘normal’ and
‘fast’.

2.4. Analysis procedure
The experiment had both a between-subjects and a within-
subjects design. We wanted to test whether there are cross-
linguistic differences in the implementation of voicing in stop
sequences. Additionally, we intended to measure the effect of
speaking rate on voicing assimilation in the two languages
studied, namely English and Catalan. Voicing during the
consonantal closure was measured. Voicing was considered to be
actual vocal fold vibration as reflected in the laryngograph (Lx).
Since in English other cues are relevant to voicing, stop closure
duration and Voice Onset Time were also measured.

The EPG signal and the waveform were used to measure the
duration of the frame sentence, which served as an index of
speaking rate (SR). The EPG contacts were used to determine the
onset and offset of the articulatory constriction for C1 and C2 in
the stop sequences that were the object of this study. A frame-by-
frame representation of the articulation of the stop sequences in
each utterance was obtained with the Reading EPG3 software.
Thus, the tongue-palate contacts at intervals of 10 milliseconds
could be observed.

The following points were identified in the frame-by-frame
analysis of the stop sequences [7]:
1) Approach to C1 (AC1): the onset of movement towards the
articulation of C1.
2) Onset of C1 (OC1): the point in time at which the total
constriction for the first consonant in the sequence began.
3) Release of C1 (RC1): the point at which the articulators started
moving apart for the release of C1.
4) Approach to C2 (AC2): the onset of movement towards the
articulation of C2.
5) Onset of C2 (OC2): the point in time at which the total
constriction for the second consonant in the sequence began.
6) Release of C2 (RC2): the point at which the articulators started
moving apart for the release of the second consonant in the
sequence.
7) Point of Maximal Constriction (PMC): used to determine the
onset of a consonant when no complete constriction was present.

These points were then used to determine which portions of
the stop sequences were voiced. The interval in the EGG
waveform representing glottal excitation was measured in all
utterances and the percentage of voicing in the assimilating
consonant was then calculated.

As illustrated in Figure 2, in Catalan, the percentage of
voicing in C1 was measured, whereas in English the percentage
of voicelessness in C2 was measured. Voicing in C1 in Catalan
was expressed in terms of negative percentages (i.e. voicing for
C2 occurred before the articulatory closure for C2), and English
values were expressed in terms of positive percentages (i.e.,
voicelessness for C1 extended during C2).

A second set of measurements that included VOT and
duration of the stop sequence closure was also obtained in the
English utterances. VOT was considered to be the duration of the
interval between the release of C2 and onset of periodic glottal
excitation for the following vowel. To measure the duration of
the stop constriction, the duration of the interval from OC1 to
RC2 was measured.
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     Onset of C1            onset of C2 closure               release of C2 closure

closure                                  0
                                  +100%

             +50%

-50

-100
        0

Figure 2. Schematic representation of the measurements of
voicing in the stop sequences

3.RESULTS
3.1. Direction and extent
As regards the mixed sequences in English -/V#I/ (‘hot girl’) and
/’M#F’/ (‘back door’)- C1 was voiceless in all the utterances, so
that there were no cases of regressive assimilation of voicing. As
for the production of C2, Figure 3 shows that the English
speakers exhibited two markedly distinct patterns. Speaker ME
showed complete devoicing of C2 closure in most utterances -
although there were three cases of partial assimilatory devoicing
in the alveolar/velar sequence /V#I/. Since there was no glottal
activity during the production of the underlyingly voiced
consonant, the percentage of voicing during the CC closure was
the same for mixed and voiceless sequences. The question
remains whether the distinction between the mixed and the
voiceless sequences was maintained in some other way.

Speaker AL exhibited a voiced C2 closure and mechanical
devoicing in the latter portion of the closure. This subject did not
show devoicing of C2 but a canonical voiceless/voiced sequence
with a synchrony between the glottal gesture and the supraglottal
constriction (see Figure 3).

In sum, the voicing pattern in the mixed sequences for
speaker ME resembles that of voiceless stops, reflecting the
progressive devoicing predicted for English. Speaker AL does
not show devoicing of C2, but a synchrony between oral and
glottal articulations.

-100 21,65 78,35

-100 100

-100 100

-100 50,5 49,5

-100 100

-100 53,44 46,56

-100 0 100

ME voiced

ME voiceless

ME mixed

AL voiced

AL voiceless

AL mixed

English speakers

voiced
voiceless

OC1 OC2 RC2

Figure 3. Average percentages of voicing and voicelessness
in the English control and test sequences.

The voicing patterns of the Catalan subjects DA and MJ are
presented in Figure 4. It can be seen that both speakers exhibited
similar voicing timing patterns for the voiced control sequences
and for the mixed test sequences. In the mixed sequences /V#I/
(‘pot gal’) and /M#F/ (‘sac dolç’), C1 was fully voiced for speaker
DA, who exhibited no difference in voicing patterns between
mixed and voiced sequences. As in the voiced control sequences,
mixed sequences for speaker MJ showed voicing in
approximately the first half of C1 and mechanical devoicing
during the second half of C1, which continued into C2. For
speaker MJ, the presence of voicing in the first half of the closure
of C1 in mixed sequences can only be a result of full regressive
assimilation of C2 voicing plus mechanical devoicing.

-100 100

-74,3-25,6 100

100-100

-28,9-71,1 100

-90,5-9,5 100

-46,9-53,1 100

-100 0 100

DA voiced

DA voiceless

DA mixed

MJ voiced

MJ voiceless

MJ mixed

Catalan speakers

voiced
voiceless

OC1 OC2

Figure 4. Average percentages of voicing and voicelessness
in the Catalan control and test sequences.

3.2. Effect of speaking rate
In English, no co-variation of devoicing during the C2 closure
and speaking rate was found. In ME’s mixed sequences, C2
presented no voicing during the closure in nearly all occurrences
of /V#I/ and /M#F/ at all speaking rates. Consequently, correlation
coefficients for all the mixed sequences were not significant
(r=0.125, p<0.05, r2= 0.016). However, three occurrences of
/V#I/ uttered at faster speaking rates presented partial assimilatory
devoicing into C2. Speaker AL showed full voicing of C2 except
for three tokens that exhibited partial devoicing.

Thus, both English speakers showed devoicing of C2. For
one of the speakers, devoicing tended to be complete, although
some cases were found of partial devoicing. However, whether
progressive assimilation was complete or partial was not
dependent on speaking rate. The other speaker also presented
partial devoicing of C2 at faster speaking rates for one of the test
sequences. The fact that there was no devoicing in most of the
utterances produced by this speaker might be attributable to the
experimental conditions, which may have caused the speaker to
utter the sequences overcarefully and ‘unnaturally’. In other
words, the sequences that presented partial devoicing tended to
be those that were uttered at faster speaking rates, when the
speaker did not monitor his speech as much.

All in all, there was inter-speaker variability in the degree of
devoicing of C2, as shown by speakers ME and AL; however,
there were instances of partial devoicing in both speakers
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independent of speaking rate.  Hence, there was variability both
within and across speakers.

In Catalan, the mixed sequences (/V#I/ and /M#F/) from both
DA and MJ showed complete voicing of C1 at all speaking rates.
Voicing assimilation applied categorically in Catalan. There were
no cases of partial spreading of voicing. Sometimes, however,
voicing assimilation was not present, mostly at slow rates,
possibly because of other factors like speaking style and word
boundary effects. Voiced control sequences (/d#g/, /g#d/) also
showed two sporadic cases of voiceless C1, which may be
interpreted as Final Obstruent Devoicing due to word boundary
effects. The lack of voicing assimilation in four mixed sequences
uttered by speaker MJ can be explained in similar terms. As
regards speaking style, it has to be taken into account that only
those sequences that did not show place assimilation were
analyzed, so that we left out the most ‘naturally’ produced items.
This might also explain the fact that some sequences presented a
voiceless C1.

In brief, regressive assimilation of voicing did not co-vary
with speaking rate in Catalan. Sequences of stops where C1 was
phonologically voiceless and C2 phonologically voiced were
mostly produced with a fully voiced C1, regardless of rate.

3.3. Duration of the sequence and VOT
Since no differences were found between mixed and voiceless
sequences in the patterns of voicing during the closure for the
English speaker ME, other cues in the data from the English
speakers were analyzed in order to see whether the distinction
between the two cluster types was maintained in some other way.
The two variables analyzed were VOT and duration of the stop
sequence closure.

Voiceless sequences had a larger voice lag than mixed and
voiced sequences, a difference that was maintained across all
speaking rates. Thus, the difference in VOT may be one of the
cues to differentiate between mixed and voiceless cluster types.

The duration of the stop constriction was measured in order
to find out whether differences in consonant duration could be
used to cue the voicing feature. There was no significant
difference between mixed and voiceless sequences as far as stop
closure duration was concerned.

4. DISCUSSION
The results of our experiment showed that VOICELESS –
VOICED stop sequences are phonetically implemented
differently in Catalan and English. In Catalan, there is regressive
assimilation of voicing, so that a phonologically voiceless C1 is
realized as voiced when followed by a voiced stop.

The results also show that the assimilation process applied
in a categorical fashion in Catalan, so that the closure for C1, the
assimilating consonant, was implemented as voiced. The results
obtained by Carbonell [3] and Dinnsen & Charles-Luce [5, 6]
suggested that there was incomplete neutralization –i.e., partial
voicing assimilation - in mixed sequences, so that they presented
less voicing in the closure than their voiced counterparts. In our
experiment, it was found that mixed sequences like /t#g/ and
/k#d/ usually have the same degree of voicing in the closure of
C1 as sequences of voiced stops like /d#g/ and /g#d/, although
they may well differ in other factors such as VOT and consonant
duration. However, some cases were found in our experiment
where voicing assimilation did not apply in mixed sequences due

to an intervening pause. This seems to agree with Cebrián’s
findings [4], who claims that voicing assimilation across word
boundaries is not as consistent as Final Obstruent Devoicing.

English, on the other hand, exhibited great variability in the
degree of voicing during the closure. The English subjects
exhibited three voicing patterns during the closure for C2, and
they did not show a consistent pattern of co-ordination of glottal
and supraglottal gestures in VOICELESS – VOICED sequences,
although the tendency seemed to be to devoice C2.

In sum, the conflict of glottal articulatory demands in the
sequences studied is resolved differently in Catalan and English.
Catalan speakers showed one common pattern of co-ordination of
glottal and supraglottal gestures in such sequences: both subjects
implemented the closure of C1 with full voicing if voicing
assimilation was present. In English, voicing during the closure
does not seem to be relevant, which explains the variability found
between and within speakers.

4. CONCLUSION
The present experiment has shown that voicing assimilation is
regressive and complete in Catalan. Furthermore, rate of speech
does not affect degree of assimilation of voicing into C1. In other
words, voicing assimilation is present regardless of speaking rate
in this language. The phonetic implementation of VOICELESS-
VOICED sequences in English is of a different nature. In
English, there was no consistent pattern for the coordination of
oral and glottal gestures during the closure of C2 in the stop
sequences studied, and there was considerable variability in
voicing during the C2 closure. The results showed that VOT was
significantly different in voiceless and mixed sequences, but this
was not the case for consonant duration. Thus, the relevant
phonetic cue to differentiate sequences like /t#g/ and /t#k/ in
English is not voicing during the closure of C2 or duration of the
closure, but rather Voice Onset Time.
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ABSTRACT
We investigate how non-linguistic factors influence rates of
disfluency in spontaneous speech in a set of task-oriented
dialogues (the HCRC Map Task Corpus). The factors we
consider are: sex of the speaker; sex of the addressee;
conversational role; ability to see the addressee; familiarity with
the addressee; and practice at the task. Our analyses examined
disfluency rate (the number of disfluencies per 100 intended
words) and discard rate (the number of reparandum words per
100 intended words) in a series of within- and between-speaker
comparisons. Our results suggest that, perhaps unsurprisingly,
these non-linguistic factors do influence speaker fluency.
However, their influences may manifest themselves through
complex interactions with other factors, and in some cases may
only be apparent for particular measures of disfluency or
particular types of disfluency.  The work has implications for
both psychological and computational models of speech
production and perception.

1.  INTRODUCTION
Speaking spontaneously entails on-line planning, error-
correction and interaction with other speakers. As a result,
speakers often pause, backtrack to alter things that they have
just said or abandon sentences midstream. There is no complete
account of the causes of such disfluency, but it appears likely
that non-linguistic factors may play an important part. In this
paper, we examine rates of disfluency in the HCRC Map Task
Corpus [1] and the extent to which these rates are affected by
non-linguistic factors in the design of the corpus.

1.1.  The Corpus
The Map Task Corpus consists of 128 dialogues (approx.
130,000 words in total) between pairs of Glasgow University
students (32 males, 32 females). Dialogues averaged 407.75
seconds in duration and 1193 words.  In each dialogue, both
participants had a map which had various landmarks drawn on
it. One participant (the Giver) also had a route marked on their
map. Their task was to describe the route to the  other
participant (the Follower), who had to draw this route onto their
own map. Givers averaged 820.27 words per dialogue and
Followers 372.74. To make the task more complicated, the two
maps had different, but overlapping, sets of landmarks.

The 64 speakers were divided into 16  groups of 4 (quads).
In 8 quads, the participants had eye contact, but they could not
see each other’s maps; in the other 8 quads, participants were
screened from each other. Within each quad were two pairs of
friends; members of each pair were unfamiliar with members of

the other pair. Each speaker took part in 4 dialogues, twice as
Giver and twice as Follower. For each role, they took part once
with a partner with whom they were familiar.

The design of the corpus thus allowed us to look at the
effects of the following factors on rates of disfluency: sex of
speaker and of addressee; conversational role (Giver vs.
Follower); eye contact; familiarity with addressee; practice
(first vs. second attempt at describing a route using the same
map). The corpus allows us to look for consistent patterns of
disfluency in a large number of speakers producing spontaneous
task-oriented speech.

1.2.  Disfluency coding
Disfluency labelling on the entire corpus was done by hand,
using Xwaves/Entropic signal processing software and xlabel.
The coder was able to see the speech waveform and examine a
spectrogram where necessary, as well as being able to hear and
replay the signal as many times as required. Labels were
aligned with units of the word-level transcription, which was in
the same format. Each disfluency was labelled for type,
denoting the ‘editing operation’ (Basic types: repeat, delete,
insert, substitute; Non-basic types: combinations of these and
complex types involving embedding) and the number of words
in the reparandum (the words which need to be removed to
render a fluent interpretation). Filled pauses were coded
separately but are not included in the following analyses. The
coding method is described in detail in [2] and is similar to that
used by Shriberg in [3].

All the coding was converted into XML, from which the
data for the following study was extracted. Disfluency rate was
calculated as number of disfluencies per 100 intended words
(i.e. excluding filled pauses, editing terms and words in
reparanda). Note that disfluency rate does not always give an
accurate picture of the proportion of speech that is disfluent,
since it does not take into account the length (in words) of each
disfluency. We therefore also calculated discard rate (number
of reparandum words per 100 intended words). Note that two
speakers with comparable disfluency rates may differ greatly in
the proportion of their speech that is disfluent.

1.3. Predictions
1.3.1. Sex.  There is no strong independent motivation to lead
us to predict that one sex should be more disfluent than the
other. Lickley [4] found males to be more disfluent than
females, but his corpus only contained 6 speakers. Shriberg [3]
found that males used filled pauses more often than females (for
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30 speakers in the Switchboard corpus).  The Map Task Corpus
allows us to explore for a larger number of speakers whether
male speakers are more disfluent than females. It also lets us
examine whether a speaker is more disfluent when talking to a
same-sex or opposite-sex partner.
1.3.3. Role. The Map Task gives us examples of speech by the
same speakers taking different roles in dialogues.  As an
instruction giver, the speaker has to decide how to describe a
certain route across a map, circumventing various objects. This
involves both complex conceptual planning, for example the
order in which to tackle various problems, and complex
linguistic planning, for example formulating an instruction
involving multiple entities. In contrast, instruction followers
have less of a planning task and less need to introduce new
concepts to the dialogue. For the most part, their contribution
consists of acknowledging that they have understood their
instructions. Both conceptual and linguistic planning load might
plausibly be expected to influence disfluency rates. Because
Givers in general have the heavier planning load, we would
therefore predict that Givers should produce more disfluencies.

However, there is also a possible confound between role
and utterance length. Givers tend to produce longer utterances
than Followers. Some previous research has suggested that
longer utterances have higher disfluency rates than shorter
utterances [5]. Hence Givers might have higher disfluency rates
simply because they tend to produce longer utterances.

1.3.3. Familiarity.  As stated above, each speaker took part in
dialogues with one partner with whom they were familiar, as
well as with a partner with whom they were not familiar.
Familiarity could affect disfluency rates in at least two ways. On
the one hand, speakers might be more careful and cooperative
when speaking to an unfamiliar addressee. This could manifest
itself in a greater propensity to pre-plan an utterance before
beginning to speak, resulting in lower disfluency rates with
unfamiliar than familiar addressees. Alternatively, speakers
might be less anxious when speaking to a familiar addressee,
and it is possible that this might result in lower disfluency rates
with familiar addressees. (Note that we have no independent
means of determining whether speakers’ anxiety levels were
any different in the two conditions.) Familiarity with the other
speaker’s speech style and turn-taking tactics might also lead to
fewer disfluencies in dialogues between familiar participants.

1.3.4. Eye Contact. Speakers took part in dialogues in one of
two Eye-contact conditions. Bull [6] found that eye contact had
an effect on inter-turn intervals: Where speakers had eye
contact, the average time between turns was longer than when
they did not have eye contact. It may be that eye signals are
useful for effective turn-trading. This could result in lower
disfluency rates in the Eye-contact condition than the No eye-
contact condition for two reasons. First, speakers might be more
aware of when the other person wishes to speak. Second,
speakers might be better able to detect when the addressee is
having difficulty, and hence might be able to help the addressee
out (e.g. by clarifying an instruction) without the addressee
having to interrupt. Both factors would reduce the number of
abandoned utterances caused by the addressee interrupting.

1.3.5. Practice.  Each speaker performed the role of Giver twice
with the same map. Practice with the task should mean that a
Giver has less conceptual planning to do on the second attempt
and this should lead to less hesitation (fewer repetitions).  There
may also be fewer disfluencies caused by Followers interrupting

in the second session: There may be less need for the Follower
to interrupt if the Giver remembers where the maps differ and
can therefore accommodate the Follower.

2.  RESULTS
2.1.  Overview
Table 1 shows the disfluency rate and discard rate for the corpus
as a whole, averaged over speakers.

Mean Min Max S D
Disfluency Rate 4.05 1.55 9.48 1.49
Discard Rate 8.20 2.68 18.07 3.18

Table 1: Disfluency rates and discard rates per 100 fluent
words.

There is considerable inter-speaker variation for both measures.
But unsurprisingly, there was a significant correlation by
speaker between disfluency rate and discard rate (Pearson's
product moment correlation: r = .955, p < .01).

The overall rate for each type of disfluency and the
percentage of all disfluencies accounted for by each type is
shown in Table 2. (Non-basic types (4.74% of all disfluencies)
are excluded from the table.)

Measure Mean Min Max S D
Disfl rate 1.28 0.28 5.24 0.79Reptn
% all disfl 30.54 15.63 60.87 0.10
Disfl rate 1.67 0.56 3.38 0.62Deltn
% all disfl 42.22 21.26 65.31 0.10
Disfl rate 0.40 0.05 1.05 0.23Instn
% all disfl 9.70 1.61 21.26 0.04
Disfl rate 0.51 0.00 1.18 0.23Subst
% all disfl 12.80 0.00 31.58 0.05

Table 2: Disfluency rates per 100 fluent words, and percentage
of all disfluencies, by type.

Speakers varied considerably both in disfluency rate by type,
and in the proportion of each type of disfluency that they
produced. This was particularly noticeable for repetitions and
deletions, which together constituted on average 73% of all
disfluencies. There was a positive correlation between an
individual’s overall repetition and deletion rates (Pearson’s
correlation: r = .303, p < .05). Thus individuals with higher
repetition rates also tended to have higher deletion rates: Some
individuals are consistently more disfluent than others.

However, speakers varied in the relative proportions of
repetitions and deletions that they produced. For 28 speakers
(more than one third of the total) the difference between the
proportion of repetitions and deletions produced was more than
20%. These results are in keeping with Shriberg’s [3] finding of
individual ‘styles’ of disfluency. However, our data do not
provide clear evidence of a bimodal distribution of ‘Repeaters’
and ‘Deleters’. Rather, individual speakers’ preferences for
repetition versus deletion appear to vary along a continuum.

2.2.  Influence of non-linguistic factors
2.2.1. Sex. Tables 3 and 4 show average disfluency rates and
discard rates respectively for male and female speakers. We
report rates for the corpus as a whole and for the two Eye-
contact conditions individually.

Cond Mean Min Max S D
Male Overall 4.35 1.84 9.48 1.62
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Eye-c 4.19 2.51 5.49 0.97
No eye-c 4.52 1.84 9.48 2.12
Overall 3.76 1.55 6.37 1.42
Eye-c 3.16 1.55 5.85 1.35

Fmle

No eye-c 3.90 1.98 5.79 1.33
Table 3: Average disfluency rates for males and females, for

entire corpus, eye-contact, and no eye-contact conditions.

Cond Mean Min Max S D
Overall 8.57 2.68 18.07 3.39
Eye-c 8.56 6.19 12.08 2.05

Male

No eye-c 8.57 2.68 18.07 4.48
Overall 7.70 3.16 13.63 3.07
Eye-c 6.49 3.16 11.97 2.77

Fmle

No eye-c 7.80 3.57 12.24 3.12
Table 4: Average discard rates for males and females, for entire

corpus, eye-contact, and no eye-contact conditions.

Although males were numerically more disfluent than females
on both measures, the difference was only marginally significant
for disfluency rate and non-significant for discard rate
(Independent-pairs t-tests, one-tailed: t(62) = 1.604, p = .06;
t(62) = .211, p > .1).

Further tests examined data from the Eye-contact and No
eye-contact conditions separately. These showed that in the Eye-
contact conditions, females had significantly lower disfluency
and discard rates than males (t(20) = 2.052, p <.05; t(20) =
1.994, p < .05, both one-tailed). However, there were no such
differences in the No eye-contact conditions (Both t < 1, p > .1,
one-tailed). One interpretation of these results is that females
may be better than males at picking up visual cues for effective
turn-trading from their partners.

Further tests examined whether speakers’  disfluency and
discard rates were  influenced by their partner’s sex.
Numerically, disfluency rates and discard rates were higher with
same-sex partners than opposite-sex partners (4.48 vs. 4.31;
9.48 vs. 8.67), but these differences were not reliable (t(27) =
.705, p > .1; t(27) = 1.345, p > .1, both two-tailed). The results
suggest that there is an overall difference between the sexes in
disfluency and discard rates, but there is no influence of the sex
of the addressee.

2.2.2. Role. Table 5 shows average disfluency  rates and discard
rates for Givers and Followers. Speakers had higher disfluency
and discard rates as Givers than as Followers (Paired-samples t-
tests, both one-tailed: t(63) = 4.846, p < .01; t(63) = 5.547, p <
.01). Further tests (all one-tailed) compared disfluency rates for
each disfluency type. These revealed that Givers were reliably
more disfluent than Followers with respect to repetitions (t(63)
= 2.471, p < .05); insertions (t(63) = 6.552, p < .01);
substitutions (t(63) = 5.552, p < .01); and marginally more
disfluent with respect to deletions (t(63) = 1.469, p = .08).
These differences can plausibly be attributed to the more
complex conceptual and linguistic processing that Givers must
carry out than Followers.

Measure Mean Min Max S D
Disfl rate 4.30 1.56 11.37 1.70Giver
Discard rate 8.83 2.79 22.12 3.72
Disfl rate 3.40 0.80 7.20 1.54Follower
Discard rate 6.57 1.91 13.62 3.14

Table 5: Average disfluency rates and discard rates for Givers
and Followers.

We also analysed the relationship between utterance length
and disfluency rate. On average, 71% of Followers’ utterances
were fewer than 5 words long, compared to 49% for Givers. The
higher a Follower’s proportion of utterances under 5 words, the
lower  their disfluency and discard rates (Pearson’s product
moment correlations: r = -.437, p < .01; r = -.446, p < .01).
However, there were no such correlations for Givers (both p >
.1).  Thus, Followers’ but not Givers’ disfluency rates were
predictable from their proportion of short utterances.

Givers and Followers also produced differing proportions
of each type of disfluency. Proportionally more of Givers’
disfluencies than Followers’ were insertions and substitutions
(Paired-samples t-tests, one-tailed: t(63) = 4.673, p < .01; t(63)
= 3.302, p < .01); whereas more of Followers’ disfluencies than
Givers’ were deletions (t(63) = 3.058, p < .01). There was no
difference for repetitions (p > .1).

Overall, these results suggest that conversational role has a
considerable influence upon disfluency rate and type of
disfluency. The different in rate cannot be wholly attributed to
differences in utterance length. This is an important issue for
future investigation.

2.2.3. Familiarity. Table 6 shows average disfluency  rates and
discard rates for Givers with familiar and unfamiliar Followers.

Measure Mean Min Max S D
Disfl rate 4.34 1.21 11.28 1.87Familiar

Follower Discard rate 9.09 1.50 21.54 4.37
Disfl rate 4.12 1.29 11.44 1.81Unfam

Follower Discard rate 8.22 1.50 22.57 3.76
Table 7: Average disfluency rates and discard rates for Givers

with familiar and unfamiliar Follower.

For both measures, rates were numerically higher with familiar
than unfamiliar Followers. The difference was not significant
for disfluency rate (Paired-samples t-test:  p > .1, 2-tailed).
However, Givers had significantly higher discard rates, i.e. a
higher proportion of words appearing in reparanda, when
speaking to a familiar Follower (t(63) = 2.139, p < .05, 2-
tailed).

2.2.4. Eye-contact. Table 7 shows average disfluency  rates and
discard rates in the Eye-contact and No eye-contact conditions.
Both disfluency and discard rates were numerically higher for
the No eye-contact condition. However, this difference was not
reliable (Independent-samples t-tests, one-tailed: both p > .1).

Measure Mean Min Max S D
Disfl rate 3.88 1.55 7.43 1.30Eye-c
Discard rate 7.99 3.16 15.86 2.80
Disfl rate 4.23 1.84 9.48 1.66No eye-c
Discard rate 8.42 2.68 18.07 3.55

Table 7: Average disfluency rates and discard rates in Eye-
contact and No eye-contact conditions.
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Analyses investigating each type of disfluency separately
revealed higher rates of repetition disfluencies in the No eye-
contact condition (t(62) = 1.952, p < .05, one-tailed). This may
be attributable to more effective turn-trading in the Eye-contact
condition, resulting in less need for repetition in an attempt to
gain the floor. There was no comparable effect for other types of
disfluency (all p > .1).

2.2.5. Practice. Table 8 shows Givers’ average disfluency  rates
and discard rates in their first and second sessions as Giver.

Measure Mean Min Max S D
Disfl rate 4.35 1.29 11.44 1.851st turn
Discard rate 8.62 1.50 22.57 4.23
Disfl rate 4.13 1.21 11.28 1.802nd turn
Discard rate 8.75 1.69 21.54 3.88

Table 8: Givers’ average disfluency rates and discard rates in
first and second sessions as Giver.

There was no reliable difference in overall disfluency and
discard rates  between Givers’ first and second sessions (Paired-
sample t-tests, one-tailed: t(63) = 1.317, p =.1; t(63) = .306, p >
.1). However, analyses investigating each type of disfluency
separately revealed higher rates of repetition disfluencies in
speakers’ first session as Giver (t(63) = 2.136, p < .05, one-
tailed). There was no comparable effect for other  types of
disfluency (all p > .1). Repetitions appear to be primarily
hesitation devices, whereas other types of disfluency tend to
reflect alterations to the current speech plan. The finding of
lower rates of repetition with practice is therefore compatible
with  the hypothesis that practice at a task results in less
hesitation, due to lower conceptual planning demands.

3. CONCLUSIONS
Our results show that speakers’ fluency in spontaneous speech
is influenced by a number of non-linguistic factors:
• Female speakers were less disfluent than males under

certain circumstances: when they could see their addressee.
Sex of the addressee did not affect fluency.

• Instruction givers were more disfluent than instruction
followers; this difference does not appear to be solely
attributable to differences in utterance length.

• Conversational role also affects the types of disfluencies
produced: Repetition rates did not differ between roles but
Givers produced proportionally more insertions and
substitutions, and fewer deletions, than Followers.

• Speakers had a higher discard rate (proportionally more
words forming part of a reparandum) when speaking to a
familiar addressee. But familiarity did not affect the
disfluency rate (i.e. the number of disfluencies that
speakers produced).

• Speakers produced more repetitions when they could not
see their addressee. But eye contact did not reliably affect
overall disfluency or discard rate.

• Instruction givers produced fewer repetitions the second
time that they performed the task. But practice did not
influence overall disfluency or discard rate.

Our results show further that non-linguistic factors do not exert
a uniform effect on fluency. Many differences, though showing
the predicted pattern numerically, did not achieve statistical
significance. In addition, some analyses achieved significance
for one measure only (e.g. disfluency rate but not discard rate or
vice versa). This indicates that it may be important to employ

more than one measure of disfluency in order to uncover
underlying patterns in the data.

More interestingly, the results suggest that different factors
may interact in complex ways. Thus the speaker’s ability to see
the listener does not in itself significantly affect rates of
disfluency; but an interaction of eye contact and speaker’s sex
turns out to exert a strong influence on both disfluency and
discard rates. Hence, an important conclusion of this work is
that it may be over-simplistic to expect simple relationships
between non-linguistic factors and disfluency. Equally, our
results suggest that it may be simplistic to concentrate on gross
measures of disfluency, and that analyses which distinguish
between different categories of disfluency may ultimately be
more enlightening.

Future work will examine the interactions more closely.
We will also add other hesitation phenomena (filled and silent
pauses) to the analyses and take into account possible effects of
speech  rate, inter-turn intervals, and utterance length and type.
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VARIATION IN PRE-NASAL VOWELS IN OSAKA JAPANESE
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ABSTRACT
This paper presents two studies on the production of vowels
preceding the two nasal categories in Japanese, specifically
Osaka Japanese. These two nasal categories are the mora nasal
and the non-moraic nasal. As earlier studies have often focussed
on the difference in length of the nasals themselves which were
supposed to account for the ability to distinguish perceptually
between the nasal categories, these studies focus on articulatory
procedures which already take place anticipatorily in the
preceding vowel. Variation in the quality of the preceding vowels
is found to vary systematically and therefore is interpreted to
serve as an indication about the nasal category to follow. The
time course of anticipatory velar lowering on the other hand is
not found to vary systematically and therefore it does not seem
play an indicative role.

1. INTRODUCTION
The moraic structure of Japanese provides us with two kinds of
nasals, which are the syllable final nasal /N/ (as /N/ in Honshu,
/hoNshu/, the main island of Japan), a mora nasal, and syllable
initial nasals (as /m/ in Sumo, /sumo/, a famous Japanese sport),
which are the non-moraic nasals. The phonetic realisations of the
non-moraic nasals are quite uncontroversial and provide a
dental/alveolar nasal [n] and a bilabial one [m], which both form
a phonological category of their own (/n/ and /m/). The phonetic
realisations of the mora nasal /N/ on the other hand are not quite
as clear. Some researchers assume an underlying place and
manner of articulation of the mora nasal, which can be found in
the vicinity of a velar nasal. This underlying place and manner of
articulation is assumed to be modified and adjusted to the
phonetic context and speaking style, leaving a trace of the
original pronunciation. Others assume more context dependent
realisations, which do not refer to any kind of original
pronunciation.

As the mora is a metrical unit in Japanese, studies on the
length of the mora nasal in contrast to non-moraic nasals have
been pursued. It was found that the duration of a mora nasal is
clearly longer than the duration of a non-moraic nasal [1].

It was interpreted from perception studies that the
recognition of a nasal as being a mora nasal was based on its
length and its position in a syllable [2].

There is, however, a limited amount of studies which
concentrate on variation in the production of the preceding vowel.
Such a variation could anticipatorily convey information about
the following nasal category. In this study two different aspects in
the production of the pre-nasal vowels are presented, which are:
the time course of anticipatory velar opening and quality
variation of the vowels.

2. VELAR OPENING
In this section a study is presented, which investigates the
correlation between the time course of anticipatory velar opening
in vowels preceding either the mora nasal or the non-moraic
nasal. Systematical variation is assumed to account for different
production strategies for the two nasal categories.

In an EMG-study on velar opening [3], indications that the
velum was lowered faster in a vowel preceding a mora nasal than
in a vowel preceding a non-moraic nasal were found. This
assumption is based on the results for the vowel /e/ only.
Furthermore the samples containing the mora nasal /N/
accommodated a short vowel whereas the samples containing a
non-moraic nasal accommodated a long vowel. Hence more time
was available in the long vowel to lower the velum for the nasal,
which could have lead to a slower lowering procedure.

In a study on American English [4] earlier velar lowering
gestures were detected in vowels preceding syllable final nasals
when compared to vowels preceding syllable initial nasals.

With these findings in mind an investigation on the time
course of velar lowering in vowels preceding a mora nasal (i.e. a
syllable final nasal) and in vowels preceding a non-moraic nasal
(i.e. a syllable initial nasal) was carried out.

2.1 Experimental procedure
The data consists of read speech recorded from six speakers of
the Kansai variety of Japanese, spoken in Osaka. Target words
imbedded in carrier sentences contain either the mora nasal or the
non-moraic nasal in intervocalic position. All five Japanese
vowels are included in this investigation. Simultaneously to the
recording of the speech signal, the nasal vibration was recorded
with a light weight accelerometer attached to the upper part
outside of the nose. For more detail see [5].

The recorded material was analysed with ESPS/Waves+.
Assessment of the opening of the velar port was made from
aligned waveforms and spectrograms from both the speech signal
and the accelerometer signal. The presence of visible spectral
energy typical for each individual vowel speaker in the
spectrogram of the accelerometer signal reaching up to 8kHz,
starting at the onset of the pre-nasal vowel, was deemed to reflect
the lowering of the velum prior to the vowel onset. A sudden
increase of visible spectral energy during two or three periods of
the speech signal, was interpreted as a swift, wide opening of the
velar port. A more gradual increase of spectral energy was taken
to reflect a gradual lowering of the velum (cf. [5]).

2.2 Velar opening patterns
From the recorded data six different patterns could be elicited to
account for different velar opening procedures.
Pattern   ES   (early sudden)  : Full nasal spectral energy is observed
either right from the beginning of the pre-nasal vowel or at least
within the first three periods of the speech signal, which mirrors
velar opening either prior to the vowel onset or rapid velar
lowering simultaneously with the vowel onset and results in a
fully nasalised vowel.
Pattern    LS   (late sudden)  : A sudden appearance of full spectral
energy later in the pre-nasal vowel or at the onset of the nasal,
which mirrors a rapid velar opening closer to the beginning of the
nasal itself and results in a nasalised off-set of the pre-nasal
vowel or a consistently non-nasalised vowel.
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Pattern   EG   (early gradual)  : Gradually increasing spectral energy
from the vowel onset on, which becomes complete either later in
the vowel or at the onset of the nasal.
Pattern   LG   (late gradual)  : Gradually increasing spectral energy
beginning later in the vowel leading to full spectral energy either
later in the vowel or at the onset of the nasal.
Pattern   EGS   (early gradual sudden)  : Gradually slightly
increasing spectral energy from the onset of pre-nasal vowel
onwards and a sudden appearance of full spectral energy later in
the pre-nasal vowel or at the onset of the nasal. Here, a gradual
lowering of the velum is followed by a rapid lowering, which
results in a partially nasalised vowel where nasalisation increases
gradually, and a fully nasalised vowel offset.
Pattern   ILS   (intermediate late sudden)  : A moderate amount of
spectral energy over the whole spectral range from the beginning
of the pre-nasal vowel, followed by a sudden appearance of full
spectral energy either later in the vowel or at the onset of the
nasal. The velum appears to be partially open at the beginning of
the pre-nasal vowel. Later in the pre-nasal vowel a large velar
opening is achieved through a rapid velar lowering. A modestly
nasalised portion of the vowel is followed by a fully nasalised
portion of the vowel.

The patterns ES and LS could both reflect the velar opening
patterns for the mora nasal according to the findings in [3], which
showed a faster velar opening procedure for the mora nasal than
for the non-moraic nasal. The patterns EG and LG on the other
hand, would than be expected to reflect the velar opening
procedure for the non-moraic nasal. When referring to the
findings on American English in [4], where earlier velar lowering
gestures were stated in vowels preceding syllable final nasals
rather than syllable initial nasals, the patterns ES and EG would
correspond to the appropriate velar opening patterns during the
vowel preceding the mora nasal, whereas LS and LG would be
appropriate in the context of a non-moraic nasal. The observed
patterns EGS and ILS cannot be directly related to a particular
nasal category on the basis of the previous studies.

2.3 Results and discussion
The frequency of occurrrence of each velar opening pattern was
calculated as a percentage for each speaker across all target words
and for each of the two nasal categories. A paired t-test for
occurrence-values of the two nasal categories received from all
speakers was carried out for each velar opening pattern. A level
of significance of 5% was chosen, because of the small amount of
data, received from six subjects. Probability values (p) for a two-
tailed distribution are presented.

The results presented in Table 1 and Figure 1 show that
different patterns are found to a different extent by the individual
speakers. It also shows that the individually favoured velar
opening procedures are applied for both nasal categories. No
systematic interaction between any of the patterns and any of the
nasal categories can be found. The most favoured patterns are ES
and EG, however they are equally often found for both nasal
categories.

It can thus be stated that the results in the current study
cannot support the findings in [3], where faster velar lowering
was found in the vowel preceding the mora nasal. Neither can
they be related to the findings in [4], where earlier velar lowering
gestures were detected in vowels preceding a syllable final nasal
in American English.

This study showed that a particular nasal category is not
correlated with a particular type of velar opening procedure.

Varied types of velar opening procedures would have reflected
different degrees of vowel nasalisation which were expected to
give a perceptual indication about the following nasal category.
However, as a varied degree of vowel nasalisation in production
is not found to be symptomatic for the distinction between the
two nasal categories, this effect is not a remedy to the detection
of a particular nasal category in a speech string.

Patter
n

ES LS EG LG EGS ILS S %

FU m 30.78 10.62 44.5 9.8 2.84 1.46 100
S n 17.38 2.26 56.36 19.34 1.67 2.99 100
P MA m 25.03 0 47.47 3.41 9.19 14.89 100
E n 42.36 1.34 38.03 2.5 3.76 12.01 100
A MI m 4.58 0 86.17 0.67 8.58 0 100
K n 26.18 0 65.55 0 4.57 3.7 100
E NO m 33.05 5.95 40.35 0.91 6.71 13.03 100
R n 16.22 9.33 30.94 0 15.06 28.45 100
S ShO m 40.4 3.49 24.74 0.63 8.21 22.55 100

n 35.29 8.45 9.07 0 14.75 32.44 100
TO m 26.92 17 11.37 0.83 19 24.87 100

n 18.53 41.18 2.05 2.94 11.32 23.98 100

m, xÛ 26.79 6.18 42.43 2.71 9.09 12.8 100

n, xÛ 25.99 10.43 33.67 4.13 8.52 17.26 100
p 0.91 0.38 0.11 0.44 0.84 0.18

Table 1.Frequency of occurrence (in %) of each of the six spectral
patterns in the context  of the mora nasal (m) and the non-moraic nasal (n)
for six speakers, the mean frequency of occurrence across the speakers for
each nasal category and the probability values obtained from a paired t-
test.
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Figure 1. Frequency distribution of velar opening procedures used,
reflected by the six different patterns, for the mora nasal (m) and the non-
moraic nasal (n) for six different speakers.

3. QUALITY VARIATION
The previous section has shown that there is no consistent
variation in the timing of velar opening in the vowels preceding
the two nasal categories. If vowel nasalisation is not a pointer to a
particular nasal category, the question arises, to what extent
varied vowel quality for the vowels prior to the nasals can
account for the distinction of the two nasal categories at an early
stage. A variation in vowel quality depending on the following
nasal category could help listeners to identify the respective nasal
category before the nasal is produced. This might be possible
irrespectively the degree of anticipatory vowel nasalisation.

As the mora nasal is produced as a nasal vowel in some
contexts, the quality of the preceding vowel would be expected to
be similar to that of a nasal vowel. Thus, a vowel in the context of
a mora nasal would assimilate to something similar to a nasal
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vowel, whereas a vowel in the context of a non-moraic nasal
would assimilate to a nasalised vowel.

The historical derivation of nasal vowels from a sequence of
an oral vowel followed by a nasal consonant brought along a
lowering of the vowel itself. This was found for French [6] and
some Chinese dialects [7]. In addition, marked articulatory
difference has been found from cineoradiographic studies on
French between the oral vowels [ a O] and the corresponding
nasal vowels [8]. Formant perturbation was thus judged to be
intentional. The general relationship between vowel height and
the formants is classically described as being connected to F1, in
that the first formant frequency increases as a speaker moves
from the high vowel to a low vowel and it decreases as the
speaker moves from the low vowel to a high vowel [10]. Vowel
lowering, i.e. perturbation of F1 is one aspect which is
investigated and presented in this study.

In an analysis of the acoustic characteristics of oral vowels
and their nasal(ised) counterparts in Hindi, Igbo, Turkish and
English [9], it was observed that nasalisation resulted in increased
proximity between F1 and F2 for the non-front vowels /a o u/. It
was concluded that back nasal vowels are perceptually expected
to be further back than their oral counterparts.

According to Ladefoged [10], the proximity of the first two
formants is a better measure to the degree of vowel backness than
F2-values. A possible variation of the degree of backness of the
vowels preceding the two nasal categories in Japanese, based on a
variation in the proximity of F1 and F2 is also investigated and
presented below.

3.1 Experimental procedure
The same recordings used for the investigation presented in the
section above were used for this study. The labelled test vowels
preceding either a mora nasal or a non-moraic nasal were
subjected to a spectral analysis using the EPSPS/waves+ program
package, which is based on an LPC analysis (12th order).
Formant frequency values and their bandwidth values were
obtained for four formants in 5ms steps.

For comparison of the formant values for the vowels
followed by the different nasal categories, the formant value of a
point in the middle section of the labelled vowel was used for
statistical analysis. It was checked from the spectrograms of the
accelerometer signal obtained at the nose whether the vowel was
nasalised in the middle section or not. Only vowels nasalised at
this point were included in the further analysis procedure. In
some cases, when the mora nasal was realised as a nasal vowel
and no discrete boundary between the nasal and the vowel could
be detected, formant values at a hypothetical middle point were
chosen. The position of the hypothetical midpoint was based on

the statistical average duration of the corresponding vowel
preceding a non-moraic nasal, which was then devided by two.
The decision in using this solution was also motivated by the idea
that at an equal distance from the onset of the vowel, the vowel
quality might already give information about the type of nasal
following after.

The first two formant frequency values at the midpoint of the
vowel or the hypothetical midpoint were extracted for each target
word and added to the formant value list of each vowel. A
grouped t-test, assuming equal variance, comparing the data of
the two nasal categories for each speaker and each vowel was
carried out for the phonetic aspect of the degree of openess of the
vowel (F1) and the degree of backness of the vowel (F2-F1-
values).

3.2 Results and discussion
In the following, the averaged formant frequency values (x Û) of
the first formant (F1) and the distance between the two
formantsÐwhich is based on the substraction of F1 from F2 (F2-
F1) and reflects the proximity between these formantsÐfor each
vowel adjacent to each nasal category and each speaker will be
presented.  The resulting probability values (p) for a two-tailed t-
test are also listed in the table. For more information on the data
(e.g. the number of tokens and the standard deviation) see [5].
Male speakers are marked with "¥"

3.2.1 Results for openess (F1, Table2).For the open vowel /a/,
F1-values are lower in the case of a following non-moraic nasal
for half of the speakers. It is assumed that separation of the first
two formant frequency values during the formant analysis
procedure was not successful for those speaker, who had very
high frequency values for F1 in /a/ (i.e. ShO).

For the other vowels, a significant variation in F1-values,
depending on the following nasal category can be observed for
single speakers only. The majority of speakers do not
differentiate between the two categories. Apart from individual
speakers with a large data variance in general (e.g. ShO), data
variance is mostly spread for the vowel /a/.
 This is probably due to the same factor as the extremely high
average F1 value for some speakers in /a/, namely, a difficulty in
separating the frequency values of the first two formants during
the procedure of formant calculation of this vowel. However,
there is no difference in data variance between the two nasal
categories.  Thus, the results concerning the first formant (F1) do
not present us with a satisfactory answer to the question of
whether a particular nasal category influences the quality of the
preceding vowel.

F1 FU¥ n m MA n m MI n m NO n m ShO¥ n m TO n

/a/   xÛ 650.27 732.13 744.87 916.0 610.41 739.7 815.44 865.22 952.94 944.41 503.02 480.01

p 4e-8 n<m 0.0 n<m 0.0383 n<m 0.777 n=m 0.8826 n=m 0.5385 n=m

/e/   xÛ 459.49 479.86 389.25 373.74 398.93 375.75 412.84 451.17 604.33 452.35 467.97 473.62

p 0.2379 n=m 0.48 n=m 0.276 n=m 0.4654 n=m 0.005 n>m 0.63 n=m

/i/    xÛ 330.78 314.92 273.64 277.53 298.5 312.62 289.40 301.43 443.17 436.69 356.91 356.57

p 0.0447 n>m 0.33 n=m 0.0041 n<m 0.1798 n=m 0.441 n=m 0.494 n=m

/o/   xÛ 471.47 510.93 398.78 376.78 465.53 445.28 388.97 374.22 651.5 652.21 444.45 429.96

p 0.0427 n<m 0.518 n=m 0.6898 n=m 0.5538 n=m 0.9934 n=m 0.4383 n=m

/u/   xÛ 370.36 341.32 295.89 285.78 335.80 352.01 342.08 347.53 462.23 407.53 401.58 415.11

p 0.0256 n>m 0.082 n=m 0.3193 n=m 0.7768 n=m 0.2081 n=m 0.4666 n=m
Table 2. Mean formant frequency values for F1 for each speaker and category, and the p-values between the categories, obtained from an unpaired t-test.

page 393 ICPhS99          San Francisco



3.2.1 Results for backness (F2-F1, Table 3). For both vowels /a/
and /o/, which are the two most open vowels in Japanese, there is
a closer proximity between F1 and F2 when the vowels are
placed prior to the mora nasal. For the close vowels /i/ and /e/ no
significant differences can be found for the majority of speakers,
but there is a tendency towards the reverse effect, with a wider
distance between the first two formants in the vowels adjacent to
the mora nasal. For the vowel /u/ the distance between F1 and F2
seems to be insensitive to the category of the adjacent nasal.

3.2.3. Discussion. No significant variation for the first formant in
the vowels for Osaka Japanese can be observed depending on
which of the nasal categories is preceded. Therefore, any
lowering of a vowel, as observed in the historical process of
vowel nasalisation, based on the perturbation of F1 cannot be
supported with this investigation.

On the other hand, for the openÐand rather backÐvowels /a o/
a decreased distance between F1 and F2 was found, if these
vowels occurred prior to the mora nasal. According to the
analysis that a smaller distance between F1 and F2 represents a
greater degree of backness [10], open vowels which occur prior
to a mora nasal should then be produced further back than the
respective vowels occurring before a non-moraic nasal. These
findings correlate with some of the results from an earlier study
[9], where the nasalised variants of the vowels /a o u/ were found
to be expected to have a greater degree of perceptible backness
than their oral counterparts by native speakers of Hindi, Igbo,
Turkish and English.

The more fronted and more close vowels /i e/ show an
opposite tendency, although no significant results were obtained
for the majority of speakers. Thus vowels prior to the mora nasal
exhibit a wider distance between the first and the second formant,
which would reflect a stronger degree of fronting.

It can be summarised that the quality of the vowels
preceding the mora nasals have a tendency to be less central. The
front-back dimension, which originates in traditional descriptions
of tongue position, but rather reflects the auditory impression
given by the acoustic output, based on the action of various
articulators, seems to be a parameter of vowel articulation that is
sensitive to the adjacent nasal category. Vowel quality varies
depending not only on the position of the velum but of other
articulatorsÐlike the tongueÐas well.

The difference of quality in the vowels depending on
whether they precede the mora nasal or the non-moraic nasal can
thus be an indicator by which the listener identifies the following

nasal category. The evidence is, however, much clearer for open
vowels which at the same time are non-front vowels.

3. CONCLUSION
A specific nasalisation processes does not seem to occur during
the pre-nasal vowel, which is connected to a specific nasal
category. The procedure of nasalisation is chosen individually by
a speaker and does not vary across the categories. Thus acoustic
features in the vowel, which are related to nasalisation do not
serve as indicators for a specific nasal category to follow. Vowel
quality, however, is systematically varied in that the vowels
preceding the non-moraic nasals are produced more central then
the corresponding vowels preceding the mora nasal, based on the
proximity of the first two formants.

These studies are however limited concerning the included
variety of allophones of the mora nasal and they are furthermore
based on read speech. Extended studies on spontaneous speech,
including all varieties of nasals is wished for. Other factors, like
reduction phenomena would thus also be expected to occur in the
material, which could give some information to facilitate the
distinction between the nasal categories.
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F2-F1 FU¥ n m MA n m MI n m NO n m ShO¥ n m TO n m

/a/   xÛ 600.12 428.8 1040.42 788.42 1173.05 842.8 1017.62 872.52 909.7 858.69 1246.09 1056.13

p 0.00073 n>m 4.862e-5 n>m 0.00025 n>m 0.0944 n=m 0.4419 n=m 0.00015 n>m

/e/   xÛ 1433.77 1519.28 1853.73 2106 1912.35 2014.16 2149.04 2084.72 1241.36 1499.7 1706.88 1900.1

p 0.0762 n=m 7.64e-6 n<m 0.2177 n=m 0.3366 n=m 0.0242 n<m 00.0063 n<m

/i/    xÛ 1888.93 2084.76 2255.73 2317.33 1714.47 1689.87 2595.55 2621.37 1668.0 1788.91 2132.85 2304.59

p 0.0008 n<m 0.25059 n=m 0.903 n=m 0.5867 n=m 0.2138 n=m 0.00222 n<m

/o/   xÛ 613.17 294.51 809.47 495.32 1056.39 682.79 986.57 703.18 1054.69 878.52 909.31 562.77

p 0.00068 n>m 5.706e-5 n>m 0.0007 n>m 0.00015 n>m 0.163 n=m 2.45e-8 n>m

/u/   xÛ 899.81 813.68 1245.47 1084.63 1280.45 1379.09 1441.76 1560.39 1045.48 1079.32 1276.89 1152.82

p 0.3886 n=m 0.1374 n=m 0.333 n=m 0.3369 n=m 0.7506 n=m 0.2343 n=m
Table 3. Mean formant frequency values for F2-F1 for each speaker and category, and the p-values between the categories, obtained from an unpaired t-
test.
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ABSTRACT

This study examines the role of several non–phonetic factors
in the reduction of ten frequent English function words (I, and,
the, that, a, you, to, of, it , and in) in the phonetically-
transcribed portion of the Switchboard corpus of spontaneous
telephone conversations. Using ordinary linear and logistic
regression models, we examined the length of the words and
whether their vowels were full or reduced. We show that
function words are more likely to be longer or unreduced when
they are turn–initial or utterance–final, when the speaker is
female (mostly but not completely due to slower rate of
speech) and when the word is surprising given the previous or
following words. Finally, focusing on finer details of the
effect of planning problems on reduction, we show that filled
pauses (uh and um) are the strongest factor in predicting
lengthening of a previous function word. The results bear on
issues in speech recognition and models of speech production.

1. INTRODUCTION
This study reports on our continuing investigation into a
number of non–phonetic factors affecting the reduction of ten
of the most frequent English words—I, and, the, that, a, you,
to, of, it, and in—in the Switchboard corpus of conversational
telephone speech. Frequent function words are of particular
interest because they are not only subject to the contextual and
stylistic processes that govern the variation of content word
forms, but also typically exhibit additional variation,
especially a greater propensity toward reduced forms. Keating
(1997) showed that this greater variation in function words
was even more evident in Switchboard than in read–speech
databases like TIMIT.

Our study sheds more light on the role of two factors that
we looked at in Jurafsky et al. (1998): 
• planning problems: whether the speaker was having

difficulty in production, as previously indicated by
repetitions, pauses, and use of um and uh. In this paper we
studied the differential effect of these indicators.

• predictability:  the predictability of the function word,
modeled by its probability given the previous two words.
In this paper we studied the effect of the following word.

We also report on two new factors that play a role in the
reduction of function words.
• age and sex: the age and sex of the speaker
• position in turn and utterance: whether the

utterance was initial or final in the utterance and the turn.

2. METHODOLOGY
2.l Data
The Switchboard corpus of telephone conversations between
strangers was collected in the early 1990's (Godfrey et al.
1992). The corpus contains 2430 conversations averaging 6
minutes each, totaling 240 hours of speech and 3 million
words. Approximately four hours of this speech was
phonetically hand–transcribed by Greenberg et al. (1996). The
speech fi les were automatically segmented into
pseudo–utterances at turn boundaries or at silences of 500 ms
or more. The transcribers were given these utterances, the word
transcription, and a rough automatic phonetic transcription.
They then corrected this rough phonetic transcription, using
an augmented version of the arpabet. In general we relied on
these Berkeley transcriptions for our coding, although we did
listen to, recode, and/or eliminate certain observations;see
Jurafsky et al. (1998) for more details on the data coding.

2.2 Dependent Variables
We examined two dependent factors reflecting reduction:
vowel quality and word length. Vowel quality was a
categorical variable, coding whether a vowel was full  or

reduced. The reduced vowels were « (arpabet [ax]), ö (arpabet

[ix]), «Õ (arpabet [axr]), and P (not in the arpabet). Word length
was the duration of the word in milliseconds.

2.3 Regression models
We used regression models to evaluate the effects of these
factors on the measures of reduction, logistic regression for
the categorical variable of vowel quality, ordinary linear
regression for length. Thus when we report that an effect was
significant, it is meant to be understood that it is a significant
parameter in a model that also includes the other significant
variables. In other words, after accounting for the effects of
the other variables, adding the variable in question produced a
significantly better account of the variation. Our models were
based on roughly 7300 to 8400 observations.

Logistic regression models the effect of explanatory
variables on a categorical variable in terms of the odds of the
category, which is the ratio of P(category) to 1–P(category).
For a binary category like full versus reduced vowel,we
estimate the odds by the ratio of the percentages of the two
values: the article a occurs with a full vowel 24% of the time,
and with a reduced vowel 76%; the odds of a full vowel are
24/76 = 0.3 (to one).
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3. OUR PREVIOUS RESULTS
In our previous work, we found four factors which
significantly affected reduction. We summarize those findings
here. Note that our previous work investigated a wider range of
dependent  var iab les,  inc lud ing whether  the
coda–consonant was present in it , that, of, and and, and
also distinguished two subtypes of unreduced pronunciations:

‘basic’ or ‘canonical’ pronunciations ([Qnd] for and) and

‘other full’ pronunciations ([End] for and). 

3.1 Rate of Speech
Speech researchers have long noted the association between
faster speech, informal styles, and more reduced forms. We
measured rate of speech at a given function word by taking the
number of syllables per second in the pause–bounded region
immediately surrounding the word; see Fosler–Lussier and
Morgan (1998) for more details on this coding.

Unsurprisingly, rate of speech affected all measures of
reduction. Comparing the difference between a relatively fast
rate of 7.5 syllables per second and a slow rate of 2.5 syllables
per second, the estimated increase in the odds of full to reduced
vowels was 3.7, i.e. the odds of a full vowel at the slow rate
was 3.7 times the odds at the faster rate (p < .0001).

3.2 Planning Problems
The production of speech is accompanied by a variety of
disfluencies. Some of these disfluencies are prospective,
largely due to speakers’ trouble in formulating an idea, and
expressing it with the proper syntax, words, prosody, and
articulation. Fox Tree and Clark (1997) suggested that such
‘planning problems’ cause words in immediately preceding
speech to have less reduced pronunciations. They found this to
be true for the.

We investigated the effects of planning problems on the
ten function words. Following earlier research, we took
disf luencies (pauses, filled pauses like uh or u m, and
repetitions) to be symptoms of planning problems; any
function word followed by one of these was assumed to belong
to a planning problem context. Disfluencies were not
infrequent, although they did vary by function word, as Table 1
shows.

a the to in of and that I i t you
8.7 11.7 7.1 7.8 7.7 22.6 19.0 11.0 12.9 3.5
Table 1: Percentage of functors occurring before disfluencies.

The effect of a planning problem on word length was massive
and across–the–board (see Figure 1). The effect, both overall
and for each word, remains after partialing out effects of rate,
predictability, and next consonant/vowel (p < .0001). Words
are roughly twice as long before a disfluency than before a
word. All classes of vowels, basic, full, and reduced, are
lengthened. 
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Figure 1. Average length for function words when followed by
another word or by a disfluency

3.3 Following Consonant/Vowel
A general fact about weakening processes is that the form of a
word is influenced by the segmental context. More reduced
forms tend to occur before a consonant than before a vowel.

This is often modeled as allomorphy, e.g. the as [Di] before

vowels but [D«] before consonants (Keating 1994).
We found significantly less reduction (in all four

variables) when the next word began with a vowel than when it

began with a consonant. As expected, the odds of a basic [Di]
form of the  were greatly increased before a vowel. However, to
and of  were also similarly affected,suggesting an allomorphic

account of a [tu]/[t«] or [Ãv]/[«v] alternation.

3.4 Predictability and Collocation
Jespersen (1923) notes that the predictability of the word in
its context is an important factor contributing to weakened
pronunciations. To measure predictability, we estimated the
log of the conditional probability of a function word given the
previous two words using a backoff trigram grammar with
Good–Turing discounting trained over the entire Switchboard
corpus. Greater predictability increases the likelihood of
reduction. More predictable words were shorter than less
predictable words (p <  .0001). 

We also found collocational effects; the you  of you  know
was highly reduced, and the of  in partitive constructions (kind
of, lots of, etc.) was significantly more likely (p < .001) to
have no coda than in other uses (such as thought of, outside
of). This suggests that the partitive construction may be
stored or unitized as a mental routine.

4. ACCENT
One of the strongest factors influencing the pronunciation of a
word is whether it receives accent. Since function words are
relatively unlikely to be accented, the lack of prosodic coding
in our corpus is not a great handicap. Nevertheless, when
accent does fall on a functor, it will be longer and have a fuller
pronunciation, and could thus be responsible for some of the
above effects. We listened to 120 instances of the functors,
concentrating on their longest full vowel tokens. Each item
was coded for presence or absence of pitch accent. About
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one–third of the items were coded independently by two
listeners, and of the other two–thirds, any low–confidence
tokens were considered by the other listener also. 

Only four functors had more than one accented token out
of ten: I , 12 of 20; you, 7 of 15; that, 4 of 15; and and, 2 of
10. Since these are sampled from the longer tokens, overall
frequencies of accent will be much lower. For these items we
cannot rule out the possibility that accented tokens occur
disproportionately in one or more of our predictor contexts.
For the disfluency contexts, accented and  and that occurred
equally in our sample before words or before disfluencies;
accented I  and you occurred slightly more frequently in the
disfluent contexts, but the difference for this small sample was
far from significant. We cannot rule out that accent may be
found to interact with our other effects in a larger sample, of
course, but the magnitude and the scope of its influence on our
results appears to be limited.

5. AGE AND SEX
Previous research has shown that sex is an important factor in
pronunciation variation. Byrd (1994), in her study of read
speech in the TIMIT corpus, found that men spoke on average
6.2% faster than women. Shriberg (1999), in her study of
disfluencies in Switchboard, found that men had slightly more
disfluencies per word than women. Besides this effect of sex,
we were interested in the role of age in pronunciation
variation. The age of Switchboard speakers at time of
recording ranged from 17 to 68. 

Because of these previous results, we suspected that the
effects of sex and age on pronunciation would mostly be
realized through changes in speaking rate and disfluency rate.
We thus began by investigating the role of sex and age on
speaking rate and on the incidence of disfluencies. We then
looked at their remaining marginal effects on pronunciation.

5.1 Effect of age and sex on rate.
There is a large effect of sex on speaking rate (p < .0001). On
average men spoke 6.4% faster than women. Men had an
average rate of 5.35 syllables per second, and women an
average rate of 5.03 syllables per second. It is somewhat
surprising that such a similar difference is found for both read
speech and conversation.

We also found an effect of age on rate (p < .0001). Older
speakers spoke more slowly; 5.12 syllables per second for
speakers over 50, compared to 5.44 syllables per second for
speakers under 30.

Finally, there was an interaction of age and sex. While
women on average spoke more slowly than men, older women
spoke even more slowly than older men. Figure 2 shows all
these effects of age and sex on rate.

5.2 Effect of age and sex on disfluencies.
As expected from Shriberg’s (1999) research on the
Switchboard corpus, we found an effect of sex on disfluencies.
Men had a 16% higher odds of disfluencies than women. (The
raw rate of disfluency was 12.2% per word for men, and 10.9%

for women.) Although there was no main effect of age, age and
sex again interacted. While younger men had a greater rate of
disfluencies than women (the odds of disfluencies were 64%
greater for 20–year old men than 20–year–old women), the
difference decreased with age, so that older men had
approximately the same disfluency rate as women.

If the effects of sex and age on speaking rate and
disfluencies are partialed out, is there any remaining effect on
pronunciation? There was a remaining small effect of sex (p =
.030) on word length (men's words were still 3% shorter), but
no remaining effect of age. For vowel reduction, however, the
remaining effect of sex is much stronger (p < .0001).
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Figure 2. Estimated rate of speech in syllables per second for
men and women by age.

6. PREDICTABILITY
Our previous work showed that words are shorter and more
reduced when they are predictable (i.e. when they have a high
trigram probability given the previous two words). We were
interested in whether the following word could play a role in
predictability, since the speaker is presumably already
planning the next word when the current word is articulated.

We examined the centered tr igram  probability (the
log probability of a function word given the previous and the
following word using the methods described in §3.4. We found
significant effects for both the trigram and  centered trigram
probabilities. Function words averaged 83 ms shorter when
they were highly predictable by a standard trigram (p(word) =
.56) than when they were highly unpredictable by a standard
trigram (p(word) = .0056). After partialing out this effect of
standard trigram, function words were still 31 ms shorter when
they were highly predictable by a centered trigram (p(word ) =
.56) than when they were highly unpredictable by a centered
trigram (p(word) = .00000056).

7. POSITION IN TURN AND UTTERANCE
Previous research has shown the importance of the position of
a word in its turn or utterance, particularly of initial and final
position. Phrase–final lengthening is a well–known factor.
Research on repair (Fox and Jasperson 1995 inter alia) has
suggested that planning problems may tend to be located early
in turns. An analysis of errors in automatic speech recognition
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of Switchboard (Jurafsky et al. 1998b) showed that
utterance–initial words were more often misrecognized. 

We examined the effect of word position on reduction and
on the likelihood of disfluencies. We coded each word for its
position in the turn and in the utterance, following the
definitions of turn and utterance used in the Penn Treebank
annotation of Switchboard (Meteer et al 1995).

Both turn–initial and utterance–final words are
significantly longer than other words. Much of the effect of
turn position on length is realized via an increased disfluency
rate (disfluency odds ratio of 1.41 for turn–initial position,
and of 4.42 for utterance–final position). (Unlike Shriberg
(1999), we did not find that disfluencies are significantly more
likely to occur utterance–initially.) But even after factoring
out the effect of disfluencies on reduction, turn–initial words
were still 20% longer than non–turn–initial words, and
utterance–final words were still 35% longer than
non–utterance–final words.

8. DISFLUENCIES 
Does the powerful effect of disfluent items on the preceding
function word extend to each of the categories—pause, filled
pause, and repetition—that we used as indicators of planning
problems? Earlier work by O’Shaughnessy (1992) and Girand
et al. (1998) suggested that it might not, since they found that
much of the lengthening of a word preceding its repetition was
due to lengthening occurring when pauses fell between the
repeated words.

An item analysis for the three categories found somewhat
different results. First, silent pauses, filled pauses, and
repetition each contribute strongly to the longer and less
reduced forms found before them. Second, filled pauses, not
silent pauses, have the strongest effect. Third, while the effect
of silence was greater than that of repetition, it was only
marginally significant (p = .040). Although our assessment of
these effects was carried out after partialing out effects of rate,

following item
 word  pause filled pause   repetition

word length  113  212  353   183
full vowel odds 1.33 3.66 12.20   6.99
Table 2. Average length and odds of a full vowel for functors

preceding words and disfluency contexts.

for simplicity we summarize them by reporting raw durations
and odds of reduction in the table below. The relatively smaller
effect for pauses is not necessarily inconsistent with the prior
results; since they concerned pauses within  repetition strings.

9. CONCLUSION
This study has measured the affect of a number of
non–phonetic factors on the reduction of ten English function
words in the Switchboard corpus. Function words are more
likely to be unreduced when they are turn–initial or
utterance–final. Female speakers are more likely to have long
or unreduced function words; this effect is mostly but not

completely due to their slightly slower speaking rate. Finally,
focusing on finer details of the effect of planning problems on
reduction, we show that filled pauses (uh and um) are the
strongest factor in predicting lengthening of a previous
function word.

It is interesting that these factors are all extremely local,
mostly involving the immediately previous or following
word, an immediately previous or following turn or utterance
boundary, or the immediate rate of speech in a very local
region. In terms of cognitive models of speech production,
while some of these effects are likely to arise at the levels of
lexical retrieval and compilation of syntactic and prosodic
frames, others will require more immediate access to the
articulatory routines. Whatever the sources of the effects, the
results hold out the hope for speech engineering of building
good predictive models of word pronunciation based only on
very local information.
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ABSTRACT

This work exploited coarticulation and loud speech as natural
sources of perturbation in order to determine whether articulatory
covariation (motor equivalent behavior) can be observed in
speech that is not artificially perturbed. Articulatory analyses of
jaw and tongue movement in the production of alveolar
consonants by German speakers were performed. The sibilant /s/
shows virtually no articulatory covariation under the influence of
natural perturbations, whereas other alveolar consonants show
more obvious compensatory behavior. Our conclusion is that an
effect of natural sources of perturbation is noticable, but sounds
are affected to different degrees.

1. INTRODUCTION
Experiments with artificially perturbed speech (e.g. bite block
experiments) show that phonetically defined goals can be reached
by different articulatory strategies, i.e. that compensation takes
place. The question remains whether this key principle of motor
control can also be observed in unconstrained speech. The first
problem here arises in identifying natural sources of perturbation.
According to Edwards [2] coarticulation can be taken as a natural
source of perturbation that influences the interarticulator
coordination. The effect of coarticulation on the tongue-jaw
interaction in a variety of alveolar consonants was examined in a
pilot experiment by Kühnert et al. [4].

A further source of natural perturbation may be found in
loud speech [6, 7]. In loud speech the jaw may adopt a more
open position, thus forcing a different pattern of interarticulator
coordination from that found in speech uttered at a normal
volume level.

In our experimental setup we thus decided to use two
natural sources of perturbation: coarticulatory effects and loud
speech.

2. EXPERIMENT
2.1. Data
Kinematic and acoustic recordings were made of read phrases,
produced by 4 German speakers (one female (AW), three male).
Pseudo-word 'VCV sequences were embedded in carrier phrases
of the type "Hab das Verb ___ mit dem Verb ___ verwechselt".

The target consonants were the alveolar German phonemes
differing in manner of articulation /s, 5, l, n, d, t/ (/5/ is
postalveolar). They were placed in differing symmetric vowel
height contexts /i__i, e__e, a__a/; both vowels were long, with
main stress on the first vowel. All phrases were produced in loud
and normal speech, which was elicited by simple instruction of
the speaker. The loud and normal phrases were presented in
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Figure 1. Articulatory data for speaker RS for /s/ and /l/. The
symbol indicates the vowel context, with i, e, a = normal volume;
I, E, A = loud volume. Anterior is to the left. Sensors from left to
right: jaw-out, tongue-tip, blade, dorsum, back. Radius of main
axis of ellipse equals twice the standard deviation along the first

principal component of variation.
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Figure 2. Articulatory variability of target consonants over all speech volumes and vowel contexts. Separate panels for each subject (HP,
AW, RS, SR). and one jaw and three different tongue sensors (jaw-in, tip, blade, dorsum) The tongue-back sensor has been omitted but
shows results similiar to dorsum. For speaker HP a corpus was used that did not contain the consonant /t/; for speaker SR the tongue-

blade sensor failed during the experiment.

random order. For each target consonant with given loudness and
vowel context 12 repetitions were produced, i.e. 72 repetitions of
each consonant over all context and loudness conditions.

The two-dimensional (midsagittal) kinematic signals were
recorded with an electromagnetic transduction system
(Articulograph AG100, Carstens Medizinelektronik, for more
technical details see Hoole [3]). Four sensors were placed on the
tongue (referred to as tip, blade, dorsum and back): The tip
sensor was placed approx. 1cm posterior to the tongue tip, and
was assumed to best track alveolar articulation. The other three
followed in equidistant steps up to a point opposite the junction
of hard and soft palate (blade, dorsum, back). Three sensors were
used to track the jaw movement. One each was placed on the

inner (jaw-in) and outer (jaw-out) surface of the gums beneath
the lower incisors, a third sensor was placed on the angle of the
chin (chin). Reference sensors were located on upper jaw and the
nasion.

2.2. Results
Three analysis points during the acoustic manifestation of the
target consonant were determined: First, the acoustic midpoint of
the consonant, second, the point of minimal tangential velocity of
the tongue-tip sensor trajectory; and third the point of minimal
tangential velocity of the jaw-out sensor trajectory. Comparison
of these three points showed little effect on the results. Thus, in
the following, the analysis for the acoustic midpoint alone is
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presented.
In figure 1 the overall variability in the articulatory data for

one speaker is illustrated. In our experiment loudness and
coarticulation are essentially intended to evoke gradually varying
effects on jaw height. Differences between the different sources
of perturbation will not be considered further here.

2.2.1. Articulatory variability for different so unds and sensor
positions. The data in figure 1 show a relatively continuous
pattern of variation in jaw height for /l/ whereas for /s/ only a
very reduced variability is found. In figure 2 a more schematic
overview of the variability for all sounds and all speakers is
presented. Three outcomes of the data presented in figure 2 can
be summarized: 1. The variability in the tongue position
increases with distance from the alveolar place of articulation. 2.
The fricative /s/ exhibits least variability over all sensor
positions. 3. The differences in variability between /s/ and the
more variable consonants like /l/ and /n/ are stronger at the back
parts of the tongue (i.e. at those remote from the place of
articulation).

2.2.2. Complementary covariation between tongue tip and
jaw. For the next step we examined the interaction between jaw
height and tongue tip height. As is well known the two
articulators are not independent of one another. The measured
tongue tip position consists of a real (henceforth intrinsic) tongue
tip position and a share of jaw movement.

The intrinsic tongue height here was estimated by simple
subtraction of the y-value of jaw-in from the y-value of tongue-
tip. (cf. [4]). The results of jaw-in were similiar to those of the
other jaw sensors but provided more conservative results. Figure
3 shows detailed results for two contrasting speakers, RS and
AW. The negative correlations for speaker AW are much weaker
than those of RS. In AW as well as in RS the strongest negative
correlation can nonetheless be found in /l/ and /n/, the weakest in
/s/.

In figure 4 a different way of describing the effect of
covariation is presented. It summarizes the correlation
coefficients for all speakers and consonants and relates these
results to the standard deviation of the jaw. On the one hand this
figure demonstrates more clearly that for /s/ production the
standard deviation of the jaw height is only about 0.5mm or even
less for three of the four speakers. For the remaining speaker RS
the jaw height variation of /s/ is also relatively small compared to
the other sounds. Congruously only weak covariation for the /s/
can be expected. More reliable candidates for tip-jaw covariation
are those that show a larger variation in jaw height combined
with a high negative correlation between jaw height and intrinsic
tip height. For all four speakers /n/ and /l/ show up with this
tendency.

The problem of factoring out intrinsic tongue height by
subtraction of the jaw and afterward correlating these
(dependent) data with jaw height (cf. [1]) should not be
underestimated.

One major advance of our experiment in contrast to the
experiment by Kühnert et al. [4] is that we are already able to
compare three different sensors that monitor jaw movement. The
risk of overestimating the negative correlation between the
coupled articulators can be decreased by choosing the sensor

giving the weakest negative correlations.
Full estimation of intrinsic tongue activity requires factoring

out the jaw contribution to measured tongue position. This
requires, in turn, decomposition of jaw movement into rotational
and translational components. We are at present working out an
operation to do this decomposition by combining the information
of the three jaw sensors with anatomical information (retrieved
by means of NMRI) about position of the condyle in our
subjects.
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Figure 3. Covariation between jaw height and intrinsic tongue
height for speakers RS (top) and AW (bottom). Symbols as in

figure 1. Results for /5/ have been omitted.
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Figure 4. Abscissa: Correlation coefficient between jaw height
and intrinsic tongue height; Ordinate: Standard deviation of jaw

height. Subjects HP, RS, AW, SR.

3. CONCLUSION
Our expectation was that V-to-C coarticulation and different
loudnesses would cause the jaw position in consonants to vary.
We supposed further that speakers would use the tongue for
compensation to keep vocal tract constriction in the consonants
relatively constant. Specifically we were interested in whether
trade-off effects (strength of complementary covariation) would
vary over consonants sharing place of articulation but differing in
manner. One preliminary hypothesis, motivated by one speaker in
the experiment of Kühnert et al. [4], was that trade-offs would be
most apparent in acoustically sensitive sounds such as fricatives.
This was not confirmed by our experiment. Jaw position was so
precise for the fricatives that no lingual compensation was
required. Nevertheless, for both jaw and tongue, variability
increased from fricatives via stops to the lateral and nasal. All the
same it may be oversimplifying to merely state that /l/ is more
variable than /s/. Even in /l/ (compare figure 1) the variability in
the tongue tip is relatively small compared to the variability of
the back parts of the tongue. This leads us to assume that
especially for /s/ the jaw, as well as the tongue tip, plays the role
of an articulator whose precise positioning is crucial. The
important role of precise positioning of the incisors and thereby
the jaw for the production of sibilants has been pointed out by
Shadle [8, 9] and subsequently Ladefoged [5].

This account explains the patterns we found in our speakers
and the patterns observed in a similiar experiment [4] for two of
three speakers.

This leaves one speaker in [4] who was reported to show a
pattern more or less opposite to our present findings. So probably
- after all - individual strategies even for /s/ may vary.
The question raised in the title of this work remains. Our findings
indicate that the paradigm of motor equivalence as a genuine
feature of natural speech requires a sound-specific perspective.

Before judgement is possible of what can be compensated there
has to be a more complete account of sounds in terms of relevant
articulatory goals and more irrelevant properties. Further,
although we have tried to retrieve our results out of a corpus of
relatively natural speech with natural sources of perturbation, a
necessary further step will be for us to obtain data from a more
natural corpus with the target sounds embedded in real German
words. This work is currently underway.
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ABSTRACT

Rules of organizing motor commands for concatenation is
investigated taking example of signing gestures. In order to
control the hand shapes and arm movements in sign gestures,
timing and duration of the action of the elements involved in the
symbols of their descriptive system are specified for a series of
words in phrases, clauses or sentences. They are accompanied
with a note concerning whether they are mandatory or
obligatory. Those data are stored temporally in the form of
matrix of word vs. symbol. Next, concatenation rules are applied
to provide distinction between the priority symbols, reduction of
the adjacent symbols, or diffusion of the symbols if the elements
are not occupied by other symbols. By combining the
specification of the elements and the concatenation rules, control
commands for each of the elements are currently being computer
programmed, and the sign gestures synthesized on a graphic
display.

1.  HAND SHAPES AND ARM MOVEMENTS
In the previous study by present authors, a new symbolic
descriptive system for hand shapes and arm movements was
developed, in order to apply to detailed analysis of sign gesture.
The structure of the system was as follows.
Hand shapes: In order to model the finger actions, firstly, hand
shapes were described combining both the combination of finger
actions for changing the shapes, and the mutual relationships
among the fingers. Hand shapes used in signing were described
by combining the finger actions described above with symbols
for the five fingers, marks denoting actions, and several marking
conventions.
Arm movements: The position of the wrist was described by a
combination of the rotation of the shoulder and the elbow joints.
Movement of the hand were described by the transition from a
state classified by the position and direction of the hand and the
facing of the palmar or dorsal surface to another state [1, 2].
Then, the hand shapes which were difficult to manipulate, or
difficult to be perceived, were classified on this system [3, 4].

2.  ORGANIZING MOTOR COMMANDS
In this study, rules of organizing motor commands for
concatenation is investigated taking example of signing gestures.
In order to control the hand shapes and arm movements in sign
gestures, timing and duration of the action of the elements in the
symbols are specified for a series of words in phrases, clauses or
sentences. They are accompanied with a note concerning
whether they are primary (mandatory) or secondary (voluntary).

The voluntary actions are realized only when the elements are
not occupied by the mandatory ones. Those data are stored
temporally in the form of matrix of word vs. symbol (Figure 1).
Next, concatenation rules are applied to provide Factor 1)
distinction between the priority symbols, Factor 2) reduction of
the adjacent symbols, or Factor 3) diffusion of the symbols if the
elements are not occupied by other symbols (Figure 2).
These three factors were derived from the analysis of signing
gestures of the native traditional Japanese signers [5, 6, 7, 8].

Figure 1. Process of generation of the control commands for
signing gestures.

Figure 2. Factors involved in the concatenation rules of
organizing motor commands.
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3.  RANGE OF JOINT ROTATION IN SIGNING

organizing motor commands, especially of the elements in the
voluntary symbols, are based on the economy of mechanical

In order to estimate the mechanical work necessary for moving
the upper extremities, the upper arm, forearm and hand were

inertia of the whole upper extremity for the movement within
the ranges of rotation of the shoulder, elbow and wrist joints

with the inertia about an axis through their center and
perpendicular to the length of the cylinders (Figure 3).

rotation of the upper extremity joints, the range with lesser
dynamic work required is used in actual sign gestures.

The principle which underlays the design of control rules are
applicable to the control of the speech production, as it explains

common to any communication channel.

REFERENCES
 [1] Fukuda, Yumiko, Ikehara, Wako, Kamikubo, Emiko and Hiki, Shizuo.
1994. An electronic dictionary  of Japanese sign language, Proceeding,
1994 International Conference on Spoken Language Processing (ICSLP
94), September 18-22, 1994, Yokohama, Japan. 4: 1987-1990.
[2] Ikehara, Wako, Kamikubo, Emiko, Hiki, Shizuo and Fukuda, Yumiko.
1995. A new descriptive system for signing based on biomechanical

modeling of finger actions, Proceedings, XIIIth International  Congress of
Phonetic Sciences (ICPhS95), August 13-19, 1995, Stockholm, Sweden, 4:
504-507.
[3] Ikehara, Wako, Kamikubo, Emiko, Hiki, Shizuo, and Fukuda, Yumiko.
1996. Retrieval of hand shapes in an electronic sign language dictionary by
using an anatomical symbol system, Proceedings, 5th International
Conference on Computers Helping People with Special Needs (ICCHP'96),
July 17-19, 1996, Linz, Austria, 1: 211-218.
[4] Ikehara, Wako, Kamikubo, Emiko, Hiki, Shizuo, and Fukuda, Yumiko.
1996. Multi-phasic retrieval of Hand shapes in an electronic sign language
dictionary, Educational Technology Research (English Journal of the Japan
Society of Educational Technology), 19, 23-24.
[5] Fukuda, Yumiko. 1996. Development of a database of Japanese sign
vocabulary---including syntax expression, Transactions of Technical
Committee on Psychological and Physiological Acoustics, H - 96 - 40,
Acoustical Society of Japan, 1996, pp. 1 - 8 (in Japanese).
[6] Fukuda, Yumiko, et al. 1998. Expression through hand and finger
actions used in words in continuous signing: A study in reference to the
dialogue in Japanese sign language by the deaf persons, Technical Report,
IEICE (Institute of Electronics, Information and Communication Engineers,
Japan), Transactions of Technical Committee on Speech, SP97 - 141, 1997,
pp. 81 - 85 (in Japanese).
[7] Fukuda, Yumiko, et al. 1998. Construction of database for the Japanese
sign language research using materials of dialogue sign gesture by deaf
persons, Technical Report, IEICE, Transactions of Technical Committee on
Speech, SP97 - 142, 1997, pp. 87 - 92 (in Japanese).
[8] Fukuda, Yumiko, et al. 1999. A study on the usage of words in the
dialogue between deaf persons through the Japanese sign language,
Transactions of Technical Committee on Psychological and Physiological
Acoustics, H - 99 - 21,  Acoustical Society of Japan, and Technical Report,
IEICE, Transactions of Technical Committee on Speech, SP98 - 154, 1999,
pp. 1 - 6 (in Japanese).

Figure 3. Moment of inertia of upper extremities (Left) and range of joint rotation (Right).
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ABSTRACT
The physical cues underlying the perception of temporal
intervals in speech have yet to be firmly established.  It has long
been known that when speakers are asked to produce "evenly-
timed" sequences of alternating syllables (e.g. ba-la-ba-la...)
they introduce systematic deviations from onset-to-onset
isochrony, showing that the perception of temporal intervals in
speech is based on some cue other than syllable onsets.
Identification of this cue would aid in measuring speech timing
in a perceptually meaningful manner, benefiting both
psycholinguistic and synthesis research.  This study gathered a
diverse set of regularly-timed syllable sequences from six
speakers, and tested four acoustic and  kinematic candidates for
temporal iscohrony using a simple statistical method.  While
none of the cues showed isochrony, the database of speech and
kinematic data (available from http://www.nsi.edu/users/patel)
and method of analysis can be used by other researchers to
evaluate proposed candidates for  timing cues ("P- centers") in
speech.

1.  INTRODUCTION
1.1.  General Background
A key problem in studying suprasegmental timing patterns is
deciding how to measure duration in a way which reflects the
perception of timing by listeners and the timing strategies of
speakers.  Measuring intervals between syllable onsets is
unsatisfactory because abundant evidence shows that speakers
and listeners, when asked to attend to the timing of syllables,
are not concerned with the timing of onsets.  Rather, they seem
to care about a point within the syllable that perceptually feels
like the syllables "moment of occurrence" [1, 2. 3, 4].  This
point has been called the "P-center" in psychological studies of
language and its physical correlate has yet to be firmly
established.

The P-center phenomenon can be demonstrated by asking
speakers to produce regularly-timed sequences of alternating
syllables (e.g. bad-nad-bad-nad... or bad-sad-bad-sad... spoken
"like a metronome").  Speakers will invariably introduce
systematic deviations from onset-to-onset isochrony in order to
achieve perceptual regularity [5].  In the sequences just
mentioned,  "nad" and "sad" would be timed so that their
acoustic onset happened "too early" from the standpoint of
onset-to-onset isochrony. The amount of anisochrony depends on
the particular onset consonants of the syllables involved.  Longer
consonants (e.g. /s/) are associated with greater anisochrony than
shorter consonants (e.g. /n/).   Listening experiments show that
these adjustments by speakers produce a sense of perceived
regularity in other listeners [6]. Furthermore, the P-center effect

is not specific to English: Hoequist [7] has documented the
effect in Spanish and Japanese.

1.2.  Previous theories
Howell [8, 9, 10] suggested that the amplitude envelope of

a signal was the key factor in determining P-center location, and
proposed a syllabic "center of gravity model" on this basis.
More recent models by Pompino-Marschall [11] and Harsin [12]
are based on loudness functions or modulation envelopes within
different auditory critical bands.  All of these models require
measurement of energy from the entire syllable before a P-center
can be computed.  This contradicts subjective experience, in
which a syllables "moment of occurrence" or "beat" is felt before
the entire syllable is heard or spoken.  To overcome this
problem, Scott [4] proposed that the P-center corresponds to a
point of rapid energy rise in within the first formant frequency
band. Scott's proposal is based on acoustic analysis of only two
syllables, however (the spoken digits "one" and "two"), and
needs a more thorough test.  The above proposals may be
contrasted with a suggestion by Tuller and Fowler [13] that the
perceived regularity is not necessarily in the acoustic signal, but
in the kinematic signal which underlies it.  Fowler [14] suggests
that the regularly-timed event is the onset of the vowel gesture.
Defining this point in kinematic data is not a straightforward
matter, however.  So far, no clear articulatory correlate of the P-
center has been found [15].

1.3.  Goals of the current study
The current study sought to evaluate two acoustic and two

kinematic candidates for the P-center, and to develop a database
and method for evaluating future candidates.  With this goal, a
diverse set of regularly-timed syllable sequences were collected
from six different speakers, along with kinematic data from
three of these speakers.

1.3.1.  Acoustic hypotheses.  Points of maximally rapid
amplitude rise in both the first formant (F1) and the
fundamental frequency (F0) range were examined as possible
acoustic cues for the P-center.  Rapid onsets are very salient to
the auditory system, and both F0 and F1 have the ability to
dominate the activity of neurons along large sections of the
basilar membrane [16].  This is due to the fact that neurons
which are tuned to higher frequencies than F0 or F1 retain
sensitivity to these lower frequencies, and will often phase-lock
their firing patterns to F0 and F1 due to the substantial energy of
these low frequencies.  This results in a temporal representation
of F0 or F1 in the firing pattern of neurons across a broad range
of auditory nerve fibers.  This spatially distributed temporal
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coding can offer a good deal of noise-resistance [17], an
advantageous feature for a signal used in perceptual timing
processes.  

1.3.2.  Kinematic hypotheses.   Velocity maxima were
measured in the kinematics of primary articulators ( e.g. the lips
for /b/ and the tongue tip for /l/), and of the jaw.  Velocity was
chosen because muscle spindles are known to have primary
endings with velocity sensitivity [18], suggesting that rate of
muscle stretch can be detected as a proprioceptive signal. If the
basis of regularly-timed speech is kinematic rather than acoustic,
points of maximum articulator velocity are a possible candidate
for temporal control.

2.  METHODS
2.1. Database: subjects, procedures, syllables
Six adult native English speakers (three females and three
males) participated in the study.  Each speaker produced the
syllable /ba/ in alternation with other specified syllables (e.g.,
"ba-la-ba-la . . ." or "sa-ba-sa-ba . . ." etc.) [SOUND
0613.WAV].  Speakers were instructed to produce syllables as
evenly spaced in time as possible ("like a metronome").  To
ensure that the subjects understood the instructions, a brief
practice trial was included in which subjects produced the
syllable /ba/ in time with a metronome (metronome rate = 2
beats/sec).

Fifty-two syllable sequences were recorded.  For each
sequence, the speaker was informed of the syllable to produce in
alternation with /ba/, and then given a signal to begin.  The
subject was told not to count syllables internally (as this might
distract attention from the task).  The experimenter kept track of
the number of syllables and signaled the speaker to stop after
eight pairs of syllables had been produced.  A sequence was
repeated if there was a hesitation, breath pause, or
misarticulation during production.  On half the trials, the subject
was instructed to begin the sequence with "ba," and on the other
half, with the other syllable.

The syllables chosen for alternation with /ba/ are referred
to as "target syllables" (note that /ba/ can serve as its own target
syllable, i.e. a sequence consisting of "ba-ba-ba-ba . . .").
Thirteen target syllables were chosen for production in
alternation with /ba/.  Nine were chosen to span a range of onset
consonant classes: affricate, aspirate, fricative, glide, liquid,
nasal, and stop (/cha/, /ha/, /sa/, /ya/, /la/, /ma/, /ba/, /pa/, /ta/).
The remaining syllables were chosen to include a syllable with a
coda consonant (/lad/), a complex onset (/spa/), an unstressed
affix (/dela/), and a vowel maximally different from /a/ (/li/).
Each speaker produced four sequences for each target syllable.

Acoustic data were collected from all subjects, and
kinematic data from three subjects.  Details of acoustic and
kinematic data acquisition are given below.  The database is
available from the first author's URL (see abstract).

2.2. Method for testing P-center candidates
This section describes general principles of data extraction and
P-center testing which apply to both kinematic and acoustic
data.

From each spoken sequence of 16 syllables, a continuous
string of 11 syllables was selected for analysis, subject to the
following constraints:  the string had to begin and end with /ba/
and could not include either the first two or last two syllables of
the 16-syllable sequence.  These constraints were imposed in
order to give all sequences a uniform alternating structure and to
avoid any timing effects peculiar to the beginning or end of
spoken utterances.  The resulting sequences always had the
form:

Ba-tg-Ba-tg-Ba-tg-Ba-tg-Ba-tg-Ba

where "tg" indicates the target syllable. For three of the subjects,
each acoustic syllable sequence was accompanied by several
time-aligned kinematic traces, each containing movement data
for a different articulator (e.g., lower lip, tongue tip).

For a given subject and target syllable, timing data were
extracted and P-center candidates evaluated in the following
way.  First, a single sequence was examined, and a particular
time in each syllable corresponding to an event of interest was
identified (e.g., the point of maximum amplitude envelope slope
in the first formant rage).  This event was identified in both the
/ba/ syllables and the target syllables, yielding eleven time
points.  The temporal intervals between successive time points
were then computed via simple subtraction, yielding ten
intervals per sequence (measured in milliseconds).  This
procedure was repeated with the other three sequences
containing the same target syllable, resulting in four sets of ten
intervals for each target syllable.  These intervals were pooled1

and then divided into two populations: "ba-target" intervals
(between /ba/ and the target syllable), and "target-ba" intervals
(between the target syllable and /ba/).  A statistical comparison
of these two populations using a t-test for the difference between
two means [19] allows one to test the null hypothesis that the
event of interest is produced in an isochronous fashion, i.e. to
assign a  probability that the two sets of intervals are drawn
from the same underlying population.

2.3  Acoustic measurements
Speech was recorded in a quiet room using either a miniature
condenser microphone (Audio-Technica AT803b, at Harvard) or
a Sennheiser MKH 816T microphone (at Haskins Labs).  The
acoustic signal was anti-alias filtered at 4 kHz and digitized at
10 kHz.  All acoustic measurements and manipulations
described below were performed using SIGNAL (Engineering
Design, Belmont, MA) on a personal computer.

The point of onset of each syllable was recorded via
waveform or spectrogram-based measurements.  For /ba/,
syllable onset was taken to be the time of the release burst.  For
target syllables, onset was determined via waveform-based
measures, using a gating algorithm to detect regions where
absolute waveform amplitude exceeded the noise floor (typically
1/4th - 1/7th of signal RMS).  These gate limits were checked by
eye for each syllable; erroneous time markings were corrected by
hand.

To study the amplitude envelope slope in the first formant
range, the mean time-varying spectral amplitude of a frequency
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band extending from 390 Hz to 1015 Hz was derived from wide-
band spectrograms (64 point FFT w/Hanning window apx. every
2.5 msec).  For the vowel /i/, which has a lower first formant, a
frequency range of 234 - 859 Hz was used.  This amplitude
curve was smoothed twice with a 30 msec window and then
differentiated.  The resulting curve was smoothed once again
with a 20 msec window. Times of positive peaks in the
derivative were recorded.

To study the amplitude envelope slope in the fundamental
frequency range, the mean time-varying spectral amplitude of a
frequency band matched to each speaker's F0 was derived from a
"medium-band" spectrogram (256 point FFT w/Hanning window
apx. every 5 msec).  For the female speakers, the frequency band
extended from 98-215 Hz, or from 136-254 Hz.  For the male
speakers, the band extended from 58-176 Hz.  The choice of a
narrower-band spectrogram was made so that energy from the
fundamental frequency could be distinguished from the energy
of F1.  Smoothing and differentiation procedures were the same
as those for F1 amplitude curves.

2.4.  Kinematic measurements
Kinematic data were collected for three of the subjects using an
electromagnetic midsagittal articulometer (EMMA) system [20],
which allows measurement of horizontal and vertical
displacement for selected articulators in a standardized
coordinate system.  Movements were measured from the upper
lip, lower lip, jaw, tongue tip, tongue blade, tongue body, and
tongue rear.  The coordinate frame (units = centimeters) was
centered at the upper incisors.  The "tongue tip" transducer was
not truly on the tip of the tongue (as this would interfere with
articulation), but roughly 1/2 cm behind the tip.

Tangential velocity curves for primary articulators and for
the jaw were derived for each syllable sequence.  Basic
horizontal and vertical displacement data were used to compute
tangential velocity curves via differentiation and vector addition

(velocity = (dx/dt2 + dy/dt2)   ) .

3. RESULTS
3.1.  Intervals between syllable onsets
Figure 1 shows the pattern of syllable-onset timing in the
different sequences. The ratio of "ba-target" interval duration is
expressed as a fraction of the duration between alternate /ba/
syllables. (Perfect isochrony would yield a ratio of 50 %). It can
be seen that for all target syllables except /ba/ itself, syllable
onset timing is anisochronous. A t-test comparing "ba-target"
and "target-ba" onset-to-onset intervals was computed for each
of the thirteen different target syllables, on a subject-by-subject
basis.  For every subject, these intervals differed significantly
when /ba/ was produced in alternation with another syllable (p <
0.05), and did not differ significantly when /ba/ served as its
own target.  Furthermore, for every syllable and subject,
temporal intervals between alternate /ba/ syllable onsets and
alternate target syllables do not differ significantly in duration
(p > 0.05, t-test for unequal sample sizes).  This shows that
deviations from onset-to-onset isochrony is in these syllable
sequences are systematic and stable, suggesting that speakers
have a clearly defined focus in their timing strategy.   (Note that

in Figure 1, the "onset" of /spa/ was measured from the /p/, in
order to contrast it with /pa/).
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Figure 1.  The amount of temporal deviation from isochrony
(represented by 50%) for intervals between syllable onsets in

the different syllable sequences, across six speakers.  Error bars
are 95% confidence intervals.

3.2.  Intervals between point of first-formant amplitude
slope maxima, and fundamental frequency slope maxima
Temporal intervals between slope maxima in first-formant (F1)
amplitude were measured for 5 target syllables:  /ha/, /la/, /pa/,
/sa/, and /ya/.  These five were chosen as a subgroup because
their initial consonants are produced in quite different ways and
have very distinct acoustic/phonetic properties (aspirate, liquid,
stop, fricative, and glide).  They provide a good first testing
ground for any proposed acoustic correlate of regular timing.
The same syllables were used to examine temporal intervals
between fundamental-frequency (F0) amplitude slope maxima.
Intervals between these points were computed for each of the
five syllables, and the resulting data were treated in the same
manner as in the preceding section.  For all subjects and
syllables, the intervals between F1 amplitude slope maxima
were significantly different for ba-target intervals and target-ba
intervals (p < 0.05).  For F0 amplitude slope maxima, ba-target
intervals also differed significantly from target-ba intervals for
all syllables and speakers except /ha/, where these points were
evenly timed in 4 out of 5 subjects (p > 0.05).

3.3.  Intervals between articulator velocity maxima
Figure 2 shows the pattern of timing between velocity maxima
for primary articulators for the different sequences, and are
organized in the same way as Figure 4.  The figure shows that in
"ba-ba" sequences, the mean "ba-target" interval is almost
exactly 50% of the interval between alternate /ba/s (velocity-
maxima intervals were isochronous for all three subjects in these
sequences).  It is notable that the 50% figure is approached in
many other sequences as well.  However,  statistical tests reveal
that only a few target syllables other than /ba/ showed kinematic
isochrony (p > 0.05). Subject JB showed isochrony of primary
articulator intervals for /li/, and of jaw intervals for /lad/, and
subject LK showed isochrony of primary articulator intervals for
/ma/ and /spa/ and of jaw intervals for /la/, /ma/, and /spa/.
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Overall, however, articulator velocity maxima do not appear to
be evenly timed.
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Figure 2.  The amount of temporal deviation from isochrony
(represented by 50%) for intervals between primary

articulator velocity maxima. Each subject is represented by a
different symbol.

4. CONCLUSION
Over twenty years ago speech researchers observed that speakers
and listeners gauge temporal intervals in speech on some basis
other than syllable onsets, and posed the "P-center" problem for
speech.  An acoustically-based solution to this problem would
allow the automatic extraction of temporal intervals from speech
in a manner that reflects the perception of timing by listeners
and the creation of timing by speakers.   The possibility also
exists that the perceived regularity is reflected not in the
acoustics, but in the kinematics of speech.  This study examined
acoustic and kinematic candidates for the P-center in regularly-
timed syllable sequences across a range of syllable types from
different speakers.  None of these candidates appear to be the
cue underlying the P-center. The acoustic and kinematic data
from this study (available from http://www.nsi.edu/users/patel)
may be useful for testing other candidates for the P-center.
Candidates which pass the isochrony test can be examined in
synthesis and perception experiments to validate their identity as
the cue(s) underlying the perception of temporal intervals in
speech.
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NOTES
1. Before combining these forty intervals into a single population (to study
interval variability), it was necessary to include a rate-correction step.  This
is because average rate differences between sequences would lead to inflated
measurements of interval variability once the data were pooled. The average

duration of the four target-syllable sequences was computed, and for each
sequence, a rate correction factor was calculated by dividing average
sequence duration by specific sequence duration. (Sequence duration was
measured as the time between the onset of the first and last /ba/.) Intervals
extracted from a particular sequence were multiplied by the rate correction
factor for that sequence.  Once this operation was performed, interval data
could be pooled without  contamination of variance measurements from
average rate differences.
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EFFECTS OF STRESS AND TENSENESS ON THE PRODUCTION OF CVC
SYLLABLES IN GERMAN
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ABSTRACT
In Standard German tense and lax vowels are affected by stress in
different ways: Tense vowels are lengthened whereas the
duration of lax vowels stays relatively constant. Both the vari-
ation of stress and tenseness can be attributed to a truncation of
the opening gesture. The first aim of this study is to compare
acoustical and kinematic parameters of these effects. Analyses of
the durations revealed the same degree of truncation for tense
unstressed and lax stressed vowels.
The second aim concerns vowel targets. It is still a subject of
debate whether the tenseness contrast holds only in stressed
syllables or is neutralized in unstressed syllables. Therefore we
analyzed quality differences by means of formant frequencies and
Canonical Discriminant Analysis of positional data of tongue,
jaw and lower lip. With the exception of the low vowel /a/ no
overlap between unstressed tense and lax vowels could be
observed.

1.  INTRODUCTION
1.1.  Tenseness in Standard German
The vowel inventory of Standard German consists of seven pairs
of tense and lax vowels /K³+�[³;�G³'�1³��CÖ³C�W³7�Q³n/1. Lax
vowels are produced with more centralized tongue positions and
formant frequencies. In stressed syllables only tense vowels are
lengthened whereas in unstressed position the quantity contrast is
neutralized.

Whether or not the qualitative opposition is also neutralized
in unstressed position is still a matter of debate. In casual speech
unstressed tense vowels are often pronounced as the lax counter-
parts (pretonic laxening), e.g. /Vn¥VCÖN/ instead of /VQ¥VCÖN/ ("total").
Therefore some phonologists suggest that unstressed tense
vowels are hyperarticulated and that the tenseness contrast only
exists in stressed position [14, 2]. Up to now only acoustical
parameters have been analyzed [7]. The results indicate that with
the exception of the low vowel /a/ the contrast is maintained. One
of the goals of this study is to examine articulatory and acoustic
differences between tense and lax unstressed vowels.

Newly inspired by Vennemann [13] there has been a long
controversy whether tenseness and vowel length should be
treated as segmental features or as concomitants of the so called
‘syllable cut’. Lax vowels cannot be lengthened and are produced
in a more centralized position because the vowel is cut off by the
following consonant (‘close contact’ [6, 12]), whereas the tense
vowel is not cut off (‘loose contact’) before the sonority peak is
reached. In Vennemann’s view this prosodic feature is
maintained in unstressed position.

The concept of syllable cut is primarily based on the per-
ceptual impression and only recently has articulatory evidence
been found for a closer coupling between opening and closing

gestures for lax vowels [9].

1.2.  Kinematic Correlates of Stress and Tenseness
As was found by Harrington, Fletcher and Roberts [4] for jaw
movements, stress is produced by a difference in intergestural
timing, i.e. for unstressed vowels in CVC syllables the opening
gesture is truncated by the closing gesture. This mechanism leads
to a reduction of the ratio of the interval between velocity peaks
to total movement duration (peak-to-peak ratio) and a greater
skewness of both velocity profiles (acceleration ratio) (see [1]).
Furthermore the number of acceleration peaks between velocity
peaks changes from two to one. There is no substantial change in
peak velocities, but a small reduction of movement amplitudes.

Similar production mechanisms were observed for lax
vowels compared to tense vowels by Kroos, Hoole, Kühnert and
Tillmann [9]. In their study the complete CVC movement was
divided into CV, nucleus and VC using a 20% velocity threshold
criterion (see Fig. 1). Going from normal to fast speech the
nucleus duration of tense vowels was compressed far more than
any other segment. For lax vowels the change in speech rate was
hardly noticeable. The authors interpret these results as a
difference in intravocalic coupling of the opening and closing
gestures. Further support for a tighter coupling of lax vowels was
given by a peak-to-peak ratio of less than 50%, longer accele-
ration phases of the opening gesture and shorter acceleration
phases of the closing gesture.

Thus, both accent and tenseness (but not variation in speech
rate) are characterized by a change of intergestural timing. The
present study aims at a comparison of the nature and extent of
these mechanisms.

2.  METHOD
Four native speakers of German (2 males, JD and PJ, and 2
females, SF and CM) were recorded by means of EMMA. The
speech material consisted of words containing /VVt/ syllables with
tense and lax nuclei (V=/K³+�[³;�G³'�1³��CÖ³C�W³7�Q³n/) in stressed
and unstressed positions. Stress alternations were fixed by
morphologically conditioned word stress and contrastive stress.
Thus the first test syllable in the sentence “Ich habe /¥tVVm/, nicht
/tVt¥CN� gesagt“ ("I said /¥tVVm/, not /tVt¥CN�") was always stressed
and the second unstressed. All 14 sentences were repeated six
times.

Tongue, lower lip and jaw movements were monitored by
EMMA (AG100, Carstens Medizinelektronik). Four sensors were
attached to the tongue, one to the lower incisors and one to the
upper lip. Two sensors on the nasion and the upper incisors
served as reference coils to compensate for helmet movements
during the recording session. Simultaneously, the speech signal
was recorded by a DAT recorder.
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The audio data were transformed to Signalyze format and
downsampled from 48 kHz to 16 kHz. Articulatory data were
smoothed by a lowpass filter at 30 Hz, velocity and acceleration
signals at 20 Hz.

Kinematic analyses of articulatory data of the tongue tip
sensor were performed following [9] using a 20% threshold
criterion of the tangential velocity of the tongue tip, see Fig. 1.
The following durations were analyzed: CV (B-A), Nucleus (C-
B), VC (D-C), and Movement cycle (D-A). Additionally, the
ratio of the interval between velocity peaks (F-E) to movement
cycle, and the acceleration phase of the opening gesture ((E-
A)/CV) and of the closing gesture ((F-C)/VC) were computed.2

Opening and closing movement amplitudes were calculated as
Euclidian distances of horizontal and vertical tongue tip move-
ments between on- and offsets of both gestures. Vowel target
positions were measured using the minimum during the vowel of
averaged tangential velocities of all tongue sensors (G).
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Fig. 1. Target word /VGÖVm/. Upper panel: speech signal, second
panel: vertical tongue tip movement, third panel: tangential ve-
locity of tongue tip movement, lower panel: mean tongue tan-

gential velocity. A: begin of opening movement, B: end of
opening movement, C: begin of closing movement, D: end of

closing movement, E: peak velocity of opening gesture, F: peak
velocity of closing gesture, G: moment for measuring vowel

target position.

The following acoustical parameters were measured: aspi-
ration duration (Asp) of the first consonant, vowel duration
(vowel) and the closure duration (occl) of the following con-
sonant. The on- and offsets of the second formant and the adja-
cent two bursts in /tVt/ served as relevant events for the seg-
mentation of these temporal intervals.

Frequency measurements of the first and second formant
were taken at the moments of the articulatorily determined vowel
target position (G). In some cases this value occurred during the
aspiration phase; then the next possible moment was used.

Statistical analyses of the acoustical parameter were per-
formed with STATVIEW using ANOVA, the articulatory data
were analyzed by SAS using GLM.

Since multidimensional positional articulatory data are
highly correlated, the jaw influence was extracted using Arbitrary
Factor Analysis [11] and the residuals were used as input for
Canonical Discriminant Analysis [8]. Vowel identity combined
with tenseness served as canonical variable. The resulting factor
scores of stressed and unstressed vowels were compared by
means of GLM.

3.  RESULTS
3.1.  Vowel Quality
To test if the centralization of formant values due to deaccentu-
ation causes neutralization of the tenseness contrast, ANOVAs
were carried out with post hoc Scheffé tests (p<0.01) split by
speaker and vowel. The independent variable was a combination
of tenseness and stress. With the exception of the low vowel /C/
the influence of stress on vowel quality was rarely significant, i.e.
formant patterns of tense and lax vowels were not affected by
accent. Formant values of the vowel /C/ changed only due to
deaccentuation when it was tense. For this vowel all speakers
neutralized the tenseness contrast when unstressed. For all other
vowels the reduction patterns differed speaker dependently. The
quality of /[/ was neutralized for three subjects, for speaker CM
only two vowel categories showed significant differences.

To corroborate the acoustical results, movement amplitudes
of opening and closing gestures were compared for differences
due to accent and tenseness. Deaccentuation was produced as
expected: syllables with stressed vowels displayed larger ampli-
tudes than with unstressed vowels. For tenseness the results
varied with speakers and vowel identity: two speakers showed
higher amplitudes for front lax vowels in stressed position than
their tense counterparts. The other two speakers exhibited no
significant difference between tense and lax front vowels.

Since the amplitudes were computed using the consonantal
articulator and not the vowel articulators, the speaker variability
could be due to a differential timing between vowel and conso-
nant articulators. Thus vowel target positions of tongue, jaw and
lower lip were extracted using a criterion related to all tongue
sensors, namely the minimum of the average tongue velocity.

The vowel target positions were subjected to factor analysis.
The first factor was generated by computing Arbitrary Factor
Analysis to extract the influence of jaw movements on the
tongue. The residuals were used for computing the second and
third factor by Canonical Discriminant Analysis.

As shown in Figure 2, upper panel, the factor scores of the
first factor represented the differential jaw influence. Changes
from stressed to unstressed, shown as black lines, were mainly
significant for the first factor with higher "jaw positions" for
unstressed vowels. The difference was often not significant for
high vowels. The second factor discriminated front and back
vowels and resembled the "front raising" factor by Harshman,
Ladefoged and Goldstein [5]. There was a tendency for un-
stressed vowels to be more centralized, meaning here values
closer to zero. The third factor can be interpreted as "back
raising". With the exception of the low vowels /C/, and for one
speaker /1-�/, this factor differentiated between tense and lax
vowels with lower values for lax vowels. Factor scores of
unstressed tense vowels and lax vowels were always significantly
different for at least one factor. Here again, the vowel /C/ was an
exception.
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Together with the results of formant measurements, there
was no evidence for a complete neutralization of the tenseness
opposition in unstressed syllables.

For all speakers the first and the third factor showed high
negative correlations with F1 but not with F2, on the other hand
the second factor correlated negatively with F2. These results
confirm the traditional view that jaw and tongue height (first and
third factor) influence the values of the first formant, and that the
second formant is mainly affected by horizontal tongue position.

3.2.  Kinematic and acoustical segment durations
Articulatorily defined nucleus durations of unstressed tense
vowels were compressed more prominently than the CV and VC
segments (54 ms to 22 ms), whereas for lax vowels all segments
shortened by a comparable ratio. A similar pattern was observed
for the tenseness contrast: the nucleus durations were compressed
only for stressed vowels. Thus, nucleus duration stayed
essentially the same for tense unstressed and lax stressed vowels.
Compared to the results of [9], the nucleus duration of tense
vowels was reduced more due to accent variation than due to
speech rate increase. The compression pattern for lax vowels
were alike for deaccentuation and speech rate increases.

The opening gesture was more sensitive to the influence of
both phonological features than the closing gesture, which can be
attributed to the fact that consonantal closing gestures are
controlled more ballistically than opening gestures [3]. It can be
concluded that there is no differential influence of deaccentuation
and laxness on the compression patterns of CV, Nucleus and VC
durations, starting from tense stressed vowels.

Analyses of acoustical durations confirmed the articulatory
results, in particular concerning vowel duration: The duration of
tense vowels was influenced by accent variation (119 ms stressed
to 49 ms unstressed). The tenseness contrast had a significant
effect on stressed vowels; changing from tense to lax, an avera-
ged ratio of 2.27 was observed. The vowel durations showed no
significant differences between unstressed/tense and stressed/ lax
(all speakers) as well as unstressed/tense and unstressed/lax (3
speakers).
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Upper panel: durations of CV, Nucleus and VC segments. Lower

panel: acoustical durations of aspiration, vowel and occlusion.

Variations of stress and tenseness rarely affected aspiration
and occlusion durations and differed speaker dependently. In
opposition to vowel length and aspiration, there was often a
complementary relationship between vowel and occlusion dura-
tion: for 3 speakers occlusion durations in unstressed syllables
increased opposed to the stressed vowels. Since the syllable
duration (burst-to-burst interval) decreased going from stressed
to unstressed the complementary relationship could be the con-
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sequence of a difference in interarticulator timing between
tongue tip and laryngeal activity (see e.g. [10]), i.e. phonation
ceases earlier relative to oral closure for unstressed vowels.

3.3.  Peak-to-peak ratio and acceleration phases
Truncation is indicated by a prominent reduction of the peak-to-
peak ratio. As shown in Table 1 (column P2P) this ratio was
significantly longer for tense stressed vowels. No difference
between tense unstressed and lax stressed vowels was observed,
but lax unstressed vowels displayed significantly lower values.

Ratios in % P2P sd. ACV sd. AVC sd.

tense stressed166 65.4 6.85 47.9 11.95 58.2 7.49
unstressed191 53.7 6.58 55.8 9.65 47.6 5.05

lax    stressed 166 53.1 8.13 57.2 13.05 48.9 4.34
unstressed167 50.6 5.77 59.1 8.74 45.0 3.23

Table 1. Means and standard deviations of the ratio of the
interval between velocity peaks and movement duration (P2P);
and acceleration phases of opening (ACV) and closing gestures

(AVC).

A further indicator of truncation is the asymmetry of accele-
ration phases: truncated syllables show later velocity peaks for
the opening gesture (Table 1, column ACV) and earlier peaks for
the closing gesture (AVC), relative to the overall movement
durations. Again no significant differences between tense un-
stressed and lax stressed vowels occurred.

These results suggest that tense unstressed and lax stressed
vowels are produced with the same amount of truncation. Un-
stressed lax vowels show a small but significant greater degree of
truncation.

4.  CONCLUSIONS
Except for /C/ the tenseness opposition was generally not com-
pletely neutralized in unstressed position, confirming other acou-
stical studies e.g. [7]. Since the neutralization normally occurs in
casual speech, new recordings with a more natural corpus are
planned.

Acoustically and articulatorily measured durational para-
meters gave clear evidence for a truncation of the opening
gesture, starting from tense stressed vowels to tense unstressed
and lax stressed vowels, the latter two displaying approximately
the same degree of truncation. There was evidence for small but
significant further truncation of lax unstressed vowels.

However, truncation not only involves changes in the tem-
poral organization of opening and closing gestures, but also a
reduction of movement amplitudes with relatively stable velocity
peaks (see [4]). On the one hand, deaccentuation causes a
reduction of movement amplitudes for unstressed vowels com-
pared to their stressed counterparts. Therefore the patterns of
movement amplitude reduction confirm the results of the tem-
poral data, i.e. deaccentuation can be attributed to truncation.

On the other hand, for the tenseness opposition two speakers
increased their movement amplitudes for front lax vowels when
stressed compared to the tense stressed counterparts. The other
two speakers showed no significant difference between these
vowels. Thus the vowel target positions of the tongue for lax
vowels cannot be generated by truncating the opening movement

of tense vowels. Probably vowel targets for tense and lax vowels
are specified with different values.
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NOTES
1.  There are two exceptions concerning tenseness: /CÖ-C/ are usually

supposed to be only distinguished by duration [14], and /'Ö/ is often
produced as /GÖ/. Thus the latter is not considered here.

2.  Both female speakers quite frequently showed double velocity peaks
for the opening gestures of tense high vowels. These items were
deleted from the data. Still their durational parameters are much
more variable than for the male subjects.
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AN ARTICULATORY AND ACOUSTICAL ANALYSIS OF THE SYLLABLE-
INITIAL SIBILANTS AND APPROXIMANT IN BEIJING MANDARIN

Wai-Sum Lee
Phonetics Lab, Department of Chinese, Translation, and Linguistics, City University of Hong Kong

ABSTRACT
This paper is an articulatory and acoustical analysis of the
syllable-initial sibilants and approximant in Beijing
Mandarin.  Palatograms and linguagrams were obtained from
young adult native speakers of Beijing, male and female, using
the direct method.  Results show that the initial consonants
which are transcribed in earlier studies [3, 4, 10] as retroflexes
[§, t§, ½(¨)] are in fact apical or upperapical postalveolar
fricative [SÁ], affricate [tSÁ], and approximant [¨Á], respectively.

Those as palatal sibilants [�] and [t�] are in fact laminal or
anterodorsal alveolar-postalveolar or postalveolar fricative [S4]

and affricate [tS4].  The frequency of the spectral energy is the

highest for [s, ts], followed by [S4, tS4] and [SÁ, tSÁ] in decreasing

order.  The spectrum lengths of the sibilants are longer for the
female speakers than the male speakers.  The pattern of the F-
values for [ Á̈] for the female speakers differs from the pattern
for the male speakers.

1. INTRODUCTION
Three types of sibilants are distinguished in Beijing Mandarin
in Chao [3, 4] among other studies: (i) the plain dental
sibilants [s, ts], (ii) the apical retroflexes [§, t§, ¨], and (iii) the
palatals [�, t�].  [¨] however is treated as [½] in [10].  

A recent study of syllable-initial sibilants in Beijing
Mandarin by Ladefoged and Wu [9] based on the tracings of X-
rays photographs and palatograms of three speakers reports
that [s] is articulated with the tip of the tongue touching either
the teeth, behind the teeth, or on the alveolar ridge.  For all
three Beijing speakers, "there is a hollowing of the tongue
such that the tongue is concave with respect to the roof of the
mouth" [9, p. 270].  The so-called retroflex fricative [§] does
not have the articulatory characteristics associated with a
retroflex, i.e., curling the tip of the tongue up and back so that
the underside of the tongue touches or approaches the back part
of the alveolar ridge or the hard palate, such as the retroflexed
consonants in Hindi [1, 2, 7].  Instead, the "front of the
tongue" for all three speakers in [9] form a constriction at the
center of the alveolar ridge.  However, no information is given
in [9] about the contact on the tongue, indicating whether the
"front of the tongue" refers to the apex or blade.  The
description of the third type of the fricative in Beijing
Mandarin as palatal in earlier studies [3, 4, 10] is inaccurate, as
shown in [9] the narrowest channel for the fricative is near the
front part of the alveolar ridge for two speakers, and further
back for another.  It is somewhere between the places for the
plain denti-alveolar fricative and so-called retroflex fricative.
No linguagraphic data are given in [9], specifying whether the
sound is apical, laminal, or anterodorsal.  As for the three

types of affricates in Beijing Mandarin, they have similar
articulatory patterns to those of the corresponding fricatives.  

However, [9] does not present linguagrams which are
needed for more elaborated descriptions of the linguagraphic
properties of the three types of sibilants, and no articulatory
zones on the palatograms are identified in [9].  Also, the
tracings of the X-rays of the fricatives and affricates in [9] are
not easy to interpret.  Furthermore, as "The X-ray photo-
graphs were taken while the subject was trying to maintain the
articulatory posture for the initial consonant in a syllable" [9,
p. 269], the X-ray data in [9] are records of articulatory
gestures which lack spontaneity.

The present study is a palatographic, linguagraphic, and
acoustical investigation of the three types of syllable-initial
fricatives and affricates as well as the approximant in Beijing
Mandarin. Palatograms and linguagrams as well as acoustical
data of spectral energy are obtained from young adult native
speakers of Beijing, male and female.

2. METHOD
In this study, the six syllable-initial sibilants as well as the
approximant in Beijing Mandarin are analyzed for their
articulatory and acoustical properties. The suggested IPA
transcriptions and descriptions in this study and those in the
earlier studies [3, 4, 10] of the sibilants and approximant under
investigation are shown in Table 1.

IPA Description
[s] plain apical or laminal denti-alveolar or alveolar fricative (plain

apical dental fricative [s])
[SÁ] apical or upperapical postalveolar fricative (retroflex fricative

[§])
[¨Á] apical or upperapical postalveolar approximant (retroflex

approximant [¨] or voiced fricative  [½])
[S4] laminal or anterodorsal postalveolar fricative (palatal fricative

[�])
[ts] plain apical or laminal denti-alveolar alveolar affricate (plain

apical dental affricate [ts])
[tSÁ] apical postalveolar affricate (retroflex affricate [t§])

[tS4] laminal or anterodorsal alveolar-postalveolar affricate (palatal
affricate [t�])

Table 1. The suggested  IPA transcriptions and descriptions of
the syllable-initial sibilants and approximant in Beijing Man-

darin in this study (earlier studies [3, 4, 10] in parentheses).

Meaningful monosyllables used as test words in this study
are listed in Table 2.  The speech data were provided by four
university undergraduates, two male and two female, all native
speakers of Beijing Mandarin.
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Syllable-initials Test monosyllables
[s] [s¨`�] "private"

[SÁ] [SÁ¨`�] "poetry"

[¨Á] [¨Á¨`�] "day"

[S4] [S4i�] "west"

[ts] [ts¨`�] "capital"

[tSÁ] [tSÁ¨`�] "to know"

[tS4] [tS4i�] "chicken"

Table 2. Meaningful test monosyllables used in this study.

In this study, the direct palatographic and linguagraphic
method [5, 6] was adopted.  Palatograms and linguagrams were
taken, using a Polaroid Dine Instant Closeup Camera and a
Nikon F-801s 35 mm camera.  A dental-palate impression was
made for each of the speakers, using the alginate impression
material [8], to obtain personal anatomical information
necessary for dividing  the upper articulator into articulatory
zones.  The zones include "dental", "denti-alveolar",
"alveolar", "postalveolar", "prepalatal", "palatal", and "velar"
in the anterior-posterior dimension.  The articulatory
terminology specifying the division of the tongue in this
study is similar to what is described in Catford [1, 2] and Dart
[5, 6].  Thus, "apical" refers to the rim and apex of the tongue;
"upperapical" refers to the upper surface of the apex, but not
the rim, of the tongue; "laminal" refers to the blade of the
tongue; "apicolaminal" refers to both the apex and blade of the
tongue, with or without the contact on the rim of the tongue;
"anterodorsal" refers to the anterodorsum or the front portion
of the tongue body; and "sublaminal" refers to the underside of
the tongue.  To obtain the frequency energy of the sibilants,
spectral analysis was performed at the mid-point of the
frication of the fricatives and affricates, using Kay CSL4300B
FFT power spectrum method.  LPC formant analysis was
performed to obtain the formant frequency values for the
approximant, using the pitch synchronous method.

3. RESULT 1: ARTICULATORY CONTACTS
Plate 1 shows a photograph of the articulatory zones of the
upper articulator for Female Speaker 1 of Beijing Mandarin,
divided according to the anatomical features on her own dental-
palate impression.

Plates 2a-2d show the palatograms (upper row) and
linguagrams (lower row) of the three syllable-initial fricatives
[s], [SÁ], and [S4] and approximant [ Á̈], for Female Speaker 1.  As

can be seen, palatographically, the fricative [s] (Plate 2a) is an
alveolar sound, with the front end of its constriction channel
located at the root base of the frontal incisors.
Linguagraphically, [s] is laminal, as the blade of the tongue i s
involved in the articulation.

The palatograms and linguagrams of the fricative [SÁ] and

approximant [ Á̈] (Plates 2b and 2c) show that they are
postalveolar and upperapical sounds.  This indicates that the
tip of the tongue does not curl up and back and the underside of
the tongue does not touch the rear part of the alveolar ridge as
how a true retroflex is articulated [1, 2, 7].  Rather, during the

production of [SÁ] and [ Á̈] the tip and body of the tongue are

raised and retracted toward the postalveolar zone of the upper
articulator.  Thus, [SÁ] and [ Á̈] in Beijing Mandarin are not

retroflexes as what are described in [3, 4, 10].  The observation
is similar to what is reported in [9].  As shown in the palato-
grams and linguagrams of [SÁ] and [¨Á], the front ends of the

contacts on both sides of the tongue taper off toward the center
line of the tongue to form the constriction channel on the
upper surface of the apex.  The tapering suggests that the front
part of the tongue slightly folds inward during the contact.
This and the raised tongue body may explain why the size of
the lateral contact is relatively larger than the lateral contact
for the laminal alveolar fricative [s].

The palatogram of the fricative [S4] in Plate 2d shows that

the constriction channel is mainly  in the postalveolar zone,
even though the lateral contacts of [S4] in the palatal zone and

on the tongue body are markedly larger than those associated
with  [s], [SÁ], and [¨Á].  Phonotactically [S4] (and [tS4]) occurs only

before the high front vowel [i] or [y] in Beijing Mandarin.
Thus, the larger lateral contacts are due to palatalization of  [S4]

(and [tS4] (Plate 3c)).  Linguagraphically, [S4] is basically

laminal, since the narrowest part of the constriction channel i s
on the blade.  Thus, the fricative in question is laminal
postalveolar, rather than palatal as transcribed in [3, 4, 10].
Again, the finding is similar to what is reported in [9].

Plates 3a-3c show the palatograms and linguagrams of the
three syllable-initial affricates [ts], [tSÁ], and [tS4] in Beijing

Mandarin by Female Speaker 1.  A comparison of Plates 3a-3c
with Plates 2a-2d shows that the palatograms and linguagrams
of the fricatives [s, SÁ, S4] and approximant [ Á̈] and those of the

corresponding affricates [ts, tSÁ, tS4] are similar.  However, the

contacts for the affricates are fronted by approximately one
articulatory zone on the upper articulator compared to those for
the fricatives.  Thus,  while  [s] is alveolar and [SÁ, S4, ¨Á] are post-

alveolar, [ts] is denti-alveolar and [tS4] alveolar.  [tSÁ], however,

remains postalveolar despite being fronted slightly.  In terms
of lingual contact, [ts] remains laminal despite being fronted
slightly, and [tSÁ, tS4] are apical and upperapical, respectively.

The linguagram of [tSÁ] on the right in Plate 3b shows that

the lingual contact of [tSÁ] is on the rim as well as the apex, but

not the underside, of the tongue.  This constitutes evidence in
support of the contention [tSÁ], similar to [SÁ], is not a retroflex.

The articulatory data of the fricatives [s, SÁ, S4], affricates

[ts, tSÁ, tS4], and approximant [¨Á] from Female Speaker 1 and the

other three Beijing Mandarin speakers, Female Speaker 2 and
Male Speakers 1 and 2, are summarized in Table 3.  The
patterns of articulatory contacts on the upper and lower
articulators are similar for all four speakers.  There are,
however, some small variations among the speakers, for
instance, palatographically [s] is alveolar for Female Speaker
1 and Male Speaker 1, but denti-alveolar for Female Speaker 2
and Male Speaker 2, and linguagraphically [s] is laminal for
Female Speaker 1, upperapical for Female Speaker 2 and apical
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1 = "dental" zone
2 = "denti-alveolar" zone
3 = "alveolar" zone
4 = "postalveolar" zone
5 = "prepalatal" zone
6 = "palatal" zone
7 = "velar" zone

Plate 1.  A photograph of the articulatory zones of the upper articulator for Female Speaker 1 of Beijing Mandarin in this study.

[s] [SÁ] [ Á̈] [S4]

2a 2b 2c 2d

Plates 2a-2d.  Palatograms (upper row) and linguagrams (lower row) of the syllable-initial [s], [SÁ], [¨Á], and [S4]

in Beijing Mandarin for Female Speaker 1 in this study.

[ts] [tSÁ] [tS4]

3a 3b 3c

Plates 3a-3c.  Palatograms (upper row) and linguagrams (lower row) of the syllable-initial [ts], [tSÁ], and [tS4]

in Beijing Mandarin for Female Speaker 1 in this study.
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for both Male Speakers 1 and 2.  As shown in Table 3, there i s
more speaker variation in lingual contact than the contact on
the upper articulator.  This may seem to suggest that (i)
reaching the exact contact targets on the upper articulator i s
more important than the lower articulator, (ii) reaching the
exact contact targets on the upper articulator is easier than the
lower articulator, or (iii) the articulatory zones on the upper
articulator  can  be better defined than the lower articulator.
Whatever the explanation may be, there is less speaker
variation in reaching the contact targets on the upper
articulator.

Female
Speaker 1

Female
Speaker 2

Male
Speaker 1

Male
Speaker 2

[s] "alveolar"
"laminal"

"denti-alveolar"
"upperapical"

"alveolar"
"apical"

"denti-alveolar"
"apical"

[ts] "denti-alveolar"
«"alveolar"
"laminal"

"denti-alveolar"
«"alveolar"
"laminal"

"denti-alveolar"
«"alveolar"
"apicolaminal"

"denti-alveolar"
«"alveolar"
"apical"

[SÁ] "postalveolar"
"upperapical"

"postalveolar"
"upperapical"

"postalveolar"
"apical"

"postalveolar"
"apical"

[¨Á] "postalveolar"
"upperapical"

"postalveolar"
"upperapical"

"postalveolar"
"apical"

"postalveolar"
"apical"

[tSÁ] "postalveolar"
"apical"

"postalveolar"
"apical"

"postalveolar"
"apical"

"postalveolar"
"apical"

[S4] "postalveolar"
"laminal"

"postalveolar"
"laminal"

"postalveolar"
"anterodorsal"

"postalveolar"
"anterodorsal"

[tS4] "alveolar"«
"postalveolar"
"upperapical"«
"laminal"

"alveolar"«
"postalveolar"
"laminal"

"alveolar"«
"postalveolar"
"laminal"

"alveolar"«
"postalveolar"
"anterodorsal"

Table 3. Palatographic and linguagraphic contact locations of
the sibilants and approximant in Beijing Mandarin for two

male and two female speakers in this study.

4. RESULT 2: ACOUSTICAL PROPERTIES
The results of the spectral analysis of the syllable-initial
fricatives, affricates, and approximant in Beijing Mandarin for
two male and two female speakers are summarized in Table 4.

Female
Speaker 1

Female
Speaker 2

Male
Speaker 1

Male
Speaker 2

[s] 5-14 kHz 9-14 kHz 5-11 kHz 4-10 kHz

[ts] 5-13 kHz 8-14 kHz 5-9 kHz 4-9 kHz

[SÁ] 2-10 kHz 2-10 kHz 2-8 kHz 2-7 kHz

[tSÁ] 2-10 kHz 2-10 kHz 2-7 kHz 2-7 kHz

[S4] 3-11 kHz 5-12 kHz 3-10 kHz 3-9 kHz

[tS4] 3-11 kHz 4-11 kHz 3-9 kHz 3-8 kHz

[¨Á] 332
1,919
2,234

Hz
Hz
Hz

267
1,880
2,151

Hz
Hz
Hz

272
1,665
2,713

Hz
Hz
Hz

309
1,629
2,712

Hz
Hz
Hz

Table 4. Frequency ranges of the spectral energy of the
sibilants and approximant in Beijing Mandarin for two male

and two female speakers in this study.

The table shows the frequency range of the spectral energy for
each of the sibilants [s, SÁ, S4, ts, tSÁ, tS4].  The frequency of the

spectral energy is the highest for [s, ts], followed by [S4, tS4] and

[SÁ, tSÁ] in decreasing order.  This is true for all four speakers.

However, the spectrum lengths of the sibilants are longer for
the female speakers than the male speakers, although the
initial frequency at which energy is visible is not necessarily
higher for the female speakers than the male speakers.  Table 4
also shows the F-values for the approximant [¨Á].  The patterns
of the F-values for the approximant between the male and
female speakers differ.  The absence of frication disproves the
treatment of the sound as a voiced fricative in [10].

5. CONCLUSION
The paper has presented palatographic and linguagraphic data
of the syllable-initial fricatives [s, SÁ, S4], affricates [ts, tSÁ, tS4],

and approximant [ Á̈] in Beijing Mandarin from two male and
two female young adult speakers.  The data which support the
findings in [9] serve as evidence against the assumptions made
in earlier studies [3, 4, 10] that in Beijing Mandarin there are
(i) retroflex fricatives, affricates, and approximant [3, 4, 10],
(ii) palatal fricatives and affricates [3, 4, 10], and (iii) voiced
retroflex fricative [10].  This study has shown that the so-
called retroflexes are in fact apical or upperapical postalveolar
fricative, affricate, and approximant, and the so-called palatals
are in fact laminal or anterodorsal alveolar-postalveolar or
postalveolar fricative and affricate.  Furthermore, the lack of
frication indicates that the approximant cannot be a voiced
retroflex fricative as described in [10].  The data also provide a
basis for the IPA transcriptions of the syllable-initial
consonants suggested in this study.

The articulatory and acoustical data presented in this study
show that while there is only minor variation in the locations
of articulatory contacts between male and female speakers,
there is significant difference in frequency value for the
sibilants and approximant between male and female speakers.
This suggests that the difference in acoustical quality of the
sibilants and approximant between male and female speakers
is not attributed to articulatory difference, but other factors.
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HOW AND WHY DO THE TONGUE GESTURES OF [t], [cl], [1], [n], [s], AND [r] 
DIFFER? 
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*Department of Linguistics, G6teborg, Sweden, +Department of Prosthetic Dentistry, Goteborg, Sweden 

ABSTRACT 
The detailed front tongue gestures of [tdlnsr] differ intraling- 
ually, according to an interlingually widespread pattern. This 
pattern reflects general, sound-specific production conditions, 
such as: [s] demands a high mandibular position, a laminar 
groove, and an air-jet hitting the front incisors; [r] demands a 
well-balanced interplay of aerodynamic and organic factors, 
including absence of laminar tension; [I] has a transverse 
tongue compression and a lower mandibular position. 

Swedish EPG data on [l] and other front coronals are pre- 
sented and discussed partly in relation to the three-dimen- 
sional physiological tongue models of Stone and Wilhelms- 
Tricarico. Such models need empiric data like ours to develop. 
Also, detailed data will eventually be explained by such 
models. 

We hypothesise: the [l] tendency to be apical more often 
than other coronals is due to its low mandibular position; 
this low position is due to its vertical tongue thickening and 
a strategy to avoid velarisation. 

1. INTRODUCTION 
1.1. Coronals in a global perspective 
Front tongue consonant phonemes articulated against the 
upper incisors and/or the alveolar crest are outstanding in a 
global perspective. First, the coronal gesture is generally 
combined with more manners than the labial, dorsal, pharyn- 
geal and glottal gestures taken together. E. g., front tongue /l/ 
and /r/ are mostly the only liquid phonemes in languages [ 121. 
Also, the sibilantic groove constriction is coronal, with no or 
very few exceptions; since most affricates are sibilantic, also 
this consonantal class is prodominantly coronal [6]. 

The large number of coronal phonemes in the languages of 
the world is caused not only by the high compatibility of the 
coronal gesture with different manners. Also one and the same 
manner is often used in two and sometimes more places along 
the short sag&al range streching from the upper incisors main- 
ly about 15 mrn back to the postalveolar region. In no other 
part of the vocal tract is such a short range equally exploited 
phonologically. This is due to several factors: the motor ver- 
satility of the front tongue; turbulence promoting conditions 
in the dentialveolar region; the fact that for obstruents, the 
front cavity, decisive for resonance shaping, is small, implying 
that also small absolute changes lead to great changes in rela- 
tive size and resonatory effect [6]. In several cases, these size 
changes are due not only to sagittal length changes but also 
to the connection/disconnection of the sublingual cavity, 
which accompanies front tongue sagittal movements in the 
alveolar region. 

Due to these conditions, a large proportion of the con- 
sonant phonemes of most of the world’s languages are coronal. 
This is reflected in the proportion of coronal sounds among 
the most common phonemes pooled over a large number of lan- 

uages. Thus, Maddieson [12] found that 10 of the 20 most com- 
mon consonants were coronal. 

An overview of several studies of coronals is given in 
Keating [4], together with a penetrating discussion of the 
terminology and definitions in this area. Also Eadefoged & 
Maddieson [5] treat this area closely. 

1.2. The detailed gestures of especially front coronals 
The front coronal sounds [t d n 1 s r] of a certain language are 
often described as sharing the same articulation place or gest- 
ure. From a phonological point of view this rough generaliza- 
tion may often be justified. However, for the purpose of phon- 
etic model work and pedagogic or odontologic applications, a 
closer description is needed. As shown by Dart [2] for a large 
number of French and American English speakers, there are 
differences. First, the interindividual variation was great. The 
same coronal sound in both languages were produced apically 
by some and laminally by others. For /t d n/ she found a sta- 
tistical language difference: In French, more speakers had a 
laminal and dental gesture, but in English the apical and 
alveolar pronunciation was more common. However, in both 
languages laminal /s/ was more common, whereas /l/ tended 
strongly to be apical. According to [2], this may be a universal 
tendency, caused by specific production conditions for each 
constriction type, making the production easier for most 
speakers. One of the goals of this article is to focus on those 
conditions and to contribute to the exploration of this import- 
ant area. This is done by presenting detailed EPG data on 
some Swedish coronals, and by trying to relate some of these 
data to anatomical and physiological factors that restrain and 
influence tongue muscle acticity patterns. Some such factors 
are formalised in the three-dimensional physiological articu- 
latory models of Stone [ 141 and Wilhelms-Tricarico [ 161. 

A couple of specific production conditions will be exem- 
plified: Especially [s] and trilled [r] have conditions, well- 
known in general terms, that necessitate highly specific, very 
precise gestures: [s] demands a laminar groove and an air jet 
hitting the front incisors, and a small interincisor distance [6, 
81; in trilled [r], the front tongue vibrations, caused by the 
interplay of aerodynamic and organic factors, demand a highly 
specific front tongue shape and position, and absence of ten- 
sion. 

The discussion in the last two paragraphs concerns front 
coronal sounds. However, the hypothesis that sounds that 
share roughly the same articulatory gesture nevertheless tend 
to differ in gestural details, caused by general production con- 
ditions for each specific articulatory manner, is certainly valid 
also for all other sounds, not least posterior coronals such as 
retroflex sounds and u]. 
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2. SWEDISH CORONALS 
The Swedish consonant system is generally considered to 
consist of the following phonemes: /p t k; b d g; f s c fj h; v j; 1 
r; m  n n/. Six of these 18 sounds are exclusively coronal: /t d s 
c 1 n/. /r/ is coronally produced in Central but not South Swe- 
dish. /fj/ has several allophones, one of which 111 is a coronal. 
m  is very similar to and often identical with English cs]. De- 
spite this, it is usually symbolysed by [s]. 

Both /c/ and m are postalveolar coronal sibilants, with 
very similar groove position, width and length [8]. Their main 
difference is the front cavity size. In u] this is larger, due to lip 
rounding - as contrasted to spreading in /c/ - and also to a 
larger sublingual cavity [6, 81. In consequence, 111 has lower 
energy distribution and a darker auditory shade than /c/ [6]. 
Also, /G/ is palatalised. 

Traditionally, Swedish /t d 1 n/ are roughly described as 
dental. Compared to English corresponding sounds, they are 
generally more front. Also /s/ is sometimes classified as den- 
tal, although it is generally prealveolar [8] and thus similar to 
e. g. English /s/. Swedish coronal /r/ is however classified as 
alveolar. This sound varies greatly: trilled, fricative, and ap- 
proximantic; often it is totally reduced in weak positions. 

Thus, 8 out of the 18 Swedish consonant phonemes are 
coronal. The proportion of front tongue sounds will be higher 

12 out of 22 - if also a postalveolar group of Swedish conso- 
nants is included, which are mostly regarded as allophones of 
/r/ plus one of/t d 1 n s/. Most Swedes systematically produce 
a postalveolar or prepalatal coronal constriction not only for 
/c/ and the /&j/-allophone u] but also for allophonic variants of 
It d 1 n s/ when following /r/, as in port, h&d, Karl, ttirne, 
fars - “door, hard, thorn, Charles, farce”. /r/ is not realized as a 
separate segment in these cases. 

The (hyper) gesture of those allophones is often classified 
as retroflex, but also as apicoalveolar, or supradental. The 
usual notations are [t 4 q 1 $1 respectively. However, the 
tounge tip position is probably very often not bent backwards 
(retroflex) but only lifted upwards. In accordance with [5], the 
most adequate notation for these sounds would therefore be 
the basic signs [t d 1 n s] with a dot below. The /r+s/ 
allophone denoted [s] and the /fj/ allophone 01] are identical. 
However, [111 varies as concerns the detailed front tongue 
shape and position, and degree of lip rounding [6, IO]. 

Thus, detailed investigations of the tongue gestures in 
coronal sounds remain to be made, in Swedish as well as in 
other languages. One goal of this article is to contribute to 
this mapping with EPG data for Swedish /t/, /d/, and /I/. 

The description above of Swedish sounds concerns hyper 
style speech only. Traditionally, phonetics has focused on 
this level, so there is little information on hypo production. 
However, [ 1 l] treats the hypo level of Swedish /s/, /c/, and u]. 

3.1 Material 
3. METHOD 

Ten Swedish speakers participated, 6 males and 4 females, age 
range 24-50 years. Six spoke Central and 4 South Swedish 
varieties. One male and 3 females were South Swedish. 

Lists of nonsense words were recorded acoustically and 
with EPG (Reading type) simultaneously. The subjects, who 
hade participated before in EPG registrations, wore dummy 
palates, similar to the EPG ones, for several hours before the 
registration. The words were read in randomized order. The 
part of the material used in this study was as follows: 1) Ten 
tokens of each combination of ‘sV:la, where V: = /i: e: y: 0: a: 
u:/. 2) Four tokens of each combination of ‘V:&V:2, where C = 
/t d 1 r/ and in each token V: 1 = V: 2 and V: = /i: a: u:/. 

3.2. Analysis 
In the Reading EPG palates [3], 62 electrodes are placed in a 
regular pattern of 8x8 rows. The electrode diameter is 1.4 mm 
All transverse electrode rows are approximately straight as 
projected on a horizontal plane, and consist of 8 electrodes 
except for the frontmost one, which has only 6 electrodes due 
to the restricted space close to the teeth. In this first row, at 
least one electrode covers an incisive. Tongue gestures con- 
tacting this row may therefore be classed as dental. The three 
following rows cover the alveolar region, going back about 
15 mm from the teeth. Tongue contacts with those rows are 
alveolar. Prealveolar concerns row two, postalveolar row 
three and four. For these four frontmost rows, the interelectrode 
distances are about 4 mm, both sagittally and transversely. In 
the palatal region further back, interelectrode distances are 
greater, especially sagitally. The backmost electrode row is 
close to the boundary between the hard and soft palate. 

Each EPG registration - fi-ame shows the tongue-palate 
contact avery 10 ms, with touched and untouched electrodes 
represented differerently. When only one transverse row in the 
alveolar region is touched by the front tongue, the sagittal 
constriction length may be up to maximally about 6 mm. Two 
touched rows corresponds to about 5-9 mm, 3 touched rows to 
about 7-15. When all four front rows are touched, the length is 
at least about 11 mm. 

The apex tip margin has a thickness of maximally about 6 
mm. This means that a contact encompassing three or more 
transverse rows must be laminal, not apical. Contacts of one 
och two rows are often apical but not always: at the alveolar 
crest maximal curvature, a laminal gesture may contact fewer 
than three rows [2]. 

4. RESULTS AND DISCUSSION 
4.1. /t/ and /d/ 
See Table 1. /t/ was pronounced dentally by all 10 subjects. In 
contrast, /d/ was dental in 5, alveolar in 2 and mixed dental/al- 
veolar in 3 subjects (B,C,E). Speaker B and C had dental /d/ in 
/i:/ context and alveolar /d/ in /a:, u:/ context. E had alveolar 
/d/ in /a:/ context only. All 5 subjects with unmixed dental /d/ 
were Central Swedish speakers. They were also male, whereas 
the sixth Central Swedish speaker (E), a female, had a mixed 
pattern. All 4 South Swedish speakers (A-D) had an alveolar 
or mixed /d/ 

One central Swedish speaker (F) had equally large tongue 
contact areas in /t/ and /d/. In 9 speakers, the /t/ area was con- 
spicuously larger. Their average (sagittal) constriction length 
in /t/ was 3.3 rows, range 2.6-4.0. In contrast, their average /d/ 
constriction length was 2.3 rows, range 1.6.3,0. Since /t/ had 
generally tongue contact in row 1, it was obviously both den- 
tal and alveolar, and the contact was also laminal and prob- 
ably apical. 
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Table 1. EPG data on lingual contact areas of Swedish /t/, /cl/, and /l/ for 10 subjects (A-K); f = female, m  = male. A-D are South 
Swedish and E-K Central Swedish speakers. Articulatory place symbols: dent = dental, alv = alveolar, d/a = mixed dental and 
alveolar. The areas compared are the coronal contact areas in the dentialveolar region. The measure of constriction depth is the 

average number of touched dentialveolar electrode rows (n = 12); the value 2 = 5-9 mm, 3 = 7-15 mm, and 4 2 about 11 mm. 

Subject Am Bf Cf Df Ef Fm Gm Hm Jm Km 

It/ place dent dent dent dent dent dent dent dent dent dent 

Aver- 
age 

/d/ place alv d/a d/a ah d/a dent dent dent dent dent 

/I/ place 

largest area /t-d/ 

largest area /d-l/ 

/t/ constr depth 
/d/ constr depth 
/I/ constr depth 

alv 

/t/ 

= 

4.0 
2.1 
2.0 

dent d/a d/a 

ItI w  w 

Ill = Ill 

2.8 3.1 2.6 
2.1 2.0 1.6 
2.6 2.1 I.9 

d/a 

ft./ 

A/ 

3.0 
2.3 
2.7 

dent 

= 

= 

2.1 
2.0 
2.0 

d/a 

ItI 

Al 

4.0 
3.0 
2.3 

alv 

Iv 

= 

2.8 
2.0 
2.1 

dent 

/tl 

A/ 

3.8 
2.7 
3.4 

d/a 

/tl 

Id/ 

4.0 
3.0 
2.3 

3.2 
2.3 
2.3 

Thus, Swedish /t/ appears to be not just apical and dental, 
as it is traditionally classified, but apicolaminal and 
dentialveolar. This is natural, since when the tongue tip 
contacts the upper incisors, the blade will generally make 
contact with the fairly horizontal prealveolar region [2]. Also 
Swedish /d/ is at least partly made in this way. 

The reasonable explanation of the great tongue area differ- 
ence between /t/ and /d/ is that /t/ is fortis and /d/ lenis. 

4.2. /d/ and /l/ 
/l/ was dental in 3, alveolar in 2 and mixed dental/alveolar in 5 
subjects (C, D, E, G, K) (Table I). Speaker C, G, and K had 
dental /l/ in /i:/ context and alveolar /l/ in /a:, u:/ context. In D 
and E, /I/ was dental mainly in /a:/ context. 

In cases of mixed dental/alveolar pronunciation of/d/ or 
/I/, the dental contact in /i:/ context was the most common 
pattern. This pattern was always seen for mixed /d/. This result 
is not unexpected, since the /i:/ gesture brings the tongue 
body closer to the upper incisives. Also /u:/ context gave 
dental /d/ in one speaker with mixed pattern, but there were no 
cases of dental mixed /d/ in /a:/ context. In contrast, two 
speakers with mixed /I/ had a dental gesture mainly in /a:/ 
context. Since the material is small, no safe conclusions can be 
drawn now. However, since /l/ is produced with a lower 
mandibular position than other consonants [7] and different 
tongue muscle activity than /d/, this difference ought to be 
studied in a larger study. Also Dart [2] found a somewhat 
different detailed production pattern for /I/ compared to /d/ 
(and /t n/) in English and French. 

Notice that the /d/ and /I/ production patterns as 
concerns the dental/alveolar distinction were not parallel1 in 
5 of the speakers (Table 1). B had mixed dental/alveolar /d/ but 
dental /I/. D  had alveolar /d/ but mixed /l/. G  and K had dental 
/d/ but mixed /I/. H  had dental /d/ but alveolar /l/. In 5 
speakers, /d/ and /I/ patterns were parallell: A (alveolar), C 
and E (mixed), F and J (dental). 

On the average, the recorded dentialveolar /I/ tongue 
contact area was smaller than for /t/ but similar to /d/. Four 
speakers had equal /I/ and /d/ areas, 2 (G, K) had smaller and 4 
(B, D, E, J) had larger /I/ areas. The contrast to /t/ is in line 

with the Dart [2] finding that English and French /l/ tends 
strongly to be apical and thus to have a small contact area. 

4.3. Two /l/ types and other lateral issues 
The total /I/ contact areas, including also the palatal region, 
were of two different kinds. In 9 speakers, the area had a horse- 
shoe shape. Mostly, the side contact areas (wings) were ex- 
tended far back on both sides. Five speakers (B, C, D, E, H) 
tended to have a symmetrical pattern, with wings extended to 
the 7th row, which means that the wings were more than 30 
mm long and had their ends no farther than 10 mm from the 
velum. Four speakers (A, F, G, K) tended to have an asymmet- 
ric pattern, with one wing extending to the backmost row and 
the other to the 7th. On the more open side, the wing had its 
end no farther than 10 mm from the velum. The other wing 
extended over the whole palate, and we have no information 
about its back end, which may be somewhere on the velum. 
The open side was on the left in 2 and on the right in 2 cases. 

Only one speaker (J) had another kind of tongue contact 
area, characterized by no or very short wings. This pattern was 
dominating in J, but he had also cases with somewhat longer 
wings. His front contact area was dentialveolar, with 3 or 4 
rows covered. This contact was sagittally clearly wider than 
in all other subjects, cf Table I. The auditive impression of J:s 
/I/ was not deviating. 

Several phonetic texts - e. g. [5, 131 - give the impression 
or state explicitly that the wingless /I/ is common or most gen- 
erally used. Our result indicates that the horseshoe shaped 
type may be more general. 

In our material [l] is probably apical - as its constriction 
depth is around 2 EPG rows, cf Table 1, which corresponds to 
about 5-9 mm. In Dart’s [2] larger English and French material, 
the tendency was strong that [l] was apical rather than laminal, 
irrespective of the detailed gesture of other front coronals. 
Therefore, we hypothesise that globally, [1] tends to be apical 
rather than laminal, also in languages where other coronals do 
not share this detailed gesture. The explanation of this is that 
the jaw position in [l] tends to be comparatively low [7], and 
consequently also the front tongue. Since the distance 
between the front tongue and the oral ceiling is thus relatively 
large, a coronal constriction is connected with a greater lift- 
ing of the front tongue and thus with an apical contact. 
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An opposite hypothesis is proposed for [s]: Since this 
sound demands a small interincisor distance, its jaw position 
is high, and also its tongue body position. Consequently, the 
lifting of the front tongue will be small, causing the blade to 
make the contact.This hypothesis is supported by large pro- 
portions of laminal as contrasted to apical [s] gestures in Brit- 
ish English [1] and American English and French [2]. 

Another general hypothesis about [l], which comes to 
mind at a close look at its specific gesture conditions - and 
which may get a formalised explanation in future models - con- 
cerns the fact that [I] tends to be velarised (or possibly faryn- 
galised) in many languages much more than other front coro- 
nals do. One important underlying general phonetic cause of 
this tendency seems to be the fact that the activity of the 
internal, transverse lingual muscles aiming to create lateral 
opening(s) also tends to lengthen the tongue. This is easily 
felt by proprioceptive feedback. Since the mass of the tongue is 
essentially constant and the position of the front tongue can 
not vary to a great extent, it is natural that an expansion of 
posterior parts of the tongue will arise in [l]. 

The transversus muscle activity also tends to make the 
tongue vertically thicker. This fact is also easily felt. 

Thus, [l] has three characteristics: the vertical thickness, 
the tendency to be velarised, found in several languages of the 
world, and a comparatively low mandibular position, which is 
found in Swedish [7] and many other languages. No other 
front coronal sound shows these features. A natural question 
is whether there is a connection between them. We hypothes- 
ise that this is the case for the mandibular position and the 
velarisation tendency, for the following reason. The perceptual 
effect of a sufficient degree of velarisation or faryngalisation is 
noticeable: a darker sound quality. In some languages, this 
quality is standard [l] pronunciation and no activity is made 
to avoid this easily arising [l] feature. In other languages, this 
quality is not accepted. To avoid it, a lower mandibular posi- 
tion may be a common strategy. This will lower the whole 
tongue body and lead to a a wider cross section area in the 
velar or upper faryngeal region. 

This hypothesis may be strengthened or refuted by study- 
ing the correlation in a number of languages between mandi- 
bular position and the presence of velarisation in [l]. 

4.4. Physiological models and detailed coronal gesture data 
During the last decade, articulatory tongue models have been 
developed, especially by Stone [ 141 and Wilhelms-Tricarico 
[ 161. Being three-dimensional, they are more realistic than old- 
er ones, that had only two dimensions. This is a very impor- 
tant change for a realistic modeling of lingual shape as asso- 
ciated with varying activity degree in various tongue muscles. 

Stone has made important contributions to the modeling 
work for coronals, based on ultrasound, MRI, EPG, and x-ray 
microbeam analyses. Thus, she has shown [14, 151 that the 
transverse shape - along a concave-convex dimension - of the 
dorsum varies not only between e.g. [s] and [l], but also often 
between the front and back part of the tongue in one and the 
same sound. She also stresses the great importance of the front 
lingual contact with the oral ceiling as a support for the 
tongue muscle work in speech. Her physiological tongue 
model divides the tongue in several sections both in the 
sagittal and transverse planes. In a non-formalised way she 
discusses the effect of various tongue muscles on these lingual 
sections and thus on the tongue shape. 

The computerised, more formalised tongue model of W  il- 
helms-Tricarico [ 161 contains 42 three-dimensional elements, 
together making up the whole lingual mass. The shape of each 
element can be changed primarily by the activity of one or 
more muscles with fibers within the element. The effect of vary- 
ing the degree of activity in various tongue muscles has been 
computer simulated and shown in three-dimensional tongue 
figures, that often show good similarity to empirically mapped 
tongue shapes. 

The project of modeling the articulating tongue is an 
enormously difficult task. The tongue is a highly complicated 
organ with several degrees of freedom. At least 12 pairs of 
muscles make up its main body and tip. Partially, they are 
interwoven. Many more than 42 model elements are therefore 
needed [16]. Also several other simplifications are made in the 
present models and will probably have to be made also in 
those that will appear during the next decades. In the future, 
one important function of tongue models ought to be to ex- 
plain at least part of the empirical detailed data on e.g. coronal 
gestures like those presented in this article. The relation 
between models and data is however reciprocal: The further 
development of realistic articulatory models demands detailed 
production data like ours. 
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ABSTRACT
The coronals [stdln] have place-neutral articulatory gestures:
The front tongue creates a constriction against the structure(s)
anatomically opposite to it. On the contrary, [�5�ª¯y] have
displaced gestures.

When changing from hyper to hypo style, Swedish post-
alveolar /�/ and [5] move substantially forwards and /s/ some-
what backwards in EPG registrations; the [5] change is great-est,
reflecting its more posterior hyper gesture.  Thus, constric-tion
place patterns of /s/, /�/, and [5] in hypo as compared to hyper
speech is characterized by an aggregation in a much smaller
sagittal range along the middle part of the alveolar range,
covering the neutral gesture. We hypothesise that this
aggregation is closely connected with the neutral coronal
gesture: The front tongue articulates closer to this gesture in
phrases than in isolated productions. Unsystematic studies of
Swedish [tdln] and [�ª¯y] support this hypothesis. Speech more
hypo will probably show a still more narrow range.

1. INTRODUCTION
1.1 The hyper-hypo scale
The hyper-hypo scale of speech production is a fundamental
dimension of phonetic variability [14]. Obviously, the range of
this dimension is considerable. There is however no con-census
about the nature of the control of the variation. Where-as some
propose that the variation is quantitative, i. e. the same motor
commands are given but with varying strength [1], others assert
that there is a qualitative difference between com-mands for
hyper and hypo style realisation of a certain articu-latory
gesture, i. e. that the commands differ in other respects [17].
Supposedly, both positions may be right. To make it possible to
settle this dispute adequately, much more empiric data are
needed.

The variation along the hyper-hypo dimension can be
systematically studied in data bases containing the same phrasal
material produced by the same subjects in various styles.
However, the hyper-hypo style variability in produc-ing
individual gestures can also be analysed in materials consisting
of sounds produced in isolation in contrast to those in phrases.
The isolated case is typically of an extreme hyper type, whereas
phrases are normally more or less hypo. Also stress level
influences the hyper-hypo position. Thus, there is a wide
variation within every ordinarily pronounced sentence, where
stressed syllables have sounds with more elaboratedly produced
gestures, whereas unstressed syllables are typically nearer to the
hypo end of the scale.

Generally, speech sound reductions may be total or part-ial.
In this context, the partial cases are of interest. The concept of
”partial reduction” presupposes the notion of a more elabo-rately
produced gesture. Consequently, the hyper-hypo di-mension is
by definition implied by the reduction concept.

Hyper speech has been much more studied than hypo
speech in earlier decades, for natural methodological reasons.
Therefore, this inherited perspective has traditionally perme-
ated much of the phonetic thinking. Even today, hyper style is
the default case. Thus, when it is not explicitly mentioned,
speech sound definitions and other descriptions concern hyper
and not hypo style. However, in recent decades  hypo speech has
come into focus. For vowels, a seminal work was Lindblom [13].
Several later studies have treated vowel reduc-tion in unstressed
syllables as contrasted to hyperly pro-duced isolated cases,
mainly from the acoustic aspect, e. g. [15]. Consonant reduction
has been studied to a less extent. Thus, analyses of e. g.
fricatives are generally made on produc-tion in only stressed
syllables or isolated sounds, e.g. [4, 7, 18].

Obviously, there is a need for more information on reduc-
tion of speech sounds in hypo style both per se and as oppos-ed
to hyper style, not least concerning consonants and espe-cially
from a direct, articulatory point of view. These data are of
interest not only for theoretical reasons - e. g. in the debate on
the quality-quantity nature of hyper-hypo articulatory variability
- but also in their own right, representing most cases where
speech sounds appear. Our study gives this kind of information,
based on an EPG analysis of Swedish coro-nals. Before
presenting Swedish coronals and our material, another basic
dichotomy will be treated.

1.2. Place-neutral and displaced articulatory gestures
Most consonants are produced with a place-neutral gesture, that
is the active articulator creates a constriction against the
structure(s) lying anatomically directly opposite to it [6]. Thus, a
smaller number of consonants have displaced articu-lation,
where the active articulator is displaced from its neu-tral gesture
position. Among coronals, the apicodentals and laminoalveolars
have neutral gestures, whereas postalveolar and retroflex sounds
are displaced.

1.3. Hypotheses
In hyper speech, the articulatory targets for phonemes are
generally attained much more closely than in hypo speech. We
hypothesise that displaced gestures should generally tend to
change more than neutral ones as a function of variation along
the hyper-hypo scale. Also, displaced gestures should move in
the direction to their neighbouring neutral gestures in the hypo
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case, and more so the more displaced they are. This means that
coronals tend to aggregate in a smaller sagittal range as speech
gets more hypo.

2. SWEDISH CORONALS
According to Maddiesson [16], 50% of the most common con-
sonant phonemes of the world’s languages are coronal. The
proportion of Swedish coronals is not far from this figure, as
will be shown. The Swedish consonant system is generally
considered to consist of the following phonemes: /p t k; b d g; f s
� ° h; v j; l r; m n 0/. Six of these 18 sounds are exclusively
coronal: /t d s � l n/. /r/ is coronally produced in Central but not
South Swedish. /°/ has several allophones, one of which [5] is a
coronal. [5] is very similar to and often identical with English
[5]. Despite this, it is usually symbolysed by [¼].

Both /�/ and [5] are postalveolar coronal siblants, with very
similar groove position, width and length [7, 10]. Their main
difference is the front cavity size. In [5] this is larger, due to lip
rounding - as contrasted to spreading in /�/ - and also to a larger
sublingual cavity [7]. In consequence, [5] has lower energy
distribution and a darker auditory shade than /�/ [7]. Also, /�/ is
palatalized, which means that its area function backwords from
the groove is more gradually widening than in [5].

Traditionally, Swedish /t d l n/ are roughly described as
dental. Compared to English corresponding sounds, they are
generally more front. Also /s/ is sometimes classified as dental,
although it is generally prealveolar [10] and thus similar to e. g.
English /s/. Swedish coronal /r/ is however classified as
alveolar. This sound varies greatly: trilled, fricative, and ap-
proximantic; often it is totally reduced in weak positions.

Thus, 8 out of the 18 Swedish consonant phonemes are
coronal. The proportion of front tongue sounds will be higher -
12 out of 22 - if also a postalveolar group of Swedish conso-
nants is included, which are mostly regarded as allophones of /r/
plus one of /t d l n s/. Most Swedes systematically produce a
postalveolar or prepalatal coronal constriction not only for /�/
and the /°/-allophone [5] but also for allophonic variants of /t d l
n s/ when following /r/, as in port, hård, Karl, törne, fars -
"door, hard, thorn, Charles, farce". /r/ is not realized as a
separate segment in these cases.

The (hyper) gesture in those allophones is often classifi-ed
as retroflex, but also as apicoalveolar, and supradental. The
usual notations are [� ª y ¯ ¼] respectively. However, the tounge
tip position is probably very often not bent back-wards
(retroflex) but only lifted upwards. In accordance with
Ladefoged & Maddieson [5], the most adequate notation for
these sounds would therefore be the basic signs [t d l n s] with a
dot below. The /r+s/ allophone denoted [¼] and the /°/ allophone
[5] are identical. However, [5] varies as concerns the detailed
front tongue shape and position, and degree of lip rounding [12].

Detailed investigations of the tongue gestures in coronal
sounds - front ones as well as retroflex and other posterior ones -
remain to be made, in Swedish as well as in other lan-guages. It
is however easily felt and has also to some extent been
objectively shown [2, 9, 11], that [t d l n r s] are not produced in

exactly the same position intralingually. This is caused by
varying general production conditions, specific for each of these
sounds. Considering unexpected data in Dart [2] about English
and French common coronals that are some-times produced
sublaminally (i. e. retroflexedly), it is not un-justified to expect
(hyper) gestures of [t d l n]  in other lan-guages to be not only
apical or laminal but also sometimes sublaminal.

3. METHOD
3.1 Material.
In this study of Swedish coronals along the hyper-hypo scale, our
material consists mainly of the Swedish sibilants [s], [�], and [¼],
pronounced in isolation and in read phrases with systematically
varied vowel context - [i a u]. Each item was pronounced nine
times. Unsystematically, we have also studied several cases of [t
d l n � ª ¯ y � T] in stressed and unstressed positions, from
phrases and isolated nonsense words. All these non-sibilant
coronals will be studied more systematically later on.

Both materials were produced by 10 Swedish speakers, 6
males and 4 females (F, G, H, I), age range 24-50 years. Six
spoke central and 4 (G, H, I, K) South Swedish varieties. One
male and 3 females were South Swedish. [t d n l s]  and [�] are
found in all Swedish varieties, but South Swedish lacks
[ � ª ¯ y 5 � T ]. Data for the latter sound group are therefore based
on only 6 subjects.

The material was registered by dynamic electropalato-
graphy (EPG) of the Reading type [3]. With this method, the
speaker wears a thin palate, extending from the upper teeth back
to the velum. In the palate, 62 electrodes are placed in a regular
pattern.

3.2. Analysis
Each EPG registration frame is a kind of map, representing the
tongue-palate contact every 10 milliseconds. In this map, each
electrode is represented by a specific point as either touched or
free (untouched). The map points are arranged in a pattern,
similar to the electrode pattern, with eight transverse rows and
eight longitudinal columns of points. For the sibilants and [�],
we analysed in which row the frontmost minimum constriction
was found (constriction place, CP). For the other coronals - all
with a complete closure - CP was defined as the frontmost row
of this closure with at least half the number of electrodes
touched by the tongue.

The transverse rows of electrodes are denoted by numbers
starting from the front. Thus, row no 1 is the frontmost one. In
this row, at least one electrode covers an incisive. Tonge ges-
tures contacting this row may therefore be classified as dental.
Row no 2 is prealveolar, and the two following ones are post-
alveolar. Inter-electrode distances in those four rows are about 4
mm, both sagitally and transversely. In the palatal region, inter-
electrode distances are greater, especially sagitally.

This study concerns the variation of the constriction place
analysed in EPG registrations - expressed as a row number - as a
function of variation of speech articulation style along the hyper-
hypo scale.

4. RESULTS AND DISCUSSION
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4.1. [s], [�], and [¼]

As reported earlier [10], each of [s], [�], and [¼] is produced in
phrases with great constancy in each subject as concerns con-
striction width, shape, and position. Also in the time dimen-

sion, sibilant constriction production is constant. Thus, there is
no or very little temporal dynamics, unlike many other sounds.
Also when the sibilants are produced in isolation,

0

2

4

6

U Û 5

row
A

0

2

4

6

U Û 5

row
B

0

2

4

6

U Û 5

row
C

0

2

4

6

U Û 5

row
D

0

2

4

6

U Û 5

row
E

0

2

4

6

U Û 5

row
F

0

2

4

6

U Û

row
G

0

2

4

6

U Û

row
H

0

2

4

6

U Û

row
I

0

2

4

6

U Û

row
K

Figure 1. Constriction place of Swedish sibilants produced by subjects A-K in phrases (points connected by a continuous line) and in
isolation (points connected by a dashed line). Each point represents the average of nine tokens. The distance between two neighbouring

EPG raws is about 4 mm. Corresponding articulation place: row 1: dental; row 2: prealveolar; rows 3 and 4:  postalveolar.

constriction width, shape, and position for each sound are
constant in each speaker.

However, phrasal and isolated production differ. Thus,
many speakers have different constriction width in each sibi-lant
as produced isolated and in phrases. There is however no
tendency in this width variation. In contrast, the variation in
constriction position between phrases and isolation shows a
clear pattern. As shown in Figure 1, the tendency is strong that
[�] and [5] are articulated clearly more in front in phrases than
in isolation. Four out of 10 subjects (A, G, I, K) show this
pattern for [�] and 4 out of 6 (A, C, D, F) for [5]. The change is
larger in [5], resulting in identical phrasal articulation place for
[�] and [5] in all 6 out of 6 subjects with [5]. In 3 subjects (B, E,
H), the constriction place is the same for each sound in phrasal
and isolated production. In no case the place is further back in
phrases.

[s], on the other hand, has the same isolated and phrasal
constriction position in 6 subjects. In 3 subjects (C, D, F), its
phrasal position is clearly further back (about 1 row) than the
isolated one. One subject (G) has the opposite [s] pattern.

Thus, as compared to isolated production, phrasal [s] tends
to move backwords and [�] and [5] forwards. Conse-quently, the
sagittal articulatory range for all three sibilants lumped together
is significantly smaller in phrases than in isolation in 6 subjects.
See Figure 1. Excepting subject E, all phrasal sibilantic CPs are
gathered within a range of only 1 row width - the distance
between 2 rows - as compared to a row width of about 3.5 in
isolated pronunciation. (As men-tioned, a row width is close to 4
mm.)

As mentioned, the pattern of significantly smaller sibilantic
sagittal range in phrasal as compared to isolated production is
not all-pervading. Three subjects (B, E, H) show no difference
between each sibilant in isolation and phrases. However, their
range is small in both cases.

The exact sagittal position of this narrow range, where the
front tongue produces all Swedish sibilants in phrases in our
material, varies to some extent. As is shown in Figure 1, in 5
subjects (A, D, F, G, H) it is found in rows 2-3 and in 3 sub-
jects (B, C, K) in row 3-4. These positions correspond to the
alveolar crest immediately behind the upper incisives and to the
back part of the alveolar crest, respectively. Somewhat deviating
from this pattern, subject I uses the range 1-2 and subject E the
range 2-4. This variability is expected, since there is intersubject
variation in the size and shape of the front tongue, the alveolar
ridge, and the upper incisors as well as in the bite, which is
connected with the neutral position of the mandible in relation
to the upper jaw. Due to this intersubject anatomical variation, it
is natural that the neutral coronal tongue position will vary to
some extent.

All those phrasal productions of [s], [�], and [5] sound
normal and are well distinguished. The articulatory place of [s]
is about 4 mm in front of [�] and [5]. The latter sounds do not
differ significantly in constriction place or width. As was argued
in [7, 10], the groove anterior cavity size is the main
distinguishing articulatory feature for [�] and [5]. The larger
cavity in [5] makes it darker. In isolation, most subjects pro-duce
[5] with a constriction place more back than in [�]. Natu-rally,
this feature contributes to a larger front cavity. However, this is
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no necessary condition. Also the sublingual cavity and lip
section are larger in [5] [7, 10].

This hyper-hypo variation of constriction place of sibi-lants
is obviously connected to the distinction between a neutral and a
displaced gesture.  Consequently, the result corroborates our
hypothesis that in cases that are more hypo, displaced gestures
will tend to be produced more similar to the corresponding
neutral configuration. Thus, compared to isolated pronunciation,
the neutral position was approximat-ed in phrasal speech.
According to Laver [6], the neutral coronal gesture implies front
tongue contact with the front alveolar crest and/or the back of
the upper front incisors.

In our study, especially [5] but also [�] tended strongly to be
produced further in front in phrasal speech than in isola-tion.
Both sounds have displaced gestures, so this tendency is
expected. Since the coronal gesture of [5] was more back in
isolated production, it is natural that it tended to change more.
The fact that [s] was produced a bit further back in phras-al
speech in 3 subjects seems to imply that the neutral coronal
gesture of these speakers does not coincide with the hyper
production of [s] but is situated a bit further back.

4.2. Non-sibilantic coronals
Also several observations in our wide - but from the hyper-hypo
point of view less systematically varied - material of
nonsibilantic Swedish [t d l n � ª ¯ y � T] support the hypo-thesis
that coronals tend to aggregate in a smaller sagittal range as
speech gets more hypo. Thus in hypo style, the den-tals [t d l n]
share with [s] a certain tendency of backing, and the
supradentals [� ª ¯ y � T] get more fronted. However, we also
hypothesise that a close, systematic study will show differing
detailed variation patterns, due to different produc-tion
conditions for coronals with nominally the same place of
articulation, cf [9]. For example, in hyper speech, [t] has a larg-
er front tongue contact area than other comparable coronals and
tends to be produced furthest in front, whereas [l] has a
transverse tongue body narrowing and a lower mandibular
position [8, 9, 11]. We also propose as a global hypothesis that
[l] tends to be apical to a greater extent than [t d n s], due to its
lower jaw position [9].

5. CONCLUSION
It has been shown that constriction place patterns in EPG
registrations of Swedish /s/ and postalveolar /�/ and [5] in hypo
as compared to hyper speech is characterized by an aggregation
in a much smaller sagittal range along the middle part of the
alveolar range, covering the neutral gesture. We hypothesise that
this aggregation is closely connected with the neutral coronal
gesture: The front tongue articulates closer to this gesture in
phrases than in isolated productions. Un-systematic studies of
the Swedish coronals [tdln] and [�ª¯y] support this hypothesis.
Speech material that is more hypo will probably show a still
more narrow range.
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THE PHONETIC NATURE OF THE PHONOLOGICAL CONTRAST
BETWEEN THE LENIS AND FORTIS FRICATIVES IN KOREAN

Hansang Park
The University of Texas at Austin

ABSTRACT
The phonetic nature of the contrast between the lenis fricative
/s/ and the fortis fricative /s*/ has been specified in various
aspects but the vowels after the friction of the two fricatives
have not been investigated. The present study provides detailed
information about the characteristics of the vowels following
friction. H1-H2 was measured in /CVda/ context across 8
Korean monophthongs. In non-high vowels, earlier portions of
the vowels show a sharp contrast: a gradual decrease of the
value of H1-H2 in the lenis fricative and a gradual increase of
the value of H1-H2 in the fortis fricative. In high vowels, earlier
portions of the vowels show a gradual decrease in H1-H2 in both
fricatives. A higher order difference in H1-H2 between [shVda]
and [s*Vda] was inversely proportional to vowel height in
Korean.

1.  INTRODUCTION
Korean has two alveolar fricatives: lenis /s/ and fortis /s*/. The
lenis fricative /s/ has been described as unaspirated and
unlaryngealized and /s*/ as laryngealized. Korean alveolar
fricatives are different from stops and affricates in that they do
not show the typical three way distinction (aspirated vs. lenis vs.
fortis); instead, a gap occurs in phonemic structure.

The phonetic nature of the contrast between the lenis and
fortis fricatives has been less intensively studied relative to that
of stops and affricates. It has been assumed that /s/ is similar to
lenis stops or affricates with respect to laryngeal settings and
/s*/ to fortis stops or affricates. This assumption seems to be due
to the influence of Korean orthography, where the letter for /s*/
comes from juxtaposition of the letter standing for /s/, as is the
case for stops and affricates.

The phonetic nature of the two fricatives has been
investigated in various aspects. First, aspiration is observed
between the frication noise and the subsequent vowel [2, 6, 10,
11]. Second, a systematic difference in glottal width at the point
of release of the tongue constriction was found between the lenis
and the fortis fricatives as well as in stops and affricates in
Korean [6]. It was claimed that glottal width at the articulatory
release should be considered as one of the determining factors
for VOT. Third, the VOT value of /s/ is very similar to that of
the aspirated stops while that of /s*/ is similar to that of the
lenis stops [10]. Fourth, no significant difference is observed
between the friction of the two fricatives [10, 11]. Fifth, f0 at the
onset of the vowel after the fortis fricative is higher than that of
the vowel after the lenis fricative [2, 6, 10, 11]. Finally, there is
no significant difference in duration between /s/ and /s*/ in
VCV context [7].

To sum up, a clear and substantial aspiration occurs in the
lenis fricative, which leads to higher values in glottal width,
VOT, and f0 at the onset of the vowel. It is natural that the lenis
fricative be transcribed as [sh].

Perception tests also demonstrate that aspiration in the
lenis fricative is substantial and of the same kind as is shown in

aspirated stops [10, 11]. It was reported that a signal with the
preceding frication cut away from [shada], that is [hada], was
perceived as [phada], [thada], or [khada] [11]. It was also noted
that the stimuli, made by incrementally cutting 10 ms away from
the onset of the frication noise of /sal/ “flesh”, were perceived as
[shal], [tShal], [thal], and [phal] [10]. What is clear from the two
perception tests is that there is a clear aspiration in the lenis
fricative. However, it seems that the crucial cue to distinguish
the two fricatives does not lie in aspiration but in the subsequent
vowel, since the subjects’ responses coincide with the identity of
the subsequent vowel regardless of aspiration. The stimuli, 4
tokens made by splicing, and responses are given in (1) [11].

(1) Stimuli and responses in perception test
Stimuli Responses

(a) [s1a1da] [shada]
(b) [s1

ha2da] [s*ada]
(c) [s2a1da] [shada]
(d) [s1a2da] [s*ada]

[s1] and [a1], [s2] and [a2] stand for the friction and the
subsequent vowel in [shada] and [s*ada], respectively. The fact
that (a), a signal with aspiration cut away from [shada], was
perceived as [shada] implies that aspiration is not the only cue to
distinguish the two fricatives. The fact that (b), a signal with
friction and aspiration of [shada] attached to the subsequent
vowel of [s*ada], was perceived as [s*ada] implies that the
subsequent vowel is a more important factor in perception than
aspiration.

Another perception test was conducted to examine how
aspiration and the subsequent vowel are related to the
distinction of the two fricatives [11]. Recorded signal was
[shada], where friction lasted for about 100 ms, aspiration for
about 50 ms, and the subsequent vowel for about 150 ms.
Fifteen tokens were made by cutting 10 ms away incrementally
backward from the 50 ms vowel point. Subjects were asked to
judge whether each token was perceived as [shada] or [s*ada].

The result of the perception test showed a categorical
perception, as illustrated in Figure 1. All subjects reported that
the played signals sounded like [shada] until token 5, where all
the vowel portion of the signal was cut away. At token 9,
consisting of friction and 20 ms of aspiration, more subjects
started to report it as [s*ada]. All subjects report the played
signal sounds like [s*ada] at token 11, where neither aspiration
nor the vowel section are present. The result of this perception
test tells us that a considerable amount of aspiration (about 25
ms.) and the earlier portion of the subsequent vowel are
responsible for identification of the lenis fricative.
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It was made clear that the subsequent vowel is related to
the distinction of the two fricatives. The present study provides
more detailed information about the characteristics of the
subsequent vowels in distinguishing the two fricatives. Spectral
analyses of the vowels following the frication noise are
conducted to specify the phonetic nature of the two fricatives.

2.  SPECTRAL ANALYSES
The characteristics of the three phonation types (laryngealized,
modal, breathy) have been specified with respect to glottal
opening, volume velocity waveform, and spectral structure of the
voicing source [8, 12]. The characteristics of a modal phonation
are characterized by the nearly approximated vocal folds,
leading to a typical volume velocity waveform with an open
quotient of about 50% or 60% of the period, the slightly skewed
shape during the open phase, and the spectrum of the normal
voicing source with an average falloff of about –12 dB per
octave.

The characteristics of a laryngealized phonation are
characterized by the arytenoid cartilages positioned so as to
close off the glottis, the relatively short duration of the open
portion of a fundamental period, and the substantially lowered
fundamental frequency during laryngealization. Possible
perceptual cues to laryngealization are a reduction in the relative
amplitude of the fundamental component in the source spectrum
and a lowered fundamental frequency contour.

The characteristics of a breathy phonation are characterized
by the well separated arytenoid cartilages at the back but

sufficiently approximated vocal folds, the volume velocity
waveform with a rounded corner at closure leading to a very
strong fundamental component, and the substantially attenuated
amplitudes of higher harmonics. Possible perceptual cues to a
breathy vowel are thus an increase of the relative amplitude of
the fundamental component in the spectrum and replacement of
higher harmonics by aspiration noise.

H1-H2 (value obtained by subtracting amplitude of the
second harmonic from that of fundamental frequency) was
employed as a metric for breathy voice [4]. Vowels with such
non-modal properties as breathiness and laryngealization were
investigated across languages [1]. H1-H2 and H1-F2 (value
obtained by subtracting amplitude of the second formant from
that of fundamental frequency) were measured across vowels.

Those researches mentioned above provide a rationale for
the employment of H1-H2 as a metric for difference of voice
quality of the vowel after the two Korean fricatives.

2.1. Experiment I
2.1.1. Method
The amplitude of the fundamental frequency and the first four
formants were measured in the average spectrum of 20 ms
windows every 10 ms from the onset to the midpoint of the
vowel.

2.1.2. Result
The values obtained by subtracting the amplitude of each
formant frequency from that of the fundamental frequency are
illustrated in Figure 2.

In the vowel following the friction of the lenis fricative, H1
dominates the four formants throughout the time points. This
configuration is similar to that of lax voice, where F1 and F2 are
attenuated relative to the first harmonic [3]. In the vowel
following the friction of the fortis fricative, F1 dominates H1
and the other formants throughout the frames. This configuration
is also similar to that of tense voice, where F1 and F2 are
comparatively boosted relative to the first harmonic so that the
spectrum is dominated by F1 [3]. It is clear that the vowels
following the friction of the two Korean fricatives show a
difference in voice quality.
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2.2. Experiment II
2.2.1. Method
The values of H1-H2 across 8 Korean vowels were plotted
against time to specify what difference exists in the vowels
following the friction. H1 is more variable than H2 in both
[shVda] and [s*Vda]. The high variability results from the fact
that H1 is readily affected by phonation types while H2 is more

constant, which is one of the reasons why H1-H2 can be
effective in determining the difference in voice quality between
the vowels after the friction. Data analyzed here consist of 8
Korean monophthongs in [shVda] and [s*Vda].

2.2.2. Result
The results are illustrated in Figure 3.
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The three graphs for the high vowels commonly show that
H1-H2 in both [shVda] and [s*Vda] decreases over time from
the onset. On the other hand, the five graphs for the lower
vowels commonly show a very sharp contrast in the earlier time
reference: H1-H2 in [shVda] decreases over time from the onset
while that in [s*Vda] increases over time.

Another higher order difference in H1-H2 between [shVda]
and [s*Vda] can be drawn. The values obtained by subtracting
H1-H2 in [s*Vda] from that in [shVda] are plotted against time
in Figure 4.

Difference in H1-H2 between [shVda] and [s*Vda] across 8
Korean monophthongs are ordered as follows:

(1) Order of the difference

E > a > Ã > e = o > i > µ > u

The bigger the difference is, the lower the vowel is. This
difference seems not to be significant among high vowels or
among lower vowels. Whether this difference is constant and
consistent in all the situations must be clarified to give a
generalization. If this difference is constant and consistent, it can
be used as an indicator of vowel difference in the same context.

3.  DISCUSSION
Difference in H1-H2 between [shVda] and [s*Vda] roughly
corresponds to difference in vowel height. This difference is due
to characteristics of the filter. The spectral shape is the sum of
the source characteristics and the filter characteristics. The
amplitude of each harmonic is affected by both the filter and the
source. The closer the first formant peak is to the fundamental
frequency, the more the second harmonic is boosted, which
results in a reduction of the value of H1-H2. The amplitude of
the second harmonic for the high vowels is much bigger than
that of the lower vowels, since the peak of the first formant of
the high vowels occurs near the second harmonic.

The results, nevertheless showed that the vowels following
the friction in [shVda] are significantly different in voice quality
from those in [s*Vda].

4.  CONCLUSION
It was noted that there is a clear and substantial aspiration in the
lenis fricative while not in the fortis fricative and that there is no
significant difference between the friction of the two fricatives.
Those observations imply that aspiration may be a crucial
acoustic cue that distinguishes the two fricatives. Another
perception test, however, demonstrates that aspiration alone
plays no crucial role in distinguishing the two fricatives. It is
apparent that significant acoustic cues lie in the vowel following
friction.

Acoustic experiments were conducted to specify what
difference exists in the vowels following friction. The values
obtained by subtracting the amplitude of each formant frequency
from that of the fundamental frequency demonstrated that there
is a notable difference in voice quality between the subsequent
vowels of the two fricatives. A comparison of H1-H2 across 8
Korean vowels, especially for non-high vowels, confirmed that
there is a sharp contrast in the onset of the vowel following
friction between the lenis fricative and the fortis fricative.

H1-H2 in the unfiltered spectra was measured in the
present study. It is necessary, however, to investigate genuine
source spectra to give a more accurate description of the
difference between the vowels following friction. The present
study is also restricted to fricatives. A study of stops and
affricates as well as fricatives would do justice to the nature of
the three-way distinction of Korean obstruents. Such works
remain to be done.
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PATTERNS OF TONGUE MOVEMENT

Khalil Iskarous
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ABSTRACT
This paper discusses the pivot pattern of tongue movement. In
this pattern, there is a point in the vocal tract where there is no
motion, but there is motion at points of the vocal tract anterior
and posterior to the pivot point. Based on tongue edge tracings of
frames from ultrasound and x-ray dynamic imaging of the vocal
tract, I will show that the pivot pattern is used in a variety of
sequences, and I will discuss the possible causes of the pattern.

1.  INTRODUCTION
A central question of speech production is how the tongue
changes its configuration as it moves from the configuration for
one lingual segment to that of another. For instance, to perform
the [a-i] sequence, the tongue needs to perform a pharyngeal
constriction, and then, as it undoes that constriction, to make a
palatal one. How do different parts of the tongue move to
simultaneously make one constriction and undo another? Also, is
the pattern of tongue movement actuated in [a-i] similar to the
pattern for other sequences? That is, are there general patterns of
movement that are used by the tongue to perform a variety of
transitions? The answer to the last question may inform
investigations of lingual coarticulation, since general patterns of
movement would constrain the variation seen in coarticulation. It
may also illuminate problems regarding the articulatory basis of
formant transitions, since tongue movement is a major factor in
determining the changes in the dimensions of the vocal tract
acoustic filter. Knowledge of general patterns of tongue
movement may also have technical applications in informing the
development of general transition rules for use in articulatory
speech synthesis.

This paper will discuss the “pivot” pattern of tongue
movement, previously  pointed out by Stone [1]. In this pattern,
there seems to be a point in the vocal tract where there is no
motion, but there is motion at points of the vocal tract anterior
and posterior to the pivot point. This movement pattern can also
be seen in tongue motion tracings in various publications [2,3,4].
Based on tongue edge tracings of frames from ultrasound and x-
ray dynamic imaging of the vocal tract, I will show that the pivot
pattern is used in a variety of sequences, and I will discuss the
possible causes of the pattern.

2. EXPERIMENTAL WORK
In order to investigate the existence of general patterns of tongue
movement, tracings of the tongue edge from x-ray and ultrasound
motion pictures were made. The x-ray data analyzed is from a
publicly available database [5]. The ultrasound data was collected
on a RT-3000 GE ultrasound imaging system. The data is all
from Canadian and American English. A total of 450 vocalic
and consonantal sequences were analyzed, where each sequence
begins and ends at points where either the oral or pharyngeal
parts of the tongue changes direction of movement. The tongue

edges were traced with a mouse, since various edge-tracing
techniques attempted needed too much subjective intervention for
proper detection.

3.  THE PIVOT PATTERN
There’s a variety of ways in which the tongue could deform in
going from the configuration for one segment to the
configuration of another. And it is possible that the deformation
of the tongue during a transition is entirely dependant on the
starting and ending configurations. So the way that the tongue
moves during [t-i] may be entirely different from the way it
moves during [z-a], for instance. If we take a single type of
sequence, like [a-i], we can imagine several ways in which the
deformation could take place. In Figure 1, below, are three of the
many possible tongue deformations during [a-i]. The black edge
represents the configuration during [a], and the dotted edge
represents the configuration for [i], with the middle edge
representing one of the several edges in between the starting and
ending configurations.

Figure 1. Schematic deformation for [a-i]

In the database of sequences investigated, [a-i] occurs 14 times,
and all of the three possible deformations above do occur, but the
most common deformation is the pivot pattern, which is the third
pattern in Figure 1. In Figure 2, below is an example from the
database analyzed of the [a-i] realized with the pivot motion.

Figure 2. Tracing of [a-i]

The pivot pattern is not used only in accomplishing the [a-i]
sequence. Below, in Figure 3, are four examples of the pivot
movement in a variety of different contexts. The arrows indicate
the direction of movement anterior and posterior to the pivot
point.
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Figure 3. Tracings of [k-a], [ih-t], [u-e], and [o-ae]

The pivot pattern looks like a rotational movement, where one
point of a body remains fixed, and the other points rigidly rotate
around it. But the tongue is a highly deformable body. What
seems to be actually occurring in the pivot pattern is that, even
though every flesh point on the edge of the tongue does move,
the movement is coordinated in such a way that there is a cross-
section of the vocal tract whose area doesn’t change, since there
is always a fleshpoint a fixed distance from a hard structure at
that cross-section. The proper characterization of the pattern,
therefore, is as an area-function pivot. That is, the highly elastic
movement of the tongue proceeds in such a way that the change
in the area-function during a transition seems like a rigid rotation
of the sides of the tube.

At this point this is a qualitative observation, rather than a
quantitatively valid finding. For this observation to be put on a
solid quantitative footing, one needs to investigate the movement
of individual pellets at the same time as tracing the movement of
the entire edge of the tongue [3]. If the observation is valid, then
the pellets at various points of the tongue would be shown to
move despite the occurrence of apparent lack of movement at a
certain cross-section of the vocal tract.

4. POSSIBLE CAUSES OF THE PATTERN
There are two general types of causes for the presence of the
pivot pattern in a variety of transitions.  The pattern may be
actively carried out to achieve some acoustic goal, or it may be a
passive result of some aspect of tongue or jaw dynamics. If the
pivot pattern is actively controlled, it may be for the purpose of
achieving optimal formant transitions, especially if the pattern is
really a method of controlling the area-function. This is
consistent with work on formant transitions Carre and
Chennoukh [6]. On the other hand, the pattern maybe a result of
jaw rotation, or a consequence of the incompressibility of the
tongue and the nonlinear characteristics of the stress-strain
relation of tongue tissue. Jaw rotation probably does contribute to
the pattern, but it doesn’t do so as a primary cause, since the
pattern is readily seen in ultrasound tracings, even though the
ultrasound transducer rides along with the jaw, and therefore
doesn’t detect its motion. To investigate the contribution of
acoustic output, incompressibility, and tissue nonlinearity to the
presence of the pivot pattern, I am currently carrying out
simulations of a finite element model of the tongue tissue and the
vocal tract acoustic cavity.

5. CURRENT RESEARCH
In order to classify the various tongue patterns, a method of
quantifying each pattern and departure from it is required. An
attempt is under way to classify the patterns by first fitting the
edge of each frame with an interpolatory Hermite polynomial,
and then classifying the sequences by the changes in the
coefficients of the polynomials. The goal is to classify the
investigated sequences by automatic means in order to verify the
subjective procedure currently used.
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C-to-V Coarticulation in Japanese and English

Yuko Kondo
Aoyama Gakuin University

ABSTRACT

The present paper studies the effects of speech tempo (fast
vs. slow), syllable condition (open vs. closed), preceding
and following consonants (/b/ vs. /d/ and /b/ vs. /g/) in C-
to-V coarticulation in Japanese and English.  The results
showed strong correlation between C-to-V coarticulation
and vowel duration.  It was also shown that the preceding
consonant exerts stronger effect on the vowel than the
following consonant for both Japanese and English.

1. INTRODUCTION

This study was motivated as part of a project in exploring
the nature of coarticulation in Japanese.  The present study
focuses on C-to-V coarticulation.  The four variables to be
examined are:

¥ the effect of minimal prosodic unit (syllable) on C-to-V
coarticulation

¥ the effect of tempo
¥ the effect of preceding consonant
¥ the effect of following consonant

English material was also studied for the purpose of
comparison in order to highlight language specific aspects
and universal aspects of C-to-V coarticulation.  The effect of
syllable was included in order to test the following null
hypothesis:  there is no significant difference in the effect
of the following consonant whether it is within a syllable
(CVC/CV) or it is outside a syllable (CV/CV).

2.  METHOD

Two sets of consonantal contexts were examined: /b/ vs. /d/
and /b/ vs. /g/ for the four variables mentioned above.  Table
1 shows the Japanese and English material used in the
present study.  They were embedded in the carrier sentences:
"Kono-ko-ga ____ desu." (This child is ____.) for Japanese
and "I said _______." for English and read at  fast and slow
tempi five times each by 4 Japanese and 4 English subjects.
The English subjects were speakers of non-rhotic British
accent.

The recording was done in a sound-treated recording
studio in the Department of Linguistics, Edinburgh
University. The sentences for analyses were sampled at 16
kHz into a UNIX SUN workstation with WAVES speech
analysis facilities.  The vowels were hand labeled by using
the XLABEL system of WAVES, displaying the waveform
and a wide band spectrogram.  Formant values were obtained
by running FORMANT program for LPC analysis with a 25
ms cos**4 window moving in 5 ms steps.  The vowel
midpoint F1 and F2 were recorded.  Where there were even
numbers of records for a segment, the mean of the middle
two values was chosen as the midpoint value.   Formant

tracking errors were corrected where possible.  Otherwise,
values judged spurious were treated as missing values.
Formant tracks were overlaid on top of spectrograms to
check errors.  Many of the errors resulted from the confusion
between different formants and correction was possible.
Most of the F2 values were recovered this way.   For
statistical analyses 4-way repeated measures ANOVAs were
done using Superanova.  Mean comparisons were also done
using contrasts.

3.  RESULTS
3.1  Duration
There was obviously a significant effect of tempo (F(1,144)
= 435.644, p = 0.0001) for the duration.  There was also a
significant effect of syllable (F(1, 144) = 311.048, p =
0.0001).  Vowels in closed syllables were longer than those
in open syllables resulting in the interaction of tempo and
syllable as shown in Figure 1.  This durational difference had
effect on F1 and F2 values of the vowels.  This effect will be
discussed in the subsequent sections.  The vowel qualities are
quite different between the Japanese and the British English
vowel selected in the present experiment and the inherent
duration that characterizes each vowel quality is also
different resulting in much longer duration for the British
vowel.   Also, as the British English test word was placed in
the utterance final position, this further lengthened the
vowel duration.

3.2  F1
For the Japanese vowel, significant effects were observed
for tempo, syllable, and preceding consonant for both b/d
and b/g contexts.  There was no main effect of following
consonant on the vowel midpoint F1 value.  F1 values are
higher when preceded by /b/ (873 Hz (b/d) and 883 Hz (b/g))
than when they are preceded by /d/ (840 Hz) or /g/ (855 Hz).
This may be due to greater freedom of the tongue body in
producing vowels in the labial context, letting the tongue to
reach more open target position.  The statistical values for
the Japanese vowels are shown in Table 2.

Table 1.  Material
Japanese English

CVCV CVCCV CVCV CVC
baba babba Barbie Barb
bada
baga

badda
bagga

Bardie
Bargie

Bard
Barg

daba
gaba

dabba
gabba

Darbie
Garbie

Darb
Garb

dada
gaga

dadda
gagga

Dardie
Gargie

Dard
Garg

Table 2.  Statistical values
for the main effects on F1 for Japanese
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Main
Effect

F-Value P-Value

tempo
(b/d)

F(1, 152) = 163.83 0.0001

tempo
(b/g)

F(1, 136) = 48.736 0.0001

syllable
(b/d)

F(1. 153) = 12.997 0.0026

syllable
(b/g)

F(1,136) = 17.609 0.001

pre-C
(b/d)

F(1,152) = 5.416 0.0344

pre-C
(b/g)

F(1,136) = 11.533 0.0048

fol-C
(b/d)

F(1, 152) = 0.254 0.6319

fol-C
(b/g)

F(1,136) = 0.461 0.5092

There was also good correlation between F1 value and
duration for the Japanese vowel.  F1 value gets higher as
duration gets longer.  This seems to suggest that longer
duration permits the tongue to attain the target open
position.  The relationship is illustrated in Figure 2.  F1
values grew higher in the following order: fast, open < fast,
closed < slow, open < slow, closed.  There  was significant
difference in F1 values between the fast/open and fast/closed
groups and between the fast/closed and slow/open groups.
No significant difference was observed between the
slow/open and slow/closed groups according to mean
comparisons.

For the English vowel significant main effect was
observed only for the syllable condition for the b/d set (F(1,
136) = 7.507, p = 0.0169).  Vowels in closed (therefore
longer) syllables had higher F1 values than those in open
syllables. The English vowel being much longer, the
consonantal effects did not seem to reach the vowel
midpoint to affect the F1 value.

3.3  F2
There were significant main effects of tempo, syllable,
preceding consonant, and following consonant on F2
except for the tempo condition for the b/g and the syllable
condition for the b/d context for Japanese.  For English, no
significant main effect was observed for following
consonant.  The other main effects were significant.
Statistical values are shown in Tables 3 and 4.

The F2 values are higher in the /d/ or /g/ contexts than in
the /b/ context.  Difference in F2 value as a function of /b/
vs. /d/ and /b/ vs. /g/ in carryover and anticipatory C-to-V
coarticulation are summarized in Tables 5 and 6.  For both
English and Japanese, differences are greater for carryover
effect.  That is, preceding consonant exerts stronger effect
than following consonant.

The extent of C-to-V coarticulation as measured by
difference in F2 value as a function of context was strongly
correlated with duration which varied with the interaction of
tempo and syllable conditions.  Figure 3 shows the
correlation between mean F2 difference as a function of the
symmetric /b/ and /d/ contexts and mean duration for the
tempo ´ syllable conditions (fast, open; fast, closed; slow,
open; slow, closed) for Japanese.  Very strong correlation

with the R2 value of 0.99 is observed.  In Figure 4, both
Japanese and English tokens are plotted.  A logarithmic
curve fits the tokens.  The British vowel selected in the
present study is at the end of the scale of inherent vowel
duration in British English and thus seems to lie near the
limit of the effect of C-to-V coarticulation.  The simple line
fit for the British vowel alone was y = 25.556 + 7.9371e -
3x, R2 = 0.002.

Table 3.  Statistical values
for the main effects on F2 for Japanese

Main
Effect

F-Value P-Value

tempo
(b/d)

F(1, 152) = 25.910 0.0001

tempo
(b/g)

F(1, 144) = 0.003 0.9591

syllable
(b/d)

F(1, 152) = 0.896 0.3589

syllable
(b/g)

F(1, 144) = 5.876 0.0295

pre-C
(b/d)

F(1, 152) = 106.69 0.0001

pre-C
(b/g)

F(1, 144) = 157.74 0.0001

fol-C
(b/d)

F(1, 152) = 38.795 0.0001

fol-C
(b/g)

F(1, 144) = 59.134 0.0001

Table 4.  Statistical Values
for the main effects on F2 for English

Main
Effect

F-Value P-Value

tempo
(b/d)

F(1, 144) = 4.771 0.0465

tempo
(b/g)

F(1, 136) = 5.924 0.0301

syllable
(b/d)

F(1, 144) = 5.894 0.0293

syllable
(b/g)

F(1, 136) = 9.132 0.0098

pre-C
(b/d)

F(1, 144) = 23.710 0.0002

pre-C
(b/g)

F(1, 136) = 125.43 0.0001

fol-C
(b/d)

F(1, 144) = 0.189 0.6703

fol-C
(b/g)

F(1, 136) = 0.027 0.8710
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Table 5.  Difference in F2 value as a function of
/b/ vs. /d/ or /g/ for Japanese

Difference
in F2

L to R
(carryover)

R to L
(anticipatory)

b vs. d 134.047 Hz 68.35 Hz
b vs. g 52.553 Hz 42.896 Hz

Table 6.  Difference in F2 value as a function of /b/ vs.
/d/ or /g/ for English

Difference
in F2

L to R
(carryover)

R to L
(anticipatory)

b vs. d 22.312 Hz -1.252 Hz
b vs. g 33.191 Hz 3.476 Hz

4. Discussion and Conclusion
In Conclusion, consonantal effect was much smaller for the
British vowel due to its longer duration.   No significant
consonantal effect on F1 was observed for the British
English vowel.  For F2 values, only the effect of preceding
context was observed.  For both F1 and F2, preceding
consonant had stronger effect than following consonant for
Japanese.  

Some correlation was observed between duration and F1
values for the Japanese vowel.  A vowel  seemed  to
approach its target open position as its duration gets
longer.  Similarly, there was very strong correlation
between the extent of C-to-V coarticulation as measured by
difference in F2 value between the symmetric b_b and d_d
contexts and duration.  For the British F1, no such
correlation was observed except that in the b/d set, vowels
in closed and therefore longer syllables had higher F1
values.  Again for F2, there was hardly any correlation due to
the long duration observed in the present study.

The null hypothesis, i.e., there is no significant
difference in the effect of the following consonant whether
it is within a syllable (CVC/CV) or it is outside a syllable
(CV/CV), was not rejected.  If we assume the boundary
constraint of a syllable in C-to-V coarticulation, there would
be greater difference in acoustic values as a function of the
following consonant within a syllable than outside the
syllable.  However, the results showed a reverse trend as
syllable condition was closely correlated with duration.  As
vowel duration was consistently greater for closed syllables,
there was generally smaller difference in acoustic values as a
function of the following consonant for vowels within
closed syllables than those within open syllables.   Thus,
no effect of syllable constraint per se was observed in the
present study.   

Duration seems to be a very strong variable in
determining the extent of C-to-V coarticulation.  This result
is not surprising as the close correlation of duration and
vowel reduction (target undershoot) due to consonantal
perturbation has been suggested by Lindblom [2].  Bates [1]
suggested vowel inherent variability as a function of
context using a British English data.  The  hierarchy of
inherent variability as measured by the R square values of
the right-hand side and left-hand side contexts, however,
seems to correlate quite well with the hierarchy of inherent
duration. If the degree of vowel variability as a function of

context is induced mainly by the durational factor,  it may be
suggested that C-to-V coarticulation per se is largely
language universal.  If the equality of slopes was observed
for the representations of the correlation between duration
and C-to-V effect for all the languages,  it is suggested that
C-to-V effect is simply universal.  On the other hand, if
there are characteristically different slopes for different
languages, this difference must be specified somehow in the
phonetic representation of each language.  This would be an
interesting question to be addressed in future studies.
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AN INVESTIGATION OF SAGITTAL VELAR MOVEMENT AND ITS
CORRELATION WITH LIP, TONGUE AND JAW MOVEMENT
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ABSTRACT
This paper examines the correlation between velar movement and
the movement of other articulators in the midsagittal plane. A
physiological model is proposed, which, while being based on
common knowledge, is more extensive than has been used
explicitly to explain observed movements of the velum. The
model is used to guide the measurements taken from raw
articulatory data provided by Electromagnetic Articulograph
(EMA). The midsagittal velar movement is then examined for
four different sentences by separate speakers and attempts are
made to explain the patterns by reference to the model. The data
was taken from a database of between 220 and 460 phonetically
balanced sentences per speaker. This type of dataset allow
general patterns of behavior to be uncovered. One such
observation made and discussed in this paper is velum lowering
before oral velar stops.

1.  INTRODUCTION
There have been many studies examining the movement of the
velum in the fields of phonetics, phonology and pathology. A
general phonetic viewpoint on velar movement can be
summarised as:
"The position of the velum is not specified simply in a binary
manner (open versus closed port) but in a continuous one with
intermediate positions between maximally open (low) and
maximally closed (high) being dependent on phonetic
identity."[1]
Physiological studies by Moll[2], Lubker[3], Bell-Berti[4] and
Kent [5] amongst others have tried to establish the part that
muscles which are directly attached to the velum play in its
movement.

1.1.  Physiological studies of muscle activity and their relation
to velar movement
The palatoglossus (PG) muscle extends from the anterior velum
via the anterior faucial pillars to insert into the side of the root of
the tongue. The functional potential of this muscle is to lower the
anterior velum and/or to raise and retract the root of the tongue
(as well as narrowing the distance between the left and right
faucial pillars). There has been a debate as to the degree to which
the PG acts to lower the velum and the Levator Veli Palatini (LP)
acts to raise it.
Lubker[3] suggests for four modes of PG activity
1. raising the tongue (tense LP)
2. narrowing the faucial isthmus (Tense LP and stiff tongue root)
3. lowering the velum (relaxed LP)
4. opposing forward and down tongue motion (tense LP)
It has often been inferred that velar position is linearly correlated
with electromyographic activity in the levator and that the

palatoglossus activity is primarily related to tongue root
retraction [3]. However Kuen et al [5] found that levels of levator
activity were not directly related to velar position. They go on to
suggest that Lubker's use of large suction cup electrodes leaves
open the possibility that "Lubker's high correlations between
velar position and electomyographic activity may reflect an
unknown composite of muscle activity other than activity from
only levator."
Kuen[5] and Fritzell[6] agree that "superior constrictor,
palatoglossus and palatopharyngeus might play a more important
role in some subjects, reducing the influence of the levator and
its correlation with velar displacement", suggesting a trading
relation between the three muscles: palatoglossus,
palatopharyngeus and levator veli palatini.
Later research by Dixit, Bell-Berti and Harris[7] "unambiguously
supports …active velar lowering [by the palatoglossus] for the
production of front nasal vowels whereas in the case of central
and back vowels, nasal and nonnasal , the palatoglossus appears
to be primarily involved in moving the tongue body."
By extending the model of velar lowering to include the
influence of the extrinsic tongue muscles, it should help to
explain the observed muscle activity.

2.  PHYSIOLOGICAL MODEL
The position of the base of the palatoglossus at the tongue root is
determined by the other extrinsic tongue muscles: styloglossus
(SG), posterior genioglossus (GG) and hyoglossus (HG).
Extending the model further, the position of the genioglossus and
possibly the hyoglossus (through the mylohyoid muscle) is
dependent on the position of the jaw. The hyoglossus also
depends on the position of the hyoid which is considered in the
model presented here to be stable, but which may be influenced
by pitch. The velum biasing network is shown in figure 1.
With reference to figure 1, the velar height will be dependent on
four primary factors:
a) The amount of contraction of the velum raising muscles, (

for the purpose of this paper referred to collectively as LP)
b) The amount of contraction of the PG
c) The position of the tongue root
d) The stiffness of the tongue root independent of the PG i.e.

whether it is being held high or low

The tongue root will be lowered if
i) the hyoglossus contracts
ii)  the jaw drops with the posterior GG in tension
iii)  the posterior GG contracts
The tongue root will be raised if:
i) the SG contracts more than the GG
ii)  the PG contracts more than the HG and the LP is not
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relaxed.

The model now assigns the continuum of LP (and other velum
raising muscles) into four categories.
1. High level of contraction sufficient to close the velar port
2. High level of contraction insufficient to close the velar port
3. Intermediate contraction (the default condition for speech).
4. Relaxed

2.1.  General predictions
When the LP is relaxed a modest downward force is sufficient to
lower the velum. For /P/, this force is most likely due to a low
front tongue root position combined with a modest tension in the
PG. For /O/ the tongue position is unspecified and the downward

force is likely to vary with context. For /0/ the PG contracts to
provide velar tongue contact and, even against a moderate root
stiffness, this should bring the velum down.
Contracting the tongue raising muscles to seal the velar port
requires extra effort which is only employed when necessary for
physical production i.e. oral stops with burst release or for
phonological contrast.

Velum
E

D

Cranium

B

Root
Mandible (Jaw)

Geniohyoid

Levator
(LP)

Hyoid

Posterior
Genioglossus
(GG)

Hyoglossus
(HG)

Palatoglossus
(PG) Styloglossus

(SG)

Mylohyoid

A

C

Figure 1. Extrinsic articulatory muscles which have the potential
to influence tongue root position. A B C D E show points from

which EMA sensor distances were calculated.

3.  DATA AND PROCEDURE
A large multispeaker multichannel articulatory database was used
for this study. The dataset contains a wide variety of phonetic
contexts with a number of articulatory channels which allow a
broad range of articulatory behaviour and interarticulation
coordination to be observed. For this study the articulatory
behaviour of four speakers of English from different dialectical
regions of Britain was observed. They were recorded with
Electromagnetic Articulograph (EMA) using 7 sensors. These
were placed on the vermillian border of upper and lower lips,
anterior tongue (1cm from tip and referred to as tip/blade), mid
tongue (~3-4cm from tip), posterior tongue (~5-7cm from tip and
referred to as dorsum), velum (~1-2cm from the edge of the hard
palate). Acoustic, Laryngograph and Electropalatograph (62
contacts) were simultaneously recorded. The read texts consisted
of up to 460 TIMIT sentences (modified to improve coverage of
phone contexts encountered in British English). The subject

details are shown in table 1.

Subject sex dialect TIMIT sentences
maaw0 male east central Scotland 1-438
mjms0 male west central Scotland 1-448
flae0 female southwest England 1-330
ffeg0 female southern England 1-460

Table 1. Subject details

Speaker mjms0 has velum movement recorded by means of a
sensor attached to a flexible plastic paddle anchored to the
posterior inferior surface of an artificial electropalatographic
palate and resting against the velum. The other three subjects had
the coil glued directly to the velum with cyanoacrylate glue. All
other EMA sensors were also attached with cyanoacrylate.
The sensor is small and light and unlikely to significantly
influence velar movement. However, it is possible that tongue
contact, particularly in velar looping gestures, may result in small
excursions which would not occur if the sensor were absent.
The tongue root position cannot be accurately recorded using a
coil placed on the tongues surface. The surface of the tongue
nearest the root is influenced not only by the extrinsic muscles
but also by the intrinsic transverse and longitudinal muscles
which raise the surface position relative to the root when they
contract. However, it is probably fair to assume that gross surface
patterns reflect underlying root movement.
Movement of the tongue root was measured in two directions
corresponding to the alignment of the PG and SG muscles.
Movement due to the PG was estimated by calculating the
distance between the tongue dorsum sensor and a fixed point (A
in figure 1). Movement of the tongue root due to the SG was
estimated by calculating the distance between the tongue dorsum
sensor and another fixed point (B in figure 1). Similarly, jaw
movement, tongue tip movement and velum movement are
represented by distances between sensors and points C, D and E
respectively. Lip movement is represented by the distance
between the two lip sensors.
Using MATLAB, each articulatory trace is displayed so that the
peaks correspond to constriction of the vocal tract i.e. tongue
raising, velum raising, lip closure. In some instances this required
negation of the distance values as can be seen from the y-axis tick
mark labels.
Figures 2 shows four sentences (broad transcriptions shown
below)

"Chocolate and roses never fail as a romantic gift"
V5nMN�V �P T�7\�\ P'X� HG+N �\ � T�7OCPV+M I+HV
"Catastrophic economic cutbacks neglect the poor"
MCV�UVTnH+M 'M�PnO+M M¡!DCMU P�Io'MV &� R��
"Addition and subtraction are learned skills"
�F+5P�Ö P U�DVTCM5�P � N'TPF UM+NU
"Beg that guard for one gallon of petrol"
D'I &CV ICTF H�T Y¡0 ICN�P �H R'VT�N

Vertical lines have been drawn through selected minima and
peaks in the velar trajectories. The following ascii - IPA
translation is required to interpret the figure labelling.
/e/ - ' /aw/ - n /uh/ - ¡ /ng/ - 0
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Figure 2a. Speaker ffeg0 "Chocolate and roses never fail as a
romantic gift" V5nMN�V �P T�7\�\ P'X� HG+N �\ � T�7OCPV+M I+HV
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Figure 2c. Speaker maaw0 "Addition and subtraction are learned
skills" �F+5P�Ö P U�DVTCM5�P � N'TPF UM+NU
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Figure 2b. Speaker mjms0 "Catastrophic economic cutbacks
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Figure 2d. Speaker flae0 "Beg that guard for one gallon of petrol"
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4.  DISCUSSION
4.1.  Nasal stops
In general /n/ is characterised by static low front tongue dorsum
position or a dynamic which is trying to achieve this:

1. A static low front tongue position, indicated by low or slightly
rising dorsum-PG and low or falling dorsum-SG traces is caused
by the HG and GG pulling the tongue dorsum forward and the
PG pulling up. Since the PG is at full stretch, even if it is relaxed
the force may be sufficient to bring the velum low.

If the tongue dorsum is not already in a low front position, the
HG and GG muscles will act to bring it to this condition. All
instances of /n/ in figure 2 show the dorsum-SG either low or
falling indicating this dynamic. The dorsum-PG trace can be
either falling (indicating HG contraction) or rising (indicating PG
contraction) both of which will pull down the velum.

/0/ requires the PG to contract strongly to raise the tongue
dorsum thus providing the necessary force even if the HG and
GG relax  or the SG contracts. The single instance of /0/ shows
the dorsum-SG trace falling indicating GG contraction and
dorsum-PG trace rising indicating PG contraction.

/O/ has no tongue specification and so the degree of velar

lowering is variable. The two instances of /O/ show higher velar
positions than the neighbouring /n/.

4.2.  Oral stops
Evidence for active velar raising for closure of the velar port is
present in the traces but has to be interpreted with caution since it
is difficult to tell what height constitutes closure. However,
examining the instances of oral stops, it is clear that velar raising
is insufficient for closure in many cases. This is particularly true
for oral velar stops /k/ and /g/ which fail to reach their phonemic
target in several instances. For example in "economic" the /k/ is
realised as a velar fricative. Even in instances where the broad
phonetic transcription labels the segment as a velar stop there is
evidence to suggest that stop release may be achieved by
strategies other than velar raising. For instance glottal stopping in
"chocolate" where the dorsum-PG trace falls before stop release
and the use of the tongue dorsum to stop both oral and velar
ports simultaneously in "subtraction" where the dorsum-PG trace
raises with the same pattern as the velar trace.

One common contextual reason for this is the presence of a low
front vowel. This necessitates a strong PG contraction to raise the
tongue dorsum and consequently places a high downward force
on the velum. A modest contraction of the LP is not then
sufficient (as it would be in a high back vowel context) to close
the velar port.

4.3.  Fricatives
As with stops, fricative strength can be compromised by a low
front vowel context. The lower velar position will result in
weaker frication if not compensated for by higher rate of airflow.

4.4.  Vowels
For non nasal vowels which do not require a phonological
contrast with nasal equivalent the LP is assumed to be in the
default intermediate tension state. In this case low front tongue

dorsum position will stretch the PG maximally and provide a
significant downward force on the velum pulling it down. Low-
mid front vowels and low back vowels will have a similar but
lesser effect. The effect will decrease from low front to high back
vowel position. Examples of velar minima being reached in the
vowels /a/ /'/ /n/ and /¡/ can be seen in the data.
Any consonant surrounded by a low front context and a moderate
or relaxed LP specification will be likely to exhibit a lower velar
position than in other contexts.

4.5.  Jaw movement
Jaw lowering will act to stretch the GG and hence bring the
tongue dorsum low and forward. This action will accentuate the
lowering of the velum. This often occurs as part of low front
vowel articulation.

4.6.  Lip movement
According to the model and from observation, lip movement has
no direct effect on the movement of the velum.

5.  CONCLUSION
The model provides a framework for interpreting the observed
sagittal velar movement. The model compliments Lubker's
suggestion for four modes of PG activity. The model also allows
for Lubker's 'gate pull' model as one possible velum lowering
strategy. Observations support Bell-Berti's contention that this
mechanism is most consistently adopted for the velar nasal
cannot be confirmed but is supported by the data presented here.
The contention that velar lowering in vowels is due to an
intrinsic level [8] rather than nasal context is only partly
supported. It would appear that vowels have a graded
susceptibility to velar lowering but nasal contexts or oral velar
contexts provide conditions where the velum is likely to be
pulled lower.
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PALATOMETRIC INVESTIGATION OF SELECTED
CORONAL CONSONATNS OF HINIDI

R. Prakash Dixit
Louisiana State University, Baton Rouge, USA

ABSTRACT

Palatometry was used to obtain measures on certain production
parameters of the coronal consonants /t/, /S/ and /tS/ of Hindi.
Results show that the average area of tongue-palate contact was
considerably greater for the stop part of the affricate than for the
stop. However, the anterior-posterior (A-P) length of the central
constriction was much narrower for the stop part of the affricate
than for the stop. Some overlap in the A-P location (place) of the
central constriction between the stop and the stop part of the
affricate was observed. The central constriction for the stop part
of the affricate was formed in the prealveolar zone, whereas for
the stop it was formed in the dental zone and a part of the
prealveolar zone. On average, the area of tongue-palate contact
was also somewhat greater for the fricative part of the affricate
than for the fricative. However, the side-to-side (S-S) width of
the groove and the A-P location of the groove center were the
same for both the fricative /S/ and the fricative part of /tS/.

1. INTRODUCTION
During the last seventy years, only a few researchers have
reported some palatographic data on the consonants of Hindi and
Hindustani (a colloquial variety of Hindi-Urdu). Qadri [1] and
Svarny & Zvelebil [2] presented conventional palatograms on the
consonants of Hindustani in their studies. Recently, Dixit [3] and
Dixit & Flege [4] have reported a limited amount of
electropalatographic data on a few selected consonants of Hindi.
The primary concern in the first two studies was the
determination of the place of articulation of the consonants and to
a certain extent the part or parts of the tongue involved in their
production. In the latter two studies, most of the data were on the
tongue-palate contact patterns and on the area of contact in terms
of the number of contacted sensors. The area of tongue-palate
contact is only one out of several other production parameters of
consonants. Numerical data on various production parameters of
almost all Hindi consonants are lacking. Since, the available
space for this paper is limited, numerical data on various
production parameters of only /t/, /S/ and /tS/ will be reported.
The focus will be on such production parameters of these
consonants as the area of tongue-palate contact, anterior-posterior
(A-P) location (place) of the central constriction and A-P length
of the central constriction for the stop /t/ and the stop part of /tS/.
For the fricative /S/ and the fricative part of /tS/, the focus will be
on the area of tongue-palate contact, A-P location of the groove
center and side-to-side (S-S) width of the groove. Similarities and
dissimilarities in the indicated production parameters of the stop
and the stop part of the affricate, and of the fricative and the
fricative part of the affricate will also be examined and discussed.

2. METHOD
The subject for this investigation was an adult male native
speaker of Hindi with normal speech and hearing.

The speech samples consisted of bisyllabic nonsense words
of the form /bi-ib/, /bu-ub/ and /ba-ab/ where /t/, /S/ and /tS/
occurred in the symmetrical vocalic context before a stressed
vowel. The words were embedded in a carrier sentence /didi-
lidZIje/ “Elder sister – (please) take”.

A custom made palatometer (electropalatograph) containing
96 sensors arranged from front-to-back in 11 rows with a 2x2
mm grid pattern was used. Of the 96 sensors, 91 sensors were
located in the prealveolar (the anterior part of the alveolar ridge)
and postalveolar (the posterior part of the alveolar ridge) zones, 2
sensors were located in the dental zone and the remaining 3
sensors were located in the prepalatal (the anterior part of the
hard palate) zone.

The palatometer was made of a thin (0.3 mm) acrylic sheet
that had been vacuum-molded onto a stone cast of the hard
palate, alveolar ridge and maxillary teeth of the subject. The
sensors were small (less than 0.5 mm in diameter) gold-plated
beads that were heat-formed on the end of 32-gauge wires. The
beads were embedded in the oral surface of the palatometer. A
27.8 kHz common signal current, limited to 100 µA, was applied
to the subject’s wrist by means of a surface electrode. The tongue
contact with the sensors completed the circuit. All sensors were
calibrated before data collection began.

Front-to-back location of sensor rows in relation to the
maxillary teeth of the subject is shown in Figure 1. Row 1 is
located in the dental zone about 5 mm above and behind the
edges of the central maxillary incisor teeth. Row 2 coincides with
the lateral incisor line which forms the boundary between the
dental zone and the prealveolar zone. Rows 3, 4 and 5 are located
in the prealveolar zone. Row 6 coincides with the canine line
which forms the boundary between the prealveolar zone and the
postalveolar zone. Rows 7, 8 and 9 are located in the postalveolar
zone. Row 10 coincides with the first premolar (bicuspid) line
which separates the postalveolar zone from the prepalatal zone.
Row 11 is located in the prepalatal zone about 25 mm above and
behind the edges of the central maxillary incisor teeth.

During the recording session, the subject was seated in a
sound-treated room. He was allowed 15 minutes to adapt to the
palatometer after it was positioned in his mouth. He practiced test
sentences during this time. For data collection, the subject
repeated the test sentences 10 times in a random order. The
contact data from 96 sensors and the acoustic data from a 32
channel filter bank were stored on a disc at 100 Hz sampling rate.
A 10 ms sampling interval, which had the largest number of
contacted sensors, was selected for analysis from each token of
the consonants. Recording and analysis systems described in
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detail in Fletcher, McCutcheon & Wolf [5] and McCutcheon,
Smith, Kimble & Fletcher [6] were used.

An unbroken string or loop of contacted lateral and central
sensors was considered to form a complete constriction for the
stop and the stop part of the affricate. Anterior-posterior location
and length of the central constriction were determined by visual
examination of the tongue-palate contact patterns shown in
Figure 1. Quantitative measures of the A-P length of the central
constriction for the stop /t/ were obtained by adding 5 mm – the
distance between the edges of the central maxillary incisors and
the first row of sensors – to the measures taken from the most
anterior row of sensors to the most posterior row of sensors, that
were contacted. During the production of the stop /t/, entire
dental zone was contacted as illustrated in a conventional
palatogram in Dixit [3]. The measures of the A-P length of the
central constriction for the stop part of the affricate /tS/ were
taken from the most anterior row of sensors contacted to the most
posterior row of sensors contacted. The A-P length of the central
constriction was calculated by multiplying the number of
contacted sensor rows by 2 mm, the inter-row distance.

The A-P location of the groove center and S-S width of the
groove for the fricative /S/ and the fricative part of the affricate
/tS/ were also determined from the visual examination of the
tongue-palate contact patterns shown in Figure 1. As expected, in
both the fricative and the fricative part of the affricate the central
constriction was incomplete. Quantitative measures of the A-P
location of the groove center were obtained by adding 5 mm – the
distance between the edges of the central maxillary incisors and
the first row of sensors – to the measures taken from the first row
of sensors to the narrowest point in the channel of air stream. The
measures of the S-S width of the groove were calculated by
multiplying the number of uncontacted sensors at the narrowest
point of the air channel by 2 mm, the inter-sensor distance.

3. RESULTS AND DISCUSSION
Figure 1 illustrates the tongue-palate contact patterns obtained
during the stop /t/, the stop part of the affricate /tS/, the fricative
/S/ and the fricative part of /tS/ in the columns 1,2,3 and 4,
respectively. The unfilled circles with a dot within represent the
sensors that were contacted in 80% or more of the tokens and the
dots represent the sensors that were contacted less often or not at
all. Such contact patterns as shown in this figure were used to
take measures of various production parameters of the above
consonants. The values of measures are presented in Table 1.

As shown in the figure and the table, the average area of
tongue-palate contact, in terms of the number of contacted
sensors, was considerably greater for the stop part of /tS/ than for
the stop /t/. It was 71 sensors for the former and 53 sensors for
the latter, a difference of 18 sensors. These findings, in general,
confirm the finding on similar English consonants reported in
Fletcher [7]. However the difference in the area of contact
between the stop and the stop part of the affricate was relatively
small in his study.

The area of tongue-palate contact was also greater for the
fricative part of /tS/ than that for the fricative /S/. It was 33
sensors for the former and 30 sensors for the latter, a difference
of 3 sensors. Whether there was any difference in the area of
contact between the fricative part of the affricate and the fricative

is not stated in Fletcher’s study. However, from the palatograms
in his study, the area of contact for the fricative part of the
affricate and the fricative appears to be about the same.

The differences in the area of tongue-palate contact
observed between the stop /t/ and the stop part of /tS/ can be
explained in terms of the geometry of the palate and the dorsum
of the tongue. The area of both the palate and the tongue dorsum
progressively increases from the front to the back of the  mouth.
In consonance with the above, the number of sensors on the
palatometer also increases from the front to the back. As shown
in Figure 1, most of the sensors on the palatometer, used for this
study, were located in the prealveolar and the postalveolar zones.
Since /t/ was produced in the dental zone and a small anterior part
of the prealveolar zone by the tongue tip and a small anterior part
of the tongue blade, and the stop part of /tS/  was produced in the
entire prealveolar zone by the blade of the tongue, hence the
contact area was greater for the stop part of /tS/ than for the stop
/t/. This difference in the contact area is quite apparent in their
lateral contact in Figure 1. The difference in the contact area
between the fricative part of /tS/ and the fricative seems to be the
effect of the stop part of /tS/ on the fricative part of /tS/.

Further, the area of contact for the stop part of /tS/ and the
stop /t/ was also greater than the fricative part of /tS/ and the
fricative /S/. This difference in the contact area is, obviously, the
consequence of complete constriction for the stop /t/ and the stop
part of /tS/ vis-à-vis incomplete constriction for the fricative /S/
and the fricative part of /tS/. Similar observation was earlier
made by Fletcher [7] with respect to the area of contact in the
stop and the stop part  of the affricate versus the fricative and the
fricative part of the affricate in English.

The effect of vowel context on the area of contact for the
stop and the stop part of the affricate was not the same. The area
of contact for the stop part of /tS/ was greater in the high vowel
context than in the low vowel context. The inverse was true with
respect to the area of contact for the stop /t/ where it was greater
in the low vowel context than in the high vowel context. In
Fletcher’s [7] study, however, the vowel context had the similar
effect on the area of contact for the stop /t/ and the stop part of
/tS/. This was also true with respect to the area of contact in the
fricative /S/ and the fricative part of /tS/ in his study. In the
present study, however, the area of contact for the fricative /S/
and the fricative part of /tS/ was greater in the context of /i/ and
/a/ than in the context of /u/. The effects of the vowel context on
the area of contact for the investigated consonants, except for the
stop part of /tS/, in the present study cannot be explained in terms
of the tongue height for the preceding and succeeding vowel
context of the consonants.

The A-P location of the central constriction for /t/ extended
from the edges of the central maxillary incisors (as illustrated in a
conventional palatogram in Dixit [3]) to the third or fourth row of
sensors. Whereas, it extended for the stop part of /tS/ from the
second to the fourth or fifth row of sensor. Consequently, the A-P
length of the central constriction was 10 mm for /t/ and 7 mm for
the stop part of /tS/, a difference of  3 mm. Clearly, the A-P
length of the central constriction for /t/ was greater than that for
the stop part of /tS/. The subject of this study produce /t/ as a
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dentiprealveolar stop and /tS/ as a prealveolar affricate, hence the
above differences in the location and the A-P length of the central
constriction of these sounds. There are no non-retroflex stops in
Hindi. Similar differences in the location of English stop /t/ and
the stop part of /tS/ were reported by Fletcher [7]. However, there
was no data on the A-P length of the central constriction for these
consonants in his study. The effect of the vowel context on the A-
P location and length of the central constriction for /t/ and stop
part of /tS/ was similar to that observed in the area of contact for
them in this study.

It should be noted that the A-P location (place) of /t/ in the
present study and in Qadri [1] and Svarny & Zvelebil [2] is very
similar. It is dentialveolar or dentoalveolar in these studies.
However, traditionally /t/ is described as purely a dental stop
[Sharma, 8]. The stop part of /tS/ in the present study is
prealveolar. Whereas, it is alveolar in Qadri and alveolar to
prepalatal in Svarny & Zvelebil. /S/ in the present study is a
prealveolar fricative. Whereas, in Qadri it is prepalatal, in Svarny
& Zvelebil prepalatal to palatal, and in Sharma palatal. The
fricative part of /tS/ is formed in the places corresponding to the
places of production of /S/ in Dixit [3], Qadri [1] and Svarny &
Zvelebil [2]. However according to Sharma’s [8] description of
/tS/, both the stop and the fricative parts of /tS/ are formed in the
palatal area.

The S-S  width of the groove and the A-P location of the
groove center were the same for both the fricative /S/ and the
fricative part of /tS/. The groove width was 11 mm and the
location of the groove center was 14 mm above and behind the
edges of the central maxillary incisors. However, the location of
the groove for the fricative part and the location of the central
constriction for the stop part of /tS/ did not coincide, they only
partially overlapped. Like this study, the groove width and
location were the same for the fricative /S/ and the fricative part
of /tS/ in Fletcher’s study. Contrary to the results of this study
however, constriction for the stop part if /tS/ was formed at a
location that coincided with the location of the fricative part of
/tS/.

4. CONCLUSIONS
The A-P locations of the stop /t/ and the stop part of the affricate
/tS/ partially overlapped, but did not coincide. The A-P locations
of the stop part and the fricative part of the affricate also partially
overlapped, but did not coincide. The A-P locations of the
fricative /S/ and the fricative part of /tS/ were identical. Both
resisted coarticulatory effects of their phonetic contest. The A-P
location of the stop (a dentiprealveolar consonant) also resisted
the coarticulatory effects of its phonetic context.
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Figure 1. Tongue-palate contact patterns

A. Stop /t/ and stop part of /tS/

Context Area A-P Location (place) of the A-P Length of the
Contacted Central Constriction Central Constriction

/t/    X Maxillary central incisors’ edges to  X
/i-i/    47 3rd row of sensors  9 mm
/u-u/    48 3rd row of sensors  9 mm
/a-a/    63 4th row of sensors        11 mm
Group X    53 ______________             10 mm
/tS/
/i-i/   74 2nd to 5th row of sensors   8 mm
/u-u/    70 2nd to 5th row of sensors   8 mm
/a-a/    68 2nd to 4th row of sensors    6 mm
Group X    71    7 mm

B. Fricative /S/ and fricative part of /tS/

Context Area A-P Location (place) of the S-S Width of the
Contacted Groove Center Groove

/S/    X Above maxillary central incisors’ edges  X
/i-i/    32 14 mm        12 mm
/u-u/    26 15 mm        12 mm
/a-a/    32 14 mm        10 mm
Group X    30 14 mm        11 mm
/tS/
/i-i/   38 14 mm         10 mm
/u-u/    30 15 mm         12 mm
/a-a/    31 13 mm          12 mm
Group X    33 14 mm        11 mm

Table 1. Palatometric measures
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ABSTRACT
Three speakers of French (two males and one female) were the
subjects of an MRI analysis of the vocal tract during the
production of sustained isolated French vowels.  From a 3D
reconstruction of the vocal tract, area functions were determined
for each vowel, and the corresponding formant values were
computed with a harmonic model of the vocal tract.  Using the
computation of the sensitivities of the formants to area function
changes, the main affiliations between formants and cavities
were found, and a resonance based approach was used to predict
the acoustical inter-speaker variability.  Comparing these
predictions with the actual differences measured between
speakers, together with observations of the area functions, show
the limits of the method if the patterns of affiliation and the
nature of the resonances are different from one speaker to
another.

1.  INTRODUCTION
Inter-speaker variability of the acoustical speech signal has its
origins both in anatomical differences between speakers and in
speaker specific strategies used to control the speech apparatus.
Even so, in the literature, the attempts to model or describe this
variability have been mainly based for the last thirty years on
statistical studies, with no or only very limited account of the
speech production mechanisms (see [1]).

Quite exotically in this context, Fant [2] and Nordström [3]
did, in reality, try to include some knowledge of the relations
between the articulatory and the acoustical domains in speaker
normalization techniques.  However they only accounted for the
inter-speaker differences in the total length of the vocal tract, or
in the distribution of this length between the pharyngeal and the
buccal parts.  Thus, they ignored the influence of the speaker
specific tongue positions reached for each sound, which is
probably one of the main factor of variability.

To overcome these obvious limitations, we proposed [4] an
approach (the Resonance Based Method hereinafter) to study the
articulatory correlates of the inter-speaker variability, which is
based on the concept of affiliation between the formants and the
cavities of the vocal tract [5].  The idea underlying this method
is that each formant is mainly influenced by the geometry of one
of the vocal tract cavities, and consequently that the ratio of the
frequencies of this formant measured on two speakers is
inversely proportional to the ratio (or to the square root of the
ratio in case of a Helmholtz resonator) of the corresponding
cavity lengths.  With this approach, we were able to fairly well
reproduce the differences observed for F2 between two
speakers, in case of close vowels.  However, method limitations
were reflected by the weaker results obtained in general for F1,
and in case of open vowels for all formants.  Since it is well

known that F1 is sensitive to the vocal tract aperture, and since
open vowels are much depending on the coupling between vocal
tract cavities, which, in turn, is strongly dependant on the
geometry of the constriction, we interpreted the limitations of
our method as a consequence of an insufficient account of the
3D geometry of the vocal tract.

Today, thanks to Magnetic Resonance Imaging techniques,
it is possible to get quite accurate 3D images of the vocal tract.
Recent publications [6] showed how powerful this imaging
technique can be to study the geometrical properties of the vocal
tract, and also proposed solutions toward a multi-speaker speech
synthesizer, that would simulate the vocal tract changes from a
speaker to another [7].  This is why, it was decided to collect 3D
images with MRI techniques at the University Hospital of
Grenoble for a large number of subjects, to analyze them and to
use them to evaluate to which extent a proper 3D description of
the vocal tract geometry of the speakers would modify the
formant differences that our resonance based method would
predict between two speakers on the only basis of the cavity
length ratios.  In this paper, we present the protocol used for
data acquisition, the method that was developed to analyze the
3D images, and a preliminary study, for 3 subjects, of the impact
of the 3D description as compared to the 2D description.

2.  DATA ACQUISITION AND PROCESSING OF THE
MAGNETIC RESONANCE IMAGES

2.1.  Data acquisition
The MR images were acquired using a Philips Gyroscan T10-
NT Powertrack 1000 scanner, which generates a static
longitudinal magnetic field of 1.0 Tesla.  An anterior neck coil
was used.  The repetition time (TR) was 1660 ms and the echo
delay time (TE) was 9 ms.  The image matrix was 256 x 256,
and the spatial definition of each image is 1mm in the Y
direction and 1.4 mm in the X direction.

Data were collected for ten isolated French vowels: [K,
G� '� C� [� 1� �� W� Q� n].  For each vowel, three 18-slice series of
3.6-mm-thick parallel sections were gathered.  The interval
between slices in each series was 4 mm.  In the first series,
which starts in front of the lips end and goes up to the soft
palate, the orientation of the sections was vertical (coronal
sections); in the second series, which corresponds to the bending
part of the vocal tract, from the soft palate and to the top of the
pharynx, the orientation of the sections was 45° from the
horizontal; in the third series, which goes from the top of the
pharynx down to below the glottis, the orientation was
horizontal (axial sections).  There was an overlap between the
series, in order to ensure that the whole vocal tract was scanned.

The total amount of time required to image a whole vocal
tract configuration was 43 seconds.  Since sustaining the
phonation during such a long time could be impossible for a non
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trained speaker, the subjects had the choice either to sustain the
phonation, or to stop the phonation after a few seconds and to
stop breathing while keeping constant the positions of the
articulators.  The only strong requirement was to not breath
during the duration of the whole scan.  Given the difficulty of
the task, it was explained to the subjects days in advance, so
that they had the opportunity to practice before the recording
session.

The protocol for data acquisition was as follows.  The
subject was given earplugs to attenuate the intense sound of the
MR machine, before he lied down on the patient table, which
was moved into the machine, so that the subject's head was right
in the middle of the magnet.  Then, for each subject, a sagittal
localizer was used to determine the appropriate scan location.
For that, the subject was asked to articulate the rounded French
vowel [[].  After that, the vocal tract imaging was made for each
vowel according to the following procedure.  The subject was
told over an intercom about the vowel to be pronounced. Then,
he/she could take as much time as he/she wanted to prepare
his/her phonation.  When it was convenient for him/her, the
subject began phonation and the data acquisition started
immediately after that.  The acoustical signal produced during
the very short time preceding the acquisition was recorded on a
Digital Audio Tape with an Electret Microphone that was
located inside the magnet at one meter or so from the subject's
lips.  One of the authors present in the room listened to the
sound to detect a potential mistake of the subject.  After each
vowel, the subject was asked whether or not he/she had the
impression to have kept constant his/her vocal tract
configuration during the whole scan. In case of mistake or of
detected articulatory changes, the vowel was recorded again at
the end of the session.

The three subjects who are analyzed in this paper, are two
males (40 and 30 years old) and a 24 years old female, all of
them having no history of speech or voice disorders.  The two
male subjects are speech scientists, while the female speaker
had no specific knowledge about speech communication.

In addition to the MR images, a dental cast was made of
the upper and lower parts of the mouth.  All the subjects have a
perfect dentition.

2.2. Airway segmentation
The airway was segmented from the surrounding tissues by
applying an image adapted gray level threshold, regardless of
image orientation, using the NIH Image Software on Macintosh.
Based on very simple procedures, the airway segmentation is in
fact very complex, since one has to deal with a number of
classical problems, that are not yet solved: the impacts of the
epiglottis and of the piriform sinuses on the wave propagation
are unclear, the teeth are not visible on the MR images, and the
end of the vocal tract at the lips is still not properly defined.

The presence of the epiglottis in the airway was taken into
account as follows: if the epiglottis delimits a closed contour
with the pharyngeal walls, this contour determines the cross-
sectional area; if the epiglottis is located in the middle of the
airway, its area is pasted to the dorsum of the tongue.  The teeth
were drawn manually on the respective gray level images
according to measures on the dental casts, except for the
incisors, as they are classically ignored in the models of wave
propagation.  As concerns the pirifom sinuses, a recent study by
Dang & Honda [8] did not reveal a significant influence of these

cavities onto the formant patterns.  Hence, they were simply not
taken into account in the airway.  Finally, the last vocal tract
images, representing the lips, were processed as follows.  At the
lips end, the last image taken into account such as it is, was the
most front one where the lips delimited a closed contour.  The
remaining lip images have also undergone the threshold based
airway segmentation, and they were all taken into account to
determine the lip area, by taking the logical AND of the binary
images thus obtained.

2.3. Computation of the area functions
The contour coordinates obtained from the airway segmentation
were then processed in a Matlab environment.  First, each
contour was sampled in 100 equally spaced points.  Then, the
three 18 slice series were correctly positioned according to their
original spatial orientation.  The three-dimensional volume of
the vocal tract was reconstructed by longitudinal fibers joining
the points having the same index on each contour.  Cross-
sectional areas from the glottis up to the lips were determined
by intersecting the 3D volume with planes defined according to
a semi-polar grid inspired from the one used by Badin et al. [9].
The different planes of the grid and their orientations were
defined to ensure their best perpendicularity to the vocal tract
midline.  Such a speaker-adapted grid was positioned for every
vowel according to the same procedure.  First, a mid-sagittal
section of the vocal tract was reconstructed from the original
MR images.  Second, a mid-sagittal contour of the hard palate
was obtained either from a lateral X-ray image or from the
dental cast.  Finally, the reconstructed mid-sagittal section was
positioned, by rotation and translation, so that it matches the
mid-sagittal palatal contour.

The lengths of the elementary tubes of the area function
were derived from the distances between the gravity centers of
the cross-sectional areas.

The lips were represented in the area function by one tube,
the area of which was found as explained above.  The tube's
length was determined from the MR images.

Figures 1, 2 and 3 show the area functions thus obtained for
the three speakers, for vowels [K� C� W].

2.4. Acoustical simulation
The pertinence of the MRI-based area functions was then
quantitatively evaluated.  The first four formants were
calculated from the area functions with the harmonic model of
the vocal tract developed by Badin and Fant [10].  This model
includes all boundary conditions; heat and viscosity losses are
taken into account with a unity shape factor.  Radiation losses at
the lips are modeled by a piston in a spherical baffle, and wall
vibrations are modeled by impedances localized along the vocal
tract independently of the area function.  There is no subglottal
coupling.  The formants simulated from the area functions of a
speaker were compared to the formants extracted by LPC
analysis from the speech signal of the same speaker, as recorded
in the MRI room, just before starting the MRI acquisition. The
results of this comparison are given in Tables 1, 2 and 3 for the
vowels [C� K� W].

[a] simulated 588 1166 2377 3306
MRI room 758 1081 2435 3202

[i] simulated 267 2069 2595 3547
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MRI room 225 2073 2747 3286
[u] simulated 289 626 2095 3321

MRI room 242 606 2225 2985
Table 1. Speaker CS: F1-F4 in Hz

[a] simulated 646 1228 2796 3769
MRI room 709 1322 2969 3755

[i] simulated 258 2385 3148 4273
MRI room 254 2209 3084 3977

[u] simulated 241 836 2438 3850
MRI room 267 809 2292 3824

Table 2. Speaker GG: F1-F4 in Hz

[a] simulated 618 1266 2490 3850
MRI room 736 1241 2648 3773

[i] simulated 256 2184 3107 3677
MRI room 226 2085 3090 3797

[u] simulated 230 704 2226 3512
MRI room 256 719 2268 3235

Table 3. Speaker JLS: F1-F4 in Hz

The simulated formants match fairly well the measured ones, for
the three subjects, except for the F1 of vowel [C].  This attests
for the relevance of the procedure used to extract the area
functions from the MR images, and for the acoustical model.

3. SPEAKER VARIABILITY: PREDICTIONS OF THE
RESONANCE BASED METHOD

VERSUS MEASURED DIFFERENCES.
In order to compare the prediction that our Resonance Based
Method would make for the formant differences between
subjects, with the differences actually measured, it was
necessary to study, for each vocal tract area extracted from the
MRI data, how the formants are related to the different vocal
tract cavities.  In this aim, the calculation of the formant
sensitivities to geometrical changes was used.
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Figure 1. Speaker CS: [C� K� W] area functions
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Figure 2. Speaker GG: [C� K� W] area functions
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Figure 3. Speaker JLS: [C� K� W] area functions

3.1.  Determination of the affiliation
According to Fant and Pauli [11], the relative variation of a
formant caused by a modification of the area function can be
calculated by a formula, the sensitivity function, that integrates
the difference between the kinetic and the potential energies,
and depends on the total reactive energy in the vocal tract.  It
helps to understand the dependence of a formant on the different
parts of the vocal tract.

In this study, formant sensitivities were numerically
evaluated by successively increasing the cross-sectional area of
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each element of the area function by 50 % and by computing the
relative variations of the first five formants were computed.

A preliminary study carried out on simple tubes, which
resonances are perfectly known, provided reference patterns for
the sensitivities associated with the main vocal tract resonances,
such as Helmholtz, quarter-wavelength and half-wavelength
resonances.

Based on these sensitivities, each area function was divided
in laryngeal cavity, back cavity, constriction cavity, and front
cavity.  Then, one of the male speakers, CS, was chosen as
"target speaker".  For each mentioned vocal tract cavity, a
transformation coefficient was calculated as the ratio of the
formants corresponding to the lowest resonance (except
Helmholtz) of the cavity of the test speaker and of the target
speaker respectively.  Then, the [C K W] MRI area functions of
the test speaker were modified, cavity by cavity, according to
these coefficients.

The joint analysis of the area functions and of the
affiliations between formants and cavities reveals interesting
discrepancies between subjects.  The vowel [C] of speaker CS
has a short back cavity, whose resonance goes over F5, but a
long constriction zone.  On the contrary, the vowel [C] of speaker
GG has a short constriction, whose resonance goes also over F5,
but a rather long back cavity.  It is thus difficult to propose, on
the basis of the resonances, a direct correspondence between
these two subjects in the back part of the vocal tract.  It was then
decided to consider the longest cavity, the constriction for CS
and the back cavity for GG, as representative of the length
characteristics in the back part of the vocal tract.  Consequently,
the transformation coefficient is calculated as the ratio between
the half-wavelength resonance of the back cavity for GG, and
the half-wavelength resonance of the constriction for CS.

Similarly, the [K] of speaker CS has a sufficiently long front
cavity, whose quarter-wavelength resonance is F2, whereas the
[K] of GG has a very short front cavity, whose resonance goes
over F5, but a long constriction zone.  In this case, the
transformation coefficient from GG to CS for the front part of
the vocal tract is calculated as the ratio between the half-
wavelength resonances of the constrictions.

3.2. Comparison between predicted and measured formant
values

The results of the predictions of F1-F4 (in Hz) are given in
Tables 4 and 5, together with the values of the target speaker
CS.

[a] target 588 1166 2377 3306
predicted 604 1166 2659 3544

[i] target 267 2069 2595 3547
predicted 284 2577 3494 4551

[u] target 289 626 2095 3321
predicted 223 767 2164 3498

Table 4.  Speaker GG.  Target speaker: CS.
[a] target 588 1166 2377 3306

predicted 573 1173 2268 3533
[i] target 267 2069 2595 3547

predicted 254 2306 2541 3756
[u] target 289 626 2095 3321

predicted 223 687 2124 3373
Table 5.  Speaker JLS.  Target speaker: CS.

The results are quite good for vowel [C] for both speakers: for
the four formants, the relative error between predicted and
measured values as always less than 10 %.  The results for [W]
are less convincing, in particular for F2 in the transformation
GG to CS, where the relative error is larger 20 %.  As for vowel
[K], the results are correct for JLS (maximum relative error
around 12 %), but the errors are extremely important for GG (25
% for F2 and 35 % for F3).

A preliminary analysis of these results suggests that the
Resonance Based Method is quite powerful as long as the
pattern of the affiliations between formants and resonances are
similar between two subjects.  This is the case for speakers CS
and JLS.  However, as soon as the type of resonance differs from
a subject to the other, the correspondence is more complex and
is not yet correctly accounted for by the method.

4. CONCLUSION
The acquisition of 3D MRI data on three speakers demonstrated
that the pattern of affiliations between formants and cavities and
the nature of the resonances could be very different from one
speaker to another.  This challenges the capability of the
Resonance Based Method proposed in [4] to account for the
morphological origins of the acoustical inter-speaker variability.
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HARMONY AND SONORITY IN GEORGIAN

Priscilla McCoy
Berkeley, CA 94709, USA

ABSTRACT

It has been claimed that in Georgian, harmonic consonant
clusters have a single release, regardless of the number of
consonants in the cluster [1].  Harmonic consonant clusters
are those clusters that group together based on manner of
articulation, e.g. voiced, aspirated, ejective, etc. [1,2,3, 4].
To examine this claim, harmonic and non-harmonic
consonant clusters were recorded and analyzed in order to 1)
assess the phonetic reality of the initial claim; and (2) to
compare durations of cluster releases and whole cluster
segments.  Results of the distribution of release durations
show a correlation to a sonority hierarchy [5].  This builds on
previous work on Georgian, where it was found that while the
use of a prefix {h} was decreasing [6], the pattern of its loss
manifested a marked sonority hierarchy in two respects.  I
investigate here whether these hierarchies hold true across
other phonological processes in Georgian.

1. INTRODUCTION
Languages of the Caucasus have long been know for their rich
consonantal systems and complex consonant clusters.
Georgian, a language in the Kartvelian or South Caucasian
family of languages, not only follows this pattern, but
differentiates between types of consonant clusters within its
system.  The clusters are divided into groups of harmonic
consonant clusters and non-harmonic consonant clusters.  In
grammars of current usage (Aronson [1], Dirr [3],  Marr and
Briere [5], Rudenko [6], Tschenkeli [8], Vogt [9]) these clusters
are described in detail.  My purpose in this paper is to examine
claims that harmonic clusters have a different release pattern
than that of other consonant clusters -- that there is a single
release at the end of the cluster rather than the expected release
after each sound (more or less).  

This paper will first present the rudiments of the Georgian
consonantal system and then move on to explain the
differences between the two consonant cluster types.  This i s
followed by experimental concerns -- the parameters, the set-
up, the results with discussion.  After this I will look at issues
of sonority manifested in Georgian from a previous work [10]
and examine how these issues of sonority  relate to harmonic
consonant clusters.

2. GEORGIAN CONSONANTS
2.1 Georgian Consonant System
The Georgian consonant system, although not as complex as
some languages in the North Caucasus, is fairly robust.  Below
is a table (adapted from Aronson [1]) that gives the consonant
inventory of Georgian.  Stops and affricates are grouped
together as they have the three-way distinction - voiced,
aspirated, glottalized.  They are also the focus of this study.
Although fricatives form harmonic clusters as well as the stop
series, their lack of total closure makes them even less likely
candidates for 'zero release';  they will not be considered here. 

        Lab.  Dent. Alv.  Palat-Alv.  Vel.  Post-Velar

Stops vcd.   b   d      dz       dZ         g

&     asp.       p th     tsh      tSh        kh

Affric.glot.  p'     t'      ts'       tS'         k'    q'
Fric.  vcd.               z       Z                          Ä
        vcls.      s       S                           X
Nasals      m     n
Liquids &     v      l,r
Glides

Table 1.  Georgian Consonant System [1]

2.2 Non-Harmonic Cluster Types
Non-harmonic clusters may in principle be composed of a
variety of consonant combinations, the restrictions of
Georgian phonotactics notwithstanding.  Clusters occur
primarily in morpheme initial position.  An example of a non-
harmonic cluster is :

[th b i l i s i]  'Tbilisi', the capital city of Georgia.
The first element of the cluster is aspirated, and the second is
voiced - a cluster differing by place and manner.  Below (Figure
1.), the spectrogram illustrates a normative release pattern,
closure and burst for the aspirated /t/, closure and burst for
voiced /b/, i.e. two releases.

t h      b   i    l    i       s        i

Figure 1. [ th b i l i s i ]
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2.3 Harmonic Cluster Types
A view of harmonic cluster types is listed below.   Although
clusters can include more elements than those listed, the basic
structure is grouped by manner, front of the oral cavity (labial,
dental, alveolar, palato-alveolar) with a velar element, with a
possible 2nd element post-velar as well.

Voiced: bg, dg, dzg, dZg

   Voiced, 2nd element: Ä
Aspirated: pk, tk, tsk,  tSk
   Aspirated, 2nd element: X
Glottalized: p'k', t'k', ts'k',  t§k'
   Glottalized, 2nd element: q'

Table 2. Harmonic Consonant Cluster Groups

3. RESEARCH QUESTIONS
The  experiment was designed with these specific research
questions in mind:

1) Do harmonic consonant clusters have only one release?

2)  Is it possible to differentiate consonants if there is no 
intervening release?

3)  If there is a release, is it so much shorter than that of non-
harmonic clusters that grammars have stated there is 
no release?

The first question is, to a certain extent, a straw dog in
that it seems unlikely that the consonants can have zero
release and still be identifiable.  Although some cues may be
had from the onset of a sound, the offset/release is a critical
cue that given a series of no releases, as these clusters are
described, there would be minimal chance of perceiving the
intervening segments.  This also addresses the second
question, a follow-up to the first --  without an acoustic signal
of any sort, it again seems dubious that a complex cluster
could be perceived.  It is then to the third question,  that this
paper is really addressed -- are the differences in the release
durations between these two consonant cluster types so great
as to engender a possible description of no release in
harmonic clusters?

4. EXPERIMENT
4.1 Procedures
Six native speakers of Georgian were recorded on a DAT
taperecorder using a Marantz Condenser microphone.
Although a sound booth was unavailable in the field, very
quiet conditions were achieved by using a central room,
without windows to the outside.  The speakers were natives of
Tbilisi, the capital of Georgia, and considered to be fluent
speakers of the standard literary language.  The age of the
speaker varied from 10 years old to 70 years old.  The gender
distribution was two females, four males.  Although there is
some variation to be found between males and females, this is
not of the sort that should show a differences in consonant
cluster production.

There were three repetitions of a total of 29 individual
words. The first token was spoken in the frame sentence:

Tkvi ______ or  dZer.

'Say _______ two times.'

Immediately following this, each of the tokens was then
pronounced twice in isolation for a total of three tokens per
word.

The test clusters were of 4 types:

1)  Non-harmonic initial clusters
2)  Harmonic initial clusters - aspirated
3)  Harmonic initial clusters - voiced
4)  Harmonic initial clusters - glottalized

4.2. Acoustic Parameters Examined
The elements investigated in this study were various burst
durations.  First, burst durations of elements in each of the four
cluster types were measured.  Durations of whole clusters were
also measured for comparison purposes.  Comparison of
durations of like elements in harmonic clusters and non-
harmonic clusters were made to see whether there appreciable
differences that regularly patterned with each cluster and
element type.

4.3. Results
First and foremost it should be noted that all tokens of
harmonic consonant clusters showed a release after each
element in the cluster.   There were no cases of a single release
for a cluster sequence.

Across all 6 speakers (varying by both age and gender)
the difference between the duration of the releases of elements
within harmonic clusters and non-harmonic clusters was
minimal.  In some cases, the duration of a release of an
element within a harmonic cluster was even greater than that
of the same element in a non-harmonic cluster environment.
The findings would indicate that definitive differences that
could be attributed to an element's membership in one cluster
type or another did not materialize.

The next spectrogram  (Figure 2.) shows the token
[ tS' k' u a ].  This is a two-member glottalized harmonic
cluster.  The first member a palato-alveolar, the second - velar.
A careful inspection shows that there is considerable frication
noise as part of the release of the first member of the cluster .
In this case the initial member is an affricate, but again, in
order to generate the noise seen on the spectrogram, there
must be an egress of air .

A review of aspirated harmonic cluster sequences is
similar to the previous paragraph about glottalized clusters.
The word, [ th kh v a ], across the 18 tokens shows the same
results.  The aspirated initial dental not only has a release, but
the release does not differ appreciably from the release seen in
the example above for /tbilisi/ (Figure 1.).

There were also cases where there was the addition of a
vocalic element between consonants in the cluster, e.g. for
example in  the voiced harmonic token, /dgas/, its
spectrogram shows a strong vowel-like segment between the
/d/ and the /g/ that is clearly a schwa -- [d « g a s ] .   Although
it is possible in principle to produce the token with a dental
onset and a velar offset for the cluster, this was not a course

page 448 ICPhS99          San Francisco



chosen by any of the six speakers, or 18 tokens of the same
lexical item.

Figure 2.  [ tS' k' u a ]

5. DISCUSSION
5.1 Experimental Results
 Results from the experiment show that the statement found in
grammars, 'harmonic clusters have one release,' [1], [3], [5],
[6],[7], [8], [9]  does not turn out to be true in its phonetic
realization.   There  were also no differences that could be
attributed to gender distinctions.  Age as well did not seem to
play a role.  There is the possibility that there could be a style
of speech  (theatrical perhaps) that tries to follow this rule as
closely as possible.  Such a hypothesis would be interesting
to pursue as the provenance of this dictum is opaque.

In a study [11], it has also been shown that harmonic
consonant clusters in Georgian  have more than one release
and that further, their sequencing is a result of a complex set of
parameters that include issues of sonority in their number.

5.2 Sonority in Georgian Phonological Processes
In a previous paper, the distribution of the morpheme {h} in
Georgian (Old, Middle, and Modern) was defined in acoustic
terms using the feature grave/acute [4]. This morpheme was
gradually being lost from usage and followed a clear hierarchy
of + sonority > - sonority .  A brief look at the gradual loss of
this prefix over time follows. The table below compares the
differences between the Old Georgian rule vs. the Modern
Georgian rule of the distribution of the morpheme {h}.

Old Georgian  Modern Georgian

h>0 / __V    h>0 / __V
h>h / __ L, N h>0 / __ L, N
h>h / __ P, K h>h / __ P, K
h>s / __ T, C h > s / __ T, C
    s>S / __ C

( C is used  here as a cover term for palatals)
    
Table 3. Old Georgian vs. Modern Georgian {h} Distribution

Sonority hierarchies are usually set up by the degrees of
sonority, that is resonance.   For Georgian, sonority becomes
relevant for both the h-series morpheme and that of the
following consonant. Clements [2] proposes a sonority
hierarchy set up in such a manner.

+Sonority -Sonority

V > G > L > N > O

(V-vowel, G-glide, L-liquid, N-nasal, O-obstruent)

     We assume these principles of sonority operate in both the
morpheme {h} and the followings consonant. The {h} becomes
the target and the following consonant or vowel the trigger.  
     The sonority of [h] is closest to that of vowels, that is, it i s
next in the sonority hierarchy after vowels.  The first
environment to lose {h} is pre-vocalic, vowels being the most
sonorous.  We therefore have two sonority hierarchies
operating simultaneously -- that of the {h} where /h/ is more
sonorous than /s/ and that of the following element.  The
frication of the laryngeal spirant [h] is produced when the air
passes through the half-closed glottis.  The noise then receives
coloring from surrounding vowels.  This may account for its
earlier disappearance before vowels.
     Next is {h} before L,N (Liquids and Nasals), most likely in
that order:

 + Sonority -

L > N

     We now come to the remaining environments of {h} --
obstruents.  Because there has already been the change from h >
s, we can hypothesize that the next environment is most likely
to have been that of the feature grave and finally the feature
acute, with /s/ as its marker.
      Both of these hierarchies of sonority, working in parallel
explain the loss of the {h} morpheme and the ordering of its
loss.  As an explanation of a phonological process, this
hierarchy seems to work.  However, does this hierarchy have
any bearing on Georgian consonants and their synchronic
inner workings -- and should it?

5.3 Sonority in Georgian
Returning to some of the examples in the harmonic consonant
clusters, one sees that although consonant clusters may be
long, i.e. there are no vowels in the consonant clusters, the
longer consonant clusters are broken up with elements of
greater sonority than that of obstruents.
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The example above /dgas/ is a voiced harmonic consonant
cluster.  Its phonetic realization includes, in addition to the
release of the first element [d], an intervening schwa-like
element before continuing on to the [g] and the remainder of the
word.  This insertion of more sonorous elements, seen visibly
in words by the interplay phonotactically of liquids, glides,
nasals to offset obstruents, is a factor in the ability to permit
what looks to be long and complex consonant clusters [11].
What occurs in addition to the actual representation of a given
lexical item are the additional phonetic insertions, that provide
even more sonority to a the production of a word.  

How does this conform to principles of sonority that view
consonant cluster sequencing as start to finish process?  It
doesn't.  What it does do, however, is to adhere to principles of
sonority sequencing in a wave across a word, that is adjacent
elements will follow a trajectory  though the sonority hierarchy
within the production of the word.  This may well be to say that
sonority as a concept is as fluid as ever -- difficult to apply in
rigid terms to the phonetic realization of Georgian.   

6. CONCLUSION

Figure 3. [f ph tsh  kh v n i ]

The word in Figure 3., [f ph tsh  kh v n i ], is often cited as an
example of a long consonant cluster in Georgian.  It is, but it i s
also a good example of the insertion of vocalizing elements in
the production of such a cluster.  The initial  /v/ is devoiced to
[f] by its proximity to [ ph] .  A  careful look a the next three
segments shows them to be voiceless as well.  However, a close
look at the bottom of the spectrogram shows intermittent
voicing throughout these segments.  In addition, there are
fairly strong formant lines crossing through these areas of
frication.  In fact, what one hears is vocalic elements at the
offset of [ ph] and in the release of [ kh].

The most reasonable conclusion here is then, that
although Georgian has seemingly impossible consonant
clusters, most are in fact broken up in some way such that the
actual consonantal length of any cluster phonetically i s
probably rarely more than 2 (maybe 3) together.  
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STRESS, PHONOLOGICAL FOCUS, QUANTITY, AND VOICING EFFECTS
ON VOWEL DURATION IN AMMANI ARABIC

Bushra Adnan Zawaydeh and Kenneth de Jong
Indiana University

ABSTRACT   
This paper examines vowel duration interactions between
quantity, voicing of a neighboring obstruent, and stress in
Arabic. We found that quantity effects are the strongest, while
voicing effects are the weakest.  Stress interacts with quantity,
such that long vowels are lengthened more with stress, but
stress and voicing do not interact consistently.  Similarly,
phonological focus on voicing contrasts has no effect on
voicing lengthening, while phonological focus on quantity
contrasts showed a trend towards expanding quantity
differences.  These results suggest that quantity lengthening i s
phonologically salient, while voicing lengthening is not.
Also, focus and stress, while similar are not entirely identical
in phonetic effect.  

1. INTRODUCTION
This paper investigates vowel duration interactions

between quantity, voicing of a neighboring obstruent, and
stress in Ammani-Jordanian Arabic.  Previous studies [1, 2, 3 ,
4, 5, 6] have found various of the three factors to induce
lengthening of a vowel.  Mitleb [2] found that long Arabic
vowels are 65% longer than short Arabic vowels.  Port et al [1]
found that voiced consonants in English induce lengthening of
a preceding vowel, while voiced consonants in Arabic did not
do so as consistently.  Similarly, Mitleb [3] found no
significant durational effect of the voicing of the consonant
on the duration of the preceding vowel in Arabic.  These
results, along with differences in the amount of voicing in
English and Arabic fricatives led him to conclude that in
English, unlike Arabic, the voicing contrast is not just a
voicing contrast, as it is in Arabic, but also critically involves
vowel lengthening.  Finally, de Jong and Zawaydeh [5, 6]
found that, just as in English, stressed syllables in Arabic are
significantly longer than unstressed syllables, though the size
of the effect seems to be somewhat smaller.   

In addition to phonetic differences, one also can identify
differences in the phonological uses of these durational
differences.  In Arabic, quantity lengthening in both
consonants and vowels is the primary basis for a contrast.
Following are minimal pairs that illustrate quantity contrasts:

Àali a manÕs name Àaali ÒhighÓ

ðibbi Òyou (f.) loveÓ ðibi Òhe crawledÓ

In comparison to quantity, voicing lengthening is not
phonemic in Arabic.  In fact, it might not be phonologically
specified at all [3].  Finally, stress location is not, strictly
speaking, phonemic in Arabic, but rather is predictable by
rule.  This differs from English as well, in that English stress
location varies depending on lexical and morphological
classes, and is often placed at unpredictable locations within a
word.  For both English and Arabic, stress also differs from
quantity and voicing in that stress is the expression of

headedness of a syllable at a word level [5, 6], and hence i s
likely used for the purpose of parsing an utterance into
phonological words.  

Stress has been described as the localized expansion of
the articulation of phonological contrasts (hyperarticulation)
[7].  In hyperarticulate speech, as opposed to hypoarticulate
speech, the distinctiveness of speech output is preserved.  The
goal in hyperarticulate speech is to communicate phonemic
contrast.  In de Jong's [7] view "the hyperarticulation account
predicts that all the phonemically distinctive contrasts will be
directly affected by stress" (p. 493).  Hence, "stress can act as a
diagnostic for determining the content of the linguistic code of
a particular language" (p. 502).  

In keeping with this description, stress has been found to
have different effects on vowel duration differences [8].  In
English stressed syllables, the difference in duration between
vowels before voiced obstruents and voiceless obstruents i s
greater than it is in unstressed syllables.  The same is not true
with regards to the other durational effects such as
compensatory shortening.  These results can be explained by
saying that while voicing in English is phonemic,
compensatory shortening is not.  Compensatory shortening
before a consonant cluster is a motor strategy in speech
production, not part of the linguistic code of English.

These studies, then, raise a question with respect to
Arabic.  Is there an interaction between stress and the two
durational lengthenings (vowel quantity and voicing)?  Since
vowel quantity in Arabic is phonemic, there should be an
interaction between quantity and stress.  By contrast, since
voicing in Arabic seems not to be phonologically specified,
there should not be an interaction between voicing and stress.

The current study also asked a similar question concerning
focus.  Similar to the effects of stress on phonological
contrasts, speakers may be able to hyperarticulate particular
phonological contrasts in conditions which focus their
attention on the contrast [9].  van Heuven has suggested that
stress can be a property of the segment, rather than the
syllable or the word.  Similarly, it seems possible that
hyperarticulation could not just be a property of a segment, but
of a particular phonological contrast.  If this it true, we would
expect to find that in Arabic, since quantity is phonological,
focusing their attention to a contrast in vowel quantity should
exaggerate duration differences.  In comparison, since duration
differences due to voicing are not phonologically specified in
Arabic, focusing on the voicing contrast vowels should not
exaggerate duration differences in the preceding vowel.  

To address these questions, a two-stage experiment was
conducted to examine the interaction between stress and the
two durational effects:  quantity and voicing, and also the
interaction between focus and the same two durational effects.
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2.  METHODS
2.1.  Subjects
Four native speakers of Ammani-Jordanian Arabic participated
in the experiment.  Two were males (M1 and M2) and two were
females (F1 and F2).  Their ages ranged from 17 to 28 years
old.  All of the speakers were multi-lingual; however, only
Arabic was used at the time of the recording, and the
experimenter and the subjects consistently conversed in
Arabic.  Hence, any interlanguage effects in the speakers'
productions are expected to be part of the urban dialect of
Arabic shared by the experimenter and the subjects.  

2.2.  Materials
The first stage of the experiment involved reading a corpus of
words in isolation and in two sentence contexts.  The second
stage involved reading the same corpus in miniature discourses
that focused subjects' attention on a particular phonological
contrast. Stimuli were presented in Arabic script.  

Each word had one of four target syllables in initial
position, as given in Table 1.   These four target syllable types
were either stressed or unstressed.  Hence, the total number of
words in isolation was eight.  Table 2 shows the target
syllable, the Arabic words that were used, and their gloss.
(Stress is  indicated there by upper-case.)  

Voiced V o i c e l e s s
Shor t bad bat
L o n g baad baat

Table 1.  Target syllables.

Target Word G l o s s
BAD BADawi bedouin
BAT BAtale petal
BAAD BAAdiye desert
BAAT BAAtiren sharp edged
bad baDARres I teach
bat baTANneh I will be stubborn
baad baaDILna       he extinguished for us
baat baaTILna what we got left
BAAT BAAta he stayed overnight
BAAD BAAda he extinguished
BAD BAda he started
baad baaDIRna our initiative
bad baDIRna our full moon

Table 2.  Target words.  

Because of peculiarities in some of the speakers'
production of the words in the isolation condition, only the
words in sentential frames were included in the analysis.  The
two sentential frames were as given below:

    1.      Post-nuclear     frame     :    In this case the target word was not

focused on.  The sentential focus appeared on the word Ò?anaÓ.
The frame that was used was:

?ana ?ult ____ mish huwwe             Ò I said  ____ not him.Ó

2.      Semantic     focus     :    Each of the eight words were placed in a
sentence that contrasted the target word with another word
semantically, not structurally.  For example:
     
       ?ana ?ult badawi mish fallað    ÒI said badouin not peasant.Ó

After recording the first stage, a subset of the words were
produced in conditions which focused speakers' attention on
either quantity or the voicing contrast, as shown in Table 3.  

     Voicing                   baat baad
           Quantity baad bad

Table 3.  Phonological focus types.
   
As in stage 1, these syllable types were placed in stressed and
unstressed positions, and the words were placed in a sentential
frame.  The target word was matched with another word that
minimally differed from it either in its voicing ([d] or [t] for
the second consonant), or the quantity of the vowel (long or
short).  An example is:  

?ana ?ult baata mish baada   ÒI said he stayed                 
overnight not he extinguished.Ó

?ana ?ult baada mish bada      ÒI said he extinguished not he
startedÓ

The subjectsÕ voices were recorded on a Marantz cassette
recorder, and later analyzed using Soundscope on a Macintosh.
Vowel durations of the target syllables were measured from 300
Hz bandwidth spectrograms.  

2.3.  Hypotheses
Four factors are controlled in the experiment, 1) consonant
voicing, 2) vowel quantity, 3) stress, and 4) prosodic/focus
position.  Concerning the last set of factors, we have effective
comparisons between focused and accented versus unfocused
and unaccented (the two frames used in stage one), and between
semantically based focus (from stage one), and phonological
focus (from stage two).  We expect that the vowel quantity,
stress, and voicing all affect vowel duration.  In addition, we
expect an interaction between stress and quantity such that
quantity differences are greater with stress, but no interaction
between stress and voicing.  Concerning differences in focus,
we expect larger differences in quantity with focus and accent
than without (the two frames in stage 1).  Based on previous
results with phonological focus [9], we would expect the same
sort of increase with phonological focus on quantity.  

To statistically examine these results, we submitted
duration and formant measurements from various portions of
the dataset to multi-way ANOVA's which included subject as a
fixed factor.  Thus, statistical results for the current study only
support our analysis of the particular speakers examined here,
and generalizations to the Arabic community can only be made
with caution.  

3.  RESULTS
Duration measurements from the Semantic Focus and Post-
nuclear frames were submitted to separate four way ANOVA's
with voicing, stress, quantity, and subject as factors.  In the
focus condition, stress, quantity, and voicing affected vowel
durations.  Stressed vowels are significantly longer than
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unstressed vowels (F(1, 96) = 77.409, p < 0.0001); long
vowels are significantly longer than short vowels (F(1, 96) =
862.705, p< .0001); and voiced consonants significantly
lengthen previous vowels (F(1, 96) = 15.077, p < 0.0002).
The significant effect of voiced consonants is particularly
interesting, since some previous studies in Arabic found no
such effect in Arabic. A similar analysis of the Post-nuclear
data yielded slightly different results.  Here, quantity and stress
have significant effects:  (for stress F(1, 96) = 52.934, p <
0.0001, and for quantity F(1, 96) = 864.538, p < 0.0001);
however, the effect of voicing is not significant.  

Figure 1 illustrates the various effects, and indicates some
differences between them.  First, the quantity difference is by
far the largest of the three.  With focus, the stress effect and the
voicing effect are not terribly different in size.  However, the
voicing effect does not appear in post-nuclear position.  
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Voicing 1 = Voiced

Figure 1.  Average vowel duration differences due to
quantity, stress, and voicing for each speaker in the focused
and post-nuclear conditions.  

Our analyses of this data also found significant
interactions between stress and other factors.  In both
conditions, stress interacts with quantity (post-nuclear: F(1,
96)= 16.2, p< 0.0001; focus: F(1, 96)= 9.673, p< 0.0025).
This is shown in Figure 2.   Long vowels get much longer
when they are stressed than short vowels when they are
stressed.  Thus, stress results in expansion and also extra
lengthening on the long vowels.  
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Figure 2.  Average vowel duration differences due to
quantity.  Filled symbols indicate stressed syllables.  Shape
indicates different subjects.  1= long.

In the post-nuclear condition, there was, however, no
significant interaction between stress and voicing.  In the
focus condition, stress did interact with voicing (F(1, 96) =
6.197.  p < 0.0145), as is shown in Figure 3.  Here, however,
the direction of interaction is the opposite of what is found in
the quantity interactions; voiced lengthening is greater in
unstressed syllables.    
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Figure 3.  Average vowel duration due to voicing.  Filled
symbols indicate stressed vowels.  1= voiced.

To examine the effect of different kinds of focus, we
separated data elicited with focus on voicing from that elicited
with focus on quantity, paired it with the same types from the
semantic focus condition and submitted each set to a four-way
ANOVA with voicing or quantity, stress, condition
(phonological or semantic focus), and speaker as factors.  

Considering the voicing corpus in more detail, main
effects were found for voicing and stress, as well as for focus
condition (voicing, F(1,96) = 27.377, p < 0.0001; stress,
F(1,96) = 130.056, p < 0.0001; condition, F (1,96) = 24.653,
p< 0.0001).  These effects are illustrated in Figure 4 .
Phonologically focused vowels were longer overall than
semantically focused vowels.  As with the analysis reported
above, stress interactions with voicing were inconsistent
across subjects, and hence were not significant (F(1,96) =
1.735, p > 0.05).  More to the point, phonological focus did
not interact with voicing, either (F(1,96) = 0.150, p > 0.05).
Thus, both stress and focus manipulations suggest that vowel
duration differences due to voicing are not phonologically
salient in the Arabic speech of these subjects.  
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Figure 4 .   Quantity and voicing effects on vowel duration.
Filled symbols indicate phonological focus.  

Quantity behaves somewhat differently.  Results are
illustrated in the left panel of Figure 4.  As in the analysis of
quantity reported above, long vowels are very much longer on
average than short vowels, a difference of approximately 100
ms.  Stress also significantly lengthened vowels (F(1,96) =
12.635, p < 0.0006).  However, unlike in the voicing corpus,
there is no main effect of condition (F(1,96) = 0.620, p >
0.05).  Also as in the previous analysis, stress and quantity
interact, such that quantity differences are larger in stressed
syllables (F(1,96) = 6.009, p < 0.016).  Examinin g the
quantity by condition interaction reveals a difference between
the effect of focus and that of stress.  There is a trend toward an
interaction (F(1,96) = 3.311, p < 0.072) whereby not only i s
the difference between long and short vowels greater with
phonological focus, but, unlike the effect of stress, focused
short vowels actually get shorter, as is indicated by the
crossing of dashed and solid lines in the left panel of Figure 4 .
Hence stress both increased duration and increased duration
differences; phonological focus merely increased differences.  

4.  DISCUSSION AND CONCLUSION
All three lengthening effects (stress, quantity, and voicing)
were detected in the Arabic speakers' productions.  However, i t
is quite clear that all three durational effects are quite different.
The first two, stress and quantity, differ greatly in magnitude.
Differences due to quantity averaged from 75 to 100 ms, while
stress-related differences were less than a third the magnitude.
The last effect, voicing, differs from the former two in
consistency.  In post-nuclear position, the effect of voicing i s
weak enough to be completely obscured.  

This inconsistency is one piece of evidence that the
voicing effect is not phonologically salient.  A second piece
of evidence for this conclusion is the lack of any consistent
effect of stress on the magnitude of the voicing effect.  This
contrasts with the results for English  where the voicing effect
is considerably larger with stress [8].  Similarly, overt focus
on the voicing contrast has no effect of increasing the size of
the voicing difference in duration of the vowel.  

A second set of conclusions can be drawn concerning the
effect of stress.  The fact that stress increases quantity
distinctions suggests that it is profitable to view stress effects

as hyperarticulation.  The selectivity of such interactions,
namely that voicing lengthening is not also enhanced in a
language in which this effect is said to not be phonemic, lends
further support to the same conclusion.  

However, stress is not simply hyperarticulation.  The
difference between the two can be seen by comparing the stress
effects and the effect of overtly having speakers focus on a
particular linguistic contrast, as in the 'phonological focus'
condition.  Both stress and overt focus increase specified
durational contrasts (quantity), and both stress and overt focus
fail to increase non phonological duration contrasts (voicing).
The difference between the two is that stress also consistently
creates lengthening, while focus might not.  Thus, stressed
short vowels become longer because they are stressed (though
not as much longer as if they were long vowels); focused short
vowels do not become longer.  It is tempting to speculate that
this difference between focus and stress is due to a dual role of
stress within a phonological system that has been pointed out
elsewhere [10].  Stress not only indicates the location of
contrasts which are particularly salient, but also acts as a
prosodic feature, marking the occurrence of a prosodic word.
Hence stress is not just indicating other contrasts to be
communicated, but is itself a syntagmatically important
element.  Durational lengthening is, then, an indicator of
stress occurrence.  

ACKNOWLEDGEMENTS

This research was supported by a Grant-in-Aide of Research given to
Bushra Adnan Zawaydeh at  Indiana University in the Summer of 1998.

REFERENCES

[1]  Port, Robert F., Salman Al-Ani and Shosaku Maeda.  1980.
Temporal compensation and universal phonetics.  Phonetica, 37, 235-
252.
[2]  Mitleb, Faris.  1984a.  Voicing effect on vowel duration is not an
absolute universal.  Journal of Phonetics, 12, 23-27.
[3]  Mitleb, Faris.  1984b.  Vowel length contrast in Arabic and English:
a spectrographic test.  Journal of Phonetics 12, 229-235.  
[4]  Mitleb, Faris.  1992.  Some aspects of Arabic duration.  Journal of
the International Phonetic Association 22:1/2, 27-34.
[5]  de Jong, Kenneth and Bushra Adnan Zawaydeh. In press. Stress,
duration, and intonation in Arabic word-level prosody. Journal of
Phonetics.
[6] de Jong, Kenneth and Bushra Adnan Zawaydeh.  1998.  A sketch of
Arabic stress and duration.  In A. Doran, T. Majors, C. Mauk, and N.
Merchand Goss (eds),  Texas Linguistic Forum 41:  Exploring the
Boundaries between Phonetics and Phonology. 41-56.
[7]de Jong, Kenneth.  1995.  The supraglottal articulation of prominence
in English:  Linguistic stress as localized hyperarticulation.  Journal of
the Acoustical Society of America,  97 : 1, 491- 504.
[8]  de Jong, Kenneth. 1991.  An articulatory study of vowel duration
changes in English.  Phonetica, 48, 1-18.
[9]  van Heuven, Vincent.  1994.  What is the smallest prosodic domain?
In Patricia Keating (ed.), Phonological Structure and Phonetic Form:
Papers in Laboratory Phonology III.  Cambridge:  Cambridge University
Press, 76- 97.
[10]  de Jong, Kenneth, Mary Beckman, and Jan Edwards.  1993.  The
Interplay between Prosody and Coarticulation.  Language and Speech,
36: 197 - 212.

page 454 ICPhS99          San Francisco



TWO TENDENCIES TOWARD ISOCHRONY IN CASTILIAN SPANISH 
SHORT DECLARATIVE SENTENCES 

Takuya Kimura 
Tamagawa University, Tokyo, Japan 

ABSTRACT 
A recording of 96 sentences read by two speakers of Castilian 
Spanish was analyzed acoustically to investigate the effects of the 
lexical stress upon two phonetic properties: syllable duration and 
FO contours. The results suggest that there are two independent 
tendencies toward isochrony. 

Firstly, unstressed syllables tend to be shorter when there 
are more unstressed syllables between stressed ones, suggesting a 
tendency toward isochronous stress in this dialect, traditionally 
considered to be syllable-timed. 

Secondly, Fuji&i’s FO model was applied to the same 
recording, and a tendency was observed for the interval between 
two accent commands to be longer when it was too short, and to 
be shorter when it was too long. This can be seen as a tendency 
to isochronous occurrence of accent commands. 

1. INTRODUCTION 
In the last few decades, a number of studies have been done on 
the nature of rhythm in Spanish. Most of the investigators 
classify Spanish as a syllable-timed language, while some 
dialects, such as Buenos Aires Spanish, have been reported to be 
stress-timed [ 1, 21. In this paper I will show that Castilian 
Spanish also has a tendency toward stress isochrony (Section 3)’ 

Pitch contour is another important problem. While Spanish 
has traditionally been considered a stress-accent language, recent 
studies show that the fundamental frequency (FO) is a more 
crucial acoustic cue for the perception of stress than intensity and 
duration [3]. However, stressed syllables do not always show 
higher FO values than unstressed ones. Spanish FO contours 
show complicated variation, caused by intonation, which in turn 
is determined by such factors as sentence length, syntactic 
construction and speech style, aside from dialectal varieties [4]. 
In spite of this, little research has been done so far on the relation 
between the stress and the FO contour in Peninsular Spanish. 
The second purpose of this study is to compare the timings of FO 
rise and fall with the timings of onset and end of the stressed 
syllable in short declarative sentences, a sentence type that 
arguably has the simplest intonation pattern (Section 4). The 
definition of a “short declarative sentence” will be given in the 
next section. 

2. MATERIALS USED IN THIS STUDY 
A male speaker from Salamanca (Speaker 1) and a female 
speaker from Madrid (Speaker 2) read 96 different sentences. All 
the sentences read were short declarative sentences. A “short 
declarative sentence” means a declarative sentence consisting of 
only one or two prosodic words. A prosodic word (PW 
henceforth) is a sentence constituent containing only one lexical 
stress. For instance, the sentence “Me lo da / la morena.” (“The 

dark-complexioned woman gives it to me.” Bold letters indicate 
stressed syllables.) consists of two PWs, with their boundary 
indicated by the slash. All the sentences consisted solely of CV- 
type syllables so that the effects of different syllable types should 
be eliminated. Length of the PWs ranged from one to four 
syllables, with the only exception of the sentence “La llamaba / 
renovadora.” (“He used to call her renovative.“), in which the 
second PW had five syllables. The sentences contained voiced 
sounds only (with a small number of inevitable exceptions), and 
all the possible stress patterns were covered. In total, 
96(sentences) x 2(speakers) = 192 utterances (1,060 syllables) 
were recorded in DAT (digitized at 12 kHz with 12 bit precision) 
and analyzed with KAWAI VOICE ANALYZING SYSTEM 
Ver. 1.1. 

3. SYLLABLE DURATION 
3.1. Procedure 
Duration of all the syllables contained in the recording was 
measured by means of visual observation on spectrograms. 

3.2. Results 
Table 1 shows the mean syllable duration for each speaker. 
Welch’s t-test was used to compare the mean values. The table 
indicates that Speaker 2 read faster than Speaker 1, with a 
statistically significant difference. 

Mean SD t(df) 
Speaker 1 153 36 3.74 
Speaker 2 145 31 (1022) <*01 

Table 1. Comparison between the two speakers 
(Mean and SD in milliseconds) 

Table 2 compares the mean duration of the stressed and 
unstressed syllables. The stressed syllables were longer than the 
unstressed ones, and here, too, the differences are statistically 
significant. 

Mean S wf) P 
D 

Speaker 1 stressed 175 37 10.51 
unstressed 141 30 (290) <*o1 

Speaker 2 stressed 163 35 9.32 
unstressed 136 24 (259) , <“’ 

Table 2. Comparison between stressed and unstressed syllables 
(Mean and SD in milliseconds) 

Table 3 shows that the sentence-final syllables were longer 
than the non-final ones. Here the difference is statistically 
significant for Speaker 1 but not for Speaker 2. This is probably 
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due to this speaker’s habit of weakening the last part of an 
utterance. 

Speaker 1 
final 170 37 5.1 

. non-final 149 35 (136) co1 

Speaker 2 
final 

149 46 0.93 non-final 144 27 (106) >*05 
Table 3. Comparison between sentence-final and non-final 

syllables 
(Mean and SD in milliseconds) 

Table 4 compares the syllable duration in PWs of different 
numbers of syllables. This result clearly indicates that, the more 
syllables a PW has, the shorter the unstressed syllables are. It 
suggests a tendency toward stress isochrony in Castilian Spanish, 
a dialect traditionally considered to be syllable-timed. This, of 
course, is not enough to argue that Castilian Spanish is a stress- 
timed language, but it would be fair to say, at least, that it is 
basically a syllable-timed language with a slight tendency to 
stress-timing. 

1 Number / 
of 

svllables 
IMeanl;I t(df) 

d I  1 209 37 1 

Speaker 1 
2 

165 18 
4.90(2 1) c.01 

3 155 17 2.86(87) c.01 
4 

139 I 13 I 
5.61(104) c.01 

1 201 28 
Speaker 2 2 155 21 c.01 - 

3 145 13 c.01 

4 136 10 
c.01 

6.25(25) 
2.95(67) 

4.15(102) 

P 

Table 4. Comparison according to the number of syllables 
(Mean and SD in milliseconds) 

4. FO CONTOUR 
4.1. Fujisaki’s FO Model 
In this section, a quantitative model proposed by Hiroya Fujisaki 
and his colleagues is used to see the relation between stress and 
FO movement. This model simulates the FO contour as the sum 
of three components: the base line, the phrase component and the 
accent component. The base line is constant for each speaker. 
The phrase component is yielded by one or more impulse-like 
phrase commands. The accent component is produced by one or 
more step-like accent commands. The contour of (logarithmic 
value of) FO is calculated by the following equation. 

log,F,(t) = log,Fh+ iApih,(twT,i) 
i=l 

+~A~j{~~(f-T,i)-‘~(t-7;,)} 
j=l 

where 

4(t) 
{ 

a2texp(-at) (t 2 0) - - 
0 (t < 0) 

h (0 = 2 

i 
m in[l - (1 + Pt) exp(-Pt), 81 (t 2 0) 
0 (t < 0) 

In these equations, 
Fti indicates the baseline value of an FO contour, 
I is the number of phrase commands, 
J is the number of accent commands, 
Api is the magnitude of the i-th phrase command, 
A, is the amplitude of thej-th accent command, 
Toi is the timing of the i-th phrase command, 
Tj is the onset of thej-th accent command, 
T2j is the end of thej-th accent command, 
a is the natural angular frequency of the pl 
mechanism to the phrase command, 

n-ase control 

p is the natural angular frequency of the accent control 
mechanism to the accent command, and 
8 is a parameter to indicate the ceiling level of the accent 
component. 

To obtain a good prediction, it is essential to assign 
appropriate values for all the above variables. 

This model has been reported to be applicable to Spanish as 
well as to Japanese, English and many other languages [5]. 
Figure 1 is an example of application of this model to one of the 
utterances used in this study. For Spanish, no attempt has been 
made so far to investigate the relation between the timing of the 
stressed syllables and that of the accent commands (Tlj and Tzj), 
which can be very complicated. In this part of my study, the 
model was applied to the same material used in the previous 
section to see how the timings were related. 

4.2. Procedure 
FO values were measured at every 10 milliseconds and used as 
the raw data. To facilitate the application of the model, the 
following conditions were assumed to be met. 

0 The values for the variables a, j3 and 8 are fixed to 
2.8, 25 and 0.9 respectively [5]. 

0 The FAn value is fixed to 105Hz for Speaker 1, and 
122 Hz for Speaker 2. 

0 Only one phrase command occurs in each utterance. 
One accent command occurs in a one-PW sentence, 
and two accent commands occur in a two-PW 
sentence. 

0 The polarity of the accent command is restricted to 
positive. 

Based on these assumptions, the values for the variables not 
fixed were first determined provisionally by visual observation 
using a graphic edit tool, and then corrected with Analysis-by- 
Synthesis method [6]. 

4.3. Results 
The following symbols will be used hereafter G=l, 2). See also 
Figure 1 for reference. 

T, : the onset of thej-th accent command, 
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. 

Figure 1. Application of the FO model to the utterance “La lla-MA-ba / re-no-va-DO-ra.” (Speaker 1) 

T2j : the end of thej-th accent command, 
TJj: the onset of the stressed syllable in thej-th PW, 
Tea: the end of the stressed syllable in thej-th PW, 
Tb: the PW boundary (only in two-PW sentences). 

4.3.1. Overall Tendencies. Table 5 shows the result of the 
comparison between Tll and Tsl, and Tzl and Tel in the one-PW 
sentences. For example, “TII - Tsl = -37” means that the accent 
command occurs 37 milliseconds before the stressed syllable 
begins. Table 6 compares T12 and Tsz, and T22 and Te2 in the 
second PW of two-PW sentences. The parts of the utterances 
treated in these two tables are both the last PWs of declarative 
sentences. 

The results shown in these two tables are quite similar to 
each other. The timing of the accent command and that of the 
stressed syllable roughly match: the accent command begins 
approximately 40 milliseconds before the stressed syllable 

begins, and ends some 20 milliseconds before the stressed 
syllable ends. 

When the last syllable of the sentence is stressed, however, 
the above observation does not hold. In these cases the accent 
command ends much earlier than the stressed syllable ends (some 
80 milliseconds before). This result agrees with the perception 
that the pitch falls sharply in the middle of the sentence-final 
stressed syllable. 

Tll’T21 T21’7L T21-CA 

(last syllable (last syllable 
unstressed) stressed) 

Mean 1 SD Mean 1 SD Mean / SD 
Speaker 1 -37 65 -39 20 -63 73 
Sneaker 2 -48 53 -11 20 -83 33 

I  I  1 I  I  I  

Table 5. Time gaps between accent commands 
and stressed syllables (1 -PW sentences) 

(Mean and SD in milliseconds) ’ 
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T12-Tsl T22-Tf?2 T224?2 

(last syllable (last syllable 
unstressed) stressed) 

Mean SD Mean SD Mean SD 
Speaker 1 -29 49 -43 45 -102 55 
Speaker 2 -58 96 +4 52 -76 53 

Table 6. Time gaps between accent commands 
and stressed syllables (second PW in 2-PW sentences) 

(Mean and SD in milliseconds) 
In the first PW of two-PW sentences, a quite different 

result is obtained, as is shown in Table 7. Here the accent 
command ends much later than the end of the stressed syllable, 
approximately at the PW boundary. This result agrees with the 
perception that, in these circumstances, the high pitch does not 
end with the stressed syllable but continues until the PW 
boundary. 

T11-K-1 T21’Tel T21’Tb 

Mean SD Mean SD Mean SD 
I Speaker 1 -9 51 +95 116 -27 61 
1 Speaker2 1 +13 1 53 1 +152 1 123 I +5l [ 104 1 

Table 7. Time gaps between accent commands and stressed 
syllables / PW boundaries (first PW in 2-PW sentences) 

(Mean and SD in milliseconds) 

4.3.2. Isochronous Tendency.  In addition to these basic facts, 
an interesting rhythmic phenomenon was observed in two-PW 
sentences. Suppose that K is the number of syllables after the 
stressed syllable in the first PW, and L the number of syllables 
before the stressed syllable in the second PW. For instance, in 
the sentence “La G-ma-da / me lo d&r&” (“The nomad will tell 
me that.“), K=2 and L=3. There is a relation between K and Ts2 
(the onset of the second accent command), and between L and Tb 
(the PW boundary), as shown in Figures 2 and 3, respectively. 
This reveals a clear tendency for the interval between the two 
accent commands to be longer when it is too short, and to be 
shorter when it is too long. This suggests the existence of a 
tendency to isochronous occurrence of accent commands. 

0 
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%  x5 -40 
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j ;1 -60 
: I 

N -80 
i F  

-100 
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l . 

. .-_-_-.-. _  .._ _.  -..--. ---2.s -..---.--.----- 

-k =a 
_  _  ..- _  _ _  
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K 

+  Speaker 2  
m  N .A.-- Average 1  ---._-..--.- _.__. I 

i.. _-._ _. _.-_-----_____-_.-.-- -.--_-... -__.--_- ._-... - 
Figure 2. (T12 - Tsx) as a function of K 

0 1  2  3  

L  

- _.____ . ..- --_- ..___ _-. “-___-.-._-__ -_..-. -__. - -_-.. _--. _. _. _-.. . . ._--.__--___ -...--- ..__ .__ .___ _, 
Figure 3. (T21 - Tb) as a function of L 

5. CONCLUSION 
This research has demonstrated that there are tendencies toward 
isochrony in Castilian Spanish, both in terms of stress and pitch 
movement. It should be kept in mind, however, that the 
sentences treated here represent the simplest intonation pattern in 
the language. Investigations on longer and more complicated 
sentences have yet to be done. 
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NOTES 
1. Castilian Spanish is a  dialect of Spanish, widely spoken in central 
Spain, including Madrid, Salamanca.,  Burgos and  Valladolid. This 
dialect is usually considered to be  Standard Peninsular Spanish. 
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EFFECT OF PROSODY ON VOWEL-TO-VOWEL
COARTICULATION IN ENGLISH

Taehong Cho
University of California, Los Angeles, USA

ABSTRACT
It has been claimed that segments are 'strongly' articulated in two
prosodic positions: pitch-accented syllables [4, 5] and domain-
initial positions [3, 6, 7, 9].  The current study examines the effect
of these two prosodic conditions on resistance to vowel-to-vowel
coarticulation, based on acoustic data.  This study first shows that
vowels are strongly articulated at the edges of prosodic domains.
The degree of V-to-V coarticulation is in general greater when
vowels are separated by a lower prosodic boundary (e.g., a word
boundary), and it smaller when they are separated by a higher
prosodic boundary (e.g., an Intonational Phrase boundary). A
greater V-to-V coarticulation was found when the vowels have no
pitch accent.  Overall, vowels in prosodically stronger positions
resist coarticulation.

1.  INTRODUCTION
In recent years, there has been a growing interest in determining
how prosody affects the physical realization of segments. There is
an increasing consensus that there are no fixed phonetic
properties associated with a segment; rather the phonetic
realization of a segment varies depending on the prosodic
structure. For example, many researchers have found that the
articulatory magnitude varies depending on the prosodic position.
Quite a few studies [2, 3, 4, 5, 6, 7] among many others point to
two prosodic positions where segments may be ÔstronglyÕ
articulated. One is in pitch-accented syllables and the other is at
the edges of prosodic domains, especially the  initial position.

The first type of prominence occurs in a certain point of the
utterance which encodes the interplay of lexical stress and
sentential stress.  de Jong [4, 5] proposed that stressed (Nuclear-
or Prenuclear pitch-accented) segments, both consonants and
vowels, are hyperarticulated locally, making each segment
maximally contrastive in these positions.

The evidence for the second type of prominence can be
found in a series of EPG studies [3, 6, 7, 9] which show that
consonants in a prosodic domain-initial position (e.g.,
Intonational Phrase (=IP)) are produced with greater linguopalatal
contact relative to corresponding consonants in a domain-medial
position (e.g., Intermediate Phrase (=ip) initial but IP-medial).
This effect, known as domain-initial strengthening, is also
cumulative Ñ the higher the prosodic position, the more
linguopalatal contact. In contrast, consonants in domain-final
positions are not produced as strongly as they would be in
domain-initial positions (cf. [2])

These findings lead us to wonder about the
acoustic/articulatory behavior of vowels at 'strong' positions, both
within (Nuclear) pitch-accented syllables and at the edges of
prosodic domains.  The first question is about the vowel in
domain-initial CVÕs. Are vowels in this position also
strengthened, just like consonants? If a syllable as a whole is
strengthened domain initially, we might as well expect that any
segment occurring in that syllable, consonant or vowel, would be
strongly articulated.  Some relevant data is provided by Vayra &

Fowler [13] who showed that peripheral vowels (e.g., [a] & [i]) in
3 CV syllables in 3 syllable Italian words, become progressively
more centralized from left to right as the word progresses.  Put
differently, the vowel in the initial (or left edge) CV syllable of a
word has a more extreme F1 value (higher F1 for [a] and lower
F1 for [i]), showing some kind of strengthening word-initially.
The influence of prosodic positions on the articulation of the
whole CV syllable is also found in [6, 13]: the entire CV in
domain-initial positions tend to get strengthened. Our first goal,
therefore, is to systematically examine how extreme the
peripheral vowels (e.g., [a] and [i]) in domain-initial CV syllables
are, relative to domain-medial position.

The second question concerns the domain-final vowel in a
open syllable. Beckman, et al. [2] propose that the observed final
lengthening in pop preceding an Intonational Phrase boundary is
not attributable to ÔbiggerÕ displacement of the jaw but rather to a
change in stiffness (less stiff, therefore slower). However, they
did not examine any temporal or spatial changes for a domain-
final vowel in an open syllable. Fougeron and Keating [6], on the
other hand, show that vowel [o] generally becomes more open in
a domain-final position (but not so cumulatively), resulting in a
greater V-to-C displacement. The second goal of this paper, then,
is to extend their study by examining the extremity of F1 and F2
values for domain-final [i] and [a].
   The last question is how resistant vowels are to
coarticulation when they occur in prosodically strong positions.
As in de Jong [4, 6], it is hypothesized that strongly articulated
(in de JongÕs term, ÔhyperarticulatedÕ) vowels resist coarticulation
while vowels in weaker positions (such as unaccented syllable or
domain-medial position) are more vulnerable to coarticulation.
The current study tests this hypothesis by examining the extent to
which vowel-to-vowel coarticulation varies depending on
prosodic position and accentedness.
 The model of phrasal organization of speech [1], which is
adopted in this paper,  is shown in Figure 1. This model illustrates
a prosodic hierarchy where lower domains (e.g., syllables) are
grouped into an immediately higher level (e.g., word). We predict
that vowels before and/or after higher prosodic boundaries (e.g.,
IP) will be stronger and will resist coarticulation as a function of
strength of boundary.

Intonational Phrase (= IP) IP

ip ip

Wd Wd Wd

s ss s. . . . . .

Intermediate Phrase (= ip)

Word (=Wd)

Syllable�

higher

lower s . . .

Figure 1. Prosodic Structure of English (adopted from Beckman
& Pierrehumbert [1]).

2. METHOD
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2.1.  Speech Materials
To test the above-raised questions, sentences containing V1#bV2
were designed, varying with five factors:

¥ Types of prosodic boundary (Intonational Phrase (=IP)), 
Intermediate Phrase (= ip), and Word (=Wd)),

¥ V1 accentedness (accented/unaccented)
¥ V2 accentedness (accented/unaccented)
¥ Two  vowels ([i]/[a]) for V1
¥ Two vowels ([i]/[a]) for V2

This yielded 48 different sentences with four different V1-V2
pairs ([a]#[ba], [a]#[bi], [i]#[ba], [i]#[bi]), each with 12 different
prosodic patterns (e.g., Acc#Unacc with IP, Acc#Unacc with ip,
Acc#Unacc with Wd, etc).  A set of examples is given in Table 1.

Table 1.  A subset of the corpus containing different prosodic
boundaries (IP, ip, Wd) and accentual patterns.

(a)  Word Boundary : V1 Accented-V2 Unaccented

A: Did you just say ÒLittle Boo bobbed her hair last nightÓ
B: No, I said, ÒLittle Bah   bobbed her hair last night.Ó
rendition :            H*  [Wd                                     L- L%

(b) Word Boundary: V1 Unaccented-V2 Accented

A: Did you just say ÒLittle Bah popped her hair last nightÓ
B: No, I said, ÒLittle Bah     bobbed her hair last night.Ó
rendition :                 [Wd   H*                         L- L%

 (c) IP or ip Boundaries: V1 Accented-V2 Unaccented

A: Did you just say ÒLittle Boo bopped Anna's hair last nightÓ
B: No, I said, ÒLittle Bah           bobbed Ann's hair last night.Ó

    rendition 1:                    H* L-       [ip              H*                      L- L%
rendition 2:                    H* L-L% [IP             H*                      L- L%

(d) IP or ip Boundaries:V1 Unaccented-V2 Accented

A: Did you just say ÒBig Bah popped  her hair last nightÓ
B: No, I said, ÒLittle Bah         bobbed her hair last night.Ó

    rendition 1:             H*      L-        [ip  H*                             L- L%
rendition 2:             H*     L-L%   [IP  H*                            L- L%

2.2.  Procedures
The data reported here are from two male speakers of Californian
English. One of them (spkr 2) was a trained speaker in the ToBI
framework, and the other (spkr 1) was trained a few hours before
recording.  They read the test sentences producing the intended
renditions as in the samples in Table 1.  The prompts (i.e.,
speaker AÕs lines in the dialogs) were read silently to cue the
intended prosodic patterns.  Each sentence was repeated 10 times.
Any mistakes in producing the intended renditions were corrected
on the spot, either by the speakers themselves or by the
experimenter, who is a trained ToBI transcriber. In addition,
posthoc examination of the recorded utterances was made in
order to double-check the rendition.  In this procedure, some
ambiguous tokens were discarded from the pool of the data,
yielding 948 sentences for the analysis. The recorded sentences
then were digitized with a sampling rate of 12600 Hz and
analyzed by MultiSpeech (Kay Elemetrics Inc.)

For each vowel, eight values were measured: both F1 and F2
for the midpoint and offset for V1, and for the onset and midpoint
for V2 for both F1 and F2.  Formant values were obtained by

comparing the LPC formant history in the spectrogram with
LPC/FFT spectral readings. The FFT spectra were calculated
with 256 data points.  A 20 ms. LPC frame length was used for
measuring midpoint values and a 15 ms. frame length for edge
values.  The best value for LPC coefficients was chosen between
12 to 18, determined by how well the spectrogram readings
corresponded to the LPC formant history. In order to avoid the
burst energy for [b], formant values for V2 were taken by
calculating LPC spectra at a fixed point, 12 and 15 milliseconds
after the release for [a] and [i] respectively.

3. RESULTS & DISCUSSION
3.1. Domain-final vowel
One-way ANOVAs using prosodic position as a factor show that
the effect of prosodic position on the domain-final vowel is
significant at least at p <.05 level for both F1 and F2 dimensions
for both speakers.  As summarized in Table 1, the vowel [a] was
produced with higher F1 and lower F2 values at a higher domain-
final position (e.g., IP-final) compared to a lower domain-final
position (e.g., Wd-final).  That is, the vowel [a] is more open and
backer in a higher prosodic domain-final position.

For domain-final [i], a significant effect of prosodic position
was found only in F1. As shown in Table 1, F1 was in general
lower IP-finally and higher word-finally. However, no effect was
found for F2.  Our data suggest that the tongue position for [i]
seems to be higher, but not necessarily fronter,  in a higher
domain-final position.

Table 1. Fisher's PLSD Pairwise Posthoc Comparisons of
ANOVA. Ô>Ô or Ô<Ô refers to statistical significance at p <.05.

Domain-Final [a] Domain-Final [i]

F1 F2 F1 F2
Spkr 1 IP>(ip=Wd) IP<ip<Wd IP< ip < Wd IP=ip=Wd

Spkr 2 (IP=ip) >Wd IP<Wd (IP=ip)<Wd IP=ip=Wd

To sum up, vowels [i] and [a] tend to be more extremely
articulated in a higher domain-final position Ñ the high vowel [i]
becomes higher and the low back vowel [a] becomes lower and
backer.  This suggests that vowels are strongly articulated
domain-finally. This is different from domain-final consonants,
which do not show greater articulatory magnitude (e.g., [2]).

3.2. Vowels in domain-initial CV syllables
For [a],  there was a significant position effect on F1, with F1
being greater in higher domain-initial positions.  This suggests
that the open vowel [a] becomes more open in a higher prosodic
position.  For F2, only Speaker 1 shows a significant effect of
position, but not in the direction expected.  F2 was greater IP-
initially, intermediate, ip-initially, and smaller word-initially Ñ
that is, the tongue body is fronter, not backer, in a higher position
for the open back vowel [a]. For this speaker, there was no
difference in F2 between nuclear pitch-accented and unaccented
[a]s. For vowel [i], no systematic direction was found, though the
effect of prosodic position on F1 and F2 was found to be
significant in some cases.

So far, we have seen that F1 and F2 are varied with prosodic
positions in a way that vowels are in general more extremely
produced before and after higher prosodic boundaries. In what
follows, we examine effect of prosodic position on resistance to
V-to-V coarticulation.
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3.3. Effect of prosodic position on degree of Vowel-to-Vowel
coarticulation
F1 and F2 values for the test vowel V1 (V1V2) were compared
with F1 and F2 values for the control vowel V1 (V1=V2), as the
prosodic boundary varied between IP, ip and word. Then, the
Euclidean distance between the test and control conditions was
used as the index of degree of coarticulation: the longer the
distance, the greater the coarticulatory effect in the test condition.

Anticipatory coarticulation. The positional effect on
anticipatory coarticulation is illustrated in Figure 2. The first
obvious and unsurprising fact is that F1 and F2 for test vowels are
separated from their control counterparts, getting closer to the
formant values of the following opposite vowel Ñ anticipatory
coarticulation. A more interesting point is that in general, the
(Euclidean) distance between the control vowel and the test
vowel was smaller at IP, intermediate at ip, and greater at a word
boundary. The coarticulatory effect is in general seen in both F1
and F2, though for [a], Speaker 1 shows the effect only in F2.
Overall, vowels in higher domain-final position have greater
resistance to anticipatory coarticulation than do vowels in lower
domain-final positions.
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(a) F1 & F2 for V1 [a]  in V1#bV2

: V1 = V2 ([a#ba]) : V1 V2 [a#bi]
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(b) F1 & F2 for V1 [i]  in V1#bV2
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Figure 2. Effect of prosodic position on anticipatory
coarticulation: (a) shows V1[a], (b) shows V1 [i].  White symbols
indicate V1 followed by identical V2 (control), dark symbols
indicate V1 followed by different V2 (test condition); arrows are
labeled with the Euclidean distance (in Hz, not in scale of figures)
between the test and control conditions.

Carryover Coarticulation.  The effect of prosodic position
on carryover coarticulation is illustrated in Figure 3. Again, the
first obvious point is that  F1 and F2 of the test vowels (V2) are
closer to those of the preceding vowels, being separated from F1
and F2 of the control vowels (carryover coarticulation).  As in the
case of anticipatory coarticulation, the distance between the
control and test vowels is smaller at IP, intermediate at ip, and
greater at a word boundary, showing that higher domain-initial

vowels resist carryover coarticulation to a greater degree than do
lower domain-initial vowels.

Overall, the results show that the V-to-V coarticulatory
resistance, as measured by Euclidean distance in vowel space,
becomes progressively greater as its associated position moves up
in the prosodic hierarchy. This confirms the hypothesis that
vowels at edges of higher prosodic domains are strongly
articulated and are more resistant to coarticulation with their
neighboring vowels.

3.4.  Effect of Pitch-Accent on V-to-V coarticulation.
As in the previous section, the Euclidean distance between the
test vowel (V1V2) and the control vowel (V1=V2) was
calculated from F1 & F2 values, for accented and unaccented
vowels. For examining the effect of pitch-accent on V-to-V
coarticulation, F1 & F2 values were compared between control
and test vowels along with the Euclidean distances.
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Figure 3. Effect of prosodic position on carryover coarticulation:
(a) shows V2[a], (b) shows V2 [i]. (See the caption in Figure 2).

Anticipatory Coarticulation. For V1 [a], both speakers
produced accented [a] with a greater deviation from the control
vowel [a] in F1, but smaller deviation in F2 (figures not
provided). Vowel [i], however, had a greater deviation from the
control vowel in both F1 and F2 when the vowel [i] was accented
than when it was unaccented. The common result for both [a] and
[i] is that accented vowels resist coarticulation with the following
opposite vowels at least in F1.

Carryover Coarticulation. The effect of pitch accent on
carryover coarticulation is illustrated in Figure 4.  As can be seen
from the figure, a greater Euclidean distance was found for both
[a] and [i] when a vowel is accented than when it is unaccented.
A closer look at the figure, however, reveals that the greater
coarticulatory resistance was not always found in both F1 and F2.
For example, Speaker 2 produced the test accented vowel [a]
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with greater deviation from the control vowel in F1, but with
smaller deviation in F2.
 To sum up, both anticipatory and carryover coarticulation
patterns have shown that vowels occurring in accented syllables
in general resist coarticulation with neighboring vowels. This
finding is consistently true in F1 across speakers, while there is
speaker variation in F2.
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ure 4.  Effect of pitch-accent on carryover coarticulation: (a)
shows V2[a], (b) shows V2[i]. Arrows are labeled with the
Euclidean distance between the test and control conditions along
with accentedness of V2.

4. GENERAL DISCUSSION
This paper examined (i) how vowels at edges of prosodic domain
are realized as the prosodic domain varies from word up to
Intonational Phrase and (ii) the extent to which vowels resist
coarticulation in so-called strong positions. Results showed that
vowels are in general strongly articulated domain-finally as well
as in domain-initial CV syllables. We assume that such phonetic
events at the edges of prosodic domains are linguistically
motivated presumably for enhancing contrast of segments
occurring at the edges of domains higher in the prosodic
hierarchy (paradigmatic contrast). Such strengthening can also be
viewed as enhancing the contrast between segments at the edges
with the neighboring segments. Fougeron and Keating [6]
suggested that  the domain-initial strengthening results in a
greater V-to-C and C-to-V displacement at the edges
(syntagmatic contrast).

This type of prosodically conditioned strengthening can be
better understood by examining coarticulation. de Jong [4, 5]
suggested that the prominence associated with pitch-accent is
linguistically motivated for enhancing lexical contrast and makes
segments resist coarticulation with neighboring segments. In the
current study, we have seen that vowels  in pitch-accented
syllables resist coarticulation with neighboring vowels,

confirming de JongÕs observation. In addition, a greater V-to-V
coarticulatory resistance is also found at both edges of prosodic
domains.

All in all, this study suggests that segments are strongly
articulated in two prosodic positions: in pitch-accented syllables
and at the edges of prosodic domains.  Vowels occurring in the
stronger positions are not only more extremely articulated but
also more resistant in coarticulation with the neighbors. This
study  implies that the prosodic structure is closely related to, or
influential on, phonetic realization of individual segment in a way
that is crucial in understanding the low level phonetic events.

In this paper, we have not examined the relationship between
the spatial and temporal aspects of the vowel production.
Articulatory strengthening may be due to longer durations in
stronger positions. Thus, examining the relationship between the
duration and the articulatory magnitude would allow us to test the
articulatory undershoot hypothesis that longer durations would
result in articulator reaching its target (articulatory undershoot)
(cf. [10, 11]).  Examining the temporal aspects of the segments at
the edges would also help understanding coarticulation. Our data
contain a consonant [b] flanked by test vowels.  It can be
hypothesized that the shorter the intervening consonant, the less
the coarticulatory resistance. We hope to present relevant data
testing this hypothesis at  the conference.

ACKNOWLEDGMENTS
I would like to thank Sun-Ah Jun and Pat Keating for their valuable input
and suggestions. I also thank two speakers (Greg Parker & Alex
MacBride) and my colleague Adam Albright for his useful comments.

REFERENCES
[1] Beckman, M.& Pierrehumbert, J. 1986. Intonational Structure in
Japanese and English, Phonology Yearbook, 3, 225-309.
[2] Beckman, M., Edwards, J., & Fletcher, J. 1992. Prosodic structure
and tempo in a sonority model of articulatory dynamics.  In Paper in
Laboratory Phonology II (G.J. Docherty & D.R Ladd, editors), pp.68-86.
CUP: Cambridge
[3] Cho, T. & Keating, P. 1999. Articulatory and acoustic studies on
domain-initial strengthening in Korean. UCLA ms.
[4] de Jong, K.  1991.  The oral articulation of English stress-accent.
Ph.D. disseration, Ohio State University.
[5] de Jong, K.  1995.  The supraglottal articulation of prominence in
English: Linguistic stress as localized hyperarticulation. JASA, 97(1),
491-504.
[6] Fougeron, C. & Keating, P. 1997. Articulatory strengthening at
edges of prosodic domains. JASA 101(6), 3728-3740.
[7] Hsu, C.-S. & Jun, S.-A. 1998. Prosodic strengthening in Taiwanese:
Syntagmatic or paradigmatic?. UCLA Working Papers in Phonetics, 96,
69-89.
[8] Keating, P. 1990. The Window Model of Coarticulation:
Articulatory Evidence. In Papers in Laboratory Phonology I: Between the
grammar and physics of speech (J. Kingston & M. Beckman, editors), pp.
451-470. CUP.
[9] Keating, P., T. Cho, C. Fougeron, & C. Hsu. 1998.  Domain-initial
strengthening in four langauges.  To appear in Papers in Laboratory
Phonology 6.
[10] Lindblom, B.  1963. Spectrographic study of vowel reduction. JASA,
35, 1773-1781.
[11] Moon, S. J. & Lindblom, B. 1994.  Interaction between duration,
context, and speaking style in English stressed vowels. Journal of the
Acoustical Society of America, 96, 40-55.
[12] Pierrehumbert, J. & Talkin, D.  (1992)  Lenition of /h/ and glottal
stop. In Papers in Laboratory Phonology II: Gesture, Segment, Prosody
(G. Docherty & D. R. Ladd, editors), pp. 90-117. CUP.
[13] Vyra, M. & Folwer, C.  1992.  Declination of supralaryngeal
gestures in spoken Italian. Phonetica 45, 122-129

page 462 ICPhS99          San Francisco



PROSODIC STRUCTURE AND VOWEL DURATION IN DUTCH 
T. Rietveld, J. Kerkhoff  &  C. Gussenhoven 

Centre for Language Studies, University of Nijmegen, The Netherlands
e-mail: a.rietveld@let.kun.nl

ABSTRACT
A production experiment with reiterant speech aimed at assessing
the relation between prosodic structure of words and vowel duration
in Dutch. The vowels used in this experiment were [a�] and [i],
which are traditionally distinguished on the basis of quantity in the
conditions discussed here. It was found that the duration of a vowel
in the strong syllable of a foot exceeds that of the weak syllable(s)
in the same foot. Besides, in only three conditions are consistent
differences found between [a�] and [i]: in strong syllables of strong
and weak feet, and in strong  monosyllabic feet. The results
challenge the traditional division of Dutch vowels into ‘long’ and
‘short’. A common intrinsic duration assigned to all vowels in a
Text-to-Speech System for Dutch, only modulated by prosodic
position, yields a good temporal quality of the generated speech. 

1. INTRODUCTION
The aim of the experiments to be described here was to assess the
relation between the prosodic structure of words in Dutch and
vowel duration. Conventionally, Dutch  monophthongs are grouped
into two classes, the lax vowels, which are short, and the tense
vowels, of which the [-high] vowels are long, while the [+high]
vowels are long only before [r] in the same foot (cf. Table 1) and
short otherwise [1]. The distribution of the [+high] tense vowels is
the same as that of the [-high] tense vowels: both can occur in open
syllables, whereas the occurrence of lax/short vowels is restricted to
closed syllables.

Table 1. Dutch  monophthongs (other than schwa, and marginal
vowels occurring in recent loans)

Lax (short) Tense (long or short)

, <

( o

$

L \ X

HØ 2Ø RØ

DØ

In the phonetic literature, a different classification is encountered:
long vowels ([HØ� 2Ø� RØ� DØ]), half long vowels ([L� \� X]) and short
vowels ([,� <� (� o� $]). Koopmans-van Beinum [4] showed the
following average durations of vowels in these three classes in the
condition isolated words: ‘long vowels’: 200 ms, ‘half long vowels’:
125 ms and ‘short vowels’: 105 ms. In the condition ‘stressed in
read speech’ the following  means were obtained: ‘long’: 130 ms,
‘half long’: 80 ms and ‘short’: 70 ms. The data in Koopmans-van
Beinum’s  investigation  were obtained  in  two  prosodic positions
[± lexical stress, crossed  with  five  speaking  styles. The  variable
[± lexical stress] is of particular significance, as it pools conditions
which may affect vowel durations. Vowels may not have the same
durations in the strong foot as in weak feet in the word, while in any

one foot, their duration may not be the same in the strong syllable
as in the weak syllables. If such conditions interact with vowel type,
as it is our impression they do, such pooling over conditions is
likely to give a misleading picture of the durational properties of
vowels in Dutch.

Accordingly, we decided to investigate the duration of the
vowel [a�], a vowel claimed to be long by all accounts, and [i],
claimed to be short except before [r] in the same foot or,
alternatively, half-long, in as many positions in word prosodic
structure as we were able to identify, and subsequently to construct
appropriate generalizations on the basis of the results. We left the
lax vowels out of this investigation because, first, their distribution
differs from that of tense [i, a�] which, unlike the lax vowels, can
appear without a coda consonant, and second, because there is
general consensus that they are short. Neither did we investigate the
effect of coda consonants.

2. DESIGN AND MATERIALS
The production experiment consisted of two parts: (I) an experiment
with reiterant speech, and (II) an experiment with lexical words of
the same prosodic structure as the reiterant words. The production
experiment with reiterant speech was carried out in order to exclude
confounding factors. Four native speakers of Dutch (three male and
one female, age 23-35) participated in both parts of the experiment.

The materials to be read in part (I) were printed on paper, one
page for each word prosodic type. Each page contained a few
examples of the word prosodic type to be imitated by means of
reiterant speech, like rododendron, kalimera in the case of ( x • )
( x • ), as well as a carrier sentence of the type Ik DOE (...) niet ‘I
DO (...) not’. DOE  had to be realized with a sentence accent, in
order to obtain unaccented reiterant imitations of the target words,
and the reiterant word was written on the position of (...). The
syllable with word stress was printed in bold, in order to facilitate
the realization of a correct rhythm. In order to facilitate the
realization of the words, it was decided to alternate the initial
consonants of the syllables. The reiterant words had the following
characteristics:

  a) They either contained the vowel [a�] or the vowel [i] in all
syllables;

  b) The syllables alternated in their initial consonants (/k/, /s/,
/m/); thus the following alternations were obtained: /k-s/, /s-k/,
/k-m/, /m-k/, /s-k/, /k-s/. An example for the word
rododendron: sakasaka, sikisiki, kasakasa, kisikisi,
kamakama, kimikimi, makamaka, mikimiki, masamasa,
misimisi, samasama, simisimi (12 versions).

Nine word prosodic types were distinguished which allowed us to
determine the effect of primary stress, secondary stress, serial
position (initial, non-peripheral and final syllable in foot, and ditto
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foot in word), as well as unfooted, word-initial position. 
Forty-eight, 12 (versions) x 4 (speakers), realizations were

obtained for each of the nine word prosodic types, depicted in table
2.

The durations of the segments of the reiterated words were
automatically determined on the basis of continuous density
HMM’s. To that end, we used a system developed by Philips
Research Labs and adapted for Dutch [5]. Input to the system are
the speech samples sampled at a rate of 10 kHz. Thirty-one cepstral
coefficients are extracted for every 5 ms, with a window length of
25 ms; the coefficients are obtained from an FFT analysis. The
system uses acoustic models (HMM’s) of the segments, a lexicon
and a database. The lexicon contains orthographic and phonemic
transcriptions of the words which make up the sentences, while the
database contains the exact phonemic representation of every
sentence to be segmented automatically. The continuous density
HMM’s model each segment as a sequence of three subphones
(onset, mid, offset) represented by four states each. The ASS-system
executes a forced recognition and the output contains all
timemarkers where a phoneme (or a pause) changes into another
phoneme (or pause). A comparison was made between manually
and automatically determined segment durations determined in the
utterances of a random subsample. Although larger individual
differences did occur, differences between average durations of
vowels in specific prosodic positions did not exceed 10 ms.  

3.  RESULTS 
3.1. Reiterant speech
3.1.1. Overall effects of vowel type, prosodic position and
speaker. Separate analyses of variance were carried out on the
vowel durations of the reiterant imitations of the nine word prosodic
types at issue. These analyses comprised three factors:

  a) prosodic position of the syllable (the number of levels of this
factor varied as a function of the number of syllables of a word
prosodic type);

  b) the speaker (4 levels) and 
  c) the vowel ([a�] and [i]).

The significance level adopted in these analyses was set at .05. 
The factor prosodic position was significant for all word

prosodic types, and the factor ‘vowel’ for all words but for two:
‘minimalisatie’ and ‘olifant’. The interaction between these factors
was significant for all words, which  means that the difference in
duration of [i] and [a�] was not the same in all prosodic positions
(see section 3.3 for a more detailed analysis of this interaction). The
factor ‘speaker’ was significant for six of the nine word prosodic
types involved; interactions between this factor and the factors
‘syllable’ and ‘vowel’ were present, but not consistent over all word
prosodic types. Significant interactions with the factor ‘speaker’
were never disordinal.
 
3.1.2. The effect of prosodic position on the duration of vowels
and syllables. In table 2 we present the durations of vowels and
consonants as a function of word prosodic type, vowel type and
prosodic position. Each mean is obtained by pooling over speakers
and consonants.

The results of the statistical test can be summarized as follows:

Table 2. Mean durations of vowels and consonants as a function of
word prosodic type and vowel type; each mean is obtained by
pooling over speakers and based on 24 observations. The duration
of the consonant - C - is the mean of all consonants (/k/, /s/, /m/) in
that specific position. ( x .. ) = strong syllable in a foot, ( .. • ) =
weak syllable in a foot,  • = unfooted syllable,  � = strong foot
(primary stress).

word prosodic type and prosodic position

ro do     DEN dron
( x  • )    �� ( x  • )

pa ci  fi   CA tie
( x • • )   �� ( x • )

O li      fan  ten
��( x • )   ( x • ) 

C 97   70   80   77 85   64   64   80   72 90   73   80   78 

[i]   77   66   78   64   68   56   61   77   63   81   67   75   61

C 93   66   83   72 87   62   63   78   74 93   69   80   73

[a��]   93   63   110   60   81   52   55  120   55   99   60   106   57

pa ra   DIJS
( x • )   ��( x )

mi ni  ma li   SA tie
( x • )  ( x • )   ��( x • ) 

pi   RAAT
•     ��( x )

C 94   76   90 84  70  68  68  84 74 88   100

[i]   73   65   92   72  57  64  54  78  67   73    94

C 90   71   89 87  66  70  68  80 67 84   90   76

[a��]   85   62   127   81 51  66  52 120  71   79   151

lo co mo  TIEF
( x • • )     ��( x )

O li     fant 
��( x • )  ( x )

pi    A  no
•     ��( x • )

C 87   66   69   85 85   74   77 76   91   85

[i]   69   57   61    90   82   66   69   69   86   70

C 92   64   67   82 92   71   80 72   84   80

[a��]   81  52   58   135   99   55   79   73   133   65

  a) The duration of the vowel in the syllable with word stress
exceeds that of the vowel in other foot-heads. The syllable
with word stress is longer than other syllables.

  b) The duration of a vowel in the strong syllable of a foot exceeds
that of  the  weak syllable(s)  in  the  same foot. However,  this

 tendency  was  not  observed  in  non-peripheral  weak  feet:
v3 = v4 in a word like minimaliSAtie (v = vowel).

  c) The duration of the appendix does not differ from that of a
weak syllable in a strong foot.

  d) In trisyllabic feet the duration of the vowel of the non-
peripheral weak syllable is equal to that of the peripheral one:
v2 = v3 in locomoTIEF, pacifiCAtie.

  e) The tendencies found for the vowel durations are similar to
those found for the durations of the syllables.

3.3. The difference in duration between [i] and [a��] as a function
of prosodic position
In section 3.1 we reported a significant interaction between
prosodic position and vowel type. This interaction means that the
difference in vowel duration between [i] and [a�] is a function of
prosodic position.
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Figure 2. Mean vowel and syllable durations as a function of vowel
([a�] vs [i]) and prosodic position: App = Appendix, Snper = a
non-peripheral syllable, Fw/Sw = Weak syllable in a weak foot,
Fs/Sw = Weak syllable in a strong foot, Fw/S = Monosyllabic weak
foot, Fw/Ss = Strong syllable in a weak foot, Fs/Ss = Strong
syllable in a strong foot, Fs/S = Monosyllabic (strong) foot.  

Separate one-way analyses of variance were carried out for the
data of the 4 speakers. The dependent variable was the durational
difference between [a�] and [i] in corresponding reiterant imitations
and in similar prosodic positions, for instance a2 vs i2 in
sa1ka2SA3ka4 and si1ki2SI3ki4. Each analysis contained the factor
‘prosodic position’, consisting of 8 levels:

    1   Appendix      5   Fw/S (monosyllabic)
    2   Non-peripheral syllable      6   Sw in Fs
    3   Sw in Fw      7   Ss in Fs
    4   Ss in Fw      8   Fs/S (monosyllabic)

In each analysis the factor 'prosodic position' was significant at the
1% level. We also determined the 95%-Confidence Intervals for
each mean of durational difference between [a�] and [i]. In table 3
we present the estimates of the differences; if the 95%-CI contains
zero, a 0 is noted in the corresponding cell.

In only three conditions consistent differences were found
between [a�] and [i]: in strong  syllables of strong and weak feet
(Fs/Ss and Fw/Ss), and in strong  monosyllabic feet (Fs/S). In the
Fw/S position provided a significant difference in the complete data
set, but in the reduced sets of the separate speakers only the 95%-CI
of speaker 1 did not contain zero.

3.4. Modelling vowel duration in speech synthesis
In most speech synthesizers, intrinsic vowel duration plays an
important role. The intrinsic duration of vowels has been the subject
of phonetic research for a long time. At first, it was primarily of
theoretical interest, later it became of more practical relevance,

Table 3. Estimated differences between the durations of [a�] and [i]
as a function of prosodic position and speaker. If the 95%-
Confidence Interval contains 0, the difference is estimated to be
zero. 

Speaker 1 Speaker 2 Speaker 3 Speaker 4

Appendix         0           0        0        8

Nonper. S       -10       -7        0        0

Fw/Sw         0       -11        0        0

Fw/Ss        22       11       14       12

Fw/S        35         0        0        0

Fs/Sw         0      -19        0        0

Fs/Ss        29       37       48       17

Fs/S        35       48       39       59

 when segmental duration rules for speech synthesis were needed.
As van Santen [6] pointed out, the concept of intrinsic duration
presupposes that the order of vowel durations is invariant across
contexts. Neither Van Santen nor, earlier, Umeda [7] found
systematic evidence against this assumption.

Estimates of intrinsic durations are most often obtained by
pooling durations, either over segmental contexts, or over stress-
positions (unstressed, secondary stress, primary stress) or over both.

Another way of approaching the concept of intrinsic vowel
duration is one in which the duration of the vowel is taken in its
weakest prosodic position: a weak syllable in a weak foot (Fw/Sw).
As was established in section 3.3. As an estimate of the new
intrinsic duration, we took the mean duration of the two vowels,
rounded to 65 ms for both vowels. The averages obtained confirm
the assumption that the difference in duration between these two
vowels is neutraliszed in the positions other than the foot head.
Thus, we do not distinguish between different intrinsic values, but
build our duration model on the basis of one single anchor value. In
contrast to most other models, our additive model is thus only a
function of prosodic position (Appendix, weak/strong syllable,
weak/strong foot) and consonantal context.

The additive  model we implemented in our diphone Text-to-
Speech synthesizer KUNTTS  is quite simple, and can be described
as:

DUR(v) = I(v) + Pros(v) + Cons(v)

in which I(v) = Intrinsic duration
Pros(v) = effect of prosodic position
Cons(v) = effect of consonantal context

The implemented effects of prosodic position on the intrinsic
duration I(v) are given in table 4. Note that values shorter than the
intrinsic duration  I(v) are obtained in non-peripheral weak syllables
in a foot.

In order to assess to what extent the vowel durations of the
KUNTTS system correlate with the measured durations, two sets of
correlations were calculated. The first set contained the correlations
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Table 4. Increments and decrements of vowel durations in the
KUNTTS-system, as a function of prosodic position. Snper = non-
peripheral syllable in a foot.

Prosodic position [a��] [i]

     Fw/Ss, Fw/S +45 ms +15 ms

     Fs/Ss +55 ms +35 ms

     Fs/Sw +10 ms +10 ms

     Fs/S +75 ms +45 ms

     Appendix +15 ms + 15 ms

     Snper -5 ms -5 ms

between the means of the vowel durations of the reiterant
words(averaged over the four speakers) and the corresponding
means of the durations generated by KUNTTS for each of the nine
word prosodic types. We did not correlate the vowels of the
different tokens of each word prosodic type, as this would introduce
dependencies in the data. The second set comprised the correlations
between the vowel durations of three lexical words of each of the
nine word prosodic types, averaged over five speakers (the same
speakers who had realized the reiterant speech plus one extra
speaker), and the vowel durations generated by the synthesizer for
these words.

Table 5. Mean correlations between KUNTTS-generated vowels
and vowels spoken in reiterant and lexical words.

Correlation Mean
 correl.

Standard
dev.

Maximum Minimum

  Reiterant 0.93 0.5 0.99 0.84

  Lexical 0.83 0.8 0.90 0.70

Table 5 shows that the means of the correlations are quite high,
although we have to keep in mind that the separate correlation
coefficients are based on relatively small numbers of observations.
For instance, in the row ‘reiterant’ the correlation between the
vowel durations of the reiterant versions of rodoDENdron is based
on 8 pairs of vowel durations, viz. the 8 means of the measured [a�]
and [i] vowels and the corresponding synthesized vowel durations
(the word rododendron consists of 4 vowels). In both categories
‘reiterant’ and ‘lexical words’ all correlations were significant at the
5%-level.

In summary, we can say that the durations of the synthesized
vowels and the vowels realized by the human speakers match quite
well.

4. CONCLUSION
In the experiments reported here we intended to establish the effects
of prosodic structure on vowel duration in Dutch. The results, based
on reiterant imitations of nine word prosodic types covering all
possible prosodic structures of Dutch non-compounds, are quite
clear. As expected, vowels carrying lexical stress are longer than
vowels in other positions. However, lengthening of vowels in the
heads is not restricted to primary stress, but is observed in syllables
with secondary stress as well, i.e., is the result of ‘headedness’ in
the foot. Vowels in the heads of weak or strong feet are longer than
their counterparts in weak syllables. Thus, the traditional distinction
between ‘long’ and ‘short’ vowels in Dutch is challenged. In our
experiment only two vowels were used: [a�] and [i]; the former is
traditionally labelled ‘long’, and the latter ‘short’ or ‘half-long’ in
the conditions investigated here, depending on the research
tradition. The results of the production experiment showed,
however, that both vowels have the same duration, and that the
difference between the two only surfaces only in foot heads. This
result corroborates the constraints (and ranking) on syllable and
foot structure in Dutch proposed by Gussenhoven [2,3], in which
the long duration of ‘long vowels’ is derived from stress (‘Stress-to-
Weight Principle’).

Our findings gave rise to a change in the structure of the
duration rules implemented in NIROS, the Nijmegen synthesis
system. Up until now, a table with vowel dependent duration values
had served as the basis for vowel calculations. This table is no
longer used and has been replaced by vowel type-specific rules
accounting for lengthening and shortening, the types being ‘long’
and ‘short’ vowels. The rules only generate differences between
vowels of these two categories in headed positions. Validation of
these rules was carried out by comparing vowel durations in human
speech and synthesized speech; the correlations between them were
very satisfactory and - together with a good perceptual quality of the
generated speech - provided confirming evidence for the validity of
the prosodically-driven vowel duration rules discussed here.   
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ABSTRACT

Based on results from previous experiments, the hypothesis is are given, with accented syllables in capitals and the relevant
tested that there is an interaction between final lengthening and material underlined:
accentual lengthening in Dutch, but not in English. To this end, a
production experiment was run for both languages with accented (1) a. English
and unaccented words in three positions in the phrase. The results I said ‘BAKE enforce’, not ‘BANK enforce’.
confirm the above hypothesis. Furthermore, the distribution of I said ‘bake enFORCE’, not ‘bake reMORSE’.
final lengthening and accentual lengthening in disyllabic words b. Dutch
with initial stress is investigated. To avoid an interaction between Ik zei ‘PANda masten’, niet ‘HINde masten’.
accentual lengthening and final lengthening, Dutch speakers could ‘I said panda   masts,     not   hind     masts’
realize the former on the first syllable and the latter on the second. Ik zei ‘panda MASten’, niet ‘panda POORten’.
Instead, however, there is a lack of accentual lengthening in final ‘I said panda  masts,      not   panda  gateways’
position in disyllabic words as much as in monosyllabic words.

1. INTRODUCTION
In stress-accent languages such as Dutch and English, prosodic present purposes is that the materials contained words in phrase
features are used to indicate which parts of the speech stream are final position (enforce and masten in (1)) and in non-final position
most important, and to segment the continuous flow of speech into
smaller units at several different levels. The boundaries signalled
by prosodic features are referred to as prosodic boundaries, and
the units delimited by these boundaries as prosodic constituents.
When a syllable is marked by a conspicuous ‘accent-lending’ pitch English, and also in more recent studies on (Scottish-)English
movement, making it salient at the phrase level, it will be called using similar material, a fairly consistent accentual lengthening
accented. effect was found (ranging from 19% to 29%; [7, 9, 10, 11]). In

In this paper, I will only be concerned with the use of
duration to mark both accents and boundaries. Final lengthening accented mas only by 6% (averaged over items; pan and mas are
marks prosodic boundaries, particularly the Intonational Phrase, only taken as examples). Assuming that the difference in the
by lengthening of the preboundary segments ([1], and references amounts of accentual lengthening found in Dutch is caused by the
therein). It has also been claimed to mark smaller constituents like differences in position in the phrase, this suggests that there is an
the (phonological) word, yet word-final lengthening is not nearly interaction between final lengthening and accentual lengthening in
as clear and consistent as Intonational Phrase-final lengthening [2]. Dutch, but not in English. Note that even though these results are
Accentual lengthening is defined as lengthening due to a pitch taken from a fairly large data set in both languages, strictly
accent. It is a secondary cue to accent: the primary cue is intona-
tion [3].

While final lengthening has regularly been the primary focus
of phonetic studies, accentual lengthening has often only been
investigated as one of several cues to accent. Furthermore, the two
effects have often been studied separately (but see [4, 5] for
exceptions); especially studies on cues to accent have been careful
to avoid phrase-final positions, in order to avoid any interaction Is there an interaction between final lengthening and
effects (e.g. [6]). In this paper, a production experiment will be accentual lengthening in Dutch, but not in English?
described which investigates the interaction between final
lengthening and accentual lengthening in Dutch and English. Besides this main research question, the distribution of both

2. THE PRODUCTION EXPERIMENT
The present investigation was invoked by the results of previous that final lengthening is progressively distributed across the
work on the domain of accentual lengthening, i.e. the unit which is preboundary segments, and is therefore mainly found in the final

durationally affected by a pitch accent, in English and Dutch [7,
8]. In (1), examples of the English [7] and the Dutch [8] materials

Although these materials were not designed to investigate the
lengthening of the accented syllables, what is crucial for the

(bake and panda in (1)), and all occur in focused and in non-
focused position (i.e., are either accented or unaccented).
Averaging over test items, the amount of accentual lengthening on
the accented syllables was similar across these two positions in

Dutch, however, accented pan was lengthened by 25%, but

speaking the sets of syllables occurring in the two positions are not
comparable; they differ segmentally, occur in different words, etc.
In other words, the material was not designed to make such a
comparison.

The present experiment is specifically designed to address the
following research question: 

types of lengthening in disyllabic words with initial stress will be
another issue addressed in this paper. Previous research has shown
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syllable [1, 12]. Accentual lengthening, on the other hand, may be In all, (8 names x 3 positions x 3 accent conditions =) 72
spread across the entire word [6, 8]. In Dutch in particular, where items were included for each language. Since every utterance
we expect final lengthening to interfere with the realization of contains three names, (72/3 =) 24 utterances were required for
accentual lengthening, disyllabic words may offer the room each language to obtain a complete set of stimuli.
needed to implement both types of lengthening (while mono-
syllabic words don’t), since accentual lengthening can be realized
in the penultimate (stressed) syllable while final lengthening is Six native Dutch speakers with no obvious regional accents or
realized in the final syllable. This predicts a weaker interaction speech impairments participated in the Dutch part of the experi-
effect in the disyllabic words than in the monosyllabic words, and ment. Six native speakers of RP-English participated in the
a concentration of accentual lengthening in the first syllable of the English part of the experiment.
disyllabic words in final position. The utterances were quasi-randomized such that two

2.1. Material
Dutch and English carrier phrases were made up containing proper sentences, which were taken from the test material. All utterances
names in three positions, as exemplified in (2): were preceded by a question, putting focus on one of the proper

(2) Dutch:           1            2              3 capitals. In the English experiment, some additional utterances
 Volgens        mij  sprak  Ko met  Jan over  Mie. were recorded with other names than the ones given in (3); these
‘according-to me  spoke Ko with Jan about Mie’ will not be discussed here.

English: 1               2                   3 subjects’ speech was recorded onto DAT-tape, copied onto a
  I  think  that  Joe  told  John  about  May. computer disk and down-sampled to 16 kHz. The English

The name positions will be referred to as ‘initial’ (1), ‘medial’ (2) amplified, low-pass filtered at 7.8 kHz and sampled at 16 kHz.
and ‘final’ (3), even though position 1 is not really domain-initial; After some practice utterances, subjects read the questions
rather, the term ‘initial’ refers to its sequential position within the and the test sentences first in the order A-B, and then in the order
phrase (relative to the other proper names). B-A, with a minor break in between. They were instructed not to

In each of these positions, four monosyllabic and four pause within utterances. The experiment was monitored by the
disyllabic names occurred in each language. Names were chosen author. In case of speech errors, speakers were asked to repeat the
such that the disyllabic names were like extensions of the whole question-answer pair. 
monosyllabic names. The monosyllabic names were of the form Most speakers produced the test utterances with a default
CV(C), while the disyllabic names were of the form CVcv(c) (with ‘pointed hat’ (1&A, cf. [13]; or H*L, cf. [14]) on the accented
capitals indicating lexical stress). name, without being told to do so; if a speaker did not, (s)he was

(3) DUTCH ENGLISH was. It is therefore reasonable to assume that intonation was
Jan  -  Jannie / UjYn  -  UjYni, / John  -  Johnny comparable across speakers.
Peet  -  Peter / Upe+t  -  Upe+tcr / Mike  -  Michael
Mie  -  Mina / Umi,  -  Umi,na+ / May  -  Macy
Ko  -  Kobus / Uko+  -  Uko+bcs / Joe  -  Joseph The results for each language are based on (8 names x 3 positions

All these names occurred in each of the three target positions. The measurements in total (108 per name). Segmentation was done by
carrier phrase contained either three monosyllabic names or three hand. In the case of initial voiceless plosives (Peet-Peter, Ko-
disyllabic names, so that the total number of syllables in the phrase
was the same for each occurrence of any particular name.

A preceding question put narrow focus on only one of the
three names. The name which was consequently accented is given
in capitals in (4), giving English examples:

(4) a.  Who told John about May?
 I think that JOE told John about May.

b.  Who did Joe tell about May?
 I think that Joe told JOHN about May.

c.  Who did Joe tell John about?
 I think that Joe told John about MAY.

Any name in any position was thus once accented, and twice
unaccented (i.e. when one of the other two names was accented). 

2.2. Subjects and procedure

utterances in sequence never had the same accent position. The test
utterances were preceded and followed by a number of dummy

names, as in (4). The name which was to be accented was given in

Subjects were seated in a sound-insulated booth. The Dutch

subjects’ speech was recorded directly to disk, after being

interrupted and told explicitly what the desired intonation contour

2.3. Results

x 3 accent conditions x 6 speakers x 2 repetitions =) 864

Kobus), the onset of the burst was taken as measuring point, thus
excluding the preceding silent interval. In each position, the results
of the two unaccented conditions are taken together, since they did
not differ from one another (F[1,190]<1 in all three positions and
in both languages).

2.3.1. Total name durations. In Figure 1, the mean total name
durations are presented per position and accent condition for
Dutch. An ANOVA with position in the phrase and accent
condition as fixed factors, with repeated measures over names,
speakers and repetitions and total name duration as the dependent
variable, shows that both position in the phrase and accent
condition have a significant effect on the results (position:
F[2,861]=248.7; p«.001, accent: F[1,862]=45.0; p«.001). These
effects are the result of final lengthening and accentual lengthening
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Figure 1. Total name durations in Dutch, broken down by
position and accent condition.

Figure 2. Total name durations in English, broken down by
position and accent condition.

DUTCH ENGLISH

first syllable second syllable first syllable second syllable
duration s.d. duration s.d. duration s.d. duration s.d.

!!final , unaccented n=192 141.0 25.2 127.4 28.8 162.0 33.5 147.9 33.0

!!final , accented n=96 160.9 22.8 156.8 31.1 196.0 45.1 179.5 35.9

accentual lengthening:   19.9  (14%)   29.4  (23%)   34.0  (21%)   31.6  (21%)

+final , unaccented n=96 172.7 28.2 238.0 ms 55.8 181.4 34.4 270.0 56.2

+final , accented n=48 172.3 23.6 252.1 ms 56.7 201.4 41.3 301.0 70.6

accentual lengthening:    -0.4  (  0%)   14.1  (  6%)   20.0  (11%)   31.0  (11%)

Table 1. Syllable durations and standard deviations in ms of the disyllabic names in final and non-final positions, broken down by accent
 condition. The accentual lengthening found in each syllable in final and non-final position is given in ms and in percentages.

respectively: as is clear from Figure 1, names in final position are condition and position (F[2,858]<1), and indeed a significant
much longer than in non-final position, and accented names are effect of accent is found in all three positions (F[2,285]=26.4;
longer than unaccented ones. There is also a significant interaction
between position in the phrase and accent condition (F[2,858]
=4.8; p=.008). Oneway ANOVA’s show that a significant effect of
accent condition is found only in initial and medial position
(F[1,286]=46.5; p«.001 and F[1,286]=26.1; p«.001 respectively),
but not in final position (F[1,286]=1.4; n.s.). Running separate
analyses for the monosyllabic and disyllabic words reveals that the
interaction between position in the phrase and accent condition is
significant for both groups of names (monosyllabic: F[2,426]=5.7;
p=.004, disyllabic: F[2,426]=4.5; p=.01).

In Figure 2, the same data are shown for English. As in durations in initial and medial (i.e. non-final) positions are
Dutch, both position in the phrase and accent condition have a comparable, the phrase positions have been regrouped into
highly significant effect on the results (position: F[2,861]=288.8; +/!final. On the left, the results for the Dutch disyllabic names are
p«.001, accent: F[1,862]=103.3; p«.001). Contrary to Dutch, given; on the right, the results are given for the English names.
however, there was no significant interaction between accent In Dutch, the accentual lengthening effect in final position is

p«.001 in initial position; F[2,285]=16.8; p«.001 in medial
position and F[2,285]=12.1; p«.001 in final position). 

2.3.2. Syllable durations in the disyllabic names. Disyllabic
names were included in the material to see if speakers use the
larger size of the word to place final lengthening and accentual
lengthening on different syllables. In Table 1, the syllable
durations of the disyllabic words are given per accent condition
and position in the phrase, as well as the standard deviations and
the amounts of accentual lengthening on each syllable. Since
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much smaller than in non-final position (0% - 6% vs. 14% - 23%), syllabic words. Furthermore, the remaining amount of accentual
as was already observed in the previous section (Figure 1), and lengthening in final position is not concentrated in the penultimate
what’s more, the lengthening we do find in final position is
realized in the second syllable (6%). These results do not agree
with the suggestion that an interaction between final lengthening near lack of accentual lengthening in final position across the
and accentual lengthening can be avoided in disyllabic words by board. Further research is needed to pinpoint how ‘non-final’ a
placing the two effects in different syllables: if this were true, we word or syllable should be in order to be accentually lengthened to
would expect the accentual lengthening in final position to be a normal degree.
realized on the first syllable, and not on the second syllable.

As a matter of fact, the amount of accentual lengthening on
the first syllable is smaller than that on the second syllable in non-
final position too (14% vs. 23%). The small effect of accent on the
first syllable may be due to the exclusion of the silent interval of
the onset plosives /p/ and /k/ from the measurements (in Kobus
and Peter), because part of the accentual lengthening is probably
realized in this interval. Indeed, the initial syllables of Mina and
Jannie show a mean lengthening of 30% and 23% respectively in
non-final position, while the first syllables of Kobus and Peter
were each lengthened by only 4%. The silent interval of initial
voiceless plosives was excluded from the measurements in all
cases, so that it does not interfere with comparisons across
conditions, but it does account for the seemingly small amount of
accentual lengthening on the first syllable (both in non-final and in
final position).

The English results, given on the right in Table 1, show that
accentual lengthening is evenly distributed across the first and
second syllables in this language. In non-final position, both
syllables are lengthened by 21%. In final position, both syllables
are lengthened by 11%. Expressed in percentages, it seems as if in [6] Sluijter, A. and V.J. van Heuven. 1995. Effects of Focus Distribu-
English, too, we find less accentual lengthening in final position;
indeed, Figure 2 clearly shows that the absolute amount of
accentual lengthening is quite constant in English, but relatively
speaking this amount is smaller in final position (since final
lengthening gives longer unaccented durations).

3. CONCLUSIONS
Previous results suggested that there is an interaction between final
lengthening and accentual lengthening in Dutch, but not in
English. This was confirmed by the results of the present
investigation. In Dutch, a significant accentual lengthening effect
was found only in non-final positions, while in English the effect
of accent (expressed in absolute terms) is consistent across
positions.

The language-specific interaction between final lengthening
and accentual lengthening may be related to differences in
durational expandability (cf. [15], chapter 9) between English and
Dutch. Figures 1 and 2 indicate that English words can be
lengthened more than Dutch ones. The same has been observed at
the phonemic level [16]: due to a phonological rule which length-
ens vowels before voiced obstruents in English, the range of
vowel durations is much larger in English than in Dutch. 

In disyllabic words, both lengthening effects could have been
realized without exceeding the durational limitations of Dutch
segments by placing accentual lengthening in the first syllable and
final lengthening in the second syllable. Instead, however, we find
that the interaction between final lengthening and accentual
lengthening is just as strong in disyllabic words as it is in mono-

syllable. Apparently, Dutch speakers do not strive after a
realization of accentual lengthening in final position, but exhibit a
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ABSTRACT

This work aims to point out some relations between segmental
reduction and suprasegmental structures in Italian.
Following a previous study that observed an increase of
reduction probability to occur after a pitch or nuclear accent in
the tone-unit, we tried to verify the existence of relations
between the amount of reduction and speech-rate variation in
pre-accent and post-accent positions, introducing the notion of
local speech rate (l-SR) as the pattern of the inverse values of
syllable duration.
In a first stage, we classified three different l-SR patterns in the
considered positions. In a second stage, we calculated the
percentage of reductions occurring in each part of the scheme
and the relation with the l-SR patterns.
Final results show that, although a coincidence of greater
amount of reduction in post-accent positions with increasing
tendency of l-SR does exist, it is not systematic; l-SR decrease is
not able to inhibit reduction.

1. INTRODUCTION

Aim of this paper is to study the relations between segmental
reduction and suprasegmental structures in spontaneous speech.
It is well-known that segmental reduction phenomena can be
classified within the general framework of the natural tendency
to hypoarticulation of speech. Hypoarticulation affects the whole
segmental structure of speech; during production most of the
articulatory target positions are not reached, consequently
acoustic parameters corresponding to the gestures appear to be
significantly different from the ones observed in the formal
production. This phenomenon finds its best description in the
‘target undershoot’ model [4, 5, 8, 9].
Within this framework particular attention has been given to
vowel and syllabic reduction phenomena in many languages
different from Italian. Van Bergem [8], for example, finds
important relations between acoustic vowel reduction (defined
as "a gradual shift of the acoustic features of vowel away from
their “target” features towards those of the schwa"; [p. 6]) and
various linguistic, sociolinguistic and phonetic factors. Among
these factors we consider the ones connected to the prosodic
structure as particularly relevant:

-word stress: syllables carrying the lexical stress are usually
pronounced with higher accuracy than the unstressed ones;
nuclear vowels are, in the first case, close to the ideal target;
-sentence accent: although this is not a stable property of

words, being assigned to them under particular conditions
related to the intonational structure of the string, vowels in
accented syllables are less reduced than ones in unaccented
syllables;
-tempo (or equivalently speech rate): seen as a function of
speech style, it is only in part responsible for the presence of
reduction and shortening of vowels, mainly if it is associated
with a decrease of accuracy in the pronunciation.

As far as studies about Italian are concerned, whereas some of
them confute this hypothesis [2] more recent papers support the
fact that Italian, like many other languages, presents vowel
reduction phenomena [1, 3, 10] which mainly appear in
spontaneous speech. Albano Leoni et al. [1], Savy & Cutugno
[6] showed the strict connection existing between word stress
and vowel reduction: unstressed and word-final vowels show an
high degree of reduction if compared to stressed ones, especially
(but not uniquely) in spontaneous speech.
The present paper is based on a previous study on segmental
reduction phenomena affecting Italian vowels and syllables in
word-final position [7]. These phenomena have particular
relevance on the morphological level as the above units are
realisations of nominal and verbal inflectional suffixes. In [7]
Savy studied the following types of reductions: 1) changes in
vowel quality consisting either in the centralisation toward the
schwa target, or in a timbre substitution (R); 2) total deletion of
the nuclear vowel or of the whole syllable (D). She observed
that reductions can be related to presence of sentence accents
within intonational profile (f0 patterns). Her results show a
relation between the place in which most of the observed
segmental reductions occur and the position of the accents:
within the tone unit (TU), syllables immediately following a
pitch or a nuclear accent have higher probability to present
reduction, especially when they fall across the boundaries of
intonational units like TU or intermediate phrases.
On this basis, Savy proposed a model stating that the portion of
intonational profile preceding a pitch accent is protected against
reduction because of the relevance it plays for prosodic
processing. At the same time, during the f0 transition after the
accent, “environmental” conditions for segmental reduction
arise. In this view, phases containing a sort of “prosodic
tension” alternate with more “relaxed” (and favouring
reductions) ones.
In this paper we will present results of a further analysis on the
same material based on the observation of speech rate
distributions within the TU, just in the same portion of signal
that were previously defined as tense and relaxed.
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Our aim is to verify the existence and the nature of relations
between speaking rate variations within the TU in the above
cited portions and the number of segmental reductions observed
in our corpus.

2.    METHODS

The present work is a pilot study conducted on a corpus
consisting of a set of 18 TU. Speech material has been selected
from the wider corpus used in [7] because of the systematic and
relevant presence of segmental reductions in it. This material is
derived by recordings of a set of spontaneous conversations.
During the dialogues both tape recorder and microphones were
hidden, so that all speakers were unaware of being recorded.
All the used TU have been preliminarily divided into syllables
on the basis of Italian phonological rules, a second review of this
division has then been performed according to the effective
phonetic realisation.
Recordings have been digitised and spectroacoustically
analysed. f0  curves were drawn and the position of pitch accents
(pa) and nuclear sentence accents (PA) have been determined
using both this patterns and auditory analysis of the TU.
Syllables defined according to previous description have been
segmented and their duration was measured. As already stated
before, reduction can extend its effect until the limit of the total
deletion of some syllables. In all cases in which acoustic
analysis did not allow us to individuate any evidence of the
presence of a phonologically expected syllable we marked it as
absent and assigned it a duration equal to zero.
On the basis of these duration measurements, we introduced the
notion of local speech rate (l-SR) defined as the pattern of the
inverse values of syllable duration. Each of this values expresses
then the syllable/sec rate as a local value within the speech
chain, while the sequence of these values is a discrete
evaluation of the mathematical derivative of the speech
waveform expressing (velocity)/speech rate as a function of
time. A further simplification can be included in this
representation if we consider the syllable sequence as an
independent variable on the x-axis instead of time as is shown
in figs. 1 a) and b), which both give examples of the shape that
these curves can assume.

Text:

TU14: In queste due lingue così...diverse
In these two languages so...different

TU14

0,0
1,0
2,0
3,0
4,0
5,0
6,0
7,0
8,0
9,0

10,0

iN kwes se dwe li)N gw« k� siù # di VEr s«

pa PApa

Figure 1a: example of speech rate chart.

Syllable sequence is represented on x-axis while speech rate is
expressed in terms of syll/sec on the y-axis. Vertical dotted
lines, marked as ‘pa’ and ‘PA’ indicate respectively the position
of an intonational pitch accent and of a nuclear accent. Circled
vowels are affected by reduction.

Text:

TU28: Come si chiama il latino, lo sa?
how PRON-III-SING-REFL call the latin, it know
What is the name of Latin, do you know it?

TU28

0,0
2,0
4,0
6,0
8,0

10,0
12,0
14,0
16,0

ko me si kja) 0 il la di) «) lo saù

pa pa PA

Figure 1b: another example showing a different velocity pattern.

TU showed in fig. 1a is characterised by the presence of three
‘pa’ (syllables [liN], [si] and [VEr]), while the last accent is the
nuclear one (PA) and it corresponds to a focus. The symbol #
indicates a pause.
TU showed in fig. 1b presents a syllable deletion after the first
‘pa’, in order to avoid that the curve diverges we simply omit
the point in the curve indicating the missing syllable in the x-
axis. Implicit in this model is then present the idea that speech
rate should be calculated not on the number of produced
syllables per time unit but on the number of intended syllables.

We have calculated the total amount of positions with respect to
the accents in our 18 TU; results are shown in table 1:

Total positions 112
pre-accent positions 55
post-accent positions 57

Table 1: number of positions calculated

For each of these positions, when possible, we may analyse
speech rate in the groups of syllables preceding (pre-) and
succeeding (post-) accents. In particular we define a pre-accent
syllable group as the sequence including the last unit before the
accent: in the example in fig 1a the first pre-pa group is formed
by syllables [iN] [kwes] [se] [dwe]. At the same time we define
post-accent syllable group as the sequence including the unit
carrying the accent and extending until the last syllable of the
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lexical unit: in the example in fig. 1b the two syllables [ti][no]
define the post-pa group.

3. RESULTS

A first result obtained in this work consists of a classification of
the speech rate (l-SR) patterns within TU with reference to the
scheme provided in [7] which assigns to pitch and nuclear
accents (pa/PA) the role of key points discriminating between
“tense” and “relaxed” zones in the stream of speech. Our
classification leads to three different patterns: SR increasing, SR
decreasing, l-SR constant.
Figures 2a and b illustrate how, on the base of this
classification, examples reported in fig. 1a and b can be stylised
and categorised. Obviously the y-axis expresses now an arbitrary
unit as we are now simply describing a general tendency. As far
as the x-axis is concerned the alignment between phonetic
transcription and time events is only indicative.

TU14

iN kwes se dwe li)N gw« k� siù # di VEr s«

TU28

ko me si kia) 0 il la di) «) lo saù

Figure 2 a and b: Speech rate stylisation for same TUs as in fig.
1a and b.

In some cases the stylised l-SR pattern cannot be defined. It
happens when a syllable is totally deleted (like in 1b/2b), or
when a pause (#) occurs (like in 1a/2a), or in cases in which
accent coincide with the first or the last syllable in the phrase
(like the last syllable in 1b/2b).
We then counted the amount of  pre- and post- accent position
that fall into the l-SR patterns above classified. Table 2 shows
results.

pre-accent positions post-accent positions
SR increase 33% 65%
SR decrease 40% 15%
SR constant 19% 5%
Total on all position 92% 85%

Table 2: amount of pre- and post- accent position vs SR pattern
classification.

Table 2 indicates that, although in pre-accent position l-SR does
not show any regular tendency, l-SR seems to clearly increase in
post-accent positions as indicated by the value in bold in the
table. This means that in the ‘relaxed’ phases immediately
following a phrase accent an acceleration inducing the
shortening of unstressed syllables can be frequently observed in
spontaneous Italian.
Is this result in some relation with the presence of segmental
reduction? Or, in other words, does a correspondence exist,
based on prosodic factors, between the segmental reduction and
the shortening of speech sounds?
In order to answer these questions with calculated the
percentage of reductions occurring  in the tense and relaxed
positions available in our corpus, obtaining the result shown in
table 3.

tense phase
(pre-)

relaxed
phase (post-)

R-distribution/total R (%) 10,6% 89,4%
R-distribution/total of
positions with R (%)

9,1% 73,7%

Table3: Reduction distributions in tense and relaxed phases.

In the first row of this table the global amount of reductions is
divided according to their position in the phrase, in the second
row the same data are considered with respect to the number of
pre- and post- accent positions presenting a reduction.
These data are coherent with the results already reached in [7]:
about 90% of reductions fall in post-accent positions (moreover
the whole set of deleted syllables occurs in this position).
At a first glance, this result  seems to confirm that reductions
and increase of SR are connected. But this assertion is
weakened if we look at the data of table 4:

pre-acc.
pos.

post-acc.
pos.

l-SR increase 6,3% 62%
l-SR decrease 13,6% 56%
l-SR constant 0% 66%

Table 4: Presence of reductions compared to l-SR tendency.
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Reductions are then less present in all tense phases, where,
however, percentage slightly grows when l-SR decreases. In
relaxed phases the different behaviours of l-SR seems not to
interfere with R distributions. The maximum value of the
second column in table 4 is 66% obtained when l-SR remains
constant, but this value is scarcely representative of the real
tendency as l-SR constant group is under-represented (these
cases represent only 5% of the total amount of observed
positions).

4.     DISCUSSION

Aim of the present paper was to verify the existence of
correlation between temporal structure and segmental reduction
in spontaneous speech. We started from the assumption that the
latter occurs mainly in well defined portions of the speech
stream related to shape of the intonational pattern.
Our results agree with the ones obtained by van Bergem [8], as
we showed that, although this correlation exists, it cannot be
considered as systematic. An increase in l-SR (and the related
decrease in syllable length) can create the condition for the
occurrence of reduction, nevertheless a l-SR decrease or a
constant shape cannot invert the tendency and is not able to
inhibit reduction. At the same time during the prosodically
“tense” phases speech rate may increase without causing
segmental reduction. As already suggested by van Bergem [8]
these result partially disagree with the Lindblom model [4] that
sees the “target undershoot” strictly related to segmental
duration of speech sounds. On the contrary, we showed that it is
possible that, in the speech chain, both short segments
accurately produced and long hypoarticulated segments can be
observed. This can depend on speaking style, as suggested in
[8], but also on the position into which segments fall with
respect to the intonational pattern.
In substance, we could conclude that Tempo, as previously
defined, plays then a role as a ‘supporting’ factor, but in a
subordinate measure to the ‘planning-modulation-declination’
scheme of intonational pattern.
We think that only when f0 does not present any significant
movement, reduction can directly occur depending on the speech
rate increase: we need to demonstrate this last assumption also
if some first evidence supporting it has been already found in
[7].
Furthermore, we need to perform more investigations on the
relations between reduction of type D, i.e. the syllabic total
deletion, and l-SR.
In conclusion we believe that relations between segmental
reduction and prosodic structures in Italian spontaneous speech
must be approached also on the base of an accurate analysis of
the rhythmical structure of the speech-stream.
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LATERALISATION AND ITS PROPER INTERPRETATION IN SPEECH

E. Wyn Roberts & Kyoung-Ja Lee
Simon Fraser University, B.C., Canada.

ABSTRACT

The only deviation from the definition of speech as mid-sagittal
vocal tract (vt) modification refers to the sound-class '(linguo-)
laterals' (uni- (left/right) or bilateral). Laterality alone in
phonetics requires that vt activity be regarded as three-
dimensional, yet very little attention has been paid to it, and
the comprehension of laterality in phonetics, even in the
lingual region, has hardly progressed beyond its label. Five
cardinal vowels [a e i o u] were produced under controlled
conditions by one trained phonetician, and the configuration of
the labial orifice varied by pulling the upper and lower lips up
and down respectively at two different points (left and right).
Recordings were examined for acoustic differences in amplitude,
Fo, and formant structure. Analysis shows significant
variations in all three properties. This analysis will be used
later to interpret demonstrated differences in lip configuration
characterising speech in different languages.

1. INTRODUCTION

Within the phonetic tradition, the only deviation from
the general definition of speech as mid-sagittal vocal tract (vt)
modification - articulatory and/or aerodynamic - refers to the
sound-class designated as '(linguo-)laterals' (unilateral
(left/right) or bilateral). Considering the fact that it is
laterality alone in phonetics that requires that vt activity be
regarded as three-dimensional, very little attention has been
paid to this property, and it place within phonetic theory,
even in the linguo-palatal region, has hardly progressed
beyond its label. Laterality is interpreted as a continuous
outflow property, i.e. as not raising one or both sides of the
tongue to a stop position along the sides of the roof of the
mouth. Lateral modification elsewhere in the vocal tract is
hardly ever discussed, or even mentioned, in any sound chart or
in the literature, a rare exception being Catford's [1:132, 251]
citation of a report of labial laterality in some dialects of Irish
Gaelic and, idiosyncratically, in French for [u]. This lack of
attention is primarily due to the fact that linguistic
interpretation directs phonetic observations in terms of the
semantic-differential driven function, i.e. the phonemic
principle. Note further that no clear correlation between
phonetic laterality, brain laterality, handedness, etc. has been
reported in the extensive literature on cerebral lateralisation
and handedness.

Faces as wholes and as parts are very rich in information,
for instance about identity, mood, intention, etc., and as such
their study deals with important cognitive and pragmatic
issues. From the neonate stage, the perception of facial
anatomical and behavioral configurations - to varying degrees
of detail - is very much at the center of human information
processing and interaction. The role of visual processing is
also not generally mentioned in phonetics. Occasionally it is
mentioned in relation to the 'phonetic' status of the labio-
dental nasal. However, visual information processing does

play a crucial role in First Language acquisition, as first
discussed and demonstrated in  Roberts [2]. There it was shown
that the claim that child speech is articulatorily under-
differentiated in relation to speech perception is false.
Roberts' subject (CR age ca. ±2 yrs) clearly acquired and
differentiated English 'adult phonemic' /l r w y v/ primarily by
differences in lip configuration, e.g. in still very generalised
phonetic symbols [å V w j v7]. This observation provides a
clear explanation for the so-called 'wabbit syndrome' in child
speech [3].

In the ever-increasing amount of work being done on
facial gestures in lip-reading, automatic speech recognition,
etc., studies, the prevailing paradigm operates on the
assumption of left-right symmetry. Our concern in this paper
is the description of one aspect of facial asymmetry, viz. l ip
configuration asymmetry, in the context of a broader interest
in articulatory functional asymmetry throughout the vt during
normal speech. Direct visual observation of Korean, English,
and other-language speakers over a period of time lead us to
hypothesize that: i . at least labial activity is variously
asymmetrical (uni- (left or right) or bi-lateralised); ii . it varies
in degree within individuals; iii . it varies in degree and
direction (Left/Right x Up/Down) across sexes; and iv. i t
varies across languages. In order to test these hypotheses,
audio-video recordings of 5 female and 5 male native speakers
of Korean were made, and analysed. Preliminary positive
results for Korean have been reported in Lee & Roberts [4] and
Roberts & Lee [5]. In this paper we are particularly concerned
with the issue of what acoustic correlates can be established for
various latereralised lip configurations.

2. BACKGROUND LITERATURE

There is some support - variously interpretable as genetic
or behavioral - for our hypothesis in some published previous
studies of vt movement and configuration.  A number of
experiments have demonstrated asymmetries in facial/body
expressions [e.g. 6, 7]. Moscovitch & Olds [6:71] reported
"unilateral expressive facial movements occur more on the left
side of the face than on the right side in right-handed people:
facial expressions are mediated more by the right hemisphere
than by the left".  They suggested hemispheric control over
facial movements. The lower part of the face especially is
predominantly contralateral, whereas other regions receive
bilateral innervation. They also found that a larger proportion
of females than males show this bias, which is also indicated
in our analysis of Korean data [4, 5].  That expressor
asymmetries exist in the positing of a smile, so that the more
extreme emotion is generally expressed by the left side of the
face because the right brain hemisphere is thought to be more
dominant in emotional expression [8, 9, 10] is also largely
contra-indicated in our Korean material [4, 5].

In phonetics, Fromkin [11] represents one of several
careful investigations into the movement of the lips in the
production of vowels. With respect to the present study, the
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relevant results of Fromkin's work are: (1) upper lip protrusion
was found to very much less than lower lip protrusion for the
entire range of vowels. (2) lower lip protrusion was found to be
largely predictable from the width of the mouth opening. (3)
only English [u] was distinguished by the parameters of width
and height of lip opening. (4) the absolute values of the
measurements differed greatly however, but the relationships
among the vowels when graphed along the lip parameter
remained the same.  She concludes that "a description of vowel
lip positions based on actual physiological parameters would
include height, width and the lower lip protrusion" (:225).
There are several studies about lateralisation in the linguo-
palatal area. Stone [12, 13] reports EPG data showing
asymmetric anterior/posterior tongue-palatal contact during
the production of [l], [s], and [s&] with different vowels. Hamlet
[14] studied tongue asymmetry in a relatively crude way. Her
conclusion that the asymmetry is arbitrary, and not related to
factors such as handedness or palatal shape/symmetry, is
clearly based on apriori assumptions of forms of correlation.
In addition, Honda, et al. [15] report that several lip muscles
contract independently and the lower lip deforms to a greater
extent than the upper lip during speech production because the
lower lip has a larger number of muscles than the upper lip, and
has appropriate musculature for larger deformation for lip-
rounding gestures.  However, on the other hand, Folkins, et al.
[16:253] report that 'There is     no        asymmetry     in the interactions
between lips.'.  However, from anatomical data, it is clear that
the orbicularis oris m. can be divided into superior and inferior
parts, left and right, and deep and superficial parts.  If the
orbicularis oris is partitioned and the partitions function
differently, then asymmetrical movements between them can
be expected.   

3. EXPERIMENTAL  PROCEDURE AND
METHODOLOGY

Five cardinal vowels [a e i o u] were produced by one
trained phonetician who indicated no oro-facial pathology.
Using a 3 inch long Ù-shaped length of plastic coated wire
(about 1/8" diameter), the configuration of the labial orifice
was varied by pulling the upper and lower lips up and down
respectively at two different labial points (left and right). The
subject repeated the tokens eight times in random order, and
video and audio signals of the speaker were simultaneously
recorded in a sound-proof room in the Phonetics Lab at SFU.
One video-camera (Panasonic VHS AG-190) was used to record
the frontal view of the speaker. Examination of the recorded
material allowed for selection of six most consistent tokens
for each vowel for each of the five labial configurations
N(eutral), UL (upper left), LL (lower left), UR (upper right), and
LR (lower right). The recorded signals were then digitized on
Macintosh computer (7200/120) sampled at 22.050 kHz. with
16 bits of amplitude and saved in the Audio IFF format. Using
the Praat programme, the digitised tokens were then measured
for differences in amplitude, Fo, and F1 and F2 central
frequencies (all at points 10% and 50% of the whole signal), to
check whether correlates of differences in lateralised l ip
configurations could be established.

4. RESULTS AND DISCUSSION
4.1. Amplitude

A two-way mixed design Anova was carried out with l ip
configuration as a between group factor and vowel (5 levels) as
a within group factor to test the vowel  acoustic property
(amplitude, Fo, and formant frequency) differences between
neutral and lateralised lip configurations.  4 tests were made
initially: i . the 5 lip configurations (T1), ii . neutral vs. all
lateralised lips (T2), iii . left  vs. right  (T3), iv. lower  vs.
upper (T4).

The results from the vowel amplitude test reveal
significant effect of lip configuration variation (T1: F4, 85 =
7.953,  p=.0000, T2: F1, 87 = 20.505, p =.0000, T3: F2, 87 =
13.018, p=.0000, and T4: F2, 87 = 10.552, p=.0000).
Lateralised vowel amplitude tends to be higher overall than
that of the neutral vowels. The patterns of amplitude
differences among the five vowels in the five lip configuration
groups are significantly different, thus, the effect of the
interaction of lip configuration variation and vowel is
significant (T1: F16 = 3.163,  p=.0000, T2: F4 = 7.769, p
=.0000, T3: F8= 5.382, p=.0000, and T4: F8 = 4.576,
p=.0000).  However, a test of simple effects reveals that l ip
configuration variation at vowel [o] does not reach
significance even though the amplitude pattern of [o] is the
same as other four vowels: vowel with neutral l ip
configuration has lower amplitude than any vowels with
lateralised lip configuration (see Fig. 1). For the other 4
vowels, there are significant differences between the five l ip
configuration group in vowel amplitude.  Post hoc Tukey
(HSD) tests reveal that  amplitude values for the 5 l ip
configurations are significantly different from each other. The
overall results then indicate that the different lip configuration
are all significantly different in amplitude.  
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72

74

A
m

pl
itu

de
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dB
)

N LL LR UL UR
Lip Configuration

u
o
i
e
a

Fig. 1. Mean amplitude for 5 vowels

The effect of lateralisation on amplitude is generally to
raise it - correlating both with the fact that the action of lateral
raising or lowering increases the cross sectional area at the
lips and with the fact that sound radiation efficiency is greater
laterally than at the area corresponding to the area of the labial
orifice that corresponds to the axis of the vocal tract tube.
From Table 1. there also appears to be a (relative) hierarchical
progression between the different lip lateralised
configurations of the following order: UL > UR > LR > LL > N.
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         higher <-------> lower

a UL UR LR LL N
e UL UR LR LL N
i UL UR LR LL N
o UL LR UR LL N
u UL LR LL UR N

Table 1. Mean Amplitude Hierarchy for 5 vowels

4.2. Fo
The data for Fo does not appear to show an overall simple

significant effect of lip configuration variation  (T1: F4, 85 =
1.771,  p=.1422, T2: F1, 88 = .376, p =.5414, T3: F2, 87 =
.317, p=.7294, and T4: F2, 87 = 2.141, p=.1237). The effect
of the interaction of lip configuration and individual vowel is
significant (T1: F16 = 6.699,  p=.0000, T2: F4 = 18.074, p
=.0000, T3: F8= 12.579, p=.0000, and T4: F8 = 11.568,
p=.0000). However, a test of simple effects reveals that l ip
configuration variation at vowel [u] does not reach
significance.
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Fig. 2. Mean Fo for 5 vowels
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Fig. 3. Mean Fo  and amplitude for 5 vowels
      

        higher <--------> lower

a N UR UL LL LR
e UL LR LL UR N
i UL UR LR   LL N
o N UR UL LR LL
u UL LR LL UR N

Table 2. Mean Fo Hierarchy for  5 vowels

Fo values for the two vowels [o] and [a] are the highest with
N(eutral) lip position, while those for other 3 vowels the
lowest with the N position. Expressed differently, l ip
lateralisation correlates with rising Fo for [i u e] and with
falling Fo for [o a]. From a phonetic vowel classification
point of view, this distinction correlates with a relative
division of the vowel tongue area into higher ([i u e]) vs. lower
([o a]) sections.

4.3. Amplitude and Fo
Fig. 3 plots amplitude vs. Fo average values for the five

vowels. It provides clear indication that, compared with the N
vowel space, the vowel space with lateralised lip configuration
shifts higher up the amplitude scale and expands for vowel Fo
space.

4.4. Formant frequency
The results of a two-way mixed design test for formant

frequency show significant effect of lip configuration
variation on F1 and F2 (T1: F4, 85 = 20.04,  p=.0000, T2: F1,
88 = 58.44, p =.0000, T3: F2, 87 = 46.69, p=.0000, and T 4:
F2, 87 = 36.21, p=.0000). The effect of interaction of l ip
configuration and vowel Formant 1 and 2 is also significant
(T1: F36 = 13.20,  p=.0000, T2: F9 = 39.80, p =.0000, T3:
F18= 28.54, p=.0000, and T4: F18 = 25.91, p=.0000).
However, test of simple effects reveals lip configurations at F2
of vowels [o] and [i] do not reach significance. Post hoc Tukey
(HSD) tests reveal that  both F1 and F2 values for 5 different
lip configurations are significantly different from one another.  

Fig. 4 indicates a slight 'downward' shift (increase in
frequency) for F1 for all the vowels, except [a], and a slight
'backward' shift (decrease in frequency) for F2 for all vowels.
The difference in F1 for [a] can possibly be explained as a
direct consequence of the general phenomenon of a 'backward'
shift of the whole vowel space, where the F1 (aperture) value of
[a] as the most open vowel automatically drops as a function of
this general 'backing'.

One way Anova test was carried out with lip position
within group factor in order to check whether there is
significant difference between left lip lateralisation (LL UL),
right lip lateralisation (LR UR), lower lip lateralisation (LL
LR), or upper lip lateralisation (UL UR) for amplitude and Fo,
and formant frequency. The results reveal no significant effect
of lip lateralistion for these properties, with the exception  of
L (eft) (F34 = 11.779, p=. 0016 for amplitude and  F34 =
16.178, p=. 0180 for Fo) where there appears to be a
significant difference overall between upper and lower left.
This may be due to the subject's genetically conditioned left-
low facial asymmetry.
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Fig. 4. Mean F1 and F2 Frequency for  5 vowels

5. CONCLUSION

Our initial hypothesis that labial lateralisation has acoustic
correlates has been clearly demonstrated for amplitude, Fo, and
formant frequency. The correlation is not in all cases a simple,
or direct, one, but, rather, has to be interpreted in terms of
overall shifts of the acoustic vowel space. Our conclusions set
the scene for the application of the results to the comparative
examination of lip lateralisation configuration variations
across languages - including across ethnic and gender
differences.
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WHAT SPEAKERS OF AUSTRALIAN ABORIGINAL LANGUAGES DO 
WITH THEIR VELUMS AND WHY: 

THE PHONETICS OF THE NASAL/ORAL CONTRAST 

Andrew Butcher 
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ABSTRACT 
Pre-stopped nasals, either as phonemes, or as major allophones of 
nasal consonants, are a well-documented feature of certain 
Australian languages - mostly concentrated in the southern and 
central areas of the continent. A study of nasality in connected 
speech in a wide variety of Australian languages, with and without 
phonologised pre-stopping, shows the same tendency is even more 
widespread at a phonetic level. This kind of perseverative velic 
closure, apparently well established in Australia, is rare in the 
world context. This paper considers the putative phonetic origins 
of this phenomenon in terms of unusual parameter settings for 
velopharyngeal control: a higher degree of stiffness for the 
opening gesture and a closer resting position. A possible 
perceptual explanation for these settings may be found in the need 
to preserve clear spectral cues to the place of articulation of 
postvocalic consonants in languages with up to seven places of 
articulation for nasals. 

1. PIW-STOPPING OF NASALS 
Pre-stopped nasals have been found to occur in a number of 
Australian languages. The geographical distribution of these 
languages leads to the conclusion that this is an area1 phenomenon. 
With a few exceptions, such as Kunjen in the Cape York Peninsula 
and Gidabal and Yugarabul around the Queensland/New South 
Wales border, they are concentrated in central and southern 
Australia, amongst the Arandic languages and the ‘Lake Eyre 
languages’, extending south into the Yura group. In the case of 
most of the Arandic dialects, these sequences can be analysed as 
unitary phonemes, and are clearly in contrast with both oral stops 
and plain nasals, with which they are in parallel distribution 
preceding stressed vowels: 

(1) Eastern/Central Arremte [ 11: 
/ap’ax/ ‘gum tree ’ /aImal/ ‘nest’ /aiPmal/ ‘camp ’ 
/a’kaM ‘cut ’ /a’ gap/ ‘crow 9 /aikg&/ ‘carried ’ 
/a’@n/ ‘bursting ’ /a’nam/ ‘staying ’ /a’*nam/ ‘yumstick ’ 
/a’taW ‘built ’ /a’r&/ tfor a stick’ /alhoW ‘cried’ 
/a’taM ‘ground up ‘/a’naM 
/a&no@ ‘pno ‘s. fa. ’ 

‘watered’ /u’lnak/ ‘bit ’ (v) 
/alfiana@ n Tather ’ /a’“Jlanaqa/ ‘fell ’ n 

In the southern languages, the pre-stopped nasals are either in 
complementary distribution or in free variation with the plain 
nasals. In this case the pre-stopped allophones occur after the first 
(stressed) vowel; the plain nasals occur elsewhere. 

(2) Nukunu [2]: 
/‘pana/ [p&ng ] ‘he, she, it ’ 
/‘kaJ;a/ [kti’n] ‘rock ’ 

/‘pulana./ [pulnnn] ‘two ’ 
/‘ka.rap/ [keJ=pn] ‘arrogant ’ 

Pre-stopping in these languages is often optional, however. 
Cognates in related languages outside the pre-stopping area - and 
often in place names and archaic song language within it - 
typically retain the plain long nasal. 

Figure 1: Spectrogram and waveform of the Gupapuyr3t.t word 
/‘cinaka/ (‘inside; underneath’). The epenthetic oral ‘pre-stop’ 

begins at 150 ms and lasts about 25 ms. 

There is thus very strong evidence that these sounds arise 
from an original lengthened or geminated nasal 131, through a 
process of rightward ‘oral spreading’, whereby the velic closure of 
the preceding vowel is carried into the articulatory closure of the 
original postvocalic nasal consonant. The conditions governing 
both the diachronic development of pre-stopped nasal phonemes, 
and the synchronic occurrence of pre-stopped allophones are 
strikingly similar across all of these languages. The first of these 
conditions is that the nasal segment must be phonetically long. 
This, in turn normally means it should be adjacent to a stressed 
short vowel. In Alyawarr, for instance, they are restricted to the 
fast consonantal position of a word - i.e. the onset of the syllable 
bearing the primary stress. Thus a reduplicated form such as 
/a’pm%mwam/ - [r+‘mwtz:mwtzm] (‘rubbishy ‘), from /alpmw/ - 
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[$mwz] ( ‘bad’) has pre-stopping only in the fast element [4]. In 
the Southern languages there are also cases of variable pre- 
stopping of nasals even in stressed syllables in long (i.e. four- 
syllable plus) words - e.g. Arabana-Wan&anguru: /‘kini-taka/ - 
[gIdnrtt?kn] or [gn-ntsk~] ( ‘scorpion ‘) [5]. This too might well be 
due k thereduction in length of segments in this context. 
Similarly, pre-stopping has not normally occurred in nasals 
following a long vowel, presumably since these too would be 
phonetically of insufficient length - e.g. Nukunu: &a./ - &rdno] 
( ‘fbot ‘), but /‘wi:qa/ - [WING] ( ‘white chalk’) [2]. The second 
condition applying to pre-stopping (both synchronic and 
diachronic) in all of these languages is that the process is blocked 
by the presence of a preceding nasal in the same word: 

(3) Adnyamathanha: 
/‘bu!na./ [~-C&Z] ‘scent’ 
/‘acti [tips] ‘rock ’ 
PI 

bw hwl ‘who ’ 
/‘IJUJB/ [rppz] ‘bindweed’ 

The (phonetic) pre-stopping of (phonologically) plain nasals 
has also been noted in Eastern Arremte [7], where, as we have 
seen, the plain nasals are already in contrast with a full set of 
(phonologically) pre-stopped nasals. In fact the pre-stopping of 
nasal consonants is a widespread phenomenon at the synchronic 
phonetic level in many Australian languages, and is certainly not 
restricted to central Australia. Figure 1 shows an example of 
phonetic pre-stopping in Gupapumu, a language not closely 
related to any of the languages so far discussed, spoken in north- 
eastern Arnhem Land, some 1,000 km further north than Arremte. 
The word is /‘cinaka/ (‘inside ‘, ‘underneath ‘), here pronounced 
[lCrdnEkhv]. As already surmised, the phenomenon appears to arise 
through an asynchrony in the formation of the articulatory closure 
and the lowering of the velum. The latter appears to be delayed 
relative to the former - the velo-pharyngeal port is not sufficiently 
open for the production of a nasal consonant until after the 
formation of the articulatory closure - and an epenthetic (but often 
inaudible) oral stop closure results. The oral ‘pre-stop’ in the 
Gupapuygu example illustrated above is barely audible to the 
unalerted ear. Once again the process appears to be particularly 
associated with phonetically long nasals, and nasal lengthening in 
turn appears to be associated with stressed syllables. And once 
again the process is inhibited by the presence of a preceding nasal 
in the word. 

2. DENASALISATION AS A CONNECTED SPEECH 
PHENOMENON 

The velum is generally regarded as a relatively sluggish mover, 
compared with some other articulators. Thus in connected speech 
in many languages of the world nasality may not be commed to a 
single segment in the way that it is assumed to be in the citation 
form, as the velum is lowered before the articulation of that 
segment begins, or fails to close in time to coincide with its 
completion. A common manifestation of this timing shift between 
oral and velic articulation is often referred to ‘left-to-right’ or 
‘perseverative assimilation of nasality’. In connected speech there 
is often no differentiation in nasality within a consonant cluster, 
where in the corresponding citation form a nasal is differentiated 

from a following homorganic oral stop. This appears to be just as 
common in Australian indigenous languages as it is in Australian 
and American English: 

(4) Burarra: 
lrJuwu’mar&a./ ‘we get it’ Eg~m=?Kw-+ hv=w.Jal 

Pitiantiatiara: 
/‘ganampa’mai/ ‘our fooa [gt?nt”nbmgr] -+ [~~nmtn~rnm] 

* [3pImnm~I] 

Thus as regards perseverative assimilation of nasality, 
Australian languages appear to behave much as languages from 
elsewhere in the world. The more common form of nasal 
assimilation found in the world’s languages, however, is a right-to- 
left or anticipatory assimilation [ 81, whereby the velum lowers 
during a preceding oral segment (usually a vowel) in preparation 
for an upcoming nasal consonant. This is generally regarded as a 
universal process, but it seems that Australian languages have a 
particular aversion to anticipatory coarticulation of nasality. Both 
auditorily and through the visual inspection of spectrograms it is 
quite apparent that in vowel + nasal sequences speakers avoid 
lowering the velum until the latest possible instant. As we have 
seen in the word-internal case, the lowering of the velum is often 
‘left too late’, with the result that oral@ perseverates into the 
nasal consonant. The ultimate extension of this phonetic oral 
spreading, is reached in rapid casual speech when the avoidance of 
premature velum lowering can lead to no lowering at all. In other 
words, there is clearly a synchronic connected speech process of 
perseverative denasalisation operating in some Australian 
languages: 

(6) Warlpiri 
/‘janira ‘rjajir@ ‘I amjmt going’ Ijmmqmq~] -3 @mragxxrp] 

Kunbarlanq 
/ki’ttaqipuni/ ‘they would name’ [g~tnr@m]-+[g~d~wum] 

3. THEORETICAL IMPLICATIONS 
I have elsewhere described the phonologies of Australian 
languages as having ‘long thin’ systems of contrasts, in terms of 
the traditional way of setting out these systems on the printed page 
[9] - i.e. they are relatively restricted in terms of manner-of- 
articulation distinctions (traditionally displayed in the vertical 
dimension) and rich in place-of-articulation distinctions 
(traditionally represented horizontally). This means that 
oppositions within Australian phonological systems are heavily 
reliant on systematic differences in formant transition patterns at 
vowel-consonant boundaries. Furthermore, the relative lack of 
manner distinctions is entirely within the domain of the obstruents: 
the majority of Australian languages have a single series of these, 
with no [voiced] N [voiceless] contrast and no [stop] - [fricative] 
contrast. On the other hand, these languages have as rich a system 
of sonorant contrasts as any language in the world - and richer 
than most. This means that these systems have precisely the 
opposite proportion of obstruents to sonorants to that proposed as 
the normal tendency amongst the languages of the world [lo]. A 
typical Australian inventory may thus consist of 70% sonorants 
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and only 30% obstruents. This in turn implies that spectral 
changes at vowel - sonorant boundaries must be crucial to the 
perception of an unusually large proportion of segmental contrasts 
in Australian languages. Among these contrasts would be a 
minimum of four nasals - /m/-/n/ N /I$ -/JJ/ (already a large 
number in world terms) and a maximum of at least six - 
/n-~/w /I$ - /n/ - /rl/ -/J/ -/I$ It is well accepted that perceptual 
information on the place of articulation of postvocalic nasals is 
conveyed by some the formant transitions out of the vowel and by 
the nasal murmur itself [ 111. Thus it would seem essential for a 
language with half a dozen place of articulation contrasts among 
the nasals to maintain clearly distinctive vowel transitions in the 
preceding vowels. However, in most languages vowels preceding 
nasal consonants are nasalised to varying degrees and therefore 
contain extra nasal formants and anti-resonances, the general 
effect of which is to flatten the spectrum and lower the overall 
amplitude, rendering place of articulation cues much less distinct 
WI . 

until the beginning of the articulatory closure, at which point it is 
lowered as rapidly as possible (Figure 2b). The only exception to 
this rule, is where there is a nasal consonant on both sides of the 
vowel, in which case complete closure of the velum is not attained 
before the beginning of the second nasal consonant, as evidenced 
by a small but steady flow of air from the nose throughout the 
vowel. 

C ii N V 

ti-----k 

Figure 3. Schematic parametric representations of relative timing 
of velopharyngeal and articulatory gestures hypothesised for 

various ‘CVNV- sequences in English and in Australian languages. 

Figure 2. Oral and nasal airflow (volume velocity) during the 
production of the words banner by a speaker of British English 
(top) and gana (‘witth the eyes open’) by a speaker of Burarra 

(bottom). 

It seems likely that the maintenance of clear spectral cues to 
place of articulation in the pre-nasal vowel would be facilitated by 
ensuring that the lowering of the velum for the nasal consonant is 
delayed as long as possible - optimally coinciding exactly with the 
formation of the articulatory closure. In phonological terms, this 
would require that, whereas the vowels of English are unspecified 
for nasality, the vowels of Australian languages must be specified 
as [-nasal] (or [+oral]). Thus, during the course of a vowel 
preceding a nasal consonant in English the velum commonly 
begins to be lowered at the outset, with a consequent steady 
increase in nasal air flow throughout (Figure 2a). The vowels of 
Australian languages, on the other hand, maintain a raised velum 

It seems clear from this that in Australian languages the basic 
velum lowering gesture must be a relatively rapid one or, in terms 
of task dynamics, one with a high degree of stiffness. The raising 
gesture, on the other hand, is usually gradual, as in other 
languages. Thus the main difference between a series of velar 
opening and closing movements in English and Australian 
languages can be schematised as in Figure 3. In English the 
movement is represented by a quasi-sinusoidal waveform, 
representing more or less equal stifhess in the opening and 
closing gestures, whereas in Australian the wave has more of a 
sawtooth shape. It may also be the case that the resting position 
for Australian languages is higher - i.e. nearer to the closed 
position - than in English. The effect of these differences on the 
production of a canonical ‘CVNV- sequence is represented in 
Figure 3a and b. 
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Figure 4: Spectrograms of two Warlpiri words: (a) l’wi:pwi:JlpaJ - 
‘grey falcon’; (b) /‘wi.wiJunanu/ - ‘whistled under his breath’ 

One of the main manifestations of stress in most languages is 
the lengthening of the vowel of the stressed syllable. In Australian 
languages, on the other hand, stress is commonly manifested 
through a lengthening of the coda consonant of the stressed 
syllable - perhaps because the timing of these languages may be 
mora-based - usually with a corresponding shortening of the 
stressed vowel [ 131. This pattern, whereby the formation of the 
articulator-y closure is effectively brought forward in time, is 
represented in Figure 3c. From this it is clear that, if the velum 
raising gesture is not advanced in time to a similar degree, the 
automatic result is an epenthetic ‘pre-stop’ (Note that any similar 
variation of articulatory timing in English would not have a similar 
result, because there are no abrupt changes in velum height which 
crucially need to ‘line up’ with a particular articulatory gesture). 
Figure 4d illustrates the case where Cl is also a nasal. In this case 
the gradual raising of the velum during the second vowel is not 
completed before the antagonistic command to lower it for the 
upcoming second nasal consonant is received. Since the trajectory 
is not beginning Tom the fdly closed position the target opening 
is readily achieved - even in the case where the nasal itself is 
lengthened - and no pre-stopping occurs. The other context where 
pre-stopping is apparently blocked is when the preceding vowel is 
long. Figure 3e illustrates this case, indicating that the nasal itself 

is usually shorter. Pre-stopping will not occur because, if the velo- 
pharyngeal system is indeed less able to accommodate to variation 
than the tongue, any mis-timing is likely to be in the direction of 
premature lowering rather than delayed lowering. Thus the model 
makes an interesting prediction in this case - namely that long 
vowels before nasals may be nasalised towards the end - or in 
phonological terms, that only Vl of a VlV2 sequence is specified 
[+oral]. Unfortunately I have as yet no aerodynamic data on long 
vowels, but the acoustic data suggest that the prediction may 
indeed be correct. Figure 4 compares spectrograms of a 
subminimal pair of words in Warlpiri. The nasals following the 
short vowels are noticeably longer than those following the long 
vowels, the difference being particularly striking in the case of the 
stressed syllables. Furthermore, it seems likely that the substantial 
weakening of first formant amplitude in the fmal half to one third 
of the long vowel is due to nasalisation, an effect which is absent 
from the spectrum of the corresponding short vowel. 
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ABSTRACT 

The present study investigates the role of duration in the 
phenomenon of spirantization in Spanish. Spirantization in 
Spanish is a phonological/phonetic weakening phenomenon by 
which voiced stops alternate with voiced continuants as a 
function of context. Recent studies have revealed that some 
factors other than context may play a role in the phenomenon, 
such as speaking rate. Our hypothesis states that the constriction 
degree of the actual realization of the spirantized segment also 
depends on the speaking rate. To test our hypothesis, an 
experiment was designed in which the duration variable was 
controlled for (two rates were used). Acoustic measurements 
were taken of the target segments, which showed that at the slow 
rate, speakers tended to produce closer, longer segments than at 
the fast rate. This supports our hypothesis that a clear correlation 
exists between magnitude and duration of the constriction. 

1. INTRODUCTION 
The aim of the present study is to investigate the role of duration 
in the phenomenon of spirantization in Spanish. Spirantization in 
Spanish has revealed as a lenition process in which the voiced 
stops [b], [d], [g] alternate with the voiced continuants [@I, [is], 
[y] (also called approximants) in some contexts. Recent studies 
-Martinez Celdran [6]; Romero [8]- have shown that the 
traditional view of spirantization as a stop/fricative alternation is 
a rather simplistic view of the phenomenon. Instead, the focus 
has shifted towards regarding spirantization as a process of 
reduction or weakening, whereby the continuant allophones 
result from the relaxation of the constriction necessary for the 
formation of a stop. 

Following up on this approach to the process as a weakening 
phenomenon, recent studies (Romero [7]) have also shown that 
spirantization is not a categorical process, that is, the actual 
realization of the continuants will depend on the context, more 
specifically, on the constriction degree of the adjacent segments. 
Furthermore, other factors have been posited to play a role in the 
actual outcome of the spirantization process, such as speaking 
rate or speaking style. Martinez Celdran [S] showed that a range 
of different realizations could be possible even in cases where the 
approximant should be expected, which suggests that, although 
the context has a determinant role, the possible results of this 
reduction process will be affected by some other factors. 

From this less categorical point of view, this study 
investigates the possible role of duration in the phonetic 
realization of the spirantized segments. It has been observed that 
there is a correlation between degree of spirantization (reduction) 
and duration, in the sense that the more reduced -less stop- 
like- the segments are, the shorter their duration is. Indeed, 
there seems to be a general relationship in lenition processes 

between magnitude and duration of the constriction. So our 
hypothesis states that magnitude and duration go along in the 
process of spirantization in Spanish. If, as Romero [9] claims, 
spirantization is “a process of reduction of a voiced stop which 
affects not only the duration but also the magnitude of the 
closure”, we hypothesize that this magnitude -or constriction 
degree- is conditioned by the duration of the segment. Thus, if 
the speaker devotes more time to the production of the 
spirantized segment, the organs will tend to make a more 
complete closure. 

In order to test our hypothesis, an experiment was designed 
in which the duration variable was controlled for. Four native 
speakers of Spanish were asked to read a series of sentences that 
contained spirantized segments at two different rates. The design 
included all the possible contexts where spirantization occurs. It 
was expected that by slowing down the speaking rate, speakers 
would be more likely to produce closer, longer segments than at 
the fast rate. The present data belongs to a pilot study with the 
characteristics described below, and its purpose is to confirm a 
general tendency of the results towards the assumptions implied 
in our hypothesis. 

2. EXPERIMENTAL DESIGN 
2.1. Experimental material and independent variables 
included in the design 
The experimental material included in the design takes into 
account the following independent variables: speaking rate, place 
of articulation, context and word type. The speaking rate was 
controlled for to obtain two different rates; one of them 
corresponds to Harris’s “alegretto” [2], that is, a moderately fast, 
colloquial way of speaking, while the other rate is very slow and 
extremely precise. The place of articulation comprises labial, 
dental and velar, and the context includes all the cases in which 
the usual result is an approximant: after vowel, after fricative, 
after rhotic and after lateral, but we also consider the context 
NASAL+STOP as control group, in order to characterize all the 
possible outcomes. 

The above mentioned variables are embedded in a target 
word that appears in the carrier sentence “Diga cada 
vez” (“Say each time”). This word displays the following 
characteristics: (i) it has two syllables, (ii) stress falls on the first 
syllable, (iii) the segment under study appears in the unstressed 
syllable, (iv) the word contains the vowel [a] (except for two 
contexts in which examples have not been found). Two word 
inventories make up the experimental material: one with real 
words and another with non-words, which constitute the word- 
type variable. 
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2.2. Experimental procedure and dependent variables 
included in the design 
Four male adult native speakers took part in the experiment. 
Three of them were from Barcelona (Spain) and one from Madrid 
(Spain). Data from all four were collected in various recording 
sessions, in which a digital tape recorder was used. The words the 
subjects were to read were presented randomly in the carrier 
sentence and in two different lists: one for the real words, and 
another for the non-words. The lists had to be read five times by 
each subject and for each speaking rate (fast, slow). Speaking 
rate had to be controlled by the researcher so as to get the same 
rates from each subject in his own productions. 

Only the recorded material from two subjects was analyzed 
for this pilot study (RM and RO). This material was digitized at 
10,000 Hz to a CSL (Computerized Speech Lab) System 
belonging to the Laboratorio de Fonetica de la Universidad de 
Barcelona. This system has also been used to perform the 
acoustic analysis of the data This analysis consisted in 
measuring segmental duration, on the one hand, and RMS 
amplitude, on the other hand, as an acoustic correlate of 

constriction degree. For close sounds, measurements of 
segmental duration were obtained by using the adjacent segment 
formants or transitions as reference points as well as the stop 
burst and the subsequent lag in the onset of voicing, together with 
the onset of intensity for the burst. For those segments with few 
formants and no clear closure, the reference was the adjacent 
segment periodic&y (or noise). RMS amplitude was measured 
relative to that of the adjacent vowel: the amplitude of the 
consonant was subtracted from that of the vowel (C-V ratio) in 
order to compensate for differences in absolute intensity in the 
recording process. 

Since a vowel is more intense than a consonant, and 
considering that the voiced continuants -or approximants- 
resulting from spirantization are more vowel-like in their 
constriction degree than stops, it was expected that the C-V ratio 
would increase as duration increased (according to the speaking 
rates). Table 1 below summarizes the variables under analysis in 
the present study and shows the actual words presented for each 
context. 

LABIAL / REAL WORD FAST RATE SLOW RATE 
VCV (lava) vcv 
VSCV (isba) vscv 

DURATION VMCV (bamba) VMCV 
VRCV (larva) VRCV 
VLCV (alba) VLCV 

I I vcv I vcv I 
vscv vscv 

C-V RATIO VMCV VMCV 

I 
VRCV VRCV 
VLCV VLCV 
Table 1. Variables included in the pilot study. 

3. RESULTS 
In our study, 4-5 productions were analyzed for each item (real 
word, labial). For each of the dependent variables (duration and 
C-V ratio), an average of the productions was calculated and an 
analysis of variance was applied to the results. This analysis 
considered the two independent variables (speaking rate and 
context) and was performed with the StatView statistics package 
for the Macintosh computer. 

The global results for duration showed a main significant 
effect for the independent variable ‘speaking rate’ in both 
subjects: F(1,36)=51.751, p< .Ol (RO) and F(1,48)=52.072, p< 
.Ol (RM). Post-hoc tests (Fisher) were applied for comparisons 
between individual treatments. These showed that the effect for 
‘speaking rate’ is always significant so that the resulting segment 
in the slow rate is always the longest in both subjects. The main 
effect ‘context’ does not seem to be significant in RO: 
F(3,34)=1.950, p> .Ol, while in RM it is significant only for 
some comparisons: F(4,45)=5.197, p= .0016. When context and 
speaking rate are combined, there is also some significant 
interaction between both variables for RM. 

The results for C-V ratio (RMS amplitudes) showed similar 
patterns. On the one hand, the main effect for ‘speaking rate’ is 

highly significant in both subjects: F( 1,36)=26.487, p< -01 (RO), 
and F( 1,48)=30.111, p< .Ol (RM), so closer segments were 
always produced at the slow rate. On the other hand, the effect 
‘context’ is mainly non-significant for both subjects, although 
some significance is shown for some individual comparisons in 
RO: F(3,34)=3.928, p= .0165. In the combination of both 
independent variables, comparisons between extreme points 
appear as significant for the effect ‘context’ (VCV vs VMCV and 
VCV vs VSCV, respectively): F(4,40)=7.121, p= .0002 (RM), 
F(3,30)=7.861, p= .0005 (RO). In RM there is also a significant 
interaction between both variables. 

4. DISCUSSION 
The results of the statistical analysis in our study show a clear 
tendency as to the effect ‘speaking rate’ on the duration (or 
length) of the segment and C-V ratio. The means for duration are 
always higher at the slow rate. Although they are higher for RM, 
they are significant for both subjects (see figure I), so the 
duration of the constriction becomes longer in the slow rate. 
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Figure 1. Mean duration values (ms) for the slow and fast speaking rates. 
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The mean values for the C-V ratio are shown in Figure 2. 
The differences between the RMS amplitude of the adjacent 
vowel and the consonant are significantly larger for the slow 

rate. This supports the hypothesis that the longer realizations in 
the slow rate are also closer in their constriction degree. 

RO 
10 7-p - _---._--- -- 14 -y------- 

9 -1 
a -1 
74 

I 
6 -1 
5 -4 
4-j 

3 / 
7 

2 --I 

1 -j 

01 

T I 

T 
_--.---L~ 

_L , 
SLOW FAST 

I  

12 -’ 

10 4 

a -I 

6 -1 

4 
2 

: 
0 --- 1 

SLOW 

I  
I--------- 

/---------- 
FAST 

Figure 2. Mean C-V ratio values (db) for the slow and fast speaking rates. 

The results for the main effect ‘context’ are not as 
significant as for the effect ‘speaking rate’, although it becomes 
significant for some individual comparisons. 

2 2 5 -------- ---..-----..___-----------... -. ..___ ___- 
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q VRCV 
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Figure 3. Mean duration values (ms) for effect ‘context’ across 
‘speaking rate’ (KM). 

Figure 3, for example, shows the combination of the effect 
of both variables (speaking rate and context) on duration. The 
segments under study become longer for all contexts in the slow 
rate, although for the context VMCV we obtain the smallest 
differences in duration -as it could be expected since C is 
always a stop in this context. 

The C-V ratio results for the independent variable ‘context’ 
appear as significant across ‘speaking rate’ for RM in some 
individual comparisons between VMCV and the rest of contexts. 
In Figure 4, an important difference is observed between the 
value for this context and the rest in the fast rate, while this 
difference is not observable in the slow rate. This supports our 
assumption that at the slow rate the realizations are closer, so a 
smaller or no difference can be expected with respect to the stop 
in the control group. 

Figure 4. Mean C-V ratio values (db) for effect ‘context’ across 
‘speaking rate’ (RM). 
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Finally, in Figure 5, a spectrographic image is shown for the 
two rates. As it can be seen, at the slow rate the realization shows 
a clear closure and no formant structure. 

sonidos aproximantes. In Estudios de fone’tica experimental. Barcelona: 
Promociones Publicaciones Universitarias, pp. 71-129. 
[6] Martinez Celdran, E. 199 1. Sobre la naturaleza fonetica de 10s 
alofonos de /b,d,g/ en espafiol y sus distintas denominaciones. Verba, 
Anuario Galego de Filoloxia (18), pp. 235-253. 
[7] Romero, J. 1992. An Experimental analysis of spirantization in 
Spanish. Paper presented at the 124th meeting of the Acoustical Society 
of America, New Orleans, LA. 
[8 3 Romero J. 1994. Fricatives and Approximants in Andalusian Spanish. 
Paper presented at the 24th Linguistic Symposium on Romance 
Languages. University of Southern California/University of California 
Los Angeles. March 1994. 
[9] Romero J. 1995. Gestural Organization in Spanish. An experimental 
Study of Spirantization and Aspiration. Ph.D. Dissertation, The 
University of Connecticut. 

Figure 5. Spectrographic images for VCV ([laBa]) at the fast rate 
(above) and at the slow rate (below) (RM). 

5. CONCLUSIONS 
The data presented in this study have provided experimental 
evidence that duration plays a role in the phenomenon of 
spirantization in Spanish Speaking rate has a clear effect on the 
length and the constriction degree of the segment. Thus, the 
resulting realization is longer and closer, with a spectrographic 
image showing a closure and no formant structure. 

The effect of speaking rate across contexts also seems to 
give some support to our hypothesis since at the slow rate the 
effect is maintained for all contexts. However, the significance 
shown for the differences between individual comparisons is not 
the same for both subjects. Although this significance (whether 
for duration or C-V ratio) is mainly associated with comparisons 
between extreme points (e.g., VCV vs VMCV), some more data 
are necessary to observe a clear tendency for this effect. 

On the whole, the results obtained support our hypothesis 
that duration and magnitude of the constriction are highly 
correlated, and give further evidence of the non-categorical 
nature of spirantization in Spanish 
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 PRODUCTION REQUIREMENTS OF APICAL TRILLS AND
ASSIMILATORY BEHAVIOR

Maria-Josep Solé
Universitat Auntònoma de Barcelona, Spain

ABSTRACT
This paper investigates how the highly constrained articulatory
and aerodynamic requirements of tongue-tip trills determine the
assimilation of neighboring segments, specifically lingual
fricatives. Articulatory, acoustic and aerodynamic analysis of
trills and fricatives were made for three Catalan speakers. The
assimilation of lingual fricatives to tongue-tip trills is due to the
early onset of articulatory movements for the trill which override
the critical articulatory configuration and time limen required to
generate turbulence for fricatives. Phrasal boundaries proved to
have an effect on fricative to trill assimilation suggesting effects
of time constraints and programming units. Aerodynamic
analysis showed that fricatives were more resistant to variations
in pharyngeal pressure than trills. Thus trills allow a narrower
range of pressure variation than fricatives, and have more
constrained aerodynamic requirements. Assimilation of lingual
fricatives to adjacent trills can be seen as an effect of articulatory
and aerodynamic competition (and possibly of auditory integrity
of onset consonants).

1. INTRODUCTION
This paper reports on a series of experiments directed to ascertain
the articulatory and aerodynamic requirements of tongue-tip trills
and how such requirements may lead to assimilation of
neighboring segments. In particular, we address sequences of
lingual fricatives and trills, segment types exhibiting highly
constrained production characteristics, in order to account for the
common assimilation of fricatives to following apical trills (e.g.,
/sr/>/r:/), both within and across words, in a variety of languages
(Portuguese, Catalan, Spanish).

Tongue tip trills involve a complex production mechanism
requiring finely tuned neuromotoric adjustment of various
parameters – positioning of the articulators, shape, articulator
mass, stiffness and aerodynamic conditions [12] – which
accounts for the difficulties lingual trills present to inexperienced
(e.g., foreign learners) and immature (e.g., infants) speakers, and
even to adult native speakers. Such precise requirements make
trills very sensitive to variations in the articulatory and
aerodynamic conditions, which may result in lack of tongue tip
vibration. Thus, it is common that trills are realized as non-trilled
variants (e.g., in Spanish, Toda, Italian), and that they alternate
historically, dialectally and allophonically with fricatives,
approximants and taps.

The precise articulatory and aerodynamic requirements of
lingual trills allow little coarticulation and overlap with
conflicting lingual configurations if trilling is to be preserved. It
has been observed that sequences such as Spanish dos reales
'halfpenny', has roto 'you broke’ are assimilated to a long trill [r:]
or a sequence [¨r] ([¨]= fricative r) [5]. Other examples are
presented in (1a). Similarly Catalan presents the same
assimilatory behavior of lingual fricatives and affricates to trills,
as exemplified in (1b).

1(a) Spanish
/s(#)r/ israelita [ir:aeÈlita], los ríos [loÈr:ios] or [̈ r]

/T#r/ Cruz Roja [ÈkruÈr:oxa ], voz ronca [ÈboÈr:o Nka ] or [¨r]
(b) Catalan

/S#r/ peix rebossat ['pe(j)r:«Bu'sat]

/dZ#r/ boig rematat ['b�(j)d =r:«m«'tat]
/s#r/ tens raó ['tenr:«'o], els Reis [«l'r:ejs]

It should be noted that (i) lingual fricatives assimilate exclusively
to following trills (involving the same articulator), and are
preserved (i.e., retain their fricative quality) in all other
contexts1, and (ii) sequences of fricatives+trill produced with
different or independent articulators are not assimilated, e.g.,
Catalan buf rodó [vr].

Sequences of lingual fricatives and trills involve the
overlap of two antagonistic gestures: In the case of alveolar
fricatives, a raised and advanced tongue dorsum for /s/ (passively
raised due to coupling effects with tongue blade raising), as
opposed to predorsum lowering and postdorsum retraction for
the trill to allow for the vertical vibration of the tongue-tip [9];
the tongue tip/blade shape is convex for the fricative (forming a
medial groove) and concave for the trill; alveolar fricatives
involve muscular activation of the tongue tip-blade whereas a
relaxed articulator is required to vibrate.

The only available articulatory model that predicts the degree
to which a particular segment is likely to affect neighboring
segments and the direction of assimilatory effects, on the basis of
degree of tongue dorsum involvement and compatibility of the
lingual configurations, is Recasens’ ‘Degree of Articulatory
Constraint’ (DAC) model [10]. According to this model, lingual
fricatives and trilled /r/s have the highest DAC value, 3 [9, 10],
indicating that they are highly constrained and unyielding
segments. They also involve conflicting gestures directed to the
same articulator. Degree of coarticulation and assimilation is also
dependent on aerodynamic conditions – in particular in fricatives
and trills which are aerodynamically driven sounds – and manner
requirements [11]. Possibly syllable position also plays a role in
magnitude of assimilation since the articulatory properties of
consonants (e.g., degree of overlap [1]) and the availability of
auditory cues differ with position in the syllable.

The purpose of this study is to investigate the assimilation of
lingual fricatives to adjacent apical trills in order to preserve the
spectral integrity of the trill. First, the articulatory and acoustic
result of the assimilation of lingual fricatives to trills and the
prosodic factors affecting them are described in experiment 1.
Second, the constrained aerodynamic requirements of trills
which prevail over those of frication are explored in experiment
2. Finally, we attempt to account for the fricative to trill
assimilation as an effect of articulatory and aerodynamic
competition.
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2. EXPERIMENT 1
Simultaneous EPG and acoustic data were obtained for three
Catalan speakers reading a list of meaningful sentences involving
word final lingual fricatives/affricates ([s, S, tS]) followed by
word initial /r/ (Final obstruents assimilate to the voicing of the
following consonant in Catalan). Prosodic boundaries were
varied to observe the effects of programming units on
assimilation. Below is the list of experimental and control
utterances used in the study. The boundary type occurring
between the two sounds of interest is shown to the right. The
/VsrV/ and /VrV/ sequences across word boundary in items 1-3
were in pretonic (prenuclear) position and those in 4 in tonic
position. Control sequences were also recorded for comparison.

Experimental
1. A: Què li has recomanat que fés? B: Res   Word+ Sentence //
 (A: What did you recommend her to do? B: Nothing)
2. Què li has recomanat que fés? Res?   Word+ Sentence #
(What did you recommend her to do? Nothing?)
3. Que li has recomanat que fés res?   Word+ Phrase /
(Did you recommend her to do anything?)
4. La carta la vas redactar i la vas revisar, oi?  Word+  Word+
(You wrote and checked the letter, right?)
Control
1. A: Què li ha recomanat fer[fe]? B: Res   Word+ Sentence //
 (A: What did he recommend her to do? B: Nothing) (...)

The assimilatory behavior of fricatives to trills was
analyzed articulatorily and acoustically. Only the results for /s#r/
sequences will be reported here. No assimilations were found
across major sentence boundaries (//, #), which exhibited [zr]
realizations. In all cases speakers produced two tone groups or
input strings with a silence between the two segments of interest.
The EPG data show that the onset of the articulatory gesture for
the trill was delayed and thus did not overlap the antagonistic
fricative gesture.

Minor boundaries, i.e., phrase and word boundaries, show
varying degrees of assimilation of lingual fricatives to trills
reflecting differences in the timing of the sequential inputs. One-
way analyses of variance were performed with sequence type (/sr/
or /r/) as the independent variable, and indices of alveolar contact
activation (CA)2, duration of the [zr] and [r] sequence, and
duration of the preceding vowel. The statistical tests were
performed for each speaker separately and for all speakers
pooled, for each trill type separately (two contact trill, three
contact trill, fricative trill) and for all trill realizations pooled.
The results are presented in Table I.

Across word boundaries in pretonic position (tokens 1-3),
/sr/ sequences exhibit complete assimilation to a trill. Table I
shows no significant differences between /sr/ and /r/ sequences in
any of the variables studied. A Chi square test showed no
difference in the distribution of trill realization in assimilated and
control sequences (cc2 (2) = 0.404, p= 0.817). Assimilated /sr/
sequences exhibited slightly greater, but non-significant,
variability in trill duration than control sequences (F(1, 38)=0.11,
p=0.91). ANOVAS were also performed on duration of lingual
movement toward the consonant (F(1, 38) =1.29, p=0.263). None
of the results reached significance, suggesting that /sr/ sequences
showed complete assimilation to a trill.

Table I. Statistical results for assimilated /VsrV/ and /VrV/
sequences across word boundary (pretonic and tonic position)

and phrase boundary. Dependent variables are shown on the left.
Asterisks indicate significant differences (Scheffé, p<0.05).

Pretonic
Word +

Tonic
Word + Phrase /

     r           r            r
Trill duration     *      *
CA      * (DR)
VowelDuration

sr
sr
sr

Acoustic analysis showed that assimilated /VsrV/ sequences
(1) usually involved aperiodic energy between 2.5-4kHz (6-
18dB), whereas /VrV/ sequences did not usually exhibit energy
beyond 2.5kHz, and (2) tended to have less voicing than the
control sequences. To validate the results perceptually the
sequences ‘has recomanat’ and ‘ha recomanat’ were excised from
the test and control sequences and presented to two speakers for
identification as ‘(tu) has recomanat’ (2nd person singular) or
‘(ell) ha recomanat’ (3rd person singular). A Chi square
performed on the results of the listening test showed that
speakers could not reliably tell /sr/ and /r/ apart (cc

2 (1) = 0.278,
p= 0.598). Listeners exhibited a bias to identify fricative
realizations as /sr/ sequences irrespective of their phonological
status as /sr/ or /r/.

In tonic position, /sr/ sequences across word boundaries
(token 4) also assimilate to [r]. As Table I shows, none of the
variables studied reached significance except trill duration in
two-contact trills (F(1, 8)=15.18, p= 0.004) – with assimilated
sequences showing a longer trill than control sequences. This
reflects a lesser degree of overlap between the two gestures in
tonic position due to weaker time constraints vis-à-vis pretonic
position.

Across phrase boundary (token 3), /sr/ sequences showed a
lesser degree of fricative to trill assimilation than across word
boundaries. The EPG data show that the tongue-tip contact for
/sr/ sequences is generally more anterior than for /r/ sequences as
illustrated in Fig. 1.

Fig. 1. Linguopalatal contacts for assimilated /sr/ (top)and /r/ sequences
(bottom). Speaker DR.

Due to small sample size the differences in alveolar contact
activation (CA) for test and control sequences only reached
significance for speaker DR (F(1,6)=8.56, p=0.026). Differences
in trill duration were also significant (F(1,10)=7.47, p=0.021). No
other significant differences were found.

The observed duration of the control /r/ and assimilated /sr/
sequences ranged between 55.1-81.5ms, 61-98ms, and 80-120ms
for /r/, and 59.4-83.5ms, 73-102ms and 110-140ms for /sr/ across
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word boundary (pretonic and tonic position) and phrase
boundary, respectively.

The different degrees of lingual fricative to trill
assimilation may reflect differences in timing of the sequential
inputs, as schematically illustrated in Fig. 2. In cases of major
boundary, delayed motor instructions and a delayed onset of
articulatory movements for the trill, (c) in Fig. 2, allow enough
time to sequence the two antagonistic gestures. In the case of
phrase boundaries, the more anterior contacts for /sr/ than for /r/
sequences suggest that the articulatory movements for the
apicoalveolar target for /s/ have been overlapped by competing
motor commands for the trill, (b), shortly before (or at the same
time as) the articulator reaches the goal for /s/ (broken vertical
line), with inertial effects being responsible for residual
frontmost contacts. Alternatively, the motor command for the trill
may arrive shortly after the articulator attains the specified target
for /s/, affecting the time limen required to generate turbulence
for the fricative. The early onset of the articulatory movements
for the trill thus affect the trajectory for /s/, changing the spectral
properties associated with the fricative. The lack of anterior
contacts in /sr/ sequences across word boundaries may reflect a
greater overlap of the motor instructions for the trill, (a), which
reach the articulator before it has attained the specified goal for
/s/. The greater temporal overlap of the two gestures is consistent
with the lack of durational differences found in /sr/ and /r/
sequences across word boundaries. Thus, the timing of the
sequential inputs, which is dependent on phrasal boundaries,
accounts for different degrees of assimilation. In other words,
ceteris paribus, degree of assimilation seems to be inversely
proportional to the time constraints imposed by prosodic
structure.

The absence of fricative to trill assimilation across major
boundaries is consistent with coarticulatory effects found by
other investigators [4] and would reflect input strings of the size
of the tone group in accordance with Kozhevnikov and
Chistovich model [2].

Fig. 2. Schematized representation of varying degrees of overlap
in /sr/ sequences (see text).

In the few cases where sibilant frication is achieved in /sr/
sequences across minor boundaries, tongue tip trilling is not
present – the trill is a weak postalveolar fricative– suggesting that
the two antagonistic segments cannot be coproduced.

3. EXPERIMENT 2
A second experiment identified the highly constrained
aerodynamic requirements for tongue-tip trilling which prevail
over those for frication. Oro-pharyngeal pressure (Po) and

airflow were recorded simultaneously in two subjects producing
steady state and intervocalic trills and fricatives. Po during trill
and fricative production was intermittently vented with catheters
of varying impedance or resistance to exiting air (as described in
[7, 12]), and the result was analysed acoustically. The catheters
venting the Po simulated variations in the volume of the oral
cavity due to coproduction with adjacent segments.

Fig. 3. Measured impedances for various fricatives and the trill.
Impedance at various flowrates of the four tubes used to vent the
Po.

 Figure 3 shows the values for impedance for various
fricatives and the trill, and the impedance of the catheters at
various flowrates. It was found that venting the fricative with
catheters with a higher impedance than that at the oral
constriction (Tube 1) did not affect the quality of the fricative.
Catheters with values for impedance similar to those at the oral
constriction (Tube 2) had noticeable effects on fricatives: they
lost much of their high-frequency aperiodic energy. Sibilant
fricatives sounded non-sibilant and voiced fricatives became
frictionless continuants (i.e., exhibited a lower C/V energy ratio).
Tubes 3 and 4, with a lower impedance than that in the vocal
tract, extinguished frication, since airflow exited through the
aperture with lower impedance, thus inhibiting the generation of
turbulence at the oral constriction.

Trills, on the other hand, were extinguished much earlier
than fricatives, at catheter impedances substantially higher than
those at the lingual constriction, i.e., venting the Po with Tube 1
extinguished tongue-tip trilling. Thus small variations in Po (
>2.5 cmH2O) bled the Po below the threshold necessary for
trilling. Hence trills allow a narrower range of Po variation than
fricatives, and thus have more highly constrained aerodynamic
requirements.

Interaction of articulatory movements and aerodynamics
(Po is a function of cavity volume) accounts for the little
allowable accommodation of trills to adjacent consonants if
trilling is to be preserved. Thus, the more severely constrained
aerodynamic requirements of trills over those of fricatives
account for trills dominating the assimilatory processes.

4. DISCUSSION
The results show that lingual trills exhibit highly constrained
articulatory and aerodynamic requirements and small variations
result in lack of tongue-tip vibration. In order to preserve spectral
identity (i.e., trilling) in onset position, aerodynamic and
articulatory variation will tend to remain within very narrow
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bounds. In /sr/ sequences anticipation of the lingual movements
to attain the constrained positioning, tongue configuration and
aerodynamic requirements for the trill affects the lingual
configuration and the time limen required to generate turbulence
for the fricative, resulting in fricative to trill assimilation.

We suggest that (i) the more highly constrained production
requirements of trills over those for fricatives, and (ii) the greater
auditory salience of onset consonants vis-à-vis coda consonants
[6], are responsible for the /r/ gesture overriding the gesture for
the preceding fricative3. The narrowly constrained requirements
for the trill, vis-à-vis those for lingual fricatives, are further
shown by:
(a) Coarticulatory effects. Trills are more resistant to
coarticulation with adjacent vowels (i.e. they exhibit significantly
smaller V-to-C effects, both anticipatory and carryover) and
exhibit more prominent coarticulatory effects, both in time and
magnitude, on preceding and following vowels, than fricatives [9,
10]. The strong coarticulatory effects of trills are responsible for
allophonic variation in adjacent vowels, which can reliably be
used by listeners to identify a trill vs a tap [3].
(b) Manner requirements. Data on accommodation of fricatives
and trills to adjacent consonants involving the same [8] and
different articulators [1] show that these segments assimilate less
to (and are less overlapped by) a following consonant than other
segment types, e.g. stops. The finding that fricatives are
invariably overlapped by following trills, when fricatives are
known to be very resistant to coproduction with adjacent
consonants, reveals tighter constraints for trills.
(c) Trills involve antagonistic stiffness requirements for adjacent
articulators: active tongue sides and predorsum and relaxed
tongue tip and blade to allow vibration. Coupling biomechanical
effects may affect the tongue tip/blade tension, inhibiting the
vibratory motion. Such antagonistic stiffness conditions in
adjacent articulators, requiring fine neuromotoric control, are not
present in lingual fricatives.
(d) The rather unique phonological patterning of lingual trills in
these languages reflect their precise production requirements: (i)
Trills do not combine with other consonants in the syllable to
form consonant clusters. Coproduction of trills with tautosyllabic
obstruents would affect the narrowly constrained lingual and
aerodynamic conditions required for trilling. (ii) Trills exhibit a
limited pattern of contrast – they only contrast in syllable onset
position – where the precise production requirements for trilling
can optimally be met (coda consonants involve larger gestural
reduction and more overlap with adjacent consonants [1] which
affect the aerodynamic conditions for trilling).

The fricative to trill assimilation is in agreement with the
Recasens model which predicts a higher resistance to
coarticulatory and assimilatory effects of highly gesturally
constrained segments. The results further suggest that other
production requirements (e.g., degree of aerodynamic constraint
and stiffness conditions), as well perceptual requirements (e.g.,
availability of spectral cues in different syllable positions) also
play a role in assimilatory processes.

5. CONCLUSIONS
First, we have illustrated the constrained and conflicting
articulatory requirements of trills and lingual fricatives, which
inhibit coproduction of the two segments. Articulatory analysis

showed gradient assimilation of lingual fricatives to trills or
sequencing of the two gestures, reflecting effects of temporal
constraints and programming units. Second, we have shown that
trills involve narrower aerodynamic requirements than fricatives
and thus allow little accommodation to adjacent consonants in
order to preserve tongue-tip trilling. Third we have argued that
the severe articulatory and aerodynamic constraints on tongue-tip
trills override the critical articulatory configuration and time
limen required to generate turbulence for fricatives. Thus,
assimilation of lingual fricatives to adjacent trills can be seen as
an effect of articulatory and aerodynamic competition (and
possibly of auditory integrity of onset consonants).
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NOTES
1. Though /s/ in coda position is aspirated in many dialects of Spanish,
the dialects described here do not aspirate coda /s/. In Catalan coda /s/ is
always pronounced.
2. The EPG data were converted to Contact Anteriority (CA) index
values (CA indeces are the weighted sum of activated electrodes along
the sagittal dimension of the palate).
3. The historical assimilations [rs]>*[ss]>[s] (Class. Latin versus >
Vulg. Latin vessus; ursus'bear'> Spanish oso, Catalan ós) are not
counterevidence to the claim that the requirements for the trill dominate
the antagonistic consonant sequence , since the coda rhotic is not a trill.
In lack of the requirements for trilling, the gesture for the onset
consonant prevails.
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ABSTRACT
New phonological accounts view vowel deletion as the endpoint
of a gradient articulatory reduction process rather than the
outcome of phonological rules. Languages considered as
belonging to different rhythmic types can be seen as sharing the
same spatiotemporal reduction process, though at different
degrees and frequencies, in a continuum from full to deleted
vowels. Our study was designed to locate Italian along this
continuum. The speech material was collected to test the main
factors which have been reported to favor or inhibit
reduction/deletion in the languages where it has been studied.
The results indicate that in Italian, cases of apparent deletion are
limited to 2%, and are restricted to specific vowels or
consonantal contexts. For both deletion and durational
reduction, the favoring factors are stress, vowel quality,
consonant context,and speech rate, which confirms that they are
part of the same reduction process. The data suggest that Italian
is a non-reducing language.

1. INTRODUCTION
The present work is part of a larger study designed to assess the
differences in vowel reduction and deletion between Italian
speakers and English learners of Italian in the production of
Italian utterances. This paper presents the results for Italian
speakers, which allow us to trace, in a preliminary way, some
differences between Italian, a syllable-based language, and other
languages with similar and different rhythmic structures.
Relevant features of a syllable-based language should be, first,
the preservation of all its syllables also in rapid connected
speech (by avoiding vowel deletion as much as possible); and,
second, the preservation of the identity of reduced vowels (by
avoiding extreme centralization and neutralization to schwa).
The structure of the Italian lexicon speaks in favor of this
hypothesis. The most frequent and most commonly used content
words are bi- and tri-syllabic; the lexical inventory is rich of
minimal-pair words differing solely for the presence vs absence
of an unstressed syllable - e.g. /’libro/ “book” vs /’libero/
“free”; a large number of trisyllables differ only for the quality
of the unstressed vowel - e.g. /pa’lato/ “palate” vs /pi’lato/
(proper noun) vs /pe’lato/ “bald”. If the lexicon complies with
the syllable-based-language proposition, and if the spoken
language complies at least in part with the phonological
contrasts expressed in its lexicon, then this proposition should
be confirmed. Phonological descriptions indicate that in Italian
there is no vowel reduction or vowel deletion, but there are no
acoustic studies to confirm or disconfirm this strong claim. In
the light of the two hypotheses outlined above, our study intends
to assess the frequency of occurrence of vowel deletion, and the
degree of reduction in duration and in formant structure for
undeleted vowels.

As for deletion, the literature on other languages indicates
that in the stressed-timed languages English [1, 2] and German
[3] the deletion of weak vowels is quite extensive and ranges
across a variety of contexts. It is important to note that in the
theoretical account of gestural phonology [4], vowel deletion is

not viewed as the outcome of a phonological deletion rule, but as

the endpoint of a continuous reduction process. Therefore
deletion is itself gradual, and nothing more than reduction at its
highest degree: the apparently deleted vowel is still there, but is
hidden more or less extensively by the neighboring consonantal
gestures. This novel view of vowel deletion is supported by the
acoustic studies on the topic, which (by means of a fine-grained
analysis) have all found acoustic traces of the presence of the
‘deleted’ vowel. So has the English study on vowel deletion and
contrast neutralization of paired-words like ‘sport’ and ‘support’
carried out by Manuel et al. [5]. As for languages other than
English, Dauer’s study of Greek high vowels [6] shows that they
are subject to a high degree of reduction in unstressed syllables,
to the point of being completely devoiced. This occurs especially
in post-tonic position and in a voiceless environment,
particularly in /s/ environment. Mary Beckman’s [7] ample
overview of vowel deletion studies shows that in Montreal
French, high vowels are reduced at different degrees from ‘mere
reduction’ to ‘devoicing’, to ‘syncope’, especially when
preceded by a voiced or voiceless fricative. Similarly, the
devoicing of high vowels in Japanese (object of numerous
studies) ranges from ‘partially devoiced’ to ‘fully devoiced’ or
‘deleted’.

Altogether the auditory and acoustic studies conducted up
to now indicate that extreme vowel reduction can occur in any
language and that the process is similar across languages of
different rhythmic structure. It appears, however, that in stress-
timed languages deletion is invasive, occurring in high vowels,
when unstressed [2], and in all the unstressed syllables with an
underlying schwa vowel [7], whilst in syllable-timed and mora-
timed languages it seems to be restricted to specific vowels in
specific consonantal environments, although in Montreal French
it appears to be more extensive than in Greek and Japanese.

The present study has taken into account, besides two well
known factors associated with reduction in connected speech -
speaking rate and prosodic position of the word – also the
factors that seem to favor/disfavor extreme reduction in other
languages: consonant context and vowel quality (which seem to
be primary factors in Greek and Japanese). Other important
factors outlined by Beckman [7] are: phonotactic constraints on
the shape of a syllable (extreme reduction may be favored or
disfavored, depending on the type of cluster, legal or illegal,
resulting from it); position of the unstressed syllable with
respect to the stressed syllable (post-tonic vowels are likely to
be more often deleted than pre-tonic); constraints associated
with neutralization of a lexical contrast, i.e. extreme reduction
might be disfavored in those words where the possibility of
reanalysis would lead to neutralization of a lexical contrast.
From the data available in other languages, it is not clear
whether this perceptual constraint really works. In the present
study, many trisyllables have a corresponding bisyllabic word
differing only for the absence of the key unstressed syllable,
hence, this constraint too can be tested.
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2. METHODS
2.1. Speech Material.
The phonetic material consists of 18 meaningful trisyllabic
words with prosodic structures /+ - -/ and /- + -/. Nine of these
trisyllables have paired bisyllables differing only for the absence
of the key vowel (e.g /’alito/ vs /’alto/; /se’para/ vs /’spara/).
The other nine trisyllables do not have a paired bisyllable in
Italian, either because the deletion of the unstressed syllable
would yield an illegal cluster (e.g. /’lutSido >*lutSdo/) or
because the paired bsyllable does not exist in the Italian lexicon.
In the present work a quadrisyllabic word was also used to
better balance the number of unstressed vowels of different
quality. Target vowels were the seven Italian vowels
/i,e,E,a,�,o,u/ occurring in stressed syllables and the five
/i,e,a,o,u/ occurring in unstressed syllables. The unstressed
vowels were either in pre-tonic word-initial position, or in post-
tonic word-medial position. The consonants preceding and
following the unstressed vowels were grouped into the seven
following sequences: affricate+stop (indicating prevocalic
affricate and postvocalic stop); fricative+stop, fricative+/r/,
stop+stop, stop+/r/, /l/+stop, and /n/+stop. Stop consonants were
either voiced (/b, d/) or voiceless (/p, t, k/), fricatives and
affricates were all voiceless (/f, s/ and /tS/).

The words were embedded in phrase-non-final position of
two short-stories texts.

Four speakers of standard Northern Italian, one male (GA)
and three females (BB, EF, and LD), read the stories at a
comfortable rate (Normal Rate) for five times and at a fast rate
for two times. The digital recording took place in a sound-
treated room. Using the Multispeech software, the speech
material was downsampled at 14.7KHz, and spectrographic
analysis was performed using a 125-point FFT, Hanning
window, and a frame advance of 5 ms.

It must be remarked that the choice of real, commonly used
words, and of specific CVC sequences where the vowels are
expected to be deleted in other languages, has led to a rather
unbalanced speech material where the vowels /i/ and /e/ occur
more frequently than the other vowels and where not all the
vowels share the same consonantal context. Therefore the
present results are to be considered preliminary.

2.2. Analysis
Duration, F1 and F2 were measured in all test vowels. The
vowel boundary was set at the point of disappearance of the
second formant. We considered extremely reduced the vowels
with very short durations and no evidence of voiced formants.
These vowels were excluded from statistical analysis, and are
discussed apart in 3.3. Measures of F1 and F2 were taken at
vowel midpoint over three consecutive frames whose values
were averaged. The measurements were all checked by visual
inspection of formant tracks overlaid on spectrograms. We also
measured the total word duration.
Statistical analyses were carried out for each subject separately.
As for DURATION, sets of Anova’s were run to test the effects
of the following variables: STRESS, RATE, VOWEL QUALITY
for the five vowels /i, e, a, o, u/ in stressed and unstressed
syllables. For the unstressed vowels, we tested their position in

relation to stress, i.e., PRE-TONIC vs POST-TONIC and
CONSONANT CONTEXT. The significance level was set at
97.5%.

3. RESULTS
3.1. Vowel duration
With this analysis it was possible to assess the degree of
temporal vowel reduction in Italian, and to have an idea of
which vowels, in what contexts, might be the most probable
candidate for deletion. Factor STRESS resulted highly
significant for all the subjects (p=0.000) with duration ranging
from 77.24 ms for stressed Vs to 45.19 ms for unstressed Vs
(data averaged across subjects). Globally, the duration of a
vowel, when unstressed, is reduced by 40.6% of its duration.
Effects of position of the unstressed vowel with respect to stress
have a similar trend across the subjects, and indicate that post-
tonic vowels tend to be shorter than pre-tonic ones; the
differences reach the significance level only in two subjects, BB
(54.64 ms for pre-tonic V vs 45.19 ms for post-tonic V;
p=0.001) and GA (52.50 ms vs 40.49 ms; p=0.000). It is worth
noting that for these two speakers the average V durations and
word durations are longer than for the other two subjects, thus it
is possible that in slower speakers minor durational differences
show up better than in faster speakers.

The effect of SPEECH RATE is also highly significant for
all the subjects (p=0.000). The magnitude of durational changes
as a function of rate is smaller than that associated with stress:
high rate reduces a stressed V duration by an average 20.50%
and an unstressed V by an average of 15.10%. So, as rate
increases, stressed and unstressed vowels tend to become more
similar in duration.

Another significant factor is VOWEL QUALITY. It is well
known that segments have their own intrinsic duration
associated with the requirements for their production. Previous
studies on Italian show that /a/ is always longer than /i/ [8] but
little is known on the other three vowels. In the present study
there are a few discrepancies among the subjects regarding the
ordering of vowels from the longest to the shortest. Globally, the
data indicate that the longest vowels are /o/ and/or /a/, followed
by /e/, followed by /u/ and /i/. The values averaged across
subjects are: /o/ = 73.40 ms, /a/ = 68.78 ms, /e/ = 59.44 ms, /u/
= 50.65 ms, and /i/ = 49.83 ms.

CONSONANT CONTEXT. As mentioned above, with the
present speech material it is not possible to have all consonantal
contexts for each of the five vowels. However, vowels /i/ and /e/,
which occur most frequently in our corpus, have a consonantal
environment sufficiently differentiated to permit a reliable
account of contextual effects. Since the two vowels differ in
intrinsic duration, the effects of the flanking consonants were
analyzed separately for each vowel. The global results indicate
that the consonantal context has significant effects on /i/
duration for BB, GA and LD (p values ranging from 0.000 to
0.007). For subject EF the trend is the same but significant
differences occur only between affricate+/d/ vs affricate+/t/
(35.40 ms vs 26.83 ms). Altogether the data indicate that the
duration of /i/ decreases from /l/+/t/ and /p/+/t/ environments
(average values: 45.37 ms, and 41.02 ms, res-pectively), to
fricative+/k/ (33.46 ms) to affricate+/d/ (32.17 ms), to
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affricate+/t/ (24.79 ms). For /e/ the contextual effects are
significant for all the subjects (p values ranging from 0.000 to
0.003), and indicate that /e/ duration decreases from fricative+/r/
and /n/+/t/ environments (average values: 60.71 ms and 57.61
ms respectively) to /b/+/r/ and /p/+/r/ (46.76 ms and 40.71 ms
respectively) to fricative+/p/ environment (38.42 ms). Notice
that the durations of /i/ and /e/ in the context of fricative+stop
are similar, whilst in the context of fricative+/r/, vowel /e/ is
much longer. In the two former examples the fricative is sibilant
/s/, while in the fricative+/r/ environment the fricative is
labiodental /f/. The quite long /e/ duration in /f/+/r/ context can
be related to the different constraints associated with the
production of /s/ and /f/, and possibly to the lengthening effect of
the following monovibrant /r/.

The data clearly indicate that for both /i/ and /e/, prevocalic
voiceless affricates and sibilants, combined with postvocalic
voiceless stops, have the strongest reduction effect on vowel
durations. The effects of prevocalic stops are much weaker than
those of sibilants or affricates (notice the difference in /i/
duration between the environment of /p/+/t/ and that of
affricate+ /t/ - 41.02 ms vs 24.79 ms). Finally, it appears that
environments of nasal or lateral +stop have the least reduction
effect.

Consonant voicing also has significant effects on vowel
duration: as can be seen in the data for /i/, the vowel tends to be
shorter in the affricate+/t/ than in the affricate+/d/ context.

3.2. ‘Deleted’ Vowels
On a total of over 560 productions of unstressed vowels, only
twelve cases of deletions were observed, a little more than 2%
of the total. Eleven deletions occurred for /i/ (7% of /i/
productions), one case was observed for /e/. These cases of
extreme reduction are well balanced across three of the subjects.
V deletion occurred only once for subject BB, possibly because
she spoke at a slower rate than the others (see 3.1.). The
majority of deletions occurred at a fast speech rate (8 over 12).
The context is restricted to a few consonants. Of the twelve
reductions, seven occurred in the context of affricate+voiceless
stop, (/‘tatSito/ – “tacit”), two in the affricate+voiced stop
context (/‘lutSido/ – “shiny”), one in the context of sibilant+/k/
(/si’kuro/ – “confident”), and one in /p/+/t/ context (/‘kapita/ –
“it happens”); the one involving /e/ occurred in the context of
sibilant+/p/ (/se’para/ – “it divides”). Considering vowel type
and context, deletion of /i/ in voiceless affricate+stop context
scored 25%. These patterns faithfully reflect those of durational
reductions, confirming that the two are only different
expressions of the same reduction process.

The data clearly indicate that the context is the factor
mainly responsible for vowel deletion, that speech rate is
another important factor, and that the intrinsically short high
vowels are the best candidates. It appears that deletion involves
both post-tonic and pre-tonic syllables. The hypothesis that
deletion would be disfavored when reanalysis neutralizes lexical
contrast is not supported by the present data where three items
with a deleted vowel have paired bisyllables in the text.

3.3. The deletion process
The cases of vowel deletion were analyzed in detail by means of

spectrograms, power spectra, and intensity curves. As in other
studies of vowel deletion, a distinction can be made, in a
voiceless consonantal context, between partially devoiced and
completely devoiced vowels (see [7]). There are cases of both
types in this study.

3.3.1. Complete devoicing. Complete devoicing of the key
unstressed vowels occurred more often than partial devoicing in
the context of /tS/+stop. In this context, traces of a completely
devoiced /i/ were detectable from the location of a consistent
peak of energy at a frequency compatible with the second
formant of /i/ (around 2.200Hz). This configuration occurred
towards the end of the friction noise. The hidden vowel could be
distinguished from the affricate owing to the difference in the
frequency of the lower energy peak, which, for the affricate was
usually over 3Kz. It was more difficult to detect reliable energy
peaks at frequencies compatible with the first formant of /i/.

Also in the word /se’para/ spoken at fast rate by subject
BB, the pretonic /e/ is completely devoiced. The waveform
shows a long interval of friction noise followed by the silence for
/p/ closure. The comparison with another fast rate version of the
word with no deletions shows that in the deleted version the
ratio of /s/ duration to /p/ closure duration is 1.97, whilst in the
undeleted version it is only 1.15, and that the temporal interval
from /s/ onset to /p/ release is the same in the two versions (238
ms and 232 ms). This means that the vowel is still there, but is
completely hidden by the oral and the glottal /s/ gestures. The
comparison also indicates that in some cases duration alone is an
excellent indicator of the presence of a hidden vowel: consonant
/s/ in this word sounds like syllabic [s] in English.

A complete devoicing of the post-tonic vowel /i/ occurred in
the fast rate production of item /’kapita/ (subj. EF): here the
presence of the vowel is inferable from the release of the first
stop into a quite audible voiceless interval of 32 ms. The
unvoiced release clearly indicates a blending together of the
glottal abduction gestures of the two consonants across the
vowel [9].

3.3.2. Partial devoicing. In the affricate+/t/ environment there
are also cases of partial devoicing. And here too, towards the
end of the voiceless fricated period of the preceding affricate, a
consistent energy peak is in a frequency region compatible with
the second formant of /i/, whilst when two or three weak vocal
pulses appear, the /i/ like configuration fades away very quickly.
These patterns indicate that the oral tract has started to take the
configuration of the vowel when the glottis is still abducted
and/or the vocal tract is still too narrow for the initiation of
voicing. When the vocal folds start to vibrate the vocal tract
gestures seem to be already anticipating the oral closure for the
following stop. This pattern seems to result from the slow and
delayed offset of the consonant gesture, which can hide more or
less completely the vowel configuration. Similar patterns can
also be observed in the context of affricate+voiced stop,
illustrated in Fig.1.

It can be seen that the only peak of energy (around 150 Hz)
is the voice bar of consonant /d/. After this point in time, the
energy at high frequencies starts to decrease consistently (see
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the two unmarked spectra) and fades out between the third and
the fourth vocal pulse, when the only observable peak of energy
is the low frequency voice bar of consonant /d/.

These data indicate that the various degrees of reduction
depend on the degree of gestural blending, and suggest that the
devoicing of the oral gestures of vowels can result from a

temporal delay in the adduction of vocal folds with respect to the
oral gesture for the vowel. It is possible that small differences in
the inter-articulator timing between the oral and the glottal
gestures may be sufficient to delete a short vowel especially in a
fast speech condition.

Fig. 1. Waveform of the temporal interval between the release of the /tS/ constriction and the onset of the final vowel /o/ in /’lutSido/. The
marked spectrum is taken at the cursor, before vocal fold vibrations are visible.  The unmarked spectra were taken at the first and the second
vocal pulses.

4. DISCUSSION AND CONCLUSIONS
In the accounts which distinguish languages between stress-
timed, syllable-timed, and mora-timed, one of the features
characterizing the first versus the second rhythmic type is the
presence vs absence of vowel reduction. Italian, being one of the
languages defined as syllable-timed, should show no or limited
instances of vowel reduction. Non-experimental work on Italian
has also claimed that Italian does not have vowel reduction at
the phonological level. The newer accounts proposed by gestural
phonology [4] view vowel spatiotemporal reduction and apparent
cases of vowel deletion as the result of a continuos process
presenting itself, at different degrees and with different
frequency of occurrence, in all languages. Real vowel deletion is
seen as the consequence of an extreme and habitual gestural
overlap which gets reinterpreted through phonological reanalysis
[7]. Our study was designed to test the possibility and extent of
spatiotemporal vowel reduction in Italian.

The data, though still preliminary, are enlightening as to
the degree and effects of the occurrence of the vowel reduction
process in Italian. If we were to place Italian along a continuum
from strong to minimal consequences on the prosodic-syllabic
structure of the language, Italian would be among the languages
which are only minimally affected by the reduction process. This
is evidenced by the two main findings of this study, that is, that
both stressed and unstressed vowels get preserved even when
reduced in duration (the only effect of fast rate being a decrease
in the durational differences between stressed are unstressed
vowels); and that the only cases of extreme reduction/apparent
deletion seem to occur independently of the possibility of lexical
reanalysis. This shows that in Italian the process of vowel

reduction is not extreme, and does not effect the syllable count
in a word. However the Italian rhythmic type gets defined, it is
far from one like English, which allows for more dramatic
reduction phenomena.
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ABSTRACT
This study focuses on the temporal organization of consonants
and vowels in Italian, ostensibly a syllable-timed language. It
aims to reveal the articulatory origins of a class of acoustic
shortening phenomena known as "compensatory.Ó We compared
durations and first formant trajectories of /a/ in two
compensatory contexts: 1) stressed /a/ in open vs. closed
syllables; 2) stressed /a/ followed by one or two unstressed
syllables. In addition, we measured /a/ in a prosodically different
shortening context: stressed vs. unstressed position. We found
that in Italian (as in English) shortening of a vowel before a
tautosyllabic consonant is due to truncation by the closing
gesture  for the consonant. However, shortening due to
destressing involves global reduction of the opening gesture for
the vowel, evident from the beginning of the gesture. The
similarity between these findings and those on English suggests
a fundamental similarity in this aspect of their timing profiles.

1.  INTRODUCTION
The global aim of the research of which this paper reports part is
to explore the processes governing the sequencing of consonants
and vowels in languages such as Italian and English, traditionally
identified as syllable- vs stress-timed .

The present paper will focus on the timing of vowels and
consonants in Italian. The phenomena we examined belong to the
class of so called compensatory shortenings.

The term "compensatory shortening" (henceforth CS; see
[12]) refers to a variety of shortening phenomena, in speech.
They have in common that the increases in duration of a speech
unit due to one source are partially offset by shortening
elsewhere, in that unit (for a review, see [6], [7]).

According to one interpretation these shortening patterns
reflect a "real" effort to compress the duration of a speech unit (a
vowel or a syllable) to maintain a regular duration for the higher
level unit as a whole (syllable or foot/word). As such they might
be symptomatic of a tendency that languages are said to exhibit
to maintain isochrony of certain units of speech [12].

However, many doubts have been raised about the
compensatory nature of these patterns. They might be the
acoustic, epiphenomenal effects of vowel-consonant
coarticulatory overlapping: overlapping of a vowel by
neighboring consonants, and of a stressed vowel by the following
unstressed vowels, within a foot (at least in so called stressed-
timed languages).

Following �hman [17], Fowler suggests that, where
possible, vowel production is cyclic during speech, that is vocalic
gestures are sequential and adjacent, with consonants somehow
superimposed on them, as more local, individual events. (see,
e.g., [5], [7], [9], [19]).

From this perspective, "vowels constitute a somewhat
separate articulatory stream from gestures involved in consonant
production" ([7] p. 393). Consequently, they should bear the
major responsibility for preserving the serial order of consonants
and vowels involved in a planned sequence.

As far as syllable-level CS is concerned, this interpretation
seems to be supported by the acoustic and articulatory data
reported for English by Munhall et al. [15], in which vowel
shortening with added consonants is examined. Munhall and
collegues found no evidence of (articulatory) shortening of the
vowel opening gesture when one or more consonants were added
to the syllable coda. The jaw lowering gesture for the vowel had
about the same duration and extent regardless of the length of the
coda. Instead, Munhall et al. report an earlier onset of the jaw
raising gesture for the consonants in coda position.

However, as Munhall et al. observe, the acoustic shortening
of a vowel may have several different articulatory origins,
reflecting changes in the programming of individual movements,
rather than coarticulatory overlap. For example, unstressed
vowels are produced by movements that have lower peak
velocities, are shorter in duration and have smaller amplitudes
than their stressed counterparts .

Compatibly with this scenario, our previous work on Italian
[22, 23] shows both acoustic (duration, F0, amplitude, F1) and
articulatory (jaw displacement) evidence that, in Italian as in
English, a (low) unstressed vowel is shorter in duration compared
to its stressed counterpart and exhibits reduction in the height
dimension, involving the global gesture for the vowel.

In the present experiment we examine i) the acoustic
shortening of a vowel before tautosyllabic as compared to
heterosyllabic consonants ("Closed Syllable Vowel Shortening",
[13]); ii) the acoustic shortening of a stressed vowel before
unstressed syllables, within a foot. We ask whether in Italian as
in English syllable-level shortening  is apparent and reflects "a
greater coarticulatory encroachment on the vowel  by a cluster
than  by a singleton consonant" [15].

As for Italian timing typology, evidence favoring its
classification as syllable-timed is equivocal ([20], for a review).
Previous studies [4, 21, 14] report weak shortening of stressed
vowels by following syllables within a word or foot: although
certainly weaker than in English, nevertheless this type of
shortening is statistically significant [21, 1]. Unlike English,
however, the direction of vowel shortening ("anticipatory" vs.
"backward") in Italian is not uniform across subjects, nor  is the
direction of coarticulatory influences of stressed vowels on
unstressed vowels ("carry-over" vs. "anticipatory": see [24]). In
conclusion, in spite of the proposal that a left dominant foot
structure explains word-level  patterns of relative prominence in
Italian [16], the existing phonetic literature provides no evidence
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that the foot serves as an effective organizational constituent in
the production of Italian words (see [2] for criticism of the role of
this unit in Italian phonology). To verify this state-of-affairs, our
present study asks: i) whether we can replicate evidence of any,
even weak, shortening of a stressed vowel as a function of the
number of following unstressed syllables in a word; ii) whether
opening-closing patterns associated with V-C sequences in foot-
level compensatory shortening contexts are similar (when such
shortening is present) to gestural patterns characterizing V-C
sequences in syllable-level "compensatory shortening" contexts.

As a source of information about the opening-closing
gestures involved in V-C coordination the experiment examines
vowel durations and F1 trajectories of stressed /a/ in syllable- vs.
word-level shortening contexts. In addition, we compare these
patterns in stressed and unstressed /a/.

2.  METHOD
2.1. Corpus. We compared acoustic measures of the vowel /a/ in
word-initial syllables, according to our three shortening contexts:
i) /'Ca.CV/ vs. /Ca'.CV/; ii) /'Ca.CV/ or /'Ca.CCV/ vs. /'CaC.CV/;
iii) /'Ca(C).CV/ vs. /'Ca(C).CV.CV/.

The word-initial consonant was /t/; intevocalic singleton
consonants were: /p, m, t/; intervocalic CC sequences were:
geminates (/pp, mm, tt/) or clusters. The latter were
heterosyllabic (/pt, mp/) or tautosyllabic (/pl/). We devised 17
pseudo-words (closely resembling natural ones, such as:
/'tappa/≈"cappa" or /'tapta/≈"capta") that were produced 4 times
by three subjects in a carrier sentence.

2.2. Measures. The data we report in the present paper are:
vowel durations and trajectories of F1. The productions of all the
subjects (MN, AA, SS) have contributed to the analysis of
durations; however, only the data from MN and AA have been
measured and used in the analysis of F1.

Formant values were obtained from a series of pitch-
synchronous spectra based on a narrow band FFT. We compared
F1 trajectories in the different shortening contexts adopting the
following procedure: for each subject and repetition, we first
plotted pairs of F1 trajectories for /a/ in each shortening context
and for each consonant type. For example, we paired /'tapa/ with
/'tappa/, /'tapta/, /'tapla/; and /'tama/ with /'tamma/, /'tampa/ to
explore syllable-level compensatory shortening. We paired /'tapa/
with /'tapala/, /'tappa/ with /'tappala/ etc. to explore word-level
compensatory shortening. For each comparison, in the F1
trajectory of the acoustically shorter vowel, we selected a point
that corresponds to the probable beginning of the closing gesture
for the following consonant. In Figure 3, the key-point is marked
with an arrow in the trajectory of the /a/ of /'tapa/. We then
selected the corresponding point in the F1 trajectory of the longer
vowel (the /a/ of /'tappa/). The two sections of paired trajectories
were smoothed by taking a 3-point moving average and were
averaged across subjects. Finally, analyses of variance were
performed on each paired trajectory from the beginning of the
vowel to the key-point.

3  RESULTS
To examine syllable and word structure effects on vowels, we
compared duration and F1 trajectories of stressed /a/ in the two
following contexts: i) open vs. closed syllables in bisyllables:
/'tapa, 'tapla, 'tata, 'tama/ vs. /'tappa, 'tapta, 'tatta, 'tamma, 'tampa/;
ii) bisyllables vs. trisyllables: /'tapa/, etc. vs. /'tapala, 'taplala,
'tamala, 'tappala, 'taptala, 'tammala/. As for the effect of stress,

we examined the same acoustic measures of stressed and
unstressed /a/, in word initial syllable of bisyllables /'tata/ vs.
/ta'ta/.

3.1. Durations. We first ascertained that all three speakers
produced longer tokens of /a/ in stressed than in unstressed
syllables; in open than in closed (stressed) syllables; in stressed
syllables followed by one vs. two unstressed syllables in a word.

3.1.1. Stress effect. A two-way analysis of variance with factors
"stress" and "talker" was performed on the durations of stressed
and unstressed word initial /a/. The average values showed a
ratio of 1:2.5 (unstressed: 70.75 ms; stressed: 178.53 ms). As
expected, we found highly significant effects of stress for the
three talkers as a group (F(1,18)= 422.00; p=.0001). The effects
are also highly significant for each individual talker (and the
interaction  between "talker" and "stress" is non significant ).

3.1.2. Syllable-level compensatory shortening. Figure 1 shows,
for the three subjects, the combined effects of "syllable type"
(open, closed) and following "consonant type" on stressed /a/ in
bisyllabic words: where consonants are singletons and geminates
/p, m, t/ and clusters /pl, pt, mp/.
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Figure 1. Mean duration (ms) of stressed /a/ as a function of
syllable structure and following consonant (labial vs. nasal vs.

coronal).

A three-way analysis of variance with factors "syllable
type", "consonant type" (singleton and geminate /p, m, t/) and
"talker" was performed on the duration values of stressed /a/ in
bisyllables. In accordance with Maddieson's [13] proposal of a
process of "Closed Syllable Vowel Shortening" as a universal
phonetic tendency, we found a highly significant effect of
syllable type (F (1,54) = 106.136; p =.0001).
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Compatibly with the general phonetic tendency for vowels
to shorten more before labial than before coronal (or dorsal)
consonants [10], and before voiceless than voiced consonants [3],
we found a significant effect of consonant type: the vowel's
duration was significantly shorter for all the subjects before /p/
than /t/, and before /t/ than /m/ (F (2, 54)=4.25; p =.019).

A two-way ANOVA, with factors "cluster type" (/pl, pp, pt,
mp/) and "talker" shows a highly significant effect of cluster type
(F (3,36)=23.905; p =.0001), and "talker" (F(2,36)=6.50, p=.004)
on vowel duration. Mean duration of speaker SSÕs vowels were
globally longer.

Post-hoc Student-Neuman-Keuls tests showed that, for the
three subjects, vowel durations were significantly longer before
/pl/ than before /mp/, /pp/ and pt/, and before /mp/ than /pp/ and
/pt./.

Moreover, /pp/ and /pt/ exhibit the strongest shortening
effect, while the longer duration of /a/ before /pp/ than /pt/ is not
statistically significant. As might be expected, the geminate /pp/
and the cluster /pt/ had a similar closing effect on vowel duration.

Unexpectedly, the phonetic behavior of the obstruent+liquid
cluster /pl/ (supposedly a tautosyllabic cluster, from the
phonological point of view) was somewhat ambiguous in terms
of syllable affiliation. On one hand, it patterned as a
heterosyllabic cluster, so that its shortening effect appeared
significantly weaker than that of other clusters (and geminates).
However, the outcome of a two-way ANOVA with factors
"consonant type" (/p/, /pl/) and talker, showed that the /pl/
shortening effect on vowel duration was significantly greater
than that of the heterosyllabic singleton /p/ in /tapa/ (F (1,18) =
6.28 p =.022).

3.1.3. Word-level compensatory shortening. Table 1 compares
mean durations (three subjects, all consonant types) of stressed
/a/ in open vs. closed syllables, and in bisyllables vs.trisyllables.

BISYLLABLES TRISYLLABLES
OPEN 174.2 155.4
CLOSED 139.7 131.2

Table1. Mean duration (ms) of stressed /a/ in bi- and trisyllables
across syllable type.

Alhough weaker than vowel shortening in closed syllables,
the shortening of stressed vowels as a function of following
unstressed syllables within a word is evident. A three-way
ANOVA with factors "word structure" (bisyllables, trisyllables),
"syllable type" (open, closed) and "talker" was performed on
stressed vowel durations in a subset of words, with target vowel
followed by singleton or geminate /p/ and /m/. Word structure
effects were highly significant (F(1,84)=24.168; p=.0001) and
uniform across subjects: the interaction of word structure with
talker was nonsignificant. The factor "talker" was significant
(F(2,84)= 7.306; p =.0012). A separate ANOVA on trisyllables
only, with singleton vs. geminates /p/ and /m/, showed that SS,
the subject generally having the longest durations, had
significantly longer /a/ than MN in trisyllable productions.

3.2. First formant trajectories.
3.2.1. Stress effect. Figure 2 compares F1 trajectories of two
tokens of stressed and unstressed /a/ produced by subject AA.
This type of comparison reveals that the oral opening gestures
for the vowel in stressed vs. unstressed position diverge globally

from the beginning. Two separate one-way analyses of variance
(levels: stressed vs. unstressed vowels) were performed on the
trajectories' values for the two talkers.  In accordance with the
strong acoustic shortening found in unstressed position, we found
for both subjects a highly significant effect of stress on F1, such
that stressed /a/ is a more open vowel than is unstressed /a/ (MN:
F(1,6)=45.22; p= .0005; AA: F (1,4)= 117.97; p = .0004).

Thus, consistently with what we and others have previously
observed [18], and with a general tendency across the world's
languages to reduce in unstressed position [13], we find that in
Italian unstressed (low) vowels are subject to phonetic reduction
(at least in the height dimension). Reduction, a feature often
attributed to stressed-timed languages, therefore plays a role in
the phonetics of Italian stress.
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Figure 2. Smoothed F1 trajectories for stressed vs. unstressed /a/
in word-initial syllable. Subject AA, 4th repetition.

3.2.2. Syllable structure effect. The pattern of F1 trajectories
was remarkably different when vowel shortening was due to
syllable structure (open vs. closed) instead of presence vs.
absence of stress.

Figure 3 shows formant trajectories of two tokens of
stressed /a/ in open vs. closed syllables, produced by subject MN.
Two separate sets of one-way analyses of variance (levels: open
vs. closed) were performed for the two talkers on F1 values of
the common parts of the formant trajectories, in pairs of
comparable bisyllabic words (ex., /'tapa, 'tappa/; /'tapa, 'tampa/;
/'tapa, 'tapla/, etc.). Neither of the subjects showed significant
effects of syllable structure on this part of the trajectory, with the
exception of one pair  produced by MN (/'tapla, 'tapta/: F (1,6) =
7.32; p= .035).

Figure 3 suggests how the acoustic shortening of a vowel
before a tautosyllabic consonant might be accomplished. In
accordance with Munhall et al.Õs proposal, the stressed vowel's
acoustic shortening in /'tappa/ as compared to /'tapa/ seems to be
determined by an earlier onset of the closing gesture associated
with the consonantal coda, and not by a reduction of the opening
gesture, as it is for an open unstressed vowel. The anticipation of
the raising gesture caused truncation of the lowering movement
associated with the vowel. Under the hypothesis of vowel-
consonant coproduction, we may have a case of articulatory
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blending of two oral gestures competing for an interval of time
on the use of a common articulator (the jaw).

3.2.3. Word structure effect. To establish whether the weak
(but significant) word-level shortening of a vowel has a similar
articulatory origin to that characterizing vowel shortening in
closed syllable contexts, two separate sets of one-way analyses of
variance (levels: bisyllable vs. trisyllable) were performed for the
two talkers on the common part of the formant trajectories  (here
we examined pairs such as, e.g.,. /'tapa, 'tapala/; /'tama, 'tamala/;
/tappa, tappala/, etc.). Even in this shortening context, the
behavior of the two subjects is uniform. MN does not show any
significant effect of word structure on the opening gesture for the
vowel, while in AAÕs productions we found significant
differences associated with the opening gesture in only one pair:
/'tampa, 'tampala/ (F(1,2)= 361.54; p= .002).
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Figure 3. F1 trajectory of vowel /a/ in open vs. closed syllable
(subject MN, 4th repetition). The arrow indicates the "key-

point", i.e. the beginning of the closing gesture for the shorter
vowel in this pair.

4. CONCLUSION
The results suggest that a phonetic definition of linguistic units
such as the syllable, often considered elusive to experimental
observation, is possible. Examining V-C sequences, we found
that, in Italian, F1 trajectory patterns of a vowel in open vs.
closed syllables may offer, together with the vowel's durational
shortening ([13]), reliable phonetic information for the syllabic
affiliation of the following consonant.

We explained the vowel's acoustic shortening in this context
as due to the overlap of consonants and vowels; this produces
blending of successive movements that share a common
articulator. Thus, in closed syllable contexts, an earlier onset of
the closing gesture for the consonant than in open syllable
contexts "truncates" the vowel by overlapping with the opening
gesture for the vowel.

Unexpectedly for a language often described as syllable-
timed, we also found evidence in Italian of significant shortening
of a stressed vowel as a function of the number of following
unstressed syllables, within a word or foot. The same V-C

overlapping strategy appeared to be at work here as in closed
syllable shortening.
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ABSTRACT 
Phonetics and prosody have traditionally been consid- 

ered as discrete disciplines, having little overlap, yet both 
are considered to be essential and complementary compo- 
nents for speech synthesis. This paper describes an ap- 
proach to modelling the variation in speech, based on a 
gestalt view, wherein the prosodic and phonetic aspects of 
each speech segment are combined. Phonation style is pro- 
posed as the third dimension needed to characterise the 
speech sounds for synthesis by concatenation of raw wave- 
form segments. We show that by labelling a large speech 
corpus with such high-level features, much of the redun- 
dancy of information in the speech signal can be preserved, 
and the resulting speech output maintains variation under 
natural constraints. 

1 INTRODUCTION 
Since its beginning, speech synthesis has been used as a 
tool for phonetic research [I]. In this paper, we discuss the 
definition of speech information that would be minimally 
sufficient for controlling high-quality raw-waveform speech 
synthesis. In the hypothetical case, assuming unlimited 
computer storage and instantaneous search-and-retrieval of 
waveform segments, novel utterances could be generated 
by a simple re-ordering of real speech segments stored in 
memory and indexed according to a set of defining char- 
acteristics. If the source corpus was sufficiently rich, and 
the segments were appropriately selected, then any desired 
meaning and interpretation should be reproduced in a way 
completeEy indistinguishable from real speech. The aim of 
the current paper is to clarify characteristic features of nat- 
ural speech such that an efficient index can be prepared for 
the retrieval of adequate waveform segments from such a 
corpus. 

Previous research with the CHATR synthesis system 
[2, 3, 41 has shown that much of the meaningful variation 
in speech can be reproduced by concatenating phone-sized 
segments selected according to suitability criteria sensitive 
to their prosodic and phonetic environments [5]. Labelling 

of the speech data is performed at the canonical or broad- 
phonemic level, as predicted by dictionary lookup, with al- 
lophonic variation and fine phonetic detail preserved in the 
speech as a consequence of retrieval based on higher-level 
prosodic and phonemic contexts. 

By selecting candidate segments from a speech corpus 
according to different levels of a) input information and 
b) labelling precision, CHATR allows testing of theories 
of speech description. For concatenative synthesis using 
raw unmodified waveform segments (which is a particularly 
stringent test), the efficiency of labelling is critical to the 
production of natural-sounding utterances. If the level of 
labelling is too finely detailed, then the system must able to 
predict the same fine level of detail and can be prone to er- 
ror. However, even with broad labelling, good-quality syn- 
thesis can result from the simpler representation of the de- 
sired targets @prosodic environments are respected. Broad 
labelling defers to the hierarchical dependencies in natural 
speech to achieve a naturalness of variation beyond that 
which can be statistically predicted. 

For a single speaking style, it appears sufficient to index 
the corpus at the simple phonemic level provided that infor- 
mation about tonal and prosodic-boundary contexts is also 
available [5]. However, for different speaking styles, and 
particularly for expressing different emotions, phonemic- 
prosodic labelling may be insufficient. We recorded three 
one-hour corpora of emotional speech (angry, sad, happy) 
and used each for the synthesis of neutral, emotionally un- 
marked sentences having the same phone sequence and tar- 
get prosodic characteristics. The underlying emotion in 
the speech is clearly perceived in the majority of the test 
sentences, suggesting that the voice-quality (or phonation 
style) may be different for each. 

2 SPEECH INFORMATION 
Speech carries many levels of information; not just about 

the text of the message, but also about the intended inter- 
pretation of its component words, the identity and mood 
of the speaker, and the urgency of the message. 
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Figure 1: Duration differences (hand-labelled - auto- 
labelled) shown per phone type in milliseconds for a 
30,000-phone database of Japanese. We can see that 
simple vowels tend to be longer in the hand-labelled 
data but that unvoiced (/I/ and /U/) and nasalised 
vowels are significantly shorter. Consonants show little 
change, but plosive closures are longer in the hand- 
labelled data. These differences probably result from 
different criteria for labelling transitional segments at 
the edges of vowels and in unvoiced sequences. (See 
also Tables 1 & 2.) 

2.1 Text 
Probably the most obvious meaningful information carried 
by speech is the text or content of the message (‘Yes.’ is 
not the same as ‘No.‘). The number of phone types used 
to label such lexical information determines the granularity 
of the labelling; diphthongs, for example, can be thought 
of as either one or two speech segments, affricates, long 
vowels and geminates likewise. On the principle of max- 
imising tokens and minimising types, CHATR tends to- 
wards using the most basic label-set, and relying instead 
on natural transitions in the speech for modelling the fine 

Table 1: Percentile Duration Differences (in millisec- 
onds) between auto-labelled and hand-corrected tokens 
for three speech segment classes from a forty-minute 
corpus of Japanese. (See also Figure 1) 

10% 25% 75% 90% 
vowels -28 -9 15 34 

consonants -19 -8 7 21 
semivowels -52.5 -34 -1 9.5 

context-specific variation. This allows for phone-based con- 
struction of novel words for synthesis, but requires strong 
distance measures and context description in order to en- 
sure acoustic similarities and spectral continuity. 

2.1.1 Is phonemic labelling adequate? 

To differentiate between articulations of the same phoneme 
sequence (e.g., great eyes vs. grey ties) we do not require 
explicit allophonic or narrow-phonetic labelling (e.g., to 
mark the &aspiration on the intersyllabic /t/), but use in- 
stead the prosodic information about the degree of stress on 
each syllable. The lower-level (allophonic) acoustic differ- 
ences vary as a direct consequence of the different prosodic 
and phonemic environments and can therefore be captured 
implicitly by labelling the prosodic context. 

2.2 Meaning 

‘Yes.’ may not be the same as ‘No.‘, but ‘Yes.’ may mean 
‘No.’ if said, for example, with a with a hesitant rise-fall- 
rise tone rather than a simple falling one. The latter would 
imply acceptance whereas the former is more likely to indi- 
cate reluctance or doubt, especially when produced at a lo- 
cally lower speaking rate. To reproduce such para-linguistic 
functions of ambiguous speech effectively, we need to model 
all the available acoustic cues to meaning, because when the 
prosodic information does not accord with the textual con- 
tent, the natural redundancy of information in the speech 
signal is greatly reduced. 

To convey prosodic differences in speech synthesis, sig- 
nal processing has traditionally been used for modifying the 
timing and pitch characteristics of the speech, but at the 
expense of naturalness in the signal quality. A meaningful 
change in frequency is naturally accompanied by associ- 
ated acoustic changes which arise from differences in vocal 
effort and formant excursions, etc. [6, 71. These are rarely 
modelled accurately enough in the signal processing and 
the resulting speech lacks the richness required to signal 
subtleties of meaning. 

Table 2: Segmentation Error: differences (in mil- 
liseconds) between auto-labelled and hand-corrected 
boundaries in the speech signal for three speech seg- 
ment classes from a forty-minute corpus of Japanese. 

mean (ms) sd (ms) 
vowels 18.77 19.84 

consonants 13.35 16.86 
semivowels 24.04 20.96 
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2.2.1 IS proso-phonemic labelling adequate? 

BY 
to 

selec ting speech segments according to criteria sensitive 
both their prosodic and their phonemic environments, 

the above problem of signal incompatibilities is solved natu- 
rally. The essential decision about which prosodic events to 
label can be answered pragmatically. The prominences and 
boundaries in the speech, that signal the salience and seg- 
mentation of the message, are relatively easy to determine 
from the signal. We have found that by selecting speech 
segments that are appropriate in just the two dimensions 
of prosodic-boundary context and syllable-prominence con- 
text, a large part of their variance can be controlled. 

Clearly, with a finite corpus of source units, there will 
rarely be perfect segments available to meet the desired 
prosodic and continuity targets for synthesis of novel ut- 
terances. However, because of the richness of the infor- 
mation in the raw speech signal, when there are enough 
‘close’ segments that represent the desired speech charac- 
teristics, the Gestalt principle of ‘closure’ works to fill-in 
the gaps. The speech samples at [8](English), [g](German), 
and [lO](J a p anese) well illustrate the strengths and weak- 
nesses of this approach. Particularly interesting in [lo] is 
the mismatch between content and speaking style. The 
prosody is appropriate in terms of phrasing (although it 
sometimes deviates from the standard Tokyo accent) but 
the ‘colouring’ of the voice, particularly in the pre-pausal 
voicing, produces an impression of sadness that is inappro- 
priate to the reading of a weather forecast. The selections 
were made from a small (one-hour) corpus of Japanese and 
demonstrate the continuity and naturalness of the synthe- 
sised speech, but they also show the limitations of selection 
according to phonemic and prosodic characteristics alone. 

2.3 Emotion 

The second au .thor has prepared sev .eral speech 
for processi ng in CHATR, in order to determi 
fluence of emotional variation on segmental quality. For 
the work described here, she produced three one-hour read- 
speech corpora under different emotional states (happiness, 
anger, sadness), sustaining each emotion by involvement 
in the content of the texts, which were highly emotionally 
charged for happiness, anger, and sadness respectively. 

databases 
ne the in- 

Using the three corpora of emotionally-charged speech, 
we created source databases for synthesizing speech with 
emotion using CHATR. To test whether the emotion was 
perceptible in the speech even when producing sentences 
that are semantically neutral with respect to emotion, we 
synthesised five neutral sentences by selecting speech seg- 
ments according to the same criteria from each source cor- 
pus. 18 university students were asked to identify the 
emotion types in the resulting fifteen utterances. Results 
showed joy: 51%, anger: 60%, sadness: 82% correctly rec- 
ognized (see Figure 2). Chance results can be expected to 
be around 3070, so we conclude that the characteristics of 
the emotion are well preserved in the voice. The remaining 

JQY 

Sad 

_--.__ 

51 16 33 

0 20 40 60 80 100 

Figure 2: Identification rates for different emotions in 
speech synthesised from different databases 

task is to identify the acoustic characteristics of the speech 
in each emotion type. 

3 LABELLING SPEECH 
Much of the information in speech can be labelled by 

automatic methods. This section describes some of the 
methods and compares differences between hand-labelled 
and machine-labelled corpora. It also discusses the limita- 
tions of automatic labelling and suggests some directions 
for future research. 

3.1 Labelling phonemes 
We employ automatic methods to produce an index of 
phonemic information time-aligned to the speech signal. 
Currently more than a hundred voices of Japanese have 
been labelled, and many have been hand-corrected. Re- 
sults of a comparison between the hand and auto labelling 
methods reveal systematic but only small differences. Ta- 
bles 1 and 2 show results from a 503-sentence corpus of 
Japanese, consisting of about forty-minutes of speech. 

As Table I shows, 50% of the hand-corrected tokens 
were within -2ms and +9ms of the original auto-labelled 
boundary in the speech signal in the case of consonants, 
and within -2ms and +6ms in the case of vowels. 80% 

Table 3: Results of automatic break-index labelling 
(summary of data presented at ICSLP-96). 

exact within &I wrong 
BX-2 1189 277 26 
BX-3 713 283 106 
BX-4 416 189 140 
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were within -14ms and +17ms (consonants) and -12ms and 
+32ms (vowels). The resulting segmental durations were 
within &30ms for vowels and &20ms for consonants, indi- 
cating a compensation between neighbouring phones where 
a boundary has been moved to lengthen one and shorten 
the other (see Figure 1). Typical examples of this are 
found where unvoiced plosives follow devoiced vowels, and 
at vowel-sonorant (/v/-/N/, /v/-/w/) boundaries. These 
results for Japanese speech compare favourably with those 
of [II] who performed a similar comparison for English. 

3.2 Labelling prosody 

By exhaustively predicting all the likely prosodic con- 
tours and dynamically aligning each to the observed con- 
tours of a given sentence we are able to label the phrasing of 
the utterance. The number of likely prosodic contours for 
a given word sequence is usually small. There may be more 
variety in interactive spontaneous speech, but the careful 
production of speech in the corpora that we are currently 
using for synthesis ensures that ‘ungrammatical’ renderings 
are unusual. 

For Tokyo Japanese we were able to detect prominence 
correctly in 81% of the cases by differencing the funda- 
mental frequency of the default and emphasised versions. 
Results of our automatic labelling of prosody were reported 
in [la]. For prosodic boundary labelling we employ break 
indices as in the ToBI system. Table 3 summarises results. 
Recent research results [l3, 14, 151 show similar figures for 
other languages. 

3.3 Labelling phonation 

Although there are clearly prosodic cues to emotion (see 
Table 4) an ARX analysis of the source characteristics [16] 
of the speech waveforms also shows significant differences 
in the AV (amplitude of voicing) and GN (glottal noise) 
parameters between the different emotional speech styles. 
Distances of AV-41.9 and GN=23.1 are found between sad 
and happy speech, and of AV=26.6, GN=17.7 between sad 
and angry speech. 

Table 4: Prosodic characteristics of human (top) and 
synthesised (bottom) emotional speech 

HUMAN Fo (Hz) Dur (ms) RMS Pwr 
Mean SD Mean SD Mean SD 

JOY 256.6 52.9 64.8 31.4 6.8 0.6 
Anger 262.4 57.3 66.1 28.6 6.7 0.5 
Sad 242.9 40.0 73.4 31.8 6.8 0.6 

SYNTH Fo (Hz) Dur (ms) RMS Pwr 
Mean SD Mean SD Mean SD 

I JOY 1 243.8 38.8 1 83.2 84.7 1 6.2 1.2 1 
Anger 256.2 41.0. 81.8 72.6 5.3 2.2 
Sad 231.1 31.8 93.8 93.1 5.6 1.5 

Work is in progress to use these differences in phona- 
tion style to also label emotional characteristics automati- 
cally. If successful, we could merge the three corpora and 
distinguish the different emotions using the third dimen- 
sion of speech, rather than having to select from different 
databases as at present. 

4 Conclusion 
We have proposed, on the basis of tests using concatenative 
synthesis of raw waveforms, that for successful description 
of perceptually significant variation in the speech signal, 
the labelling should be performed at three levels: phone- 
mic, prosodic, and phonatory. Two can be achieved auto- 
matically. We are exploring methods for the third. 
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ABSTRACT

Letter-to-phone conversion, as part of the natural language
processing stage, plays a very important role in text-to-speech
(TTS) synthesis because it associates an appropriate phonetic
transcription with each word of the sentence to be pronounced.
The classical approach for the phonetic conversion is based in
most TTS systems on either a dictionary or a set of rules.
Because both methods have important drawbacks, we used a
completely different approach: we designed a very accurate
grapheme-to-allophone converter for unrestricted TTS synthesis
in Romanian, based on a parallel architecture of neural
networks. The percentage of correctly transcribed words is
extremely high, comparatively with both classical methods and
other related implementations. The paper motivates the neural
approach, describes the system architecture, gives
implementation details and discusses the main results obtained
for Romanian language.

1. INTRODUCTION
Usually, a TTS synthesis system includes a natural language
processing stage, able to produce a phonetic transcription of the
text to be read, information about intonation, stress and
duration, as well as a digital signal processing stage, which
transforms the symbolic information it receives into speech. The
presence of the phonetic transcription module is essential for a
TTS system, as it strongly influences the overall accuracy and
contributes to the conversion of an unrestricted text into
synthetic speech [3, 6].

However, the phonetic conversion is not a trivial task for a
TTS system as the pronunciation of words significantly differs
from their spelling in many languages. In Romanian language,
even if the coarticulation rules are fewer and less restrictive than
in English or French, for example, and the heterophonic
homographs are also fewer, the number of pronunciation
problems and ambiguities is still big enough [4].

Some examples of difficulties for Romanian language are
presented below; we mention that we used a phonetic code
based on the standardized SAM phonetic alphabet  - SAMPA
[12].

A. Some graphemes have multiple phonetic values:
A1. The occlusive consonant 'c' is pronounced as follows:
• [k'], when it is followed by 'h': "chema" (to call) – [k'ema];
• [tS], when it is followed by 'e' or 'i': "cine" (who) –

[tSine];
• [k], in all other situations: "cap" (head) – [kap].

A2. The front vowel 'e' is pronounced as follows:
• [e_X] (semivowel) in: "perdea" (curtain) – [perde_Xa];
• [je] ([e] preceded by semivowel [j]) in: "el" (he) – [jel];
• [j] (semivowel – short 'i') in: "ea" (she) – [ja];
• [0] (phonetic-zero unit, so it is not pronounced): "geam"

(glass) – [dZ0am];
• [e], in all other situations: "erou" (hero) – [erow].
B. A number of consonants change some of their

phonological features in a specific context; e.g., the occlusive
consonant 'b' is devoiced and pronounced [p]: "absurd"
(irrational) – [apsurd].

C. Some graphemes may be reduced or deleted, such as 'ci'
in "cincisprezece" (fifteen) – [tSinsprezetSe].

2. MOTIVATION FOR A NEURAL APPROACH
As mentioned, two basic strategies are used for the phonetic
conversion of the input text [6]. Some TTS systems store in a
dictionary the phonetic transcriptions for the most used
morphemes of the language, others use a complete set of
grapheme-to-phoneme conversion rules. Many systems actually
make a compromise between a set of rules and a pronouncing
dictionary. But the development of such a set for a language is
usually a very laborious task. Also, the storage of a large
dictionary and the time required to identify a word raise many
problems.

In order to eliminate these drawbacks, new methods were
proposed in recent years, based on a "trainable" phonetic
converter general concept [5, 6, 8]. For example, many attempts
have been made to use artificial neural networks for solving this
task [1, 7, 9, 10, 11]. Unfortunately, their performances were so
poor that the general perception is this approach cannot compete
with rule-based system [6].

The phonetic converter created by the authors of this paper,
also based on a neural network approach, proves that very good
performances may be reached, if the system architecture is
optimized for this purpose and the complete phonetic features of
the language sounds are used.

Our motivation is based on three fundamental reflections.
Firstly, it is obvious that grapheme-to-allophone conversion may
be seen as mapping the input word graphemes into the elements
of a symbolic sequence (allophones), in accordance with some
phonetic and phonologic principles; a feed-forward neural
network can theoretically do this task.

Secondly, the neural approach is basically language
independent. A dictionary of phonetically transcribed words and
a phonetic description of fundamental sound units being given,
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the retraining of the neural network is straightforward for the
new language.

Finally, the lack of detailed phonetic studies for Romanian
language and the numerous difficulties for the phonetic
conversion guided us to this solution.

3. THE SYSTEM ARCHITECTURE
The phonetic converter presented here is an improved version of
our first one [2]. Based on a parallel architecture of neural
networks, the present system receives sequences of five letters
at the input (the central one being the "target" letter) and
provides the articulatory features for the allophone
corresponding to the central letter at the output.

Each word of the input text is shifted in the input layer

from right to left, until the complete set of articulatory features
and consequently the phonetic transcription of the input text are
obtained [4].

Due to the insufficient phonetic and linguistic studies for
Romanian language, a great deal of effort was made for
establishing an optimum set of allophones and a complete
acoustic-phonetic description of them. We finally chose a basic
set of 33 allophones. We also defined 29 articulatory features
like "front", "back", "middle", "open", "closed", "occlusive",
"fricative", "liquid", "palatal", "velar", etc., extended with 2
special codes for phonetic-zero unit/word boundaries and one for
the primary stress.

The system architecture is presented in Figure 1.

Look-up table
(binary coded allophones)

Phonetic transcription
(allophones)

Decoding

Output layer
(31 binary nodes)

NN1 NN2 NN31

Hidden
layers

Input layer
(5x5 binary nodes)

x(n) x(n-1) x(n-2) x(n-3) x(n-4)
Shifting

algorithm

Orthographic input text
(grapheme strings)

Preprocessing

“Target”
letter

Five bits internal
representation

Figure 1.  The architecture of the phonetic converter

The phonetic conversion covers the following steps:
1. Preprocessing the input orthographic text
A number of actions are performed in order to accomplish a

primary conversion of the letter input strings into a 27
fundamental orthographic character set. Firstly, the substitution
of upper cases into lower cases and hyphens removal are done.
Then, the replacement of some non-native Romanian letters with
graphemes corresponding to their basic phonetic values ('k' with
'c' or 'ch', 'x' with 'cs', 'q' with 'c', 'w' with 'v', and 'y' with 'i') is
performed. Finally, 'ch' and 'gh' graphemes are replaced by two
ASCII symbols used for the internal representation. The last two

actions actually perform a complete alignment of text strings
with phonetic ones.

2. Five bits internal representation
A 29 character set (the 27 previously mentioned plus word

boundaries and a special character for the primary stress) is five
bits coded, as opposed to the seven bits ASCII standard
representation. This action led to an important reduction of the
number of input nodes of the neural structure from 5×7 to 5×5.

3. Words shifting through the input layer
Each letter is leftward shifted at each step, both in training

phase and in testing phase. This algorithm starts with the first
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letter on middle position and ends with the final letter on the
same middle position; the vacant places are filled with the '# '
symbol (word boundary).

Each sequence of five letters at the input layer will be
called the "input vector" hereafter.

$Q H[DPSOH RI WKLV SURFHGXUH IRU WKH ZRUG �DFHDVW�� �WKLV�

is presented in Table 1. In the second column we show the input
vectors corresponding to the word and in the third one the
allophone corresponding to the central letter.

Step Input vector Allophone
1 # # a c e [a]
2 # a c e a [tS]
3 a c e a s [0]
4 c e a s t [a]
5 H D V W � [s]
6 D V W � � [t]
7 V W � � � [@]

Table 1. Word shifting through the input layer

4. Running through the neural network structure
The neural structure is a parallel architecture including 31

fully connected feed-forward neural networks (Multi-Layer
Perceptron type), one for each articulatory feature. The networks
have 25 binary nodes in common as inputs. Each network has a
different number of nodes in two hidden layers and one binary
output.

The networks are separately trained to learn the attached
articulatory feature of the allophone corresponding to the central
letter, using all the vectors in the training database. The
presence of this feature in the articulatory description of the
allophone is pointed out by "1" at the output of the network,
while the absence of the feature is pointed out by "0".

The networks work together in the testing (or recognition)
phase and provide at the outputs, at each step, the complete
articulatory description for the allophone corresponding to the
central letter under the form of a 31 binary coded vector.

By means of experiments, we established that including for
each letter the influence of four surrounding letters is sufficient
to overcome all the difficulties in Romanian language.

5. Getting the final phonetic transcription
In the final step, after obtaining the binary codification for

an allophone, a look-up table of coded allophones is used to
extract the graphic character of the desired allophone.

4. IMPLEMENTATION DETAILS
4.1. Allophone coding
The allophone set was preliminary coded using their articulatory
features with numbers from '2' to '30'. The symbols representing
the phonetic-zero unit and the word boundaries were coded with
'1' and the primary stress with '31'.

We must emphasize that we firstly used a set of articulatory
features based on the available bibliography. But some features
were hardly learned by the corresponding neural networks. Even
by increasing the number of nodes in hidden layers the number
of errors remained big enough. We give the following
interpretation: those features may not describe the corresponding

allophones very well, as they cannot be fully separated in the
n-dimensional space of training vectors. In order to allow a
better physical (acoustic and articulatory) modeling of these
sounds, additional features are necessary.

For those specific allophones, we consequently propose a
new set of articulatory features labeled "type 1", "type 2", etc.
The errors for this set of features drop off to insignificant values.

Table 2 shows the first eight lines of the complete
codification table [4].

No. Grapheme Allophone
Articulatory

features
Codes

1. a a open, central 2, 10
2. � @ medium, central 3, 10
3. e e medium, front,

type 1
3, 11, 30

4. short - e e_X medium, front,
type 4

3, 11, 23

5. i i closed, front,
type 2

4, 11, 21

6. short - i j closed, front,
type 5

4, 11, 27

7. î (â) 1 closed, central 4, 10
8. o o medium, back,

type 3
3, 12, 22

Table 2.  Decimal codification for some allophones

In the next stage, we built a binary codification for the
allophones; as mentioned, the presence of the feature in the
articulatory description of the allophone was marked with "1"
and the absence of the feature with "0". For example:

[a] (2, 10):          0100000001000000000000000000000
[e] (3, 11, 30):    0010000000100000000000000000010
[0], [#] (1):         1000000000000000000000000000000
This binary array was separately stored. During the training

phase, the desired allophone is presented and the corresponding
line is extracted. By comparing it with the network outputs, the
line is further used to compute the error. During the testing
phase the network outputs are compared with the array lines in
order to extract the corresponding allophone.

4.2. Training and testing the system
Training a neural network-based phonetic converter demands a
proper database, which must carry out two basic criteria:

• it must be large enough to cover the usual language words
as much as possible and also all the pronunciation difficulties of
the language;

• it must be limited so that the training time remains
reasonably low.

Therefore, we built from scratch a 5,000-word dictionary
phonetically coded by SAMPA symbols, containing the most
used words in Romanian language. This dictionary was
partitioned into a 4,000-word training database and a 1,000-
word testing database.

The neural networks were trained with an improved back-
propagation (BKP) algorithm, the back-propagation of errors
from the output layer and weighs modification being done after
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an entire epoch (“batch”-type training). We used momentum, an
adaptive learning rate and an error criterion based on the global
mean-square error. For most neural networks, the training
stopped after an acceptable global error was reached. However,
for some of them it was necessary to reinitialize the weights or
to apply a "cross-validation" method (training was stopped when
the number of erroneous vectors from the testing database begun
to grow up, so when the networks started to lose their
generalization ability).

It is important to observe that by separately training each
network, the performances of the entire system dramatically
increased for the following reasons:

• each network was optimized in terms of training method
and number of nodes in the hidden layers;

• due to the small number of nodes and weights, the
training time was reasonably low for each network (hours);

• we were able to precisely determine which of the initially
proposed articulatory features generated large errors; we
consequently proposed a new set of features.

We also mention that the training time ranged from dozen
minutes for the small networks (14×7 nodes in hidden layers
and a medium of 100 training epochs) to 20 hours for the large
networks (37×27 nodes in hidden layers and a medium of 4,000
training epochs).

After the training phase and weights saving, the system
runs in the normal (testing) phase accordingly with the
procedure described in section 3. By running forward through
the neural structure, the allophone corresponding to the central
letter of each input vector is obtained by comparing the network
outputs with the binary coded look-up table. For the feature
combinations not found in the table, the decision is taken by
means of a minimum-distance criterion. Therefore, only the
errors resulting from confusions between allophones (i.e. a
feature combination corresponding to an incorrect allophone)
will remain.

4. RESULTS AND CONCLUSIONS
We further present (Table 3) the overall performances of the
phonetic converter. We show all the allophones that were not
correctly identified, by testing both the training database
(Tr-DB) and testing database (Te-DB).

We generally obtained no more than one error per word (an
incorrect allophone or a wrong position of the primary stress).
The errors in Table 3 and the errors for stress positioning (9 in
training + 4 in testing corpora) add up to a total of 61 in training
and 29 in test. This is a very high rate of correctly transcribed
words: over 98.4 % of good word transcription for the training
set and over 97.1 % for the testing set. Error rate will be further
diminished by a small exception dictionary. The phonetic
conversion time of a medium 6-letter word is less than 80 ms for
a standard PC configuration. We think that these results are very
favorable and prove the validity of our approach.

We must emphasize that the overall TTS system built by
our team is structured as a set of C-modules and runs in real
time under Windows. Based on a diphone-concatenation
scheme, the TTS system accepts Romanian language sentences
for input and generates good quality speech.

Desired
allophone

Obtained
allophone

Number of errors

Tr-DB Te-DB
i j 12 7
j i 7 3

e_X e 10 3
e e_X — 1
u w 2 2
w u 5 2

(tS)i (tS)0 6 3
(tS)0 (tS)i 1 —
(dZ)i (dZ)0 2 2
(k')i (k')0 1 —
(k')0 (k')i — 1

1 0 2 —
@ 0 1 —
tS 0 1 1
dZ 0 2 —

Table 3.  Phonetic transcription errors
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AUTOMATIC SYNTHESIS OF RUSSIAN SPEECH

Olga Krivnova
Philological Faculty, Lomonosov Moscow State University, Russia

ABSTRACT

The paper describes the main principles of Russian text-to-
speech synthesis developed by Speech group of the Philological
Faculty, Lomonosov Moscow University, Russia. The system is
organized as a mixture of two methods: concatenation - on the
segment level (using the linguistically motivated units -
allophones' waveforms spliced together to form the initial speech
wave) and the rule-based method on the prosodic level to modify
the initial speech wave according to the prosodic characteristics
of a phrase being synthesized. The allophonic database is a set
of allophone wave files, each file being named accounting the
allophone itself and its phonetic context. Signal generation is
implemented according to the phrase control file, which
describes the phrase as a sequence of allophones' code names
with assigned duration, energy and fundamental frequency
values. To transform the base allophones to required prosodic
values we use procedures that are close to TD PSOLA
technology.

1. OVERALL ARCHITECTURE OF THE SYSTEM
The overall structure of our system is in line with the functional
organization of a general TTS synthesizer [1]. It consists of
several blocks or modules, each of which has its own tasks and
functions.

The synthesis of an arbitrary sentence may be split into two
larger stages. On the first stage the task is to produce a phonetic
(symbolic) transcription of the text to be pronounced including
its intonational, accentuation and rhythmical characteristics. On
the second stage the necessary acoustic signal (in digital form)
should be created on the base of this phonetic representation.
These tasks are implemented in our system by a text
preprocessing module and digital signal processing module
accordingly. These blocks are connected through a module
termed as speech control generation which function is to
generate a list of allophone codes (names) augmented with
necessary prosodic information (frequency, duration, amplitude).

The above mentioned modules in turn include several
submodules, which output can be supervised independently.

The text preprocessing module includes a text normalization
submodule and two automatic transcriptors: accent-intonation
and phonemic.

The speech control generation module consists of a prosodic
parameterization block, an allophonic coding submodule and a
block of control file generation.

The digital signal processing module includes two
allophonic databases (acoustic inventories) and a block of
speech signal generation.

The described structure is shown on Fig.1.
Below the more detailed description of each of the above

specified modules will be given (see also [2], [3]).

2. TEXT PREPROCESSING
2.1. Input text normalization
The main task of text preprocessing stage is the construction of
phonetic representation of an input text or its fragments, which
should contain segmental and suprasegmental information
necessary for the subsequent generation of an acoustic signal.

Figure 1. Overall structure of TTS system for Russian.

For creation of such a representation the input text should be at
first converted to the sequence of the orthographical (spelling)
words with stress marks, white spaces and admissible
punctuation marks must divide the words. Such text form can be
conventionally named "normalized".

The operations, which transform the input text into the
normalized form, concern to a stage of text normalization, which
we understand wider than it is accepted in many TTS systems.
We differentiate the following tasks here:
- Processing textual objects, which are not ordinary words
(numerals, abbreviations of a type " Mr., etc., i.e. " etc.) and
require verbal expansion with a choice of the necessary
grammatical forms.
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- Processing textual objects, which are not ordinary words, but
at the same time do not require verbalization (acronyms of a
type "MSU", proper names). As a rule such words are absent in
the usual dictionaries.
- Processing ordinary words (stress marker placement,
replacement the letter "e" on the letter "ë" in those cases where
it is needed for correct word pronunciation, as in Russian texts
the letter "ë" practically is never used.

Regretfully, we did not elaborate systematically the first
two tasks. Nevertheless we have collected a number of
preparatory materials for their development: on a material of the
newspaper texts a list of acronyms with their frequency of
occurrence, phonetic transcriptions and word collocations -
sources is made (electronic version 200 entries) and also a list of
abbreviations (with period in spelling) used in scientific texts
with their verbal expansion in dictionary canonical form
(electronic version 1100 entries). Besides we can process
numbers in expressions of dates and time of the day. But as a
whole we think that many problems arising while implementing
the tasks 1 and 2, demand the contextual analysis with the use
of at least grammatical information. To receive this information
it is necessary to perform morphological analysis of words
processed and the same is true for the stress assignment to
Russian words.

As it is well known, Russian has a so-called free stress with
strongly reduced unstressed vowels. Pronunciation errors
connected with stress misplacement are very appreciable on
hearing and frequently make a word practically unrecognizable.
In a number of cases the stress placement has distinctive
function (as in /mu'ka/ "torment" vs /muka'/ "flour" or /ru'ki/ vs
/ruki'/ as different grammatical forms of a word "hand"). So in
Russian the place of a stress is lexically and grammatically
conditioned.

Full morphological analysis of ordinary Russian words is
not an easy problem. Fortunately, there exists (electronic version
also available) the grammatical dictionary created by
A.A.Zaliznjak [4], which contains about 100000 words in their
initial forms and all information necessary for the analysis /
synthesis of their grammatical forms. The most of morphological
processors developed for Russian uses this dictionary by and
large and we including.

As against the majority of existing morphological
processors for Russian in our analyzer the theoretical model of
word inflection described in [4] is used practically without
changes. It was achieved by using the well-known principles:
calculations of stems, analysis by synthesis, statement and
verification of hypotheses by various modules (principle of "a
class board ") [5].

In [4] all possible accentuation word types are accounted
for and all initial word forms have markers for stress position
and position of the letter "e" to be replaced by the letter "ë".
Also for each word entry [4] specifies part-of-speech, gender and
animacy (for nouns), aspect and transitivity (for verbs), type of
inflection paradigm. Due to the principle "analysis-by-synthesis"
this information allows not only to assign stresses, replace "e"
by "ë" (what is performed in our system), but also to receive all
grammatical features possible in case of an isolated word
processing. We are going to use these features for contextual
analysis, which is necessary for different tasks: unusual symbols
to word expansion, homographs and other types of ambiguities,
prosodic phrasing etc. Now it is only in a development stage.

2.2.  Automatic accent-intonation transcriptor (AITR)
2.2.1. Intonational phrasing and prosodic words grouping.
At synthesis of emotionally neutral speech the AITR should
locate the intonational phrases boundaries, determine a degree
of intonational breaks and set the intonational model
parameters, which are making out a phrase.

Major cues to locate the intonational boundaries are
punctuation marks. However it is well known that the
correspondence between intonation and punctuation is not direct
one. Besides, the information about major syntactic breaks and
the length of the main constituents are at least needed. Now we
conduct work in this direction, however while the intonational
phrasing in our system is based exclusively on punctuation. It is
possible also to indicate phrase boundaries in the input text
manually.

Intonation phrasing is supposed to have some pause after
each phrase. We distinguish three degrees of pauses: short
(about 250ms), moderate (about 400 ms) and long (about 800
ms). The choice of a pause duration type is also based on
punctuation marks. It is the main, though not the only one,
prosodic means to create different degrees of intonational
breaks.

Prosodic words grouping within an intonational phrase is
closely connected with rhythmization and is realized in our
system by special feature "degree of prosodic break", assigned to
the blanks between words. Here we have three breaks' levels: 0 -
after or before full clitics (e.g. preposition and some particles); 1
- after or before functional words, which are not full clitics (e.g.
pronouns); 2 - between two content words. This information is
used in rhythmization rules and phonemic transcriptor when
processing external phoneme sandhi and vowel reduction.

2.2.2. Intonation. To each intonational phrase AITR should
assign a number of characteristics determining an intonational
model, which is chosen for its pronunciation. The major
characteristics are: a type of intonational model and global
prosodic parameters such as a voice range area used and its
width, degree of pitch salience of lexical stresses for content
words, speech rate and loudness.

In our system we use the following intonation models: 1
model of finality, 1 model of non-finality for the affirmative
sentences, 3 interrogative models (general question, special
question, comparative question), 1 model for exclamation
sentences. For all models the possibility of different positions of
an intonation center in the phrase is available (in some cases its
position is determined by the nuclear phrase stress, while in
others by focus accent mark). The choice of the appropriate
model is based on punctuation mark and some lexical
information. It is obvious that these cues are not enough and
more over the relation between punctuation and intonation
models is rather difficult one, especially in Russian. This
problem is also under investigation. At a present stage of
development any phrase can be pronounced with any of
accessible intonational models in a hand-operated mode.

As to the global intonational parameters, the possibility of
their manual adjustment in any combinations is realized,
however automatically the most neutral variant is temporarily
used (by default).

2.2.3. Rhythm and accentuation. We assume that word
prominence in an intonational phrase is adjusted by two
functionally different mechanisms: focus accentuation and
rhythmization.

The focus accents (to contrast or emphasize some words)
are substantially defined by a speaker intention or by the whole
information structure of a text. The last one frequently has no
evident cues to determine an accent place and type. Therefore
the formalization of focus accentuation represents the most
difficult problem for TTS-systems. Our synthesizer is able to
synthesize phrases with different focus accents but we have no
rules to determine their localization automatically: it should be
done manually. If a phrase has words with accent markers, the
last of them is considered as the intonational centre (nuclear) of
a phrase. Otherwise the last content word of a phrase is
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admitted as its intonational nuclear (or its automatic phrase
stress) by default. It is the most typical situation for the narrative
Russian texts, which construction is based on the use of neutral
linear - intonational structures with a final position of the
intonational centre.

As far as rhythmization is concerned, AITR assigns some
degree of prominence to each vowel in an intonational phrase as
its rhythmical feature. We distinguish three degrees of vowel
prominence within a word (stressed, strong unstressed, weak
unstressed) and four degrees for lexically stressed vowels (1 for
full clitics, 2 for functional words, 3 for nonnuclear content
words, 4 for nuclear content word). In Russian the prominence
markers are very important to determine correctly the duration
of sounds.

2.3. Automatic phonemic transcriptor (PHTR)
The segment inventory used in our system includes 56 units. It
slightly differs from that prevalent in the phonological
descriptions of Russian. But for the purpose of synthesis it is
convenient in some cases to have different symbols in the
transcription even for those sounds that are in no phonological
contrast. The list of sounds we differentiate is given below,
further we name them phonemes (our transcription is based on
Russian alphabet, so for convenience the Russian symbols are
replaced here with their IPA conformity).
Stressed vowels: [A@], [u@], [i@], [Æ@], [o@], [e@]
Strong unstressed vowels: [A], [u], [i], [Æ], [o], [e]
Weak unstressed vowels: [´], [I], [V]
Non-palatalized consonants:
[p],  [t], [k], [b], [d], [g], [f], [v], [s], [S], [z], [Z], [x], 
[ƒ], [ts], [dz], [m], [n], [r], [l]
Palatalized consonants:
[pJ], [tJ], [kJ], [bJ], [dJ], [gJ], [fJ], [vJ],[sJ], [SJ], [zJ], [ZJ], 
[xJ], [tSJ],  [dZJ],  [mJ], [nJ], [rJ], [lJ], [j], [ iª ].

A set of regular phonological rules implements the mapping
"letter - phoneme" and "phoneme - phoneme" which include
such operations as elimination of spelling fictions, removing of
hard and soft symbols in spelling with simultaneous
interpretation of palatalization of near by consonants,
assimilation processes in consonant clusters, vowel reduction
and so on. Irregular pronunciation of some word classes (e.g.
loan words) and even individual words is accounted for by using
special word lists. Currently there are 54 such exception lists in
PHTR [6].

All phonetization procedures are based on expert rewrite
rules, which take into account the standard Russian
pronunciation described in [7].

3. SPEECH CONTROL GENERATION
3.1. The block of prosodic parameterization
Rules of this block define the amplitude, duration and
fundamental frequency values, which should be attributed to
phonemes forming the output transcription of an intonational
phrase. According to these calculated physical values the
modification of the base acoustic allophones chosen for
concatenation is carried out at the stage of acoustic signal
generation.

Consider briefly as it is carried out in our system.

3.1.1. Amplitude. Basically those characteristics are kept which
are inherent to allophones as the concatenation units, i.e. in
most cases no updating of the initial data occurs. We use some
rules to control the changes of amplitude on the final syllables in
a phrase and some rules of adjusting type. Intensity is usually
thought as the least relevant for realization of suprasegmental
phonetic distinctions in Russian. Sharing in whole this point of
view, we consider at the same time that further research on the

contribution of energy parameter in the quality of synthesized
speech is necessary.

3.1.2. Duration. The duration of vowels and consonants are
formed by separate blocks of rules. In both cases the hierarchical
system of the factors determining an allophone's duration is
used.

For Russian vowels primary factors (in decreasing order of
importance) are their phonetic identity (especially vowel height
feature), prominence level (rhythmical feature), the distance
from beginning of a phrase and of a phonological word. These
factors are captured by the quantitative model, which has been
described in [9] and is close to the known Klatt’s model [10]. In
our model the effect of all above mentioned suprasegmental
factors is described as shortening of the intrinsic duration of a
vowel in question. Duration values received as a result of model
application are consired as base ones. These base durations can
be modified further by some additional rules which take into
account such lengthening factors as prepausal position, the class
of near by consonants (approximant, trill, nasal, voiced
nonsonorant) and vowel hiatus.

The consonant duration rules are organized similarly. Here
the primary factors are phonetic identity, prominence level of a
syllable, to which a consonant belongs to, phrase position
(initial, medial, final), cluster entering and position in a cluster
(final / non final). Except for base rules, which take into account
the specified factors, the additional rules are used which
consider phonetic identity of near by consonants in clusters and
presence of a length feature.

All numerical estimates needed are obtained empirically
and based on various phonetic experiments, which include
reading of large enough texts.

3.1.3. Pitch and fundamental frequency. The pitch
characteristics of sounds are defined in accordance with
intonational, accent and rhythmical markers assigned to an
intonational phrase as the output of accent-intonation
transcriptor.

The generation of F0 curve is carried out in two steps [11].
At first pitch values are set in semi-tone scale with respect to the
average pitch (or base tone) of a speaker. Then these semi-tone
values (or pitch contour) are transformed into F0 curves. It
allows to use the same tone rules for synthesis of voices with
different pitches. Besides there is an opportunity to control a
base tone level, if the phrase should be sounded in the marked
voice register - lowered or raised rather neutral.

The strategy of pitch contour generation is as follows: the
contour is formed as a result of concatenation of tonal objects of
two types - tonal figures and tonal plateaus.

The tonal figures are aligned with lexically stressed
syllables and according to tradition can be named as pitch
accents. They are ordered in accordance with their functional
and phonetic importance, what defines a degree of reflection of
phonetic details in their tone rules. The most important is the
figure that anchored to the nuclear syllable (intonation centre of
the model), then follows the figures anchored to the first and the
last stressed syllables of a phrase (if they �re not nuclears), and
then figures anchored to stressed syllables of the rest content
words ( if there is no indication that they should be made atonal
in the given intonational model). The main parameters of pitch
accents are a type of pitch movement, the realization domain
(part of a phrase on which the figure is realized, stressed
syllable including), the localization of pitch targets points of a
figure in a speaker pitch range and realization domain.

The tonal plateaus are aligned with unstressed and atonal
stressed syllables in the beginning and end of a phrase and also
in the intervals between pitch accent realization domains. The
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controllable parameters in this case are pitch values at the
margins of intonational phrases and an interval of pitch change.

The number of tone rules, which form the described tone
objects, depends on their phonetic complexity and functional -
phonetic importance. For example, the detailed phonetic
elaboration of the nuclear pitch accent of non-finality
intonational model is carried out by a set of 27 rules, which take
into account a position of the intonational centre in a phrase
(initial, medial, final), position of a nuclear syllable in a word
(initial uninitial), sound structure of the nuclear syllable,
variations in the realization domain.

As a result of application of these rules each phoneme in a
phrase is attributed by at least two pitch values as its starting
and end points. If it is necessary three and even more values can
be assigned to any point inside the phoneme. So, on the whole
any pitch contour is approximated by linear tonal movements.

As for duration all tone rules are hand-written and based on
phonetic and acoustic analysis of read-aloud texts.

3.2. Allophonic coding module
This module converts the phoneme symbols used in phonemic
transcriptor into the codes (names) of appropriate concatenation
units. As a rule these units are phoneme-size acoustic segments
(i.e. allophones) and their codes contain just the information on
their phonemic identity and on the classes of their right and left
phoneme contexts. There are two exceptions from this trend,
which require some additional processing. So, stops, affricates
and trills can be spliced on several acoustic segments and on the
other hand some two-phoneme sequences (i.e. vowel hiatus) can
be merged into a single acoustic segment.

3.3. Generation of speech control file
The outputs of prosodic parameterization block and allophonic
coding module are united in a general control file where a
synthesized phrase is represented as a sequence of concatenation
unit codes with assigned duration, F0 and amplitude values. At
this stage some readjustment prosodic rules are applied which
take into account small divergences between the structure of
phonemic transcription and the sequence of concatenation units
necessary to sound it.

4. DIGITAL SIGNAL PROCESSING
4.1. Synthesis Allophonic Databases
As it was already mentioned, we use for concatenation such
acoustic segments, which usually have phoneme size. Each unit
is stored as a single coded file. There are two acoustic
inventories in our synthesizer: one for male voice (SR 11025Hz;
SS 8-bit; TV-announcer) with 158 consonant allophones and 530
vowels; the other for female voice (SR 22050Hz; SS 16-bit; RD-
announcer) with 200 consonant allophones and around 1000
vowels. All vocalic wave files in the databases are marked semi-
automatically according to their pitch periods to generate the
output speech signal.

The main principles of the database design and its
preparing was described in [12]. The basic requirement was to
cover possibly all acoustically and perceptually relevant effects
of coarticulation, not exceeding at the same time the reasonable
bounds of database size.

4.2. Signal Generation
 Signal generation is implemented according to the speech
control file the structure of which was described above. To
transform the base allophones to physical  values given by the
phrase control file, we use algorithms and procedures that are
close to PSOLA technique in the time domain [13].

To increase the naturalness of synthesized speech at last
stage of a signal generation the final sequence of the modified
pitch periods is transformed from linear approximated curve into

cosine form and some casual fluctuation of period duration's is
implemented.

5. CONCLUDING REMARKS
Our TTS system for Russian is designed as a research prototype.
At the same time we wanted to build such a device that could be
easily edited, tested and changed. Therefore special attention in
our work is given to development of special toolkit, which can
be used for operative testing of results of both: all system and its
separate modules [8]. Besides the system is used in the
educational purposes: in the courses on Russian phonetics and
speech technologies. It gives us an opportunity to make natural
testing and evaluation of the synthesizer at different stages of its
development. Also we carried out special tests to evaluate the
intelligibility and naturalness of the synthesized speech, which
have given good results. At the same time we realize, that a lot
of work is to be done, especially at the NLP processing stage.
The main problems for us here are the lack of necessary speech
and text corpora and special tools for their automatic analysis
and linguistic and acoustic modeling.

NOTES
Synthesizer is realized in library DLL for platform Win32 (Windows 95 or
NT); the place occupied on a disk about 10Mb (without wave compression).
The demo-examples of Russian speech synthesized by our system (in wave
format) can be found in INTERNET to the address
http://isabase.philol.msu.ru/SpeechGroup.
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ABSTRACT
This work assesses whether natural-sounding excitation near
segment boundaries enhances the intelligibility of formant
synthesis. Excitation type at fricative-vowel (FV) and vowel-
fricative (VF) boundaries and durations of voicing in voiced stop
closures are described for one male speaker of British English.
Most VF boundaries have mixed aperiodic and periodic
excitation, whereas most FV boundaries change abruptly from
aperiodic to periodic excitation. Syllable stress, vowel height,
and final/non-final position within the phrase influenced the
incidence and duration of mixed excitation. Voicing in stop
closures varied in well-understood ways. Synthesized phrases
proved more intelligible in noise when excitation at fricative
boundaries and in voiced stop closures was structurally
appropriate. Implications for formant synthesis are discussed.

1.  INTRODUCTION
This work is part of ProSynth [1, 2], a research program that
addresses the premise that synthetic speech will sound more
natural and be more intelligible, especially in adverse
conditions, if it includes the systematic variation that is found in
natural speech and reflects linguistic structure which is typically
ignored in synthesis. This is important because, though synthetic
speech may be as intelligible as natural speech in good listening
conditions, it is much less intelligible in adverse conditions [3].

We have argued [4] that this fragility of synthetic speech is
due to its unnatural quality. When humans speak, there is a tight
relationship between movements of the vocal tract and
properties of the emitted sound. Thus natural speech is
perceptually coherent because it is acoustically coherent: its
acoustic-phonetic fine detail reflects vocal tract behavior. When
vocal-tract behavior systematically reflects linguistic structure,
then that linguistic structure should be more transparent to the
listener. It follows that if synthetic speech includes subtle but
systematic phonetic variation, its intelligibility should rise. This
seems to happen: when subtle but systematic changes in formant
frequency that reflect the presence of an /r/ are introduced over
several syllables of synthetic speech, intelligibility rises
significantly [5, 6]. Some of these spectral changes are barely
noticeable in good listening conditions; their impressionistic
effect is best described as making the speech sound more
coherent overall rather than as making phones obviously clearer.
This impression of coherence may arise because the changes
reflect the behavior of the tongue body in the general vicinity of
an English /r/ [7]. The changes also, of course, spread
information that there is an /r/ in the message over a longer
stretch of the signal.

Another contribution towards perceptual coherence may
come from the detailed waveshape. The waveform amplitude
envelope provides useful perceptual information to listeners [8,
9]. The waveshape at segment boundaries seems especially
likely to contribute perceptual coherence, and hence more
natural-sounding and robust synthetic speech. For example, the
abruptness of voicing offset reliably differentiates between
voiced and voiceless fricatives at vowel-fricative boundaries
[10], and in the vicinity of the boundaries between obstruents
and non-obstruent articulations there are often regions of mixed
periodic and aperiodic excitation as the vocal-tract opens or
closes through a critical range of constriction areas. Acoustic
patterns of these types may contribute to perceptual coherence
by enhancing stream segregation, as for nonspeech sounds [11].

One reason for studying the distribution and perceptual
importance of segment-boundary patterns is that these patterns
arise naturally in concatenative synthesis, but must be produced
at some computational cost in formant synthesis. Concatenative
synthesis is immediately appealing because it seems to sound
more natural than formant synthesis. This impression may arise
partly because the acoustic fine-detail in the vicinity of segment
boundaries contributes crucial perceptual coherence. If that is
so, then formant synthesis would benefit from such fine detail.

The two properties chosen for this study are the excitation
type at the boundaries between voiceless fricatives and
sonorants, and the duration of voicing in the closure of voiced
stops. Mixed excitation at fricative boundaries represents a
difficult case for formant synthesizers, which typically produce
abrupt changes between periodic and aperiodic sources. Voicing
in the closure of stops is normally included in some contexts in
formant synthesis systems, but was included in this study for
two reasons. First, [12] have argued that low-amplitude, low-
frequency periodicity is processed by the auditory system in a
way that is compatible with the interpretation that it contributes
to perceptual coherence through auditory streaming; in this
sense, it is distinct from yet comparable with the class of
fricative-sonorant boundaries. Second, whereas the literature
seems silent on the incidence of mixed excitation in the vicinity
of the boundaries between voiceless fricatives and sonorants,
structurally-determined differences in voicing in the closure of
voiced English stops are comparatively well understood.

The first step, then, is to identify the distribution of the
patterns of interest in natural speech. The second step is to
synthesize phrases containing the phoneme sequences of
interest, and to assess their intelligibility, with and without the
patterns of excitation type found in the natural speech.
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2.  ANALYSIS OF NATURAL SPEECH
The speech analysed is from the ProSynth database. It comprises
single tokens of phrases, exemplifying a number of prosodic
structures, from a male speaker of Southern British English.
Because the database satisfies a number of other constraints, it
is neither large nor balanced for the factors studied here, but it
offers a good range of relevant structures.

2.1.  Fricatives
Voiceless fricatives were divided into two sets according to the
position of the boundary with the vowel: fricatives preceded
vowels in the FV set, and followed them in the VF set. When a
fricative fell between two vowels, it contributed to both groups.
Further subdivisions were made according to structural and
prosodic context, and vowel height, as outlined below.

Voiceless fricatives classed as having mixed excitation (or
overlap) had at least 8 ms of simultaneous periodic and
aperiodic excitation at the segment boundary. Thus some cases
classed as simple excitation did have a short region of mixed
excitation, but it was low amplitude and less than about one
glottal period, which seems unlikely to be perceptually
significant.

boundary n % simple % mixed
FV 173 82 18
VF 158 27 72

Table 1. Percentage of fricatives with simple vs. mixed
excitation types at the boundary with an adjacent vowel. n =

total number.

Table 1 shows that the vast majority of FV boundaries had
simple excitation types, whereas most VF boundaries had mixed
types. Most FV boundaries were simple, but of the minority
with mixed excitation, there was a much higher proportion of
cases in unstressed compared with stressed contexts (Table 2; χ2

= 10.31, df = 1, p < 0.01). Stressed contexts have stress either
preceding or following the fricative; unstressed contexts have
unstressed vowels on both sides of the fricative. No other
significant influences were observed for the mixed FV
boundaries.

context n % simple % mixed
 stressed 75 92   8

unstressed 98 73 27
Table 2. Percentage of FV boundaries with simple vs. mixed
excitation types, when the vowel is stressed or unstressed.

Amongst the minority of VF boundaries that had simple
excitation, less than a quarter had onset fricatives while almost
half had coda fricatives, but these trends are not significant (p <
0.1, χ2 = 2.88, df = 1).

Durations of overlap at the 32 mixed FV boundaries ranged
between about 8 ms (by definition) and 18 ms, in a tight
distribution with all but 5 cases less than 12 ms: the mean and
median were both about 10 ms (s.d. 1.98 ms). The mean
duration of overlap for all FV boundaries (simple + mixed) was
of course much less since most of them were classed as simple.

The VF distribution was both wider and more skewed than
the FV distribution. The mean duration of mixed excitation for
the 114 mixed VF boundaries was 18 ms (s.d. 11 ms).
Removing 6 outliers (range 38-78 ms) reduced the mean to 16
ms (s.d. 5.61 ms, median 18 ms, range 8-34 ms). The 6 outliers
all had stressed low vowels preceding the fricative, which was

the syllable coda; the 4 longest were phrase-final. (The fricative
was in the coda in all 21 cases with low vowels.) The duration
of mixed excitation in VFs in unstressed contexts with
preceding low vowels fell within the typical range, even phrase-
finally. Tables 3-5 summarize these points; contexts are
separated to avoid small Ns. Mid and central vowels are omitted
from vowel height analyses.

vowel at VF boundary n mean s.d.
high: /i I u U/ 75 15   5.8
low: /a A Å √/ 21 27 21.3

Table 3. Durations of mixed excitation (ms) at VF boundaries
classed as mixed (≥ 8 ms), for high and low vowel contexts.

VF n mean s.d
non-final 93 16   6.9

final 21 25 20.2
Table 4. Durations of mixed excitation (ms) at VF boundaries

classed as mixed for phrase non-final and final syllables.

VOWEL HEIGHT
high: /i I u U/ low: /a A Å √/

CONTEXT n mean s.d. n mean s.d.

stressed 64 15 5.7 15 31 23.4
unstressed 11 15 6.4   6 14  4.1

Table 5. Durations of mixed excitation (ms) at VF boundaries
classed as mixed, according to vowel height and stress context.

In summary, FV boundaries are normally simple i.e. the
transition from aperiodic to periodic excitation is abrupt. When
there is mixed excitation, it is usually in unstressed contexts,
and only about 10 ms long. In contrast, VF boundaries are
normally mixed, and although the typical duration of mixed
excitation is around 16-20 ms, it can be as long as 50-80 ms,
especially in phrase-final syllables with stressed low vowels.

These observations seem to indicate that mixed excitation
results mainly from asynchronies between glottal and upper-
articulator movements, rather than aerodynamic factors
stemming from differences in the time the articulators take to
achieve a constriction area that produces frication. If gross
articulator movement determined the patterns, we might expect
more and/or longer regions of mixed excitation with slower rates
of change in jaw height. Slower changes would be expected at
FV boundaries and with high, unstressed vowels, because jaw
velocity is typically lower for opening than closing, for
unstressed than for stressed syllables, and for high rather than
low vowels [e.g. 13]. Similarly,  the cross-sectional area at the
place of maximum vocal tract constriction changes more
abruptly in VF compared with FV sequences [14]. This should
produce more abrupt changes in excitation type at VF rather
than FV boundaries, whereas we found the opposite. Obviously
articulatory kinematics and direct aerodynamic consequences of
oral constriction areas influence the data, but since they seem to
predict the opposite pattern from our findings, the main
determinant of the asymmetries in our data is probably
asynchrony in coordinating glottal and upper- articulator
movement.

2.2.  Voiced stops
We measured the duration of periodicity in the closure of voiced
stops, and the duration of the closure itself (to the burst). The
patterns were as expected, so are only summarized. When the
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preceding sound was voiceless, there was no periodicity in the
closure; these are not discussed further. In the 212 closures
preceded by a voiced sound, voicing was very slightly longer
when the following sound was also voiced, but the standard
deviations are quite big (39 ms, s.d. 18.7 ms, n = 154 vs. 34 ms,
s.d. 15.2 ms, n = 58). Vowel height and place of articulation
influenced the duration of closure voicing, with longer durations
after low rather than high vowels, and bilabial > alveolar > velar
stops; these patterns may reflect differences in oral cavity
volume, for larger volumes allow the transglottal pressure-drop
to last longer. When the following sound was voiced, syllable
stress affected closure voicing: periodicity in a stop before an
unstressed syllable was about 43 ms, regardless of whether the
stop was an onset or a coda, and of whether the preceding
syllable was stressed or unstressed. In contrast, mean closure
voicing was only 34 ms when the stop was the onset of a
stressed syllable. This absolute value is the same as that for
stressed and unstressed codas in phrase-final position or
followed by voiceless sounds. However, the perceptual
impression will be different: whereas periodicity in stressed
onset stops takes up only 40% of the closure, that in codas
followed by voicelessness take up 70% of the closure. Other
following voiced contexts have even longer (>80%) proportions
of closure voicing.

3.  PERCEPTUAL EXPERIMENT
3.1.  Method
3.1.1. Material. 18 phrases from the database were copy-
synthesized into HLsyn using PROCSY [15], at 11.025 kHz SR,
and hand-edited to a good standard of intelligibility, as judged
by a number of listeners. In 10 phrases, the sound of interest
was a voiceless fricative: at the onset of a stressed syllable—in a
field; unstressed onset—it’s surreal; coda of an unstressed
syllable—to disrobe; between unstressed syllables—disappoint;
coda of a final stressed syllable—on the roof, his riff , a myth,
at a loss, to clash; and both unstressed and stressed onsets—
fulfilled. The other 8 items had voiced stops as the focus: in the
coda of a final stressed syllable—it’s mislaid, he’s a rogue, he
was robbed; stressed onset—in the band; unstressed onset—the
delay, to be wronged; unstressed and final post-stress contexts—
to deride; and in the onset and coda of a stressed syllable—he
begged.

The sound of interest was synthesized with the “right” type
of excitation pattern. From each right version, a “wrong” one
was made be substituting a type or duration of excitation that
was inappropriate for the context. Changes were systematic; no
attempt was made to copy the exact details of the natural version
of each phrase, as our aim was to test the perceptual salience of
the type of change, with a view to incorporating it in a synthesis-
by-rule system.

At FV boundaries, the right version had simple excitation
(an abrupt transition between aperiodic and periodic excitation),
and the wrong version had mixed periodic and aperiodic
excitation. VF boundaries had the opposite pattern: wrong
versions had no mixed excitation. See Fig. 1. Right versions
were expected to be more intelligible than wrong versions of
fricatives.

Each stop had one of two types of wrong voicing: longer-
than-normal voicing for band and begged (see Fig. 2) whose
onset stops normally have a short proportion of voicing in the
closure; and unnaturally short voicing in the closures of the
other six words. The wrong versions of band and begged were
classed as hyper-speech and expected to be more intelligible

than the right versions. The other 6 were expected to be less
intelligible in noise if naturalness and intelligibility co-varied.

Title:  unnamed.fig
Creator:  fig2dev Version 3.1 Patchlevel 2
CreationDate:  Fri Mar 12 22:31:23 1999

Figure 1. Spectrograms of part of /IS/ in disappoint. Left:
natural; mid: synthetic “right” version; right: synthetic “wrong”

version.

Title:  unnamed.fig
Creator:  fig2dev Version 3.1 Patchlevel 2
CreationDate:  Thu Mar 11 22:17:22 1999

Title:  unnamed.fig
Creator:  fig2dev Version 3.1 Patchlevel 2
CreationDate:  Thu Mar 11 22:16:31 1999

Title:  unnamed.fig
Creator:  fig2dev Version 3.1 Patchlevel 2
CreationDate:  Thu Mar 11 22:18:04 1999

Figure 2. Waveforms showing the region around the closure of
/b/ in he begged. Upper panel: natural speech; middle: “right”

synthetic version; lower: hyper-speech synthetic version.

3.1.2.  Subjects. The 22 subjects were Cambridge University
students, all native speakers of British English with no known
speech or hearing problems and less than 30 years old.

3.1.3.  Procedure. The 18 experimental items were mixed with
randomly-varying cafeteria noise at an average s/n ratio of -4 dB
relative to the maximum amplitude of the phrase. They were
presented to listeners over high-quality headphones, using a
Tucker-Davis DD1 D-to-A system from a PC computer, and a
comfortable listening level. Listeners were tested individually in
a sound-treated room. They pressed a key to hear each item, and
wrote down what they heard. Each listener heard each phrase
once: half the phrases in the right version, half wrong or hyper-
speech. The order of items was randomized for each listener
separately, and, because the noise was variable, it too was
randomized separately for each listener. Five practice items
preceded each test.

3.2.  Results
Responses were scored for number of phonemes correct. Wrong
insertions in otherwise correct responses counted as errors.
There were two analyses, one on all phonemes in the phrase, the
other on just three—the manipulated phoneme and the 2
adjacent to it. Table 6 shows results for 16 phrases i.e.
excluding the two hyper-speech phrases. Responses were

page 513 ICPhS99          San Francisco



significantly better (p < 0.02) for the right versions in the 3-
phone analysis, and achieved a significance level of 0.063 in the
whole-phrase analysis.

context version of phrase  t(21)   p (1-tail)
“right” “wrong”

3 phones 69 61 2.35      0.015
entire phrase 72 68 1.59      0.063

Table 6. Percentage correctly identified phonemes in 16 phrases.

Responses to the hyper-speech words differed: 84% vs. 89%
correct for normal vs. hyper-speech begged; 85% vs. 76%
correct for normal vs. hyper-speech band (3-phone analysis).
Hyper-speech in the band was often misheard as in the van. This
lexical effect is an obvious consequence of enhanced periodicity
in the /b/ closure of band.

4.  DISCUSSION
We have shown for one speaker of Southern British English

that linguistic structure influences the type of excitation at the
boundaries between voiceless fricatives and vowels, as well as
the duration of periodic excitation in the closures of voiced
stops. Most FV boundaries are simple, whereas most VF
boundaries are mixed. Within these broad patterns, syllable
stress, vowel height, and final vs. non-final position within the
phrase all influence the incidence and/or duration of mixed
excitation. We interpret these data as indicating that the
principal determinant of mixed excitation seems to be
asynchrony in coordinating glottal and upper articulator
movement. Timing relationships seem to be tighter at FV than
VF boundaries, and there can be considerable latitude in the
timing of VF boundaries when the fricative is a phrase-final
coda.

Our findings for voiced stops were as expected, if one
assumes that the main determinants of the duration of low-
frequency periodicity in the closure interval are aerodynamic.
One interesting pattern is that voicing in the closures of
prestressed onset stops is short both in absolute terms and
relative to the total duration of the closure.

We further showed that phoneme identification is better
when the pattern of excitation at segment boundaries is
appropriate for the structural context. Considering that only one
acoustic boundary i.e. one edge of one phone or diphone, was
manipulated in most of the phrases, and that there are relatively
few data points, the significance levels achieved testify to the
importance of synthesizing edges that are appropriate to the
context. It is encouraging that differences were still fairly
reliable in the whole-phrase analysis under these circumstances,
since we would expect more response variability over the whole
phrase.

If local changes in excitation type at segment boundaries
enhance intelligibility significantly, then systematic attention to
boundary details throughout the whole of a synthetic utterance
will presumably enhance its robustness in noise considerably.
However, it is a truism that at times the speech style that is most
appropriate to the situation is not necessarily the most natural
one. The two instances of hyper-speech are a case in point. By
increasing the duration of closure voicing in stressed onset
stops, we imitated what people do to enhance intelligibility in
adverse conditions such as noise or telephone bandwidths. But
this manipulation risked making the /b/s sound like /v/s,
effectively widening the neighborhood of band to include van.
Since in the van is as likely as in the band, contextual cues
could not help, and band’s intelligibility fell. Begged’s

intelligibility may have risen because there were no obvious
lexical competitors, and because we also enhanced the voicing
in the syllable coda, thus making a more extreme hyper-speech
style, and, perhaps crucially, a more consistent one. These
issues need more work.

The perceptual data do not distinguish between whether the
“right” versions are more intelligible because the manipulations
enhance the acoustic and perceptual coherence of the signal at
the boundary, or because they provide information about
linguistic structure. The two possibilities are not mutually
exclusive in any case. The data do suggest, however, that one
reason for the appeal of diphone synthesis is not just that
segment boundaries sound more natural, but that their
naturalness may make them easier to understand, at least in
noise. It thus seems worth incorporating fine phonetic detail at
segment boundaries into formant synthesis. It is relatively easy
to produce these details with HLsyn, on which PROCSY is based.
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ABSTRACT 
The “sums-of-products” approach has been found useful to 
model contextual influences on phoneme duration. This ap- 
proach involves multiple linear regression, which is gener- 
ally applied after log-transforming the durations. This pa- 
per presents empirical and theoretical evidence which sug- 
gests that this transformation is not optimal. An alterna- 
tive solution is proposed, based on a piecewise linear frame- 
work. Preliminary experimental results were obtained on 
over 50,000 phonemes in varied prosodic contexts. They 
show that this transformation reduces the unexplained de- 
viations in the data by approximately 15%) as measured 
in the original domain. Alternatively, at a given operating 
point, it also reduces the number of parameters required, 
by about 25% at usual levels of complexity. 

1. INTRODUCTION 

In natural speech, durations of phonetic segments strongly 
depend on contextual factors such as the identities of sur- 
rounding segments, stress, accent, and phrase boundaries 
(cf., e.g., [l]). For synthetic speech to sound natural, these 
duration patterns must be closely reproduced. Among the 
various methods that have been proposed for duration pre- 
diction, the “sums-of-products” (SOP) approach has a num- 
ber of useful advantages [2]. 

SOP methods are based on multiple linear regression in 
either linear or log domain [3]. When SOP models are ap- 
plied in the linear domain, they lead to various derivatives of 
the additive model originally proposed by Klatt [4]. When 
they are applied in the log domain, they lead to multiplica- 
tive models such as described in [l]. The evidence appears 
to indicate that the latter perform better than the former. 
Two reasons why this might be the case are: (i) the distri- 
butions tend to be less skewed after the log transformation; 
and (ii) the fractional approach underlying multiplicative 
models is better suited for more extreme durations. There 
is, however, no evidence that the log transformation is opti- 
mal. Rather than eliminating skewness in the data, it tends 
to merely reduce (and reverse) it. And while it is true that 
contexts such as phrase-final position are likely to lengthen 
long phonemes more than short phonemes, there is no a pri- 
ori reason for all factors to be strictly multiplicative across 
all durations. 

As a result, alternative transformations may result in 
better models, as we first showed in [5], and further explored 

in [6]. Continuing the same line of investigation, this pa- 
per presents empirical and theoretical evidence supporting 
a piecewise linear formalism. The next section motivates 
a closer look at the assumptions underlying the SOP ap- 
proach, and Section 3 examines the theoretical basis for an 
alternative solution. In Section 4, we describe the piecewise 
linear transformation framework. Finally, Section 5 reports 
on a series of experiments illustrating the resulting benefits. 

2. EMPIRICAL MOTIVATION 

This work arose from the evaluation of the SOP approach 
on a large corpus collected at Apple Computer in the sum- 
mer of 1996. This corpus, which systematically represents 
the known contextual factors influencing prosodic phonetic 
structure, is described in detail in [7]. Phoneme boundaries 
were automatically aligned using a speaker-dependent ver- 
sion of the Apple large vocabulary continuous speech recog- 
nition system. The SOP approach was implemented via 
weighted least-squares multiple regression, as implemented 
in the S+ ~3.2 software package. One distinct model was 
computed for each of 15 classes of phonemes, across which, 
for simplicity, we used a common set of factors. These in- 
cluded accent, preceding and following phoneme identity, 
and similarly well-known factors reported in the literature. 
In all cases, the standard log transformation was used. The 
overall fit obtained was comparable to published results. 

However, close analysis of the residuals showed that they 
were not spread evenly throughout the data range. Specifi- 
cally, long durations tended to be underestimated and short 
durations overestimated. This is of course a common mod- 
eling phenomenon, which typically becomes less and less 
severe as the models acquire more independent variables 
representing higher-order interactions between contexts. 

Fig. 1 illustrates this error reduction for a subset of 
the above data (consisting of the four unvoiced fricatives). 
The predicted and observed values have each been sorted in 
ascending order, and the two distributions plotted against 
each other. The grey filled circles represent the predictions 
from a simple, 4-factor SOP model (comprising a total of 
about 20 regression coefficients), which accounts for 32.6% 
of the total standard deviation. The black hollow circles 
represent a more complex, 40-factor model (comprising a 
total of about 200 regression coefficients), which accounts 
for 87.2% of the deviation. The additional parameters allow 
the model to more closely predict the more extreme obser- 

page 515 ICPhS99          San Francisco



Predicted vs. Observed Durations 

vations in the data. If the predictions were perfect, all the 
points would lie on the dotted grey diagonal line. Instead, 
the overall shape of both sets of predictions suggests that 
the overestimation of short durations and underestimation 
of long durations is a structural pattern over a wide range 
of regression equations. Moreover, this observation is con- 
sistent across the entire dataset. 

Two solutions could be considered. The traditional ap- 
proach (cf. Fig. 1) is to add more independent variables to 
the regression equation. However, each variable added rep- 
resents only one particular higher-order interaction between 
factors, and thus only one specific subset of the data. As 
more interaction terms are added, they are trained on fewer 
and fewer points and account for smaller and smaller par- 
ticular subsets of the outliers. At the extreme, this raises 
the issue of parameter reliability, as well as generalization 
to new combinations of context. 

The other approach is to first apply an appropriate 
transformation to the raw durations, to compensate as much 
as possible for the structural nature of the pattern observed 
in the residuals. This led us to re-examine the underlying 
assumptions of the SOP model. 

3. THEORETICAL FRAMEWORK 

The origin of the SOP approach can be traced to the “ax- 
iomatic measurement” theorem [8], as applied to duration 
data. This theorem states that under certain conditions the 
duration function D can be described by the generalized ad- 
ditive model, given by: 

where $i (i = l,... , N) represents the ith contextual factor 
influencing D, A4i is the number of values that $i can take, 

ai,j is the factor scale corresponding to the jth value of fac- 
tor fi, denoted by fi(j), and F is an unknown monotonically 
increasing transformation. Thus, F(z) = LC corresponds to 
the additive case and F(z) = log(z) corresponds to the 
multiplicative case. As mentioned before, F(z) = log(z) is 
normally used. 

The “certain conditions” mentioned above have to do 
with factor independence. Specifically, one may only con- 
struct a function F and a set of factor scales ai,j such that 
(1) holds $ the factors fj , j = 1, . . . , N, exhibit all possible 
forms of independence, i.e., only $ joint independence holds 
for all subsets of 2,3,. . . , N  factors. Clearly, this is not go- 
ing to be the case for duration data. For example, accent 
and phrasal position interact in their influence on vowel du- 
ration, i.e., these factors are not independent. The justifica- 
tion for applying (1) anyway is, generally, that such interac- 
tions tend to be well-behaved, in that their effects are am- 
plificatory, rather than reversed or otherwise permuted [l]. 
The “regular patterns of amplificatory interactions,” in van 
Sante& words, make it “quite plausible that some sums- 
of-products model will fit the [appropriately transformed] 
durations” [l] (emphasis ours). 

Violation of the joint independence assumption, how- 
ever, may substantially complicate the search for the trans- 
formation F. In particular, the optimal transformation F 
may no longer be strictly increasing, opening up the possi- 
bility of inflection points, or even discontinuities. In other 
words, it is worth revisiting what shape the transformation 
should have in the face of all interactions, amplificatory or 
otherwise. 

4. NEW TRANSFORMATION 

In fact, the data of Fig. 1 suggests that some interactions 
are only amplificatory for long durations (when durations 
are short, these interactions seem to exert the opposite in- 
fluence). This general pattern seems to support the need for 
compression at both ends of the range. In the first approx- 
imation, this entails at least one inflection point in F. This 
observation first led us to consider a sinusoidal function [5]. 
But the parameters in this function turned out to be some- 
what non-intuitive, which called for an alternative formula- 
tion [9]. We then focused on a more conventional sigmoid 
function, of the type widely used in neural networks, and 
showed that this function yielded better performance, as 
measured by the proportion of variance left unexplained by 
the regression model [6]. 

What ultimately matters, however, is not the variance 
left unexplained in the transform domain, but the variance 
left unexplained in the original domain, where the model is 
eventually applied. Compressing the durations at the two 
extremes of the range clearly helps improve performance in 
the transform domain, in part by reducing the influence of 
extreme durations on the linear regression. By the same 
token, however, it may not be as effective in the original 
domain. This is because, essentially, the extreme durations 
are now acting even more as outliers (with respect to a 
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Fig. 2. Transformation with Compression at Both Ends. Fig. 3. Transformation With Expansion at Both Ends. 

model which was trained to downplay their importance). 
To ensure good performance in the original domain, it may 
actually be more appropriate to expand the durations at 
the two ends of the range, to force the model to give them 
more weight. To make this possible, we need a more flexible 
transformation framework than that of either [5] or [6]. This 
is achieved using the following piecewise linear formulation. 

Let A and B denote the minimum and maximum dura- 
tion observed in the training data for the particular phoneme 
(or class of phoneme) under study. For each duration D ob- 
served, the associated variable: 

D-A x=- 
B-A’ (2) 

takes on normalized values in the interval [0, l]. The piece- 
wise linear transformation is then defined by: 

i 

ax + a(1 - o!) ifO<x<a; - 

F(x) = 1x3 ifu<x<b; - (3) 

Px +b(l -P> ifb<x<l; - - 

where the parameters a, b, a, and p (all non-negative) help 
control the shape of the function. Specifically, the inter- 
val [a, b] defines the identity portion of the transformation, 
while a and p control the amount of compression/expansion 
which happens in the intervals [0, a] and [b, l], respectively. 
The values a, p < 1 correspond to a compression, and the 
values a, ,0 > 1 correspond to an expansion. The further 
a and ,0 deviates from 1, the further the extrema deviate 
from their original values. Fig. 2 depicts the shape of the 
function (3) for the values: a = 0.2, b = 0.7, a = 0.3, and 
,0 = 0.5, while Fig. 3 shows the equivalent shape for the 
values: a = 0.2, b = 0.7, Q! = 2.0, and ,6’ = 1.8. Since the 
four parameters can be set independently, the function (3) 
is able to cover a wide range of behavior. 

Referring back to Fig. 1, it seems that, regardless of 
model complexity, the residuals for unvoiced fricatives are 

c\! 0 

0.6 
Index 

disproportionately greater in long durations than in short 
durations. Thus, we would expect the associated trans- 
formation to impact long durations more than short dura- 
tions. From the above, this implies that ,0 deviates from 1 
more than a. This was confirmed experimentally: for this 
phoneme class, we found an optimal value of a = 1.4 and 
,0 = 1.6. It it important to note, however, that the opti- 
mal values of the parameters a, b, a+ and ,0 depend on the 
phoneme (or class) identity, since the shape of the function 
is tied to the way contextual factors influence the durations 
of particular phonemes. 

In the experiments described below, we used a gradient 
descent algorithm to iteratively adjust the four parameters 
for each phoneme class, using the goodness of fit of the sub- 
sequent regression (in the original domain) as the criterion. 
This produced the following set of parameters, with the 
mean indicated in parentheses: 0.05 5 a 5 0.30 (6 = 0.17); 
0.65 < b < 0.95 (6 = 
and 1.3 <j 5 4.4 (p = 

0.86); 1.3 < a < 4.2 (6 = 1.66); 
1.61). Thus, none of the resulting 

shapes showed any compression at either end of the range, 
and in a few cases the expansion was substantial. This un- 
derscores the suboptimality of approximating such shapes 
by a logarithm curve. 

5. EXPERIMENTAL RESULTS 

We considered a portion of the Prosodic Contexts corpus [7] 
comprising 50,797 observations. In all cases, the evaluation 
criterion was taken to be the proportion of standard devia- 
tion left unexplained in the originaE domain (as opposed to 
the transform domain). A 40-factor regression model along 
with the standard logarithmic transformation of the raw 
durations left 14.4% of the standard deviation unexplained. 
The same independent variables were then regressed against 
the piecewise linearly transformed durations, using the same 
weighted least squares implementation. This left only 12.3% 
unexplained, which corresponds to a reduction of 14.6% in 
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Performance Measure vs. Complexity 
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A  piecewise Linear Transformation 
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Fig. 4. Performance Comparison. 

the proportion not accounted for. To put things in perspec- 
tive, the root sinusoidal transformation described in [5] only 
achieved a reduction of 10.4% with this criterion. 

The above experiments were then repeated with a range 
of different numbers of equation coefficients, representing 
different choices of factors and interaction terms, to elim- 
inate the possibility that the above result might somehow 
be linked to the particular regression model selected. Fig. 4 
reports the outcome, in terms of the percentage of standard 
deviation left unexplained as a function of the total number 
of parameters in the modeling (i.e., regression coefficients 
as well as parameters required for the transformation). It 
can be seen that the piecewise linear transformation (filled 
triangles) is consistently superior to the log transformation 
(hollow circles) across the entire range of parameters con- 
sidered. Only when very simple models are involved is the 
improvement brought about by the piecewise linear frame- 
work somewhat mitigated by the extra parameters required 
by the transformation. 

A consequence of Fig. 4 is that the piecewise linear 
transformation generally provides for a more parsimonious 
representation of the regular patterns in the observed data. 
In other words, for a given level of performance, the piece- 
wise linear approach allows the underlying SOP expression 
to comprise less coefficients. For example, to leave 12.5% of 
the standard deviation in the original durations unexplained 
would require approximately 4500 parameters with the log 
transformation, but only about 3400 parameters with the 
piecewise linear transformation. This entails a 25% reduc- 
tion in the number of parameters to estimate. 

6. CONCLUSIONS 

This paper has presented both theoretical and empirical 
evidence for the use of a piecewise linear transformation 
in the well-known sums-of-products approach to duration 
modeling. Compared to the standard log transformation, 

the piecewise linear function reduced the proportion of the 
standard deviation left unexplained in the original domain 
by about 15%. (This improves slightly on the results of 
[6], when the evaluation criterion is applied in the original 
domain.) At a given operating point, the piecewise linear 
transformation also reduced the number of parameters re- 
quired in the duration model, by about 25% at usual levels 
of complexity. 

This improved modeling has implications for the voice 
generation in a speech synthesizer, because it will generate a 
greater quantity of longer and shorter phonemes than previ- 
ous approaches. Short phonemes are difficult to synthesize 
because they are typically associated with undershoot of 
articulatory targets. Mere warping (in the time domain) 
of units that sound appropriate with longer durations is 
likely to result in unnaturally sudden spectral transitions. 
Similarly, the longer durations produced by this model will 
require careful voice processing to avoid unnaturally salient 
steady states. Consequently, we believe that as duration 
models improve, there will be greater need for articulatory 
approaches to voice generation. 
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ABSTRACT 

Structural segmental properties offer a partial account of 
patterns of devoicing in English vowels. HLsyn is used to 
test the validity of explanations in terms of articulatory- 
acoustic relations that are thought to underlie realizations 
found in English and German. Manipulation and 
appropriate phasing of parameters corresponding to 
subglottal pressure, degree of tongue-blade constriction 
and degree of glottal opening generate a range of 
convincing realizations that mirror those found in 
genuinely natural speech. 

1. VOWEL DEVOICING IN ENGLISH 
[l, 21 established that rather than a simple by-product of 
universal biomechanical constraints, vowel devoicing is a 
complex Connected Speech Process. The devoiceability of a 
vowel is determined by segmental properties that affect 
aerodynamics, but also by metrical and lexical factors and 
the demands of potentially competing speaker-specific 
strategies. The factors conditioning vowel devoicing are 
primarily aerodynamic, and putatively universal, and such 
aerodynamic considerations stemming from segmental 
properties of the syllable can account for realizations 
spanning a range of voicing possibilities: for example, the 
syllable of interest in article may be realized with a voiced 
tap [rr], a heavily fricated release [t”I] or a voiceless vowel 

[t 1 ! - 
2. USING SYNTHESIS TO EXAMINE ARTICULATORY- 

ACOUSTIC RELATIONS 
The study reported here seeks to explore (i) the importance 
of lowered subglottal pressure and lax articulator-y setting 
believed to be concomitant with unstressed syllables; (ii) 
the trade-off between tongue-blade constriction and vocal 
fold adduction in generating realizations with varying 
degrees of frication and aspiration. HLsyn offers an 
accessible model for testing articulatory and aerodynamic 
hypotheses, and is more appropriate for investigating 
natural speech than an invasive physiological study: in 
pilot trials both fibre-optic nasendoscopy and 
electroglottography inhibited the natural casual speech that 
is of interest here. 

HLsyn is a quasi-articulator-y synthesizer whose design 
is based on the observation that the values of the 40-odd 
parameters used to control Klatt-type synthesizers are not 
independent, but subject to inter-parameter constraints. The 
small set of high-level parameters which captures these 
constraints is more closely related to the actual states and 
articulatory movements in the vocal tract than are lower- 
level Klatt parameters. HLsyn uses a set of mapping 
relations to transform the HL parameters into the values of 
the corresponding lower-level KLsyn parameters [3, 41. 

3. EXPERIMENTS 
A pilot study and two experiments are reported. The pilot 
study attempts to synthesize a word containing a 
devoiceable vowel by altering only fundamental frequency 
fO’, formants fl-f4, tongue-blade constriction ab and 
glottal area ag. The experiments examine the effect of 
changes in subglottal pressure and compliance of the vocal 
tract walls and vocal folds; and the effect of varying glottal 
and oral constrictions. 

The tokens produced were not subject to formal 
perceptual testing. During development there were some 
acoustic analyses, mainly with reference to spectrograms, 
but all evaluation was impressionistic, i.e. auditory only. At 
each stage of development, a set of tokens was played under 
good listening conditions to at least five colleagues in the 
Phonetics Laboratory in the University of Cambridge 
Department of Linguistics. All listeners were familiar with 
synthetic speech. They were free to listen to the set of 
tokens as many times as they wished, and in any order. They 
offered impressionistic comments only, and also selected 
what they considered the most natural token. 

3.1. Synthesis of a word containing a devoiceable vowel 
The pilot study examines how readily a devoiceable 
syllable occurs in a token created by careful copy- 
synthesis: it aims to see whether devoicing “falls out of’ 
the HLsyn synthesis system. 

A natural but careful realization of the word article 
spoken in a carrier sentence by a male subject was chosen as 
the item to be copied, as the /tIk/ syllable in this word was 
frequently fully voiceless in the production experiments 
reported in [ 1, 21. A spectrogram of the utterance is shown 
in Figure 1. 

Figure 1. Spectrogram of naturally spoken article. 

The /tI/ of the natural token has a frication phase of 
55ms, an aspiration phase of 20ms, and a voiced phase of 
45ms (4 cycles of periodicity); for segmentation criteria see 
[5]. The proportion of voicelessness, relative to the 
duration of the whole vowel, is 0.63, so the vowel is not 
especially devoiced by comparison with, for example faster 
and more casual realizations, where the vowel might be 
entirely voiceless. Waveforms, spectrograms and spectra in 
xwaves/ESPS were used to measure durations, f0 and 
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frequencies of Fl-F4 in steady state and transitions, and 
the values were input to HLsyn. 

Figure 2 shows a spectrogram of the synthesized token, 
which has a frication phase of 70ms, an aspiration phase of 
lOms, and a voiced phase of 50ms (4 cycles of periodicity). 
The proportion of voicelessness in the critical syllable is 
0.62. 

Figure 2. Version 1 

Speakers perceived the token 
Version 1 - as article 7 although 

: spectrogram 
of article. 

Of synthesized 

in Figure 2 - henceforth 
it did not sound natural. 

In the vowel of /trk/ the proportion of voicelessness is the 
same as that in the natural token, but the durations of 
frication, aspiration, and voicing are all different. The copy 
was not intended to be exact, and was acceptable to all 
speakers, so no attempt was made to achieve the same 
durations as the natural token. However, it is clear from the 
spectrogram that the natural and synthesized tokens must 
sound very different: the periodicity throughout Version 1 
is very regular, the /t/ burst sounds “hissy” and there is no 
decay of amplitude in the [l], which is indeed the least 
convincing part of the token.’ 

Nonetheless, this example demonstrates the 
fundamental principle of HLsyn, viz that the sequencing of 
silence, transient, frication, aspiration, and periodic 
excitation arise due to relative cross-sectional areas at the 
glottis and a point in the oral cavity, in this case the 
alveolar ridge. An acceptable if robotic token including a 
partially devoiced vowel can be generated with appropriate 
values for fundamental frequency, formants, and 
(appropriately phased) tongue-blade constrictions and 
vocal fold adduction-abduction. 

The default value for ps is 8cm H,O. [6, 7, 8, 91 were 
consulted to suggest a range of values for the stressed and 
unstressed sections of the word: for the stressed phase 8- 
12cm H,O; for the unstressed phase 2-8cm H,O. In Version 
1, stressed syllables with ps greater than 1Ocm H,O sound 
too loud, and unstressed syllables with ps less than 4cm 
H,O sound faint. The best combination of values found was 
9cm H,O for the stressed, and 5cm H,O for the unstressed 
phase. Furthermore, the difference between the values for ps 
in stressed and unstressed syllables must not be too great: 
in longer stretches of speech, however, a greater range of 
values may be appropriate. 

dc, which represents change in the compliance of the 
vocal tract walls and vocal folds, can be used to simulate a 
more or less fortis/lenis utterance. [lo] report that the 
compliances of the vocal tract walls change significantly 
throughout an utterance; the compliance of the vocal folds 
can also change: the main effect of such variations is to 
alter &. The effect of a range of values from O-50% in the 
unstressed phase of Version 1 was assessed. Values of 
greater than 40% sound “like cotton-wool”, whereas tokens 
with values below 20% are indistinguishable from those 
with no change; a value of 30% contributes to a more 
natural sounding token. 

The ideal values of subglottal pressure and delta 
compliance suggested by independently altering ps and dc 
are applied to Version 1 to create Version 2, of which a 
spectrogram is shown in Figure 3. It has the same durations 
for frication, aspiration and voicing as the original article 
but sounds considerably more natural. Indeed Figure 3 not 
only sounds but also looks more like the natural token in 
Figure 2, especially with regard to the relative amplitude 
and spectral shaping of noise-excited segments, and the 
relative amplitude of all syllables 

3.2. Subglottal pressure and compliance of the vocal-tract 
walls and vocal folds 
This experiment examines the influence on the devoiceable 
syllable of two of three time-varying parameters added to 
HLsyn in late 1997, after the first part of this research, 
reported in Section 3.1. The parameters control subglottal 
pressure and the compliances of the vocal-tract walls and 
vocal folds. In version 2.2 of HLsyn the algorithm for 
calculating ~0 is also altered: rather than being simply a 
function of the input f0 parameter values, the actual ~0 is 
affected by subglottal pressure, vowel height, and tissue 
compliances. 

ps (subglottal pressure) affects voiced segments, by 
altering ~0 and AV (Klsyn amplitude of voicing), and is 
used to increase or decrease vowel amplitude for stressed 
and unstressed syllables. Version 1 (the token generated in 
Section 3.1) is divided into a stressed and an unstressed 
phase, the division being made at the point when closure 
for /t/ is achieved (i.e. ab=0mm2). 

Figure 3. Version 2 (=Version 1 (Figure 2) using ps and dc). 

3.3. Effect of oral and glottal constrictions 
[ 1, 21 identified in English data a range of possible 
phasings of oral and glottal articulations that were also 
mirrored in data from German spontaneous speech. This 
experiment seeks to explore the interaction of oral and 
glottal constrictions and their effect on devoicing. It aims 
to investigate over what ranges of ab and ag frication will 
occur and over what ranges aspirati on will occur. 

This experiment has two parts: the first - Version 3 - 
seeks to synthesize a long phase of frication by prolonging 
tongue-blade contriction (ab); the second - Version 4 - 
seeks to synthesize a long phase of aspiration by delaying 
vocal fold adduction (ag). The starting file for both parts is 
Version 2: it has a /tIk/ syllable with 70ms of frication, 
1 Oms of aspiration, and 50ms of voicing (3 cycles of 
periodicity). The proportion of voicelessness in the critical 
syllable is 0.62. 
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The default value of a b is 100mm2, and in the 
synthesis of Versions 1 and 2 ab was decreased from and 
increased to this value in the regions excluding the /t/ 
closure. For Version 3, the fricated token, an open value of 
50mm2 is used, simulating an articulation with only a small 
opening gesture. 

A range of closing and opening rates was subjected to 
auditory analysis: closure was achieved over IO-40ms in 
5ms intervals, and opening over 20-100ms in 1 Oms 
intervals. However, the most acceptable token came from 
using the same rate of closure as in Version 2 (and Version 
l), i.e. 20ms for closure, 70ms for opening. The best percept 
of a fricated release came from increasing ab to a maximum 
of 25mm2: values of ab greater than 30mm2 sound “hissy”, 
whereas values below 20mm2 were “whistly”. The opening 
gesture sounded more natural when split into two phases: a 
steep rise to an intermediate value of 15mm2 followed by a 
slower opening to 25mm2 created the best burst. 

The main effect on the /t/ of the change in ab is to 
replace the 1Oms of aspiration in Version 2 with frication, 
creating a fricated phase of 80ms. There are still 50ms of 
voicing, as for Version 2. A further effect of the smaller 
opening (25mm2 rather than 100mm2) of ab is to generate a 
shorter and better /k/ with slightly lower amplitude. The 
proportion of voicelessness is still 0.62. 

-1 i,,.,i,,.,i,,..i...,i..,.i,..,i ,,., I,,,, 

-1 ~;,.,.;.,,,i..,.i....t..,,t,.,.l,..,i,.,.~ 

300 400 500 

Time (ms) 

Figure 5. Oral pressure in tokens of article varying in a b 
and ag. Top is Version 3 (long frication phase, cf: Figure 4), 

bottom is Version 2 (cf: Figure 3) and Version 4 (long 
aspiration phase, c$ Figure 4). 

4. CONCLUSIONS 
HLsyn is a powerful research tool that allows useful 
insights into articulatory and aerodynamic processes; this 
study offers a limited introd uction. Devoicing occurs in 

The default value of ag is 4mm”, which generates 
modal voicing given appropriate values of other 
parameters. [ 1 l] suggests a value of 30mm2 for aspiration of 
stops and fricatives, appropriately phased with the 
formation and release of the constriction. 

In Version 2, ag falls from 30mm2 to 4mm2 over 12ms, 
modal voicing coinciding with the open value of a b. A 
longer phase of aspiration can be generated by delaying the 
return of ag to modal value. A range of stimuli was 
generated which preserved the same rate of glottal 
abduction, but delayed the adduction movement relative to 
the release of the stop represented by the increase in ab: ag 
fell from 30 mm2 to 4mm2 over the same 12ms period 
ending 10, 20 or 30ms after ab reached 100mm2. The most 
natural sounding token has voice onset delayed by 20ms 
relative to the original token: it has a frication phase of 

careful copy- synthesis, 
,ed by changes 

and the quality of the token can be 
n param eters affecting aerodynamic i 

and source properties. HLsyn’s articulatory parameters were 
used to explore putative strategies for realizing tokens 
found in English and German data, and the pressure-flow 
feature was used to examine oral pressure in stops where 
either oral constriction or glottal opening was maintained, 
either of which fosters devoicing. 

Voicing in synthesis is a two-edged sword. On the one 
d the naturalness and intelligibility of speech synthesis 

algorithms are enhanced by incorporating the findings of 
coarticulatory studies [ 121, particularly those concerned 
with voicing; on the other, intelligible synthetic speech can 
nonetheless be produced with a synthes izer capable of only 
two sorts of excitation: buzz an d noise. For phoneticians as 
much as for the phonologists they often criticize, it is a 

35ms, aspiration phase of 60ms, and 
1 period). 

25ms of voi C ing (only 

. q Figure 4. Spectrograms of (1. to r.) Version 2, Version 5 
(long frication phase from altering ab) and Version 4 (long 

aspiration phase from altering ag). 

convenient if inaccurate simplification to describe speech 
sounds as either voiced or voiceless. The problem 
represented by the voiced/voiceless decision in automatic 
speech analysis and resynthesis u31 reflects the 
articulatory truth that the larynx is capable of more than 
two states [14]. The naturalness of synthetic speech can be 
improved substantially by allowing the formant filters to 
be excited by a mixture of buzz and noise excitation [15], 
and speech synthesizers have increasingly included 
dynamic glottal source control [ 16,17, 181. 

The experiments have focused on a stretch of speech of 
barely 800ms duration, leaving unaddressed issues 
concerned with longer utterances. Alterations in p s 
(subglottal pressure) have greater influence on naturalness 
over longer stretches of speech, and linguistically sensitive 
use of ps yields notable improvements in naturalness. For 
example, dividing the copy-synthesized reading of Poe’s 
The Raven (provided with Hlsyn) into stressed and 

Figures 4 and 5 show the /tr/ syllable and oral pressure 
in Versions 2-4. Oral pressure remains high (3.5cm H,O at 
350ms) in Version 3 during of the fricated release of /t/, and 
prevents onset of voicing. In Version 2 and 4 oral pressure 
lowers more rapidly after release of the stop, but in Version 
4 abducted vocal folds inhibit resumption of voicing. 
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unstressed syllables (c$ Section 3.2) and assigning ps of 
9cm H,O to the stressed, and 6cm H,O to the unstressed, 
creates an impression of rhythm, generating a more natural 
sounding “reading”. 

There are considerable possibilities that can only be 
briefly mentioned here. Both time-varying parameters (ap, 
area of posterior glottal chink) and speaker constants (open 
quotient, spectral tilt) could be used to model the effect of 
different voice qualities on the proportion of devoiced 
vowels, since certain voice qualities, such as breathy voice, 
may predispose a speaker to use devoicing strategies in 
preference to other attested available ones, such as flapping 
or lenition. The articulator-y parameters of HLsyn also allow 
flexible modelling of further rate-dependent Connected 
Speech Processes, and synthesizing natural-sounding 
longer stretches of speech would give insights into the 
effects of subglottal pressure and changes in vocal tract and 
vocal fold compliance of which the short tokens 
synthesized here give a glimpse. 

NOTES 
‘By convention, bold lower-case text refers to HLsyn parameters 
and CAPITALLETTERS~OKLATTPARAMETERS. 
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PITCH ACCENT AND VOWEL DEVOICING IN JAPANESE

Yoko Hasegawa
UC Berkeley

ABSTRACT
Japanese is widely recognized as a prototypical pitch-accent
language, based on the fact that, given the “accent” location or
the lack thereof, the tonal pattern of the entire word is totally
predictable.  Therefore, unlike tone languages, specification of
the tone of each syllable is unnecessary.  Consequently, it has
been argued that, although Japanese may superficially resemble
tone languages, it is essentially more like such stress-accent
languages as English.  However, unlike stress-accent languages,
Tokyo Japanese exhibits no evidence of need to consider the so-
called accented syllable more prominent than others.  In fact, the
very notion of accent may lead to an incorrect prediction that the
vowel of an “accented” syllable is less likely deleted than other
vowels.  By examining the vowel devoicing (deletion) phenome-
non in Japanese, the present paper reconsiders the notion of pitch
accent as applied to Tokyo Japanese.

1.  INTRODUCTION
Accent is a prominence given to a certain syllable in a word or
phrase over the adjacent syllables, independently of the mode in
which this prominence is produced.  It serves to differentiate
lexical and/or communicative meanings.

Languages are often characterized as tonal or non-tonal.
Tonal languages utilize pitch to distinguish lexical items, whereas
non-tonal languages do not use pitch distinctively.  Tonal
languages are further divided into tone languages and pitch-
accent languages.  In tone languages, the tone of each syllable is
unpredictable and, therefore, must be specified in the lexicon.
No syllable in tone languages is considered more prominent (i.e.
accented) than any other(s).  In pitch-accent languages, by
contrast, the specification of some accent location(s) is sufficient
to predict the tonal configuration, or melody, of the entire word.
Therefore, the syllable on which such an accent falls is
considered more prominent than other syllables.  It can also be
said that moving from one tone to the next in tone languages is a
syllable-level phenomenon, whereas such a movement in pitch-
accent languages is a word-level phenomenon.

The Tokyo dialect of Japanese has traditionally been
described in terms of the way each tone-bearing unit carries
either a high (H) tone or low (L) tone.  (Whether the tone-bearing
unit is a syllable or a mora remains controversial.)  For example,
the 5-syllable word /yamazakura/ ‘wild cherry’ is traditionally
associated in the lexicon with the LHHLL pattern.  Note that no
syllable carries special prominence, and thus the notion of accent
is foreign to this type of description.

In linguistics literature, however, Tokyo Japanese has been
characterized as an archetypal pitch-accent language.  At most
one syllable is marked as accented, because such a description is
sufficient to identify the melody of the entire word.  (Not all
Japanese words have accent.  Those that contain no accented
syllable are referred to as accentless words.)  In the case of

/yamazákura/, marking the third syllable as accented can correctly
derive the LHHLL pattern by application of the following rules:
(i) assign H to all syllables up to the accented syllable, if any, or
to the final syllable if no syllable is marked accented; (ii) assign
L to all syllables following the accented syllable; (iii) reassign L
to the initial syllable unless it is accented.  Because the initial L is
considered as default, only the location where pitch drops from H
to L is significant in Japanese tonal phenomena [1].  In this
analysis, accent manifests as the H tone that is immediately
followed by a L tone.

This tonal characteristic of Tokyo Japanese is represented in
standard autosegmental description in such a way that one
syllable in accented words is marked with a star, and the tonal
pattern of the words containing a starred syllable is derived by
use of the following rules: (i) associate the vowel of the starred
syllable with H (a language-specific tone association rule); (ii)
spread the H tone leftward to the initial syllable, and the L tone
rightward to the final syllable (a universal tone association rule);
(iii) insert the initial L where appropriate [2].

In these pitch-accent descriptions, although only one
syllable is marked in the lexicon, every syllable is associated with
either a H or L tone at the surface level.  However, acoustical
analyses of Japanese utterances provide little evidence of such a
claim.  That is, tones appear to be more sparsely distributed at the
surface level [3].  So in recent years it has been argued that
Tokyo Japanese is similar to stress-accent languages, e.g.
English, even at the surface level [3].  In this new pitch-accent
analysis, the notion of accent plays an even more significant role
than had previously been supposed.

In English declarative intonation, the most significant cue of
accent is pitch, followed by length, and then loudness [4];
accented syllables are pronounced more clearly than others,
resisting a high level of vowel centralization [5].  Furthermore,
those speakers who tend to delete vowels do not delete accented
ones; e.g., the accented vowel [�] is maintained in ‘president’

/��������	
/ pronounced as [������].  It is, therefore, reasonable to
conclude that the accented/stressed syllable in English is more
prominent than other syllables.  In Japanese, on the other hand,
accent is manifested solely by pitch modulation; the accented
syllable is neither longer nor louder than any others [6].  We will
examine in the following whether the alleged accented syllable in
Japanese is likely maintained.

It is important to note here that the term accent is used in
two different senses: one is for prominence of a certain syllable
over others, and the other is for predictability of the word tonal
configuration. These two concepts are independent of each other.
Recognizing a certain syllable as more prominent than others
does not necessarily predict the melody of the word.  Conversely,
the fact that marking one syllable is sufficient to predict the word
melody does not entail the marked syllable’s being more
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prominent than other syllables.  Or does it?  Is /za/ in /yama-
zakura/, for example, more prominent than the other syllables?

In its discussion of vowel devoicing ?  a phenomenon in
which high vowels drop in certain phonological environments ?
the present paper raises the question of whether it is appropriate
to consider Tokyo Japanese as a prototypical accent language.

2.  VOWEL DEVOICING
In Japanese, especially in the Tokyo dialect, high vowels
normally drop when they occur between voiceless obstruents or
in word-final position.  (Non-high vowels may also drop, but less
frequently and only in fast utterances [7, 8].)  This phenomenon
of vowel deletion is customarily referred to as vowel devoicing.
Although the term “devoiced vowel” sounds oxymoron, most
analysts are reluctant to consider it a vowel deletion phenomenon
because the deleted vowels are nonetheless psychologically
present in the native speakers’ perception, and because the
recognition of vowel deletion results in consonant clusters that
would make Japanese phonotactics highly complex (cf. [8]).
Table 1 provides some example of vowel devoicing.

/kiken/ ‘danger’ [����] or [������]
/kusuri/ ‘medicine’ [�����] or [�������]
/aki/ ‘autumn’ [��] or [����]
/aku/ ‘evel’ [���] or [����]

Table 1: Examples of vowel devoicing

These devoiced high vowels can be fully voiced without
changing the word meanings, and when native speakers are asked
to pronounce each word very carefully, they do not devoice
vowels.  (This is certainly due in part to the Japanese syllabic
orthography.)  In normal conversation, however, lack of
devoicing makes the utterance sound like a non-Tokyo dialect.
The degree of vowel devoicing varies from individual to
individual, and, to date, its exact conditions have not been
thoroughly understood.

3.  ACCENT AND VOWEL DEVOICING
In order to examine whether the “accented” syllable is more
prominent than other syllables, let us consider how “accent”
interacts with vowel devoicing.  (To avoid awkwardness,
hereafter the words accent, accented, and unaccented will not
appear within quotation marks.  Keep in mind that they are used
as conventional labels, not in their substantial senses.  Accent
markings appearing in pronunciation dictionaries are also
maintained for the sake of simplicity in argumentation.)

3.1.  Devoicing of Accented Vowels
Shibatani claims that accented vowels are not devoiced [9,
p.161].  However, accented vowels do undergo devoicing, as
shown in Table 2.  Devoicing in these examples is obligatory in
natural Tokyo pronunciation.

/tíka/ ‘underground’ [
�����]
/kíkai/ ‘machine’ [������]
/akíkaze/ ‘autumn wind’ [��������]
/aitíken/ ‘Aichi prefecture’ [��
������]

Table 2: Devoicing of accented vowels

3.2.  Devoicing of Final High Vowels
Martin points out that the high vowel in word-final position is
devoiced only if one of the preceding syllables is accented [10].
That is, according to Martin, (i) in accented words, the final high
vowel must be devoiced if it is unaccented, but (ii) in accentless
words, the final high vowel must not be devoiced.  Martin’s
observation is valid to some extent.  Regarding (i), devoicing of
/u/ is obligatory in the verb-ending /másu/ and the copula /désu/
in Tokyo Japanese declarative intonation; regarding (ii), /i/ is
normally devoiced in /áki/ ‘autumn’ (the first syllable accented),
but it must not be devoiced in /aki/ ‘opening’ (accentless).

However, contrary to Martin (i), final high vowels need not
be devoiced in most accented words, or at least the utterances
lacking the final devoicing do not necessarily sound unnatural in
Tokyo Japanese.  Table 3 below provides some examples of
accented words with a voiced final high vowel that can be
compared with the words with identical strings of phonemes, but
lacking accent.  It can be said that, with some exceptions (e.g.
/másu/ and /désu/, as mentioned above), devoicing of high
vowels in word-final position is optional.

/kási/ ‘lyrics’ [�����] or [����]
/kasi/ (accentless) ‘a loan’ [����] NOT [�����]
/káti/ ‘value’ [��
���] or [��
��]
/kati/ (accentless) ‘victory’ [��
��] NOT [��
���]
/kásu/ ‘to tax’ [�����] or [����]
/kasu/ (accentless) ‘to loan’ [����] NOT [�����]
/káku/ ‘write’ [�����] or [����]
/kaku/ (accentless) ‘to loan’ [����] NOT [�����]

Table 3: Devoicing of the final vowel in accented words

Regarding Martin’s claim (ii), although devoicing of the final
high vowel is prohibited in accentless disyllabic words, as shown
in Table 3 above, there are abundant examples of final devoicing
when accentless words are longer than two syllables.

/toiki/ ‘sigh’ [
�����]
/mukasi/ ‘old times’ [�������]
/ukatu/ ‘careless’ [���
���]
/keisatu/ ‘police’ [�����
���]
/kyookatu/ ‘threat’ [������
���]
/henzimati/ ‘waiting for reply’ [��	�����
���]
/osyoogatu/ ‘new year’ [������
���]

Table 4: Devoicing of the final vowel in unaccented words

In these words, final-vowel devoicing is the norm but not
obligatory.  It appears, therefore, that the constraint on final-
vowel devoicing, as claimed by Martin (ii), applies only to
bisyllabic unaccented words.

3.3.  Successive Vowel Devoicing
Han contends that devoicing of two consecutive syllables is rare,
and that devoicing of three consecutive syllables does not occur
[11].  However, devoicing of two consecutive vowels is
commonplace, and even three devoiced vowels in a row can be
easily heard in natural Tokyo Japanese.
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/titikata/ ‘paternal side’ [
���
�����
�]
/hutuka/ ‘two days’ [���
�����]
/kifukin/ ‘donation money’ [���������]
/tukikage/ ‘moonlight’ [
����������]
/sikituméru/ ‘spread over’ [������
�������]

Table 5: Devoicing of successive vowels

Let us now consider the cases in which both accented and
unaccented syllables satisfy devoicing condition to see whether
accented vowels are less prone to devoicing than unaccented
ones.  The next table presents some disyllabic words with an
accented initial syllable.

/títi/ ‘father’ [
���
��]
/tíku/ ‘area’ [
�����]
/tútu/ ‘cylinder’ [
���
��]
/húsi/ ‘immortal’ [�����]

Table 6: Devoicing of the initial accented vowel

Significantly, it is the accented vowel that undergoes devoicing,
rather than the unaccented final vowel.  Voicing the former and
devoicing the latter is unacceptable.  (Both vowels can be
devoiced only if the word is embedded in a phrase, but not when
the word is uttered in isolation.)  This fact indicates that, as far as
devoicing is concerned, the so-called accented syllable is not
more prominent than the final syllable.

The next case to consider is when two candidates for
devoicing are in non-final positions and the first syllable of the
two carries accent.  (The relevant part is marked in bold face.
The accent location is determined by examining hyper careful
pronunciation.)

/tosítuki/ ‘years, time’ [
����������]

/okíkusan/ ‘Okiku’ (name) [ � � ��� � ��� � ]

/ryakúsite/ ‘in abbreviation’ [���� � ������ ]

/sabisíkute/ ‘feeling lonely’ [ � �� ����� � ��� ]

/utukusíkusae/ ‘even beautiful’ [ � ��� �� � �� � ������ � ]
Table 7: Devoicing of vowels in word-medial positions

Accented syllables undergo devoicing just as unaccented
syllables do, and thus they do not exhibit any special status.

The third case for examination consists of two syllables in
non-final positions, with the second syllable carrying accent.

/sikísya/ ‘conductor’ [���� ����] or [���� ���]

/syukúsya/ ‘lodging’ [�� �� � ��� ] or [�� �� � ��]

/ikitúkeba/ ‘if arrive’ [�� ��������� � ]

/arukitútu/ ‘while walking’ [ � �� � ��������� ]

/nootikíkaku/ ‘agrarian plan’ [�� ��� � �� � ����� �]

/utukusíkatta/ ‘was beautiful’ [� �� � �� � ������ � � � ]
Table 8: Devoicing of accented vowels word-medial positions

Here we see some variations.  While the accented vowels are
devoiced in the words with four or more syllables, they can be
voiced in trisyllabic words.  Some might take this as evidence for

an accent effect on vowel devoicing.  However, such an
irregularity is more likely a property of trisyllabic words in
general than of the accented syllable.  If the same strings of
sounds are embedded, as shown in Table 9, the accented vowels
become devoiced.  Therefore, as in the two previous cases, we do
not find evidence for accent effects here either.

/yuusikísya/ ‘intellectuals’ [�� ����� ����]

/karisyukúsya/ ‘temporary lodging’ [� �� ��� �� � ��� ]

/soosikíkan/ ‘chief commander’ [ � ������ ���� � ]
Table 9: Devoicing of accented vowels in longer words

To sum up, the so-called accented syllables do not evidence
any more significance than adjacent unaccented syllables in the
vowel devoicing phenomenon; the vowels of accented syllables
drop as freely as those of unaccented syllables.

4.  DISCUSSION
Analyses of Tokyo Japanese as a pitch-accent language encounter
tremendous difficulty when they attempt to describe vowel
devoicing.  Because the accentual H tone cannot be associated
with a voiceless segment, the pitch-accent analyses are forced to
shift the accent to some adjacent syllable (or delete the accent).

Determining the accent location is difficult when vowels are
devoiced, and, not surprisingly, there are considerable variations
among native speakers when they are asked to voice all syllables.
Furthermore, in recent years tonal patterns of words have been
rapidly changing.  Kindaichi reports that less than 50 years ago,
when he served as a pronunciation advisor at Japan Broadcasting
Corporation (NHK), such words as /tosiyori/ ‘elderly people’ and
/hirusugi/ ‘early afternoon’ had accent on either the final or the
penultimate syllable, and he selected final accent as the norm
[12].  Today these words are uttered exclusively with penultimate
accent, /tosiyóri/ and /hirusúgi/.

Kindaichi also points out that most unaccented adjectives
have recently acquired accent on the final syllable of the stem.
For example, /tumeta-i/ ‘cold’, /akaru-i/ ‘bright’, /kanasi-i/ ‘sad’
used to be pronounced without accent, but now, they are
normally pronounced with penultimate accent.

Because of these rapid changes, many descriptions in accent
dictionaries have become obsolete and unreliable.
Understandably, inaccurate descriptions are sometimes observed
in linguistic literature as well.  McCawley, for example,
transcribes the verbs /húku/ [�� ��� ] ‘blow’, /túku/ [�	� ��� ]

‘adhere’, and /kakúsu/ [���� �	� ] ‘conceal’ with final accent due
to the penultimate vowel devoicing [13, p.266].  He contends that
when an accented syllable is devoiced, accent generally shifts one
syllable to the right.  However, native speakers do not utter these
words with the LH or LHH pattern when all syllables are fully
voiced, and they do not perceive any accent shift between the
voiced and devoiced versions of pronunciation.

McCawley also argues that the adverbial forms of the
adjectives have underlying antepenultimate accent, e.g. /tíkaku/
[�
������ �] ‘near’ and /húkaku/ [�� ����� �] ‘deep’, but because
these antepenultimate syllables are devoiced, accent manifests
itself on the penultimate syllables, i.e. it is shifted to the right and
realized as /tikáku/ and /hukáku/.  However, both HLL and LHL
melodies for these words are normal in Tokyo Japanese.
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McCawley’s data provide no evidence for considering that vowel
devoicing shifts accent synchronically.

Haraguchi’s autosegmental account is also entrapped by the
problem of devoiced accented syllables [2].  He argues that when
devoicing occurs, accent shifts one segment to the left.  For
example, he transcribes the past-tense form of /kanasí-i/ as
/kanási-katta/ although the devoiced /si/ is associated underlying-
ly with accent.  This description of accent shift is untenable;
/kanasí-katta/ is the norm, and /kanási-katta/ is an anomalous
utterance.

As mentioned previously, native speakers categorize such
words as /húku/ [�� �� � ] ‘blow’ and /túku/ [��� �� � ] ‘adhere’
together with those words with the HL melody, rather than with
single-syllable words, despite the fact that there is no H tone in
the words.  Han explains this phenomenon in such a way that the
pitch fall or rise of the second syllable is the cue to accentual
patterns.  If the final vowel is pronounced with a pitch fall, the
perceived accent is HL, whereas if the final vowel involves a
pitch rise, the melody of the word is perceived as LH [11].
Sugito argues that the most significant acoustic correlate of the
Japanese accent is a falling F0 contour on the post-accent
syllable, rather than the F0-peak location itself, and that native
speakers perceive an illusory H tone on a syllable when it is
followed by a falling F0 contour [14].  Subsequent researches
report the degree of the F0 fall necessary to induce such illusory
perception [15, 16].  It has been reported that, unlike Han’s
claim, the post-accent syllable need not have a rising pitch for LH
perception; if the F0 fall rate is less than a certain value, native
speakers associate the word with the LH melody.

However, because all of the researchers mentioned herein
have analyzed the Japanese tonal phenomena within the pitch-
accent paradigm, the existence of an accentual H tone is
presupposed.  No experiment has been conducted to verify the
claim that native speakers in fact hear an illusory H tone on a
devoiced accented vowel in words like /húku/.  The researchers
typically synthesized bisyllabic words with a devoiced first vowel
and varying F0 fall on the second vowel, and asked native
speakers to identify the meanings of each stimulus, e.g. whether
[�� �� � ] is ‘blow’ (HL) or ‘cloth’ (LH).  If the native speakers
identified the word as ‘blow’, then it was assumed that they heard
an illusory H tone on the first syllable.  However, it may be the
case that native speakers simply hear the presence or absence of a
pitch fall (a falling tone, F).

Although no one argues against the significance of such a
pitch fall, representing it as bitonal HL or monotonal F is not a
mere notational difference.  The F tone can occur without a
preceding H tone, but the bitonal HL requires the existence of a
H.  The issue here is whether the H is present in all accented
syllables in Japanese.  The answer appears to be negative because
words like /kánari/ (conventionally known as HLL) are
sometimes pronounced with a very low-pitch on the first syllable,
/ka/ in this case, and a significant fall on /na/.  The resultant
utterance conveys a peculiar nuance, and yet it is perceived as
normal as far as the tonal configuration of the word is concerned.
By contrast, if the initial syllable exhibits a noticeable pitch fall,
the utterance will be perceived as deviant.

Despite the fact that the word melody is predictable, there is
no reasonable basis for the syllables conventionally known as

accent carriers to be considered more prominent than others.  In
other words, those “accented” syllables do not bear accent as
defined as a prominence.  The distinctive factor in Tokyo
Japanese is a pitch fall, which appears to be associated with a
syllable boundary, rather than a particular syllable.  Furthermore,
if such an association is impossible, due to vowel devoicing, the
syllable following the boundary is more significant than the
preceding one.

5.  CONCLUSION
The present paper has examined whether there is any basis to
consider that the “accented” syllables in Tokyo Japanese are
more prominent than the “unaccented” syllables.  As far as vowel
devoicing is concerned, one is unable to find any evidence for
such a claim; the “accented” syllables are not more significant
than the others.  On the other hand, it is unarguable that the
melody of words is predictable, and thus specification of the tone
of each syllable is superfluous.

How then should Tokyo Japanese be characterized in
typological terms?  From the perspective taken in this paper,
grouping it with tone languages is a more natural categorization
than grouping it with such accent languages as English.  Tokyo
Japanese is a tone language, however impoverished it is.
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NASALIZATION NOT TRIGGERED BY NASAL

Jongho Jun
Yeungnam University

ABSTRACT

Traditionally, the Korean preliquid nasalization (e.g. kl à Nn)
has been analyzed by a feeding order of L-nasalization (kl à
kn) and prenasal nasalization (kn à Nn). It is thus predicted
that if L-nasalization is blocked, prenasal nasalization will not
occur. To test this prediction, we performed experiments in
which audio recordings of tokens with an underlying stop-liquid
sequence (e.g. /kl/) were analyzed by the author and two other
trained phoneticians relying on the spectrographic display and
perception. Ten native Korean speakers were requested to
pronounce the spelling pronunciation of a post-stop liquid, while
reading ten real words (e.g. /tEhak-lo/). Since the Korean
spelling system is phonemic, spellings directly reflect the
underlying segments. The results are not compatible with the
prediction of the traditional analysis. Finally, we provide an
alternative account relying on a historical reanalysis of the
triggering segment of prenasal nasalization.

0. INTRODUCTION
Two types of obstruent nasalization are attested in Korean. As
shown in (1), syllable final obstruents assimilate in nasality to a
following nasal.

(1) Native Korean
a. /pap-mul/ [pammul] ‘water for rice cooking’
b. /mit-ne/ [minne] ‘I see (s)he is believing’

 Sino-Korean
c. /kuk-min/ [kuNmin] ‘a people’
d. /tok-nj«/ [toNnj«] ‘the only daughter’

This type of obstruent nasalization can be seen not only in
native Korean words but also in Sino-Korean words. The other
type of obstruent nasalization is preliquid nasalization. As
shown in (2), obstruents become nasalized before a liquid /l/
which surfaces as an alveolar nasal [n].

(2) Sino-Korean
a. /tEhak-lo/ [tEhaNno]‘university street’

 b. /tok-lip/ [toNnip] ‘independence’
Native-Korean
No morphemes beginning with a liquid
No word internal obstruent-liquid sequences

This nasalization can be observed only in Sino-Korean words
since in native Korean no morphemes begin with a liquid and no
word-internal obstruent-liquid sequences exist. Traditionally,
this type of preliquid nasalization has been analyzed by a
feeding order of prenasal nasalization and L-nasalization in
which a lateral becomes a nasal after a consonant [3, 8]:

(3) /tEhak-lo/
L-nasalization [tEhak-no]
Prenasal nasalization [tEhaN-no]

From this analysis, the following prediction is necessary.

(4) If L-nasalization is blocked, prenasal nasalization will not
occur.

In other words, if a liquid does not become a nasal, its preceding
obstruent must remain as an oral consonant. A nasal-liquid
sequence is not a possible surface option. However, according to
our informal observation, some Korean speakers sometimes
produce forms like [tEhaNro] besides [tEhaNno] for /tEhak-lo/;
thus, a surface nasal-liquid sequence is attested. Motivated by
this informal observation, we performed two experiments to test
the prediction in (4). The first experiment is concerned with the
spelling pronunciation of a liquid in an underlying obstruent-
liquid cluster whereas the second experiment with natural
speech. It will be shown that results are not compatible with the
prediction (4).

1. EXPERIMENT 1: FORCED SPEECH
The purpose of the present study is to find out whether or not a
preliquid obstruent is nasalized when the liquid surfaces as
such.  In other words, the nasalization of the liquid is not
crucial. We want to find out whether an obstruent is nasalized
or not under the condition that the liquid after it is not
nasalized. In this experiment, to provide the condition for
blocking of L-nasalization, we requested subjects to produce the
spelling pronunciation of the liquid. Since the Korean spelling
system is phonemic, spellings directly reflect the underlying
segments. Ten real (Sino-)Korean words with an underlying
stop-liquid sequence such as /tEhaklo/ were employed. Subjects
included ten native Korean speakers (aged from early 20 to mid
40): three Seoul dialect speakers (all female) and seven
Kyungsang dialect speakers (two male, five female). All
subjects were not aware of the purpose of the present
experiment. Audio recordings were made while subjects were
reading each word twice in a casual way. Subjects were allowed
to skip a word if the spelling pronunciation of its medial liquid
is too awkward. Nonetheless, no subjects skipped any one
token.

Based on the perception and a spectrographic display on a
Kay Elemetrics’ CSL system, we may categorize experimental
results into the following four different patterns depending on
the phonetic realization of the crucial cluster:

(5)  C1 C2
a. nasal alveolar nasal

 b. nasal lateral
 c. nasal tap
 d. oral stop tap

In the production of the tokens of the first pattern (nasal-nasal),
subjects failed to follow the instruction for the spelling
pronunciation of the word medial liquid. Thus, these tokens say
nothing about the prediction of the traditional analysis (4).
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The second pattern of tokens (nasal-lateral) indicates that
subjects followed the instruction, producing a lateral for C2.
Notice that this type of tokens are not compatible with the
prediction of the traditional analysis (4): C1 stop becomes a
nasal even when C2 liquid does not.

The third pattern (nasal-tap) is shown from a spectrogram
in (6). An abrupt spectral gap between a nasal and a following
vowel indicates a tap. Notice that the tap is almost a voiceless
stop since it has a release burst while lacking voice bar.

(6) /phalsipli/

Along with the second pattern of tokens (nasal-lateral), this type
of tokens are not compatible with the prediction (4).

Finally, the fourth type of tokens (stop-tap) are compatible
with the prediction (4): C1 stop does not become a nasal when
C2 liquid does not. Although many results may be categorized
into the above four basic patterns, the precise phonetic nature of
some tokens is difficult to determine mainly due to the
nasalization factor. In the experimental tokens, laterals and taps
are often nasalized. For instance, the distinction between an
alveolar nasal and a nasalized lateral is usually unclear not only
in a spectrogram but also in perception. For a precise phonetic
interpretation of experimental results, two trained phoneticians
were employed. They judged separately, relying on the
spectrographic display and perception.

In the judgement of C1, the two phoneticians agreed for
198 out of 200 tokens (10 subjects x 10 test words x repeated
productions): 194 full nasal ([N] or [m]) and 4 oral stop (3
voiceless stop and 1 voiced stop). For the remaining two tokens,
the phoneticians agreed in that a voiced velar stop is involved
whereas they are different in the decision of whether or not the
voiced velar stop is nasalized. The following observations can
be made. First, C1’s phonetic form is mostly clear (198/200).
Second, a full nasal is predominant: only 6 tokens were not
considered as including a full nasal. Notice that although the
phoneticians did not agree about C1’s precise phonetic nature of
two tokens, they both agreed that C1’s of the two tokens are not
a full nasal.

In the judgement of C2, the two phoneticians agreed for
102 out of 200 tokens. It thus seems that C2’s phonetic nature is

less clear than C1’s. The distribution of tokens for which the
phoneticians made an identical judgement is shown in (7).

(7) a.  full nasal (n): 33
 b.  lateral: 14 c.  nasalized lateral: 14
 d.  tap: 37 e.  nasalized tap: 4

The judgements may form a continuum from a fully oral liquid
(l/R) to a full nasal (n).
 If we consider the two phoneticians’ judgements for C1 and
C2 together, the generalization would be that C1 is consistently
a nasal, regardless of how much nasalized C2 is and whether C2
is nasalized or not. This is not compatible with the prediction of
the traditional analysis (4). Many tokens with a nasal C1
include a patially nasalized liquid C2. These tokens do not
support a traditional analysis since it is hard to claim that a
source segment, which itself is not fully nasalied, triggers
complete nasalization of a target segment. More critically, as
can be seen in (6), at least some taps are clearly oral;
nonetheless, C1 is still a nasal. In conclusion, the results of the
present experiment suggests that in an obstruent-liquid
sequence, L-nasalization is not a necessary condition for
obstruent nasalization.

2. EXPERIMENT 2: NATURAL SPEECH
In this experiment, we relied on natural speech. As in the first
experiment, the purpose of the experiment is to find out whether
or not a preliquid obstruent is nasalized when the liquid is not
nasalized. To prevent L-nasalization, we selected words with an
obstruent-liquid sequence in which the liquid is not likely to be
nasalized. Right after the audio recording was made in the first
experiment, each subject was asked about how often s/he
produces a liquid for each experimental token in an ordinary
context. Three choices were given: never, sometimes and
always. Two native Korean speakers who were not subjects of
the first experiment additionally participated in this survey,
making twelve in total. According to the survey, most subjects
(11 out of 12) consider themselves produce a liquid with
/tEhaklo/ at least sometimes. We thus think that if Korean
speakers may produce a liquid in an ordinary context, /tEhaklo/
is the best candidate for a liquid production. /kuklip/ is
additionally chosen since it was relatively easy to make control
tokens. These two selected words were put within sentential
contexts. Subjects included 5 native Korean speakers (age: early
20): all Seoul dialect speakers (2 female; 3 male). None of these
subjects were employed in the first experiment. No subjects
know the experimental purpose. Subjects read experimental
sentences six times in a casual way.

For a precise phonetic interpretation of results, as in the
first experiment, we employed two trained phoneticians; one of
them was employed in the first experiment. In the judgement of
C1, the two phoneticians agreed for 48 out of 60 tokens (5
subjects x 2 test words x 6 times production). One phonetician
considered all of 60 tokens as having a full nasal ([N]). The
other phonetician concluded that 48 tokens have a full nasal and
the remaining 12 tokens have a nasalized velar approximant.
Thus, both phoneticians agreed that C1 is always nasalized

[m]  [R]

page 528 ICPhS99          San Francisco



although their decision may be different in the exact aperture of
C1. This is not surprising since the velar nasal is acoustically
very similar to nasalized vocoids [5].

The two phoneticians’ judgements about C2 are much more
complicated than those about C1, as shown in (8).

(8) full
nasal

lateral nasalized
lateral

tap nasalized
tap

sum

P1 26 7 24 0 3 60
P2 30 18 7 0 5 60

agreed 17 5 3 0 0 25

There are only 25 tokens for which both phoneticians reached
idential judgements. The following observations can be made.
First, no results with a clear tap were observed. This is different
from the first experiment in which many results contain a clear
tap. We speculate that Korean speakers use different strategies
for the production of a liquid in spelling pronunciation and
natural speech. The second point which is more relevant to our
purpose is that if we consider judgements for C1 and C2
together, as in the results of the first experiment, C1 is
consistently fully nasalized, regardless of C2’s nasalization
degree. Notice that although more than a half of tokens have a
fully nasalized C2, at least some tokens were determined to
include an oral liquid C2 by both phoneticians. These results are
not compatible with the prediction of a traditional analysis (4).
Therefore, the results of the present experiment with natural
speech confirms the conclusion of the first experiment, i.e. that
L-nasalization is not a necessary condition for the obstruent
nasalization in an obstruent-liquid sequence.

3. DISCUSSION
There are two findings from Experiments One and Two. The
major finding is that Korean nasalization may be triggered by
surface liquids as well as nasals. The minor one is that Korean
postconsonantal onset /l/ may be realized as a lateral. It has
been assumed in the literature on Korean phonology that an
onset liquid is realized as a tap.
 Let us focus on the discussion of the major finding. The
major finding implies that Korean nasalization (at least the one
triggered by liquids) is not an assimilation which has been
described within Autosegmental Phonology in terms of simple
spreading of an adjacent nasal feature. As mentioned in the
previous sections, this finding is not compatible with serial
analyses with a feeding relation of L-nasalization and obstruent
nasalization. Also, it undermines the relatively recent analyses
relying on Murray-Vennemann’s [4] Syllable Contact Law: the
coda should not be less sonorous than the following onset. The
claim made within Autosegmental Phonology [6] as well as
within Optimality Theory [1,7] is that /kl/ becomes [Nn] in order
to turn a heterosyllabic sequence of increasing sonority into a
sequence of level sonority. In the present experimental results
with a nasal-liquid sequence, the stop nasalization occurs but
the surface sequence still violates the Syllable Contact Law;
thus, the nasalization is not due to the Law. One might still
argue that nasal-liquid clusters have improved with respect to
syllable contact. There seems a more fundamental problem for

the accounts relying on Syllable Contact. Syllable Contact Law
is supposed to capture phonological naturalness which should be
reflected in the typology. However, it seems that preliquid
nasalization is so rarely attested. If this is correct, the
nasalization cannot be attributed to any accounts emphasizing
phonetic or phonological naturalness. An account relying on the
assimilation of a feature [sonorant] [2] may be subject to the
same criticism. In conclusion, none of previous approaches to
Korean preliquid nasalization provide a convincing analysis.

Before presenting our own analysis, we should consider
one possible objection to the finding of the present study: Sino-
Korean words employed in the present experiment are
lexicalized with a nasal-liquid sequence. If this objection is
correct, the preliquid nasalization is not a synchronic process.
All the previous analyses that we have just considered are the
description of a historical change. Specifically, as exemplified
in (9), in an obstruent-liquid sequence C1C2, C1 was
historically reanalyzed as a nasal (stage 2). In the next stage,
even after speakers manage to produce a surface post-
consonantal liquid, they still produce a nasal for its preceding
consonant.

(9)  UR  SR
stage 1 /toklip/ [toNnip]

 stage 2 /toNlip/ [toNnip]
 stage 3 /toNlip/ [toNlip]

This objection might look plausible if we consider the fact that
in many Sino-Korean words, each syllable is, in some sense, a
bound morpheme. For instance, each syllable forming a word
/tok-lip/ ‘independence’ (/tok/ means ‘independent’; /lip/ means
‘stand’) can combine with some other morphemes to form other
words: /tok-paN/  [tokpaN] ‘room for a single person’, /ki-lip/
[kiRip] ‘stand’. None of the component syllables can be
independent words on their own.
 However, there are several reasons for rejecting this
objection. First, at least some test words are composed of
morphemes which can occur as an independent word. In /tEhak-
lo/ ‘university street’, the first morpheme /tEhak/ ‘university’ is
an independent word. Thus, the underlying status of the word-
final coda is justified although the morpheme /lo/ cannot be an
independent word (it must combine with other morphemes to
form a word: e.g. /tE-lo/ [tERo] ‘main street’). For this purpose,
/sipli/ ‘ten li’ is more convincing. /sip/ is a word meaning ‘ten’.
/li/ is a unit of length just like meter or yard; it always occurs
immediately after some number: e.g. /ili/  [iRi]  ‘two li’ cf. /i/
‘two’. If /sipli/ ‘ten li’ is lexicalized as /simli/, the combination
of each number and ‘li’ would be lexicalized, which is
obviously impossible under the assumption that numbers are
inherently infinite.

Second, according to our informal observation, Korean
speakers frequently apply preliquid nasalization with recently
borrowed English loan words beginning with a liquid. At least
young Korean speakers may produce a word-initial liquid for
/limokhon/ ‘remote control’, regardless of its preceding segment
class. For instance, if /limokhon/ occurs after a word ending with
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an obstruent as shown in (10a), its possible pronunciations will
be as shown in (10b).

(10) a. /uli  cip    limokhon/ 'the remote control at our house'
   'our' 'house' 'remote control'

b. [..m R/l..] ~ [..p R/l..] ~ [..m n..]

It thus seems obvious that Korean preliquid nasalization is a
productive synchronic process.

4. ANALYSIS
We claim that Korean preliquid nasalization is the result of a
historical reanalysis of the triggering segment of prenasal
nasalization. Our claim is based on the following conjecture
about historical developments of the Korean liquid.

In the first stage, there were no native morpheme-initial
liquids. Foreign (Sino-Korean) morphemes with an initial liquid
underwent L-nasalization (possibly to obey a constraint
prohibiting an onset liquid) and then may trigger prenasal
nasalization if a preceding morpheme ends with an obstruent.
Thus, in this stage, two rules are active as shown in (11).

(11) a. L-nasalization: L  →  [+nasal]  in the onset.
 More specifically, (i) L  →  [+nasal] / C__

(ii) L  →  [+nasal] / #__
b.  Prenasal Nasalization: [-son] → [+nasal] / __ [+nasal]

In the second stage, massive foreign (mainly English)
words with an initial liquid were borrowed into Korean.
Speakers managed to produce word-initial liquids and thus one
of two L-nasalization rules, i.e. word-initial liquid nasalization
(11aii), is lost. Also, more occurrences of surface liquids in this
stage may lead speakers to realize that some triggering segments
of prenasal nasalization (11b) are originally liquids; thus
speakers may reanalyze the triggering nasal as its corresponding
underlying segments, i.e. nasals and liquids as shown in (12):

(12)  [-son] →  [+nasal] / __ [+nasal]
 
   /n, m/

  /l/

In the final stage, which is considered as the present stage
by us, at least some speakers may produce post-consonantal
liquids for some words and thus L-nasalization is totally lost for
those words. The liquid may surface not only in word-initial but
also in post-consonantal positions. Two obstruent nasalization
rules in (13) which resulted from the reanalysis of the triggering
segment of the prenasal nasalization in the previous stage are
active in this stage.

(13) a.  [-son] →  [+nasal] / __ [+nasal]
b.  [-son] →  [+nasal] / __ [+son, -nasal, -syllabic]

Thus, obstruent nasalization before a surface liquid which is the
major finding of the present experiments is the result of
applying the preliquid nasalization rule in (13b).

5. CONCLUSION
In the present study, we have performed two experiments to test
the prediction of a traditional analysis for Korean preliquid
nasalization: L-nasalization feeds prenasal nasalization and thus
if L-nasalization is blocked, prenasal nasalization will not occur.
Results of the present experiments are not compatible with the
prediction: an obstruent becomes nasalized even before a
surface liquid. Also, we have shown that some other previous
approaches cannot be considered as an optimal account for the
preliquid nasalization. We have proposed an alternative analysis
relying on the conjecture that the original triggering segment of
the prenasal nasalization, i.e. nasal, has been historically
reanalyzed as its underlying source segments, i.e. nasal and
liquid.

In addition to the major finding and its analysis, in the
present study there are two points which need to be noticed.
First, the present study employs the spelling pronunciation to
test the prediction of a theory. Second, new findings which are
relevant to the Korean phonetics/phonology are reported: in
Korean, a post-consonantal liquid may surface as such and,
moreover, it may be realized as a lateral.
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ABSTRACT
The contrast between tense vowels and their lax counterparts in
Standard German can be characterized as a difference in the in-
tra-syllabic temporal organization, namely the degree of overlap
of articulatorily defined opening and closing gestures.

This study, motivated by the inconsistency of acoustic data
on consonant duration, looks for articulatory reflexes of a differ-
ence in the degree of coupling between consonantal closing and
opening gestures, which would mirror the coupling contrast
found in the vocalic area.

Articulatory data of four native speakers were recorded by
means of EMMA. Only two subjects showed evidence for a
loose coupling of closing and opening gestures after lax vowels
in accordance with the hypothesis of a negative correlation. The
underlying control of consonantal coupling seems to lie in a
shortening/lengthening of the holding phase and not, as for vo-
calic gestures, in a difference of gestural organization.

1. INTRODUCTION
In one of the current phonological views on the vocalic opposi-
tion in German (cf. Miete [mi˘th´] vs. Mitte [mIth´]), syllables
come with two prosodies, smooth cut and abrupt cut, whose
segmental concomitants are vocalic length and tenseness dis-
tinctions (cf. [2],[8]). In a series of previous articles (cf. [5],[6])
it has been shown that the articulatory correlate of syllable cut
can be characterized as a contrast in the degree of coupling be-
tween opening and closing gestures on the articulatory side. As a
result, the opening gesture of abruptly cut syllables is truncated
by the following closing gesture. Vocalic length and tenseness,
therefore, can be seen as an outcome of this truncation.

However, the segmental repercussions of the syllable cut
opposition are not limited to the vocalic area because the quality
of postvocalic consonants is affected as well (cf. [2]). The con-
tentious issue, whether an additional negative correlation be-
tween the duration of vowels and postvocalic consonants exists,
was fueled by the inconsistency of the acoustic data (cf. [8]).
The aim of this investigation is, therefore, to provide articula-
tory characteristics of postvocalic consonant production depend-
ent on the vocalic tense-lax-distinction.

2. METHOD
2.1. Target words
Two kinds of logatoms in carrier phrases were used: The loga-
tom for testing word-final consonants was /g´C1VC2/ with C1=
C2 = /t, s/z, l/, V = /u˘, U, i˘, I, a˘, a/ and was embedded in the
carrier phrase “Ich habe target word erwähnt” (I mentioned tar-

get word), while /g´CVC´/ with the carrier phrase “ich habe
target word gesagt” (I said target word) was used to test the
word-medial condition.

2.2. Speakers
Each of the four native speakers of Standard German (JD, male,
from Rostock; PJ, male, from Munich; SF, female, from Saxony
and TM, female, from Munich) repeated the test sentences five
to seven times.

2.3. Data
Electromagnetic articulography (EMMA, AG100, Carstens
Medizinelektronik) was used to monitor movement of tongue
(cf. [7], for details on preprocessing see [4]). The articulatory
analysis was based on the tangential velocity signal of the
tongue tip sensor. The following durational parameters were
collected (see Figure 1 for illustration):
DHOLD Duration of hold phase of closure
HOLDRATIO Ratio of the hold phase duration to the  overall

movement duration in %.
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Figure 1. Examples of tongue-tip velocity signals for /t/ af-
ter tense (left) and lax vowel (right).
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P2PRATIO Ratio of the interval between velocity peaks to
overall movement duration in %.

ACCCL Ratio of the interval between VC-onset and
peak velocity to closing phase duration in %.

ACCOP Ratio of the interval between CV-onset and
peak velocity to opening gesture duration in %.

Onset and offset of opening  and closing movement are defined
by a 20%-threshold relative to the maximum total velocity (cf.
[6]). The overall movement duration is defined as CV offset –
VC onset.

2.4. Hypotheses
For vowels, a tight coupling between CV and VC movements
corresponds to a truncation of the opening gesture (cf. [3], [5],
[6]). A hypothetical tight coupling in the consonantal area
should be produced by truncation of the closing gesture. Such
truncation would result in the course of signals illustrated in
Figure 2 (top: position, middle: velocity, bottom: acceleration),
where the simulated degree of truncation is increased from 0 to
80 (for the simulations the first derivative of the movement sig-
nal was computed instead of the tangential veloc-
ity/acceleration).
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Figure 2. Simulation of VC-
truncation.

Figure 3. Simulation of short-
ening of hold phase

VC-truncation results in the following changes:
a) shorter duration of overall movement and
b) reduced movement amplitudes (cf. top of Fig. 2).
c) The distance between the velocity peaks of closing and

opening movements decreases,
d) the maximum velocity increases,
e) the acceleration phase of the VC-gesture is enlarged and
f) the acceleration phase of the CV-gesture is reduced.
g) The maxima of acceleration merge into a single peak.

Figure 3 shows what happens when the hold phase is shortened:
a') the duration of overall movement is shortened.
b') The ratio of the hold phase duration to overall movement

duration is reduced.

c') The distance between the velocity peaks of closing and
opening movements decreases.

Contrary to the case of truncation, nevertheless, some parame-
ters are unaffected by a pure shortening of the hold phase:
d') the amplitude of movement,
e') the maximum velocities,
f') the symmetry of acceleration phases and
g') the number of acceleration peaks.

Therefore, a tight coupling at the articulatory level between the
closing phase and the following opening phase, which would
mirror the contrast found in the vocalic area, could only be rec-
ognized by changes in the four parameters d’-g’, in addition to a
shortening of the hold phase.

As both the amplitude of movement and the maximum ve-
locity are dependent on the tenseness of the preceding vowel
(lax vowels being centralized), only the opening gesture is a
clear indicator for verifying the hypothesis of an independent
coupling contrast in the consonantal area.

3. RESULTS
3.1. Hold phase duration
In Figure 4 and Table 1 the measured durations of the hold
phases are given for each of the four speakers.

Figure 4. Hold phase duration
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Speaker N DHOLD
[ms]

s.d. HOLD-
RATIO [%]

s.d.

SF 216 43.13 20.02 20.59 7.29
tense final 54 46.93 17.83 19.48 6.42
lax final 54 56.26 18.20 24.61 7.05
tense medial 54 34.61 18.99 17.58 6.57
lax medial 54 34.74 16.73 20.70 7.37

JD 177 38.42 15.89 19.27 5.86
tense final 45 48.00 21.62 20.90 7.90
lax final 43 43.21 12.84 20.91 5.89
tense medial 44 34.64 10.98 18.28 4.73
lax medial 45 27.98 5.00 17.05 2.93

TM 178 61.35 31.82 28.27 10.27
tense final 43 63.14 24.84 25.40 7.48
lax final 45 86.47 37.65 35.76 11.15
tense medial 45 47.96 22.53 23.89 8.08
lax medial 45 47.91 23.26 27.90 9.82

PJ 216 51.78 20.60 25.06 6.75
tense final 54 59.02 24.00 26.22 7.04
lax final 54 59.98 21.93 27.43 7.32
tense medial 54 45.83 14.85 23.07 5.55
lax medial 54 42.28 13.93 23.53 6.11

Table 1. Means and standard deviations of hold phase duration
and ratio of hold phase duration to overall movement duration.

The results for DHOLD and HOLDRATIO turned out to be
highly speaker dependent. The two female subjects SF and TM
lengthened the hold phase of final consonants after lax vowels.
Especially fricatives were affected by this lengthening in final
position. In medial position, however, the slightly higher
HOLDRATIO after lax vowels was not significant. The male
speakers showed no effect, or, in the case of JD, a general
lengthening of the hold phase in final position independent of
the tense/lax distinction of the preceding vowel.

Figure 5. Ratio of the duration of the interval between velocity
peaks to total movement duration.

Table 2. Means and standard deviations of Peak-to-peak ratio
relative to overall movement duration.

3.2. Ratio of the duration of the interval between velocity
peaks to total movement duration
According to the hypothesis of both truncation or pure shorten-
ing of the hold phase, the distance between the velocity peaks of
VC- and CV-gestures should be reduced after tense vowels.
Figure 5 and Table 2 show the obtained results. Three (SF, TM,
PJ) out of four subjects showed a significantly reduced peak-to-
peak ratio after tense vowels in line with the hypotheses. This
effect, however, is no clear indicator of truncation, because pure
shortening of the hold phase would produce the same effect. The
fact, that in the case of truncation the peak-to-peak ratios after
tense vowels should be below the level of 50%, indicates pure
shortening of the hold phase.

3.3. Skewness of velocity profiles
As shown by [6], for tight coupling between opening and closing
gestures (lax vowels) the peaks of acceleration phases of CV
and VC movements are closer together than in the case of loose
coupling (tense vowels). This follows from the fact that the cor-
responding acceleration phase ratios are a measure for the
skewness of the velocity profiles, i.e. the later the velocity peak,
the greater the acceleration phase ratio. According to the hy-
potheses, loose consonantal coupling after lax vowels is ex-
pected, resulting in a left-skewed VC-velocity profile and a
right-skewed CV-velocity profile.

The results can be seen in Table 3. Subject TM revealed ef-
fects in the expected direction for all conditions (tense final, lax
final, tense medial, lax medial). The results for the other sub-
jects were inconsistent: either the expected effects showed up
only in a subset of the four conditions, or, only one of the two
peaks (mostly ACCCL, which is a symptom of the vocalic cou-
pling contrast) displayed the effect. Nevertheless, all significant
effects found go into the expected direction.

Speaker N Peak-to-peak ratio s.d.
SF 216 60.79 8.96

tense final 54 58.20 6.73 lf>tf
lax final 54 65.92 6.13
tense medial 54 56.53 10.36 lm>tm
lax medial 54 62.51 8.94

JD 177 56.87 6.32
Tense final 45 54.61 6.24
lax final 43 57.57 5.99
tense medial 44 57.92 6.76
lax medial 45 57.42 5.88

TM 178 64.22 10.98
tense final 43 59.02 11.24 lf>tm
lax final 45 70.85 9.41
tense medial 45 58.99 9.35 lm>tm
lax medial 45 67.77 8.73

PJ 216 63.91 7.76
tense final 54 64.65 6.20 lf>tf
lax final 54 69.05 5.48
tense medial 54 59.11 8.49 lm>tm
lax medial 54 62.83 7.17
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Speaker N ACCCL
%

s.d. ACCOP
%

s.d.

SF 216 50.25 12.05 51.62 14.06
tense final 54 55.24 12.89 * 50.07 10.79
lax final 54 44.11 9.18 ⇐⇒ 53.61 11.55
tense medial 54 55.15 12.43 * 51.21 16.69
lax medial 54 46.50 9.06 ⇐⇒ 51.58 16.33

JD 177 53.84 9.32 47.00 10.58
Tense final 45 61.31 6.51 ⇒⇐ 45.97 8.40
lax final 43 48.58 7.56 * 43.16 9.20
tense medial 44 56.37 10.20 * 52.46 10.96
lax medial 45 48.94 5.84 * 46.36 11.55

TM 178 48.13 11.01 49.22 15.89
tense final 43 55.96 10.48 ⇒⇐ 46.48 19.10
lax final 45 43.52 9.00 ⇐⇒ 53.36 15.62
tense medial 45 51.29 10.07 ⇒⇐ 44.23 14.33
lax medial 45 42.07 8.44 ⇐⇒ 52.69 12.48

PJ 216 48.04 10.67 51.74 11.55
tense final 54 52.09 10.71 * 55.01 10.20
lax final 54 42.41 10.44 ⇐⇒ 55.84 10.53
tense medial 54 52.35 8.79 ⇒⇐ 47.09 12.66
lax medial 54 45.30 9.25 * 49.03 10.42

Table 3. Means and standard deviations of ratio of acceleration
phase duration of closing and opening movements relative to
overall movement duration (⇐⇒ = more separated acceleration
peaks,  i.e. ACCCL < 50% and ACCOP > 50%; ⇒⇐ = accel-
eration peaks closer together, i.e. ACCCL > 50% and ACCOP <
50%; * = only one of the two peaks shows an effect).

3.4. Amplitude and maximum velocity of the opening gesture
According to the hypotheses in 2.4, truncation of the closing
gesture would be accompanied by a reduced amplitude and
higher peak velocities of the VC and CV movements after tense
vowels. If only a shortening of the hold duration is involved,
there should be no effects. Shortening of the hold phase without
truncation should not affect the amplitude of the opening ges-
ture.

All main effects and nearly all interactions were significant.
Only one speaker (PJ) showed a higher amplitude after lax
vowel (medial plosive after /i/). All of the other significant dif-
ferences went into the wrong direction, i.e. the amplitude after
tense vowels was higher than the amplitude after lax vowels
(mostly for /i/ and /u/, and rarely for /a/). This may indicate a
carry-over effect induced by the target position of the preceding
vowel, i.e. the higher the amplitude of the CV-gesture, the
higher that of the CV-gesture.

Altogether, the differences are very inconsistent for
speaker, vowel and type of consonant.

Maximal velocity of opening gestures was in most cases
higher after tense vowels. This can be explained by the correla-
tion between Vmax and amplitude, i.e. the longer the distance,
the faster the tongue tip moves.

4. CONCLUSION
Only the two female speakers showed an effect of lengthening
consonants after lax vowels. This effect, however, was restricted
to word-final position. Due to the small number of subjects it is
not permissible to call that a sex-specific effect. The relative
shortening of fricatives and laterals, but not of plosives, after

long tense vowels is a result of shortened hold phases and not a
result of VC truncation. This can be seen from the fact that any
systematics in the symmetry of the velocity peaks is lacking and
the amplitudes are not in line with the hypothesis of truncation.
Therefore, the type of coupling in the consonantal area is of a
different kind than that found in the vocalic area.

Due to the specifics of consonant production, nevertheless,
the option of real truncation of VC-gestures is less likely, be-
cause the consonantal target (in this case: apical contact or criti-
cal narrowness) must be reached. This would be impossible for
truncation. For vowels, however, the gestural undershoot corre-
sponds to the phonetic correlate of the tense-lax-distinction.

A comparison of consonant production between syllable cut
languages like German or Swedish and quantity languages like
Finnish should be made in order to clarify the issue of truncation
vs. shortening of hold phase.
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ABSTRACT 
We report here on an investigation of Buginese and Toba Batak 
vowels, considering formant structure, duration, FO, and intensity 
in stressed and unstressed syllables. Three native speakers of 
Buginese (I, N, Y) and one of Batak were recorded producing 
disyllables with penultimate stress. The vowel spaces for /u/ and 
/o/ greatly overlap in both languages, and Buginese schwa is 
nearly as high as /i, u/. For two Buginese speakers and the Batak 
speaker, FO correlates with stress, while duration and intensity 
distinguish stress for the remaining Buginese Speaker. For 
speakers N and I, vowels in stressed position are shorter in 
duration (final unstressed vowels are longer due to final 
lengthening) and more centralized than those in unstressed 
position. This provides support for Lindblom’s undershoot 
hypothesis (arguing that the shorter a given vowel, the more 
centralized it is) and argues against the schwa hypothesis 
(contending that vowels centralize in unstressed position). 

Buginese has a six-vowel system: /i, e, a, o, u, a/, while 
Batak has the following five vowels: /i, e, a, o, u/. Vowels are 
exemplified in 37 disyllables (the canonical root shape in both 
languages) in Buginese and 32 disyllables in Batak. In both 
languages, stressed vowels were targeted in penultimate syllables 
(stress in both languages is penultimate) for the acoustic 
description. In order to examine the correlates of stress, words 
with identical first and second syllable vowels were chosen to 
rule out the effects of intrinsic acoustic differences among 
vowels. 

1. INTRODUCTION 
In this paper, we report on a systematic investigation of the 
vowels of two Western Austronesian languages in Indonesia: 
Buginese (South Sulawesi) and Toba Batak (North Sumatra). 
The study is primarily descriptive in nature, providing results on 
formant frequency, FO, duration, and intensity, since there is no 
acoustic work on Buginese vowels and only a preliminary 
acoustic description of Toba Batak [I]. In fact, of the over 300 
languages spoken in Indonesia, only the vowels of Indonesian 
have been the subject of an acoustic study [2]. 

Speakers were recorded producing four repetitions of each 
word, embedded in a carrier phrase. For all speakers, recordings 
were made in a quiet setting. The recordings were digitized at a 
sampling rate of 11025 Hz. Vowel onset and offset were 
identified on wideband spectrograms and waveforms and labeled 
using the X-Label attachment of Waves+. Acoustic 
measurements for Fl, F2, duration, FO, and intensity were 
calculated with a series of scripts designed by Eric Evans at the 
Cornell Phonetics Laboratory. Values generated by the scripts 
were checked randomly for accuracy by the researchers. 
Statistical analysis was carried out in SPSS. 

3. ACOUSTIC DESCRIPTION 

As a second goal of this study, we seek to explore the 
acoustic correlates of Buginese and Toba Batak word stress. 
Though stress has received much attention in the literature, most 
studies have focused on European languages. In a departure from 
European languages, stressed syllables were found to have 
highest FO and greatest intensity in Indonesian, while no strong 
relationship was found between stressed syllables and duration 
[3] (which has been found to correlate strongly with stress in 
many European languages). Here we examine stress in two 
additional languages spoken in Indonesia. 

In this section, we offer an acoustic description of the vowels in 
Buginese and Batak, focusing on formant structure, duration, FO, 
and amplitude. Because the four speakers under analysis here 
display somewhat different patterns, we have opted not to pool 
results across speakers. 

3.1. Formant Structure 
The fomant plots for the three Buginese speakers are presented in 
Figures 1-3, with Fl (in Hz) represented on the y-axis and F2 (in 
Hz) plotted on the x-axis. Each ellipse represents the area of 2 
standard deviations from the mean value. 
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In the remainder of the paper, we present our experimental 
methods (section 2); a systematic acoustic description of 
Buginese and Batak vowels (section 3); the acoustic correlates of 
stress in both languages (section 4); and a conclusion (section 5), 
in which we summarize our principal findings and their 
implications. 

2. METHODS 
This study reports on the speech of three female speakers (Y, N, 
I) of the Bone dialect of Buginese and one male speaker (W) of 
Toba Batak (results for an additional speaker will be presented at 
the Congress). 
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Figure 3. Formant plot for Buginese speaker  i 
r 1200 

Perhaps the most striking characteristic of these formant plots is 
the degree of overlap between the vowels. For I, only a  small 
port ion of the vowel space for /u/ does not overlap with the 
vowels /o/ and  schwa. Moreover,  N’s vowel space for /o/ is 
contained entirely within the vowel space of /u/. The three 
speakers also show a  tendency for schwa to pattern with the high 
vowels in the Fl (height) dimension, a  pattern evidenced in 
Indonesian as well [2]. 

The Batak speaker  exhibits a  pattern similar to Buginese 
speaker  N. As shown in Figure 4, the vowel space for /u/ 
completely encloses that of /o/. The remaining vowels, on  the 
other hand,  are neatly contained and  exhibit virtually no  overlap. 
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Figure 4. Formant plot for Toba Batak speaker  ‘W  
r 1200 

3.2. Duration 
The mean durat ions for the six Buginese and  five Batak vowels, 
sorted by speaker,  are presented in Figure 5. For all three 
speakers of Buginese, as well as  the Batak speaker,  durat ion 
patterns inversely with vowel height (except in the case of 
schwa). The same general  pattern has been  found in English and  
many other languages,  most likely because of the greater 
articulatory movement  required for the product ion of low vowels 
[4]. Surprisingly, a  different pattern has been  found in a  much 
more closely related language, Indonesian, in which /e/ and  /o/ 
were longer than /a/ [2]. 
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Figure 5. Mean vowel durat ion (ms) 
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3.3. Fundamental  Frequency 
The mean FOs (taken at stressed vowel midpoint) for Buginese 
and  Batak vowels are shown in Figure 6. The chart reveals a  
general  tendency for FO to vary directly with vowel height for 
speakers of both languages.  Again, the same trend was found in 
English and  other languages [4]. As with duration, Indonesian 
exhibited a  different pattern: the FO values of /o/ are roughly 
equivalent to /a/, rather than its corresponding mid vowel /e/ [2]. 
Regarding schwa, its FO was found to be  approximately 
equivalent to that of the high vowels in Indonesian, which may be  
the case in Buginese as well, though the tendency is insufficiently 
clear to make a  definitive claim, particularly in the case of N. 
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r igure 6. Fundamental  f requency (Hz) at vowel midpoint 

3.4 Intensity 
W e  conclude our acoustic description of Buginese and  Batak 
vowels with a  discussion of intensity. The mean intensity values 
for stressed vowels are charted in Figure 7. W e  call attention to 
the fact that the values for Buginese speaker  I are considerably 
lower than those for the other speakers,  due  to imperfect field 
recording conditions. Nevertheless, this difference is irrelevant 
for our  purposes here, given that we are considering relative, 
rather than absolute, intensity. 
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Figure 7. Intensity (dB) at vowel midpoint 

Figure 7  fails to make clear many conclusive findings 
concerning the intrinsic intensity of Buginese or Batak vowels, 
though some clear tendencies are evident. Disregarding schwa in 
Buginese, the mid front vowel /e/ has the greatest intensity for all 
speakers of Buginese as well as  the Batak speaker.  This is 
surprising, as many studies report /a/ to have the highest intensity 
in English [5, 61. In Buginese, the intensity levels for schwa were 
also surprising. W e  found that for speaker  Y, schwa has the 
highest intensity of all vowels, while its intensity is second only 
to /e/ for the other two speakers.  

4. ACOUSTIC CORRELATES OF STRESS 
In this section, we discuss the acoustic correlates of word stress in 
Buginese and  Batak, considering the parameters discussed in 
section three: formant structure, duration, FO, and  intensity. 

4.1. Formant Structure 
W e  begin our discussion of the acoustic correlates of stress with 
formant structure, the acoustic counterpart  of vowel quality. 
Figures 8-10 show average values for vowels in stressed and  
unstressed position for the Buginese speakers.  Bullets (0) 
represent stressed vowels, while minus signs (-) represent 
unstressed vowels. The figures reveal that the Buginese speakers 
exhibit different patterns for vowel quality with regard to stress. 
For Y, unstressed vowels occupy a  more central ized position in 
the vowel space. For I and  N, however,  unstressed vowels are 
more peripheral than their stressed counterparts. This finding 
casts doubt  on  the schwa hypothesis, which argues that vowels 
centralize in unstressed position [7]. On  the other hand,  because 
unstressed vowels were longer than stressed vowels for speakers I 
and  N (as will be  discussed in section 4.2), the results here 
support  Lindblom’s undershoot  hypothesis, arguing that the 
shorter a  given vowel, the more central ized it is [8]. 
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As illustrated in Figure 11, the Batak speaker  exhibits the 
same vowel reduction pattern as Buginese speaker  Y. The same 
trend has been  found in English [8,9] and  Swedish [7, 81. 
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Figure 11. Formant plot of stressed vs. unstressed vowels (W) 

4.2. Duration 
Table 1  offers a  compar ison of stressed and  unstressed vowel 
durat ions for all four speakers.  Significant dif ferences (alpha 
level =  0.05, using paired t-tests) in the expected direction (i.e. 
stressed vowels are longer, higher in FO, and  have greater 
intensity) are indicated by asterisks (*) next to the values for 
unstressed vowels, while significant dif ferences in the reverse 
direction are marked with an  ampersand (#). Here again the 
speakers display different patterns. Duration correlates with 
stress for speaker  Y, which has also been  found in Serbo-Croatian 
[lo]. No stress-duration correlation exists for the remaining 
Buginese speakers or the Toba Batak speaker.  In fact, durat ion is 
actually longer in unstressed syllables for speakers I and  N 
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(significantly SO in the latter), a pattern which we attribute to final 
lengthening. 

acoustic properties of the Buginese and Toba Batak vowel 
systems. We have found that the vowels /u/ and /o/ occupy much 
of the same vowels space, overlapping considerably for all 
speakers. In fact, the results of a MANOVA indicate that 
Speaker N’s first and second formants for /u/ were not 
significantly different from those of /o/ (alpha level = O.OS), 
suggesting potential difficulties in perceiving the categorical 
distinction between these vowels. We hypothesized that the 
duration or FO of these vowels might be sufficiently different to 
preserve the acoustic distinction between them, but did not find 
that the differences (/u/ had a shorter duration and higher FO than 
/o/) reached a level of significance. In Buginese, we observed a 
tendency for schwa to pattern with the high vowels along the 
dimensions of Fl (height) and FO, calling into question the 
vowel’s traditional transcription as [a]. Finally, as is consistent 
with cross-linguistic trends, we found duration to correlate 
inversely and FO to correlate directly with vowel height. 

We have also endeavored to investigate the acoustic 
correlates of stress in Buginese and Toba Batak. Though we 
expected that formant structure (vowel quality) might be related 
to stress, we discovered instead that quality depends most heavily 
on duration, as predicted by the undershoot hypothesis [8]. With 
respect to the other acoustic parameters under analysis, we have 
found that Buginese speakers I and N, together with Toba Batak 
speaker W, pattern in opposition to Buginese speaker Y. In the 
case of the latter, duration and intensity correlate with stress, 
while FO is the crucial parameter for the remaining three 
speakers. Whether these acoustic differences translate into 
distinct percepts merits attention in future perceptual studies. 

I i II 97 I 66* II 95 I 104 II 100 I 162# II 96 I 101 I 
80* II I22 1125 111 I 183# II 101 I 98 I 

I a ll 125 I 91* ll 136 I 142 II 142 I 213# II 98 I 108 I 
1 o 11 116 1 77* 11 129 1 117 11 117 1 186#11 106 1 124 1 
1 u 11 107 1 71* 11 92 1 112 11 121 1 162 11 88 1 108# 1 
1 a 11 48 1 66* 11 74 1 102# 11 84 1 115#11 

Table 1. Duration (ms) in stressed and unstressed vowels 

4.3. Fundamental Frequency 
The FO values for stressed and unstressed vowels are found in 
Table 2. Again, Y’s pattern contrasts with the patterns exhibited 
by Buginese speakers I and N and Batak speaker W. The latter 
three consistently have higher FO values for stressed vowels, with 
the small exception of speaker N’s /u/ and schwa. This general 
finding is consistent with the widely attested tendency for FO to 
correlate with stress, as found in English [ 1 I], Danish [ 121, and 
Indonesian [3], among others. Speaker Y, on the other hand, 
reveals no consistent pattern. 

I Buginese Y II Buginese I II Buginese N II Batak W  I 
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’ 226 ’ 224 ‘1 231 ’ 212* ‘1 239 ’ 241 ‘1 
Table 2. FO (Hz) in stressed and unstressed vowels 

4.4. Intensity 
Table 3 lists the intensity level of stressed and unstressed vowels. 
While intensity does not appear to correlate with stress for I and 
N in Buginese and W  in Toba Batak, a clear pattern emerges for 
Buginese speaker Y, for whom stressed vowels have a slightly 
higher intensity than unstressed vowels (though the stressed- 
unstressed differences do not reach statistical significance for /e/ 
and /u/). On average, speaker Y’s stressed vowels are 1 dB 
greater in intensity than unstressed vowels, a perceptible 
difference [6]. Whether this difference is sufficiently salient to 
trigger the perception of stress requires further investigation. 

REFERENCES 
[l] Nababan, P. W.J. 1981. A  Grammar of Toba Batak. Paczjic 
Linguistics, Series D, no. 37. Canberra: Australian National University. 
PI van Zanten, E. 1989. The Indonesian Vowels: Acoustic and 
Perceptual Explorations. Delft: Eburon. 
[3] Adisasmito-Smith, N. and Cohn, A. 1996. Phonetic correlates of 
primary and secondary stress in Indonesian: A  preliminary study. 
Working Papers of the Cornell Phonetics Laboratory, I I, I- 15. 
[4] House, A. and Fairbanks, G. 1953. The influence of consonant 
environment upon the secondary acoustical characteristics of vowels. 
JASA, 25, 105-l 14. 
[5] Lehiste, I. and Peterson, G. 1959. Vowel amplitude and phonemic 
stress in American English. JASA, 3 1,428-435. 
[6] Lehiste, I. 1970. Suprasegmentals. Cambridge, MA: MIT Press. 
[7] Fant, G. 1962. Den akustika fonetikens gerunder. Kungl. Tek. 
Hogskol. Taltransmissionslab. Rappt. No. 7. Stockholm: Royal Institute 
of Technology. 
[8] Lindblom, B. 1963. Spectrographic study of vowel reduction. JASA, 
35, 1173-l 181. 
[9] Stetson, R. (1951) Motor Phonetics. Amsterdam: North Holland 
Publishing Co. 
[lo] Lehiste, I. and Ivic, P. 1963. Accent in Serbo-Croatian: An 
experimental study. Michigan Slavic Materials, no. 4. Ann Arbor: 
University of Michigan. 
[ 1 l] Fry, D. 1958. Experiments in the perception of stress. Language and 
Speech, 1, 126-152. 
[ 121 Thorsen, N. 1982. On the variability of FO patterning and the fuztion 
of FOtiming inlanguageswhere pi@h cues stess. Phonetica, 39,203-316. 

1 ]I Buginese N II Batak W  I 11 Buginese Y 11 Buginese I 

I V str unstr . ,I . ( nstr II str I unstr II str I unstr I 
i9 11 73 75 11 76 76 
3* 11 76 76 11 84 80* 
9* 11 75 1 74* 11 80 80 
i9 11 74 74 11 81 79* 

Table 3. Intensity (dB) in stressed and unstressed vowels 

5. CONCLUSION 
In conclusion, our main objective has been to describe the 
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THE PHONETICS OF CHUVASH STRESS:
IMPLICATIONS FOR PHONOLOGY

Michael Dobrovolsky
University of Calgary, Canada

ABSTRACT
Chuvash is alleged to be a Òdefault-stressÓ language of the type in
which the last marked vowel or syllable is singled out for stress at
one edge of a phonological word, while, in the event the word
does not contain one of the marked vowels or syllables, stress
defaults to the first vowel or syllable at the opposite of the
phonological word.  This paper provides phonetic evidence and
statistical analysis of Chuvash disyllabic words that suggest that
there is no default stress in Chuvash.  Rather, the alleged default
stress is the intonation  downturn that in Chuvash typically
occurs on the first vowel or sonorant consonant following the
first vowel of  the examined forms.  In phonological terms, there
is only last-full-vowel stress assignment in the stress component
of the grammar, and a falling intonation that is assigned in the
intonational component of the grammar.

1.  INTRODUCTION
This study attempts to establish the phonetic correlates of
Chuvash stress with reference to the framework used by
Beckman  1986 [1] to distinguish between stress and pitch accent
languages.  Chuvash [tSA(vAS], is an aberrant Turkic language
spoken in the Chuvash Republic, Russia, some 1000 kilometers
east of Moscow.   Chuvash is alleged to be a Òdefault-stressÓ
language, one in which a certain marked vowel or syllable is
singled out for stress at one edge of the phonological word,
while, in the event the word does not contain one of the marked
vowels or syllables, stress defaults to the opposite (or same edge)
of the phonological word.

In the case of Chuvash, vowels are divided into two types,
ÒfullÓ  /i y e ö u a/ and Òreduced,Ó /e( a(/ (which correspond

phonologically to Turkish / ¿ o/; the stress rule as commonly
cited in Chuvash grammars and western linguistic sources is as
follows: stress the last full vowel of a word; if there are no full
vowels, stress the first vowel of the word [2].

As early as Ashmarin 1898 [3],  questions concerning the
phonetic nature of Chuvash stress arose.  Ashmarin notes that the
default stresses are Òdifficult to hear.Ó  Kotleev, cited in Jakovlev
[4] claims that there are no clear-cut phonetic correlates for the
default stresses.  Jakovlev himself claims that vowel quality itself
may be viewed as a stress correlate.

I hypothesize in this paper that there is no default stress in
Chuvash, and that all reduced vowels are stressless; what is
perceived as a default stress is a falling intonation that is assigned
formally at a higher suprasegmental level than stress assignment.

The paper is organized as follows: section 2 describes the
data used in the study;  section 3  gives the results of
observational and statistical analysis of this data;  discussion and
conclusions are presented in section 4, and implications for
phonology in section 5.

2.  DATA
2.1 Data collection.
Data was collected in the Chuvash republic in the summer of
1994.  A Sony Professional Walkman was used to tape two male
and two female consultants in their homes or in a university
residence.  Citation forms were elicited in Russian and repeated
twice in Chuvash (see [5] for details).  Each of four speakers
recorded showed a slightly different dialect profile. Initial
observation of raw data and statistics suggested that one
speakerÕs stress pattern did not conform to that of the standard
dialect that was the object of this study (she was originally from
South Chuvashia, where the default stress is right-edge, not left-
edge). Her tokens were therefore discarded.  All tokens examined
were two-syllable words; each possible combination of full and
reduced vowels was analyzed.

To limit this study, only items with falling intonation (F0 of
vowel two lower than the F0 of vowel one) were used for all tests
except those reported in Table 5.  Since all speakers showed an
incorrigible predilection for rising intonation (even though
elicitations were done by asking for two repetitions of each
word), the number of tokens empoyed was reduced to 40 total for
all word classes. Token types, total number of items for each
type, and total number of items with falling intonation used in
this study by speaker are given in Table 1.  It should be noted that
the same words were elicited from each speaker Ñ the data
collection is not heterogeneous. Due to other dialect variation, a
few matching forms were not found; speaker vn uses /o/ where
other speakers have /u/, and two speakers have /ma(ka(r/ ÔbullÕ

while the other two have / va(ka(r/.  Due to the selection of items
with only falling intonation, not every match-up of two syllable
words could be made across the board. Since the number of
tokens is low, the usual precautions in interpreting the data apply.

FF FR RF RR
rv 06/03 07/03 07/03 06/03
sl 08/04 07/03 07/01 07/03
vn 08/05 07/04 06/03 06/05

total/falls 22/12 21/10 20/7 19/11
Table  1.  Total items by type/ falling intonation, and  speaker

2.2 Analysis.
Analysis was carried out on Kay  CSL model 4300, version 5.17.
Tokens were digitized from original cassette tapes at 44000 Hz.
After examining the results spectrographically, each token was
filtered using a 200th order Blackman low pass window and then
downsampled to 22000 Hz.  These token were then analyzed for
the following values, which were transferred to data sheets and,
ultimately, to SPSS for statistical analysis. (see
acknowledgements):
¥ F0 1st vowel (V1) ¥ dB peak V1
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¥ F0 2nd vowel (V2) ¥ dB peak V2l
¥ dB average V1 ¥ Total amplitude V1
¥ dB average V2 ¥ Total amplitude V2
¥ time in ms V1 ¥ time in ms V1
From these figures were computed the ratios adapted from [1].
 ¥ F0 Ratio = 17.31 ln (Hz vowel 2 / Hz vowel 1)
 ¥ dB Peak Ratio = (dB peak vowel 2 - dB peak  vowel 1)
¥ dB Average Ratio = (dB average vowel 2 - db average vowel 1
¥ Total Amplitude Ratio = (total amplitude vowel 2 - total
amplitude vowel 1).
¥ Duration Ratio = ln (ms vowel 2 / ms vowel 1)

Total Amplitude Ratio is arrived at by adding amplitude
values at all data points for a given vowel across its duration.  It
is claimed in [1] that this ratio is the most significant correlate for
the presence of ÒtrueÓ stress in English, while it is not
significantly correlated with the presence of accent in Japanese,
the pitch langauge examined in the comparative study.

To these ratios were added a measure termed Duration
Difference (ms V2 - ms V1) for purposes of statistical testing
within word groups.

3.  RESULTS
3.1  General.
This section reports on the resuts of statistical analyses carried
out on the measures found to be significant distinguishers of
word classes with different stress.

3.2 Statistics.
3.2.1 Anova and dependent variables.  A  one way ANOVA
comparing the four word-stress groups Ñ FF, FR, RF, RR Ñ
was significant for all ratios except the F0 Ratio, this latter not
surprising since all tokens had falling intonation. From here on,
F0 ratio will not be reported on; Òall ratiosÓ refers to all
remaining ratios.

For all significant measures, post-hoc Scheffe pairwise tests
were performed.  These tests produced the results given in Table
2 (stressed vowels are bolded; shaded areas indicate no
statistically significant differences between measures).

Word-stress class Duration Ratio Pk Amp. Ratio Avg Ampl Ratio Tot Amp Ratio
FF  - FR .000 .011 .014 .000
FF - RF .005 1.000 1.000 .177
FF - RR .003 .667 .395 .009
FR - RF .000 .043 .040 .000
FR - RR .328 .172 .404 .284
RF - RR .000 .807 .516 .000

Table 2. Statistical significance of measures by word-stress group

These tests show that words belonging to different stress
classes are distinguished most consistently by Duration Ratio.
This may not be surprising;  since the words are citation forms,
second vowels are frequently longer due to the terminal
intonations.  Total Amplitude Ratio, determined in [1] to be the
most significant distinguishing measure of word-stress
differences in English, is the next most effective distinguisher,
followed by Peak Amplitude Ratio and Average Amplitude
Ratio.

In classes of words that have differing stress placement (FF-
FR, FF-RR, FR-FF, and RF-RR), only FF-FR and FR-RF are
significantly distinguished by more than one variable.  Two
groups (FF-RF and FR-RR) have the same stress placement. The
former is distinguished only by Duration Ratio and the latter by
none of the variables examined here.

3.2.2 Groupings.  Results of statistically homogenous
groupings are provided in Table 3.

Duration Ra Pk. Ampl. Ra Avg. Ampl. Ra Total Ampl.Ra
FR FR FR FR
RR RR

RR RR
FF RF FF FF
RF FF RF RF

Table 3. Homogeneous  grouping: results

The classes are not neatly grouped into initially and finally
stressed words.  The placement of two cases of RR class words in
a row by themselves reflects the fact that for these measures, the
RR class is ambiguous, ÒbelongingÓ to both the initially stressed

and finally stressed grouping.  RR words are thus not clearly
distinguished from other word types by all measures.

3.2.2 One-sample T-Test.  A one-sample t-test provides
information about the significance of difference in the measures
within each word-stress class rather than across classes. Thus, we
are examining the difference in means for vowel one against
vowel two.  Results are given in Table 4.

Word-stress class Measure Sig. (2-tailed)
FF Duration Diff. .000

Total Ampl. Ratio .002
Avg. Ampl. Ratio .978
Peak Ampl. Ratio .359

FR Duration Diff. .036
Total Ampl. Ratio .002
Avg. Ampl. Ratio .001
Peak Ampl. Ratio .000

RF Duration Diff. .001
Total Ampl. Ratio .000
Avg. Ampl. Ratio .973
Peak Ampl. Ratio .547

RR Duration Diff. .371
Total Ampl. Ratio .246
Avg. Ampl. Ratio .071
Peak Ampl. Ratio .519

Table 4.  One-sample T-test: results.

Reference to these results is made in section 4.1.2.
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4.  DISCUSSION, CONCLUSIONS
4.1  Discussion.
 The statistical results bear on a number of issues in stress
analysis.  I will focus here on the issue of the special status of
reduced vowels, and especially on RR words in this data. Do the
statistical results bear out the hypothesis that reduced vowels are
always unstressed, even in words that allegedly carry default-left
stress?

4.1.1.  Words with differing stress placement.  R vowels
that precede or follow a stressed F are in general extremely short
and non-prominent.  This subjective impression is confirmed by
the nearly across-the-board statistically significant differences
between the pairs FF - FR and FR - RF, which are separated by
all four measures in Table 2. The other two pairs with differing
stress,  FF-RR and  RF- RR, both show significant differences in
Duration Ratio and Total Amplitude Ratio.  These pairs
underscore the fact that when a full vowel is in final position, it
carries a longer terminal intonation in these citation forms.

4.1.2.  Words with the same stress placement. For the
pairs FF-RF and FR-RR, only FF-RF are distinguished by
Duration Ratio.  But F R-RR are not distinguished by any
measure.  Does this mean that they are both stressed?  Not
necessarily, as the one sample T-tests have shown.  Recall that
word internal  statistics in Table 4 demonstrate that FF  vowels
are distinguished significantly by Duration Difference as well as
difference in Total Amplitude Ñ in other words, they are
Òstressed,Ó in BeckmanÕs sense.  The vowels of RR words,
however, are not significantly distinguished by either Duration
Difference, Total Amplitude Ratio, or Peak Amplitude Ratio Ñ
they are not Òstressed.Ó Only Average Amplitude Ratio
differences separate the RR vowels; this may follow from the
drop in amplitude that accompanies the falling intonation of the
word across two short vowels.

4.1.3.  First conclusions. These measures and statistical
analysis appear to support the hypothesis that reduced vowels in
Chuvash are unstressed, even in RR words.  We must then ask
what it is that is perceived as RR stress.

4.2.  What is RR stress?
I hypothesize that RR words in Chuvash are unstressed.  What
phonetic measure or measures may give the impression of some
Òdifficult to hearÓ stress in these words?  Chuvash disyllabic
words examined in this study are characterized by an intonation
drop across the first vowel early in the word.  I suggest that this is
what is interpreted as Òstress,Ó given a lack of other robust stress
measures on the word.

To confirm the early intonation downturn, the pitch traces of
all available tokens from all speakers were examined.  In
particular, I looked for an intonation downturn that began well
within the confines of the first vowel (away from the pitch
depressing influence of a following consonant), or at least, in the
case of words that had a sonorant consonant after the first vowel,
within this sonorant.   Results are given in Table 5.  It should be
noted that these results for FF and FR data include words with
falling-rising and rising terminal intonations.  The rise-falls were
particularly interesting in that they still showed very frequent F0
drops on the first vowel.  In other words, true rise-rise F0s were
very rare.

Stress class Fall on V1 Fall later per cent
FF 24 13 64.86
FR 31 10 75.60
RF 13 5 72.22
RR 12 5 70.58

Table 5.  Percentage falling intonation in first vowel or sonorant
C following first vowel

These results are as expected for three categories, with one
surprise.  The highest percentages of falling F0 are on stressed
vowels in intital postion, where the F0 falls across a relatively
long vowel that is lengthened by stress.  Hence, there is plenty of
time for the intonation drop to begin early.  The next highest
percentage is found on reduced vowels that precede a stressed
full vowel.  Here, we might expect the stressed full vowel to pull
the F0 towards it, but we do  not see this, which is confirmation
of the early falling F0 pattern of Chuvash intonation on these
words.  RR forms show the next highest percentage of falling F0
early in the word.  These are the key forms that suggest that it is
this early falling F0 that is picked up as  the RR wordÕs Òstress.Ó
Finally, FF forms show the lowest percentage of early falling F0,
though it is still well above chance.   It is of course possible that a
larger sample for RF  and RR forms would show a lower
percentage of early fall, one that is more in line with the FF data.

4.3.  IMPLICATIONS FOR PHONOLOGY
From the mid 1970Õs on, it has been speculated that great many
stress systems in the worldÕs languages fall out of the
Òmarked/defaultÓ stress application, of which Chuvash has been
cited as an example.   If it turns out that the phonetic data for
Chuvash does not support this contention, then the primary
implication for phonology is straightforward: some languages at
least may not show this pattern, but, more interestingly, may only
appear to show it.  If this is the case, then it will be worthwhile
examining other systems alleged to be of this type to see if they
also show some different phonetic modality in stress
manifestation.

A second implication of this study is that the formal
representation of Chuvash stress will no longer rely on  the
marked vs. default pattern on a single level of representation (that
of the stress application procedures, which themselves may
involve several layers of application). The burden of capturing
the ÒdefaultÓ now moves upward  to a higher level of
suprasegmental representation, one that will not be implemented
until the intonation component of the grammar kicks in.  Stress
marking will then be accomplished by (phonological) word-level
stress assignment while Òdefault stressÓ becomes a function of
the intonation.  Figure 1 shows how this might be represented for
two disyllabic Chuvash words, one with only full vowels and one
with only reduced vowels (the extended dots represent spreading
of the intonational L pitch.

HL . . . HL . . . Intonation

* Stress

V V v( v(
Figure 1.  Representation of a stressed full vowel word and

Òdefault stressedÓ reduced vowel word  with falling intonation in
Chuvash
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I conclude that impressionistic reports that there is
something different about stress on reduced vowel words in
Chuvash are supported by the phonetic and statistical evidence
examined here.  This diference reflects the nature of the
langaugeÕs single stress assignment  rule (stress the last full
vowel of a word) and its intonation profile (pitch drops early in
the word, at least in citation forms).  As is to be expected,
Chuvash stress is more comple than this paper has had space to
show.  For example, Chuvash displays a layer of rhythmic
stresses that serve to complicate any analysis.  This is worth a
study of its own.  For the purposes of this paper, itÕs a good
enough start to show that the aural perceptions of a number of
phoneticians  over the last century  appear to have been correct.
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ON /l/ VELARIZATION IN EUROPEAN PORTUGUESE

Amália Andrade
Centro de Linguística da Universidade de Lisboa, Lisbon, Portugal

ABSTRACT

F2 and duration characteristics associated with onset and coda
/l/ and its immediate phonetic environment, of speech material
produced in the laboratory by European Portuguese (EP)
speakers have been examined to bring some light into the
empirical question whether lateral velarization has a categorical
manifestation or not, in this language (Lisbon variety). The
results are interpreted in terms of production, in accordance
with a co-production model. The present findings have some
implications with respect to the historical phonology of EP.

1.  INTRODUCTION
There are conflicting positions in the literature with respect to
the phonetic manifestation of the apical lateral in EP. The
dominant position for the last two decades has been that /l/ is
categorically associated with a non-velarized (‘clear’) allophone
in syllable onset and a velarized (‘dark’) one in coda position [1,
2]. According to earlier phonetic descriptions, however, lateral
velarization may also occur in syllable onset, depending on the
preceding vowel for some speakers [3], or it is a gradient
phenomenon which attains its highest degree in syllable final
position [4]. In a recent study based on three Lisbon speakers,
we have found some evidence of lateral velarization in syllable
onset [5].
The following structural facts have to be considered in the
interpretation of our phonetic observations for EP: (i) /l/,
together with /r, s, j, w/1, pertains to the relatively small subset
of "entities" which can unquestionably be associated with
syllable coda in Portuguese; (ii) from a phonological point of
view, EP may be said to have a seven vowel system, /i, e, E, a,
u, o, �/; the non-high vowels typically undergo stress dependent
phonological reduction, that is /E, e/ and /�, o/ rise to [ö]2 and
[u], respectively, and /a/ to [�], in unstressed position; (iii) this
phonological process does not take place, however, if the vowel
is followed by a tautosyllabic lateral or glide, or is nasalized. It
is generally accepted that the blocking of stress-dependent
vowel reduction resulted, historically from the profound
prosodic changes that occurred in the evolution from Latin to
Portuguese and which incurred in the loss of consonants in the
coda.
Measurements of F2 as well of segmental durations associated
with the lateral and its adjacent environment were carried out.
Analysis of F2 was motivated by the well known fact that it is
positively correlated with the tongue body retraction and
lowering which characterizes lateral velarization.3

2.  METHOD

2.1. Speech material.
The material utilized includes laterals occurring in complex and
simple onsets as well as in coda position and consists of the
following sets: (a) the sequences /´pli/ and /pe ĺi/ in the word
‘explicas’ preceded by the pronoun ‘a’ ([� S´plik�S] - ‘you
explain it’) and the word ‘pelicas’ preceded by the article ‘as’
([�S pö ĺik�S] - ‘the pieces of fine leather’) produced at the end
of short declarative sentences; (b) LV sequences, in which V
corresponds to ([i, E, �]; (c) and the words ‘cela’, ‘celta’, ‘seta’,
([´sEl�], [´sElt�], [´sEt�] – ‘cell’, ‘celt’ and ‘arrow’, respectively)
and the nonsense words ‘séli’ and ‘selí’ ([´sEli], [sE ĺi])
produced in isolation.
With respect to (a), the choice of a labial for the initial element
of the complex onset had the purpose of minimizing gestural
interaction in the production of the two onset elements (C and
L). Although acoustically, C labiality might have some effect on
the F2 of L, the the tongue body gesture for the latter would not
be constrained by articulatory requirements of C. As for the
sequence /pe ĺi/ (cf. note 2), a strong carryover effect of the
lateral was expected, if the vowel were to be realized. The
vowel contexts are dominantly front ones. This was motivated
by the existence of empirical evidence that, generally, the
tongue body gesture in the production of a clear /l/ is
significantly less resistant to coarticulatory effects than in the
production of a dark /l/ [6, 7, 8]: it was thought that if indeed,
we were to find clear onset laterals the front vowel environment
would enhance their “clear” nature and raise F2. A secondary
criterium in the choice of vowel environments was the
preference for words existing in the language (only two
nonsense words were used).
The material was read at the rate individual speakers felt to be
their normal one. Naturalness and clarity were further require-
ments of the reading task. All of the speech items in question
were elements of larger lists which were read four times in
different random orders: (a) pertains to a list of 120 sentences,
(b) to a list of 52 of sequences and (c) to a 39 word list.

2.2. Vowel and lateral segmentation criteria.
As is well known, the acoustic manifestation of laterals is
characterized by considerable variability, depending on a
number of factors, namely the adjacent context, prosodic factors
(stress and syllable position, in the present study) and speaker
characteristics. From the acoustical point of view, in optimal
conditions in syllable initial position, laterals are typically
characterized by a vowel-like region with a clear formant
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structure and a consonant-like dynamic region. Depending on
the circumstances, one or the other may not be visible. In the
present paper we identify the former as L (cf. 3.3.) and the latter
as Lc (cf. 3.3.); L´ stands for the interval between the stop burst
and final transient associated with the lateral coronal release, in
the C(V)L sequences (cf. 3.1.1.).
Segmentation marks were made in the following “points” of the
signal: onset of the stop burst and onset of voicing in the C(V)L
sequences, onset and end of the lateral vowel-like region (Lo
and Le, respectively), end of the consonant-like region (Lr),
midpoints of the lateral (Lm) and the preceding vowel or the
following one (Vm), and some fixed “points” in the lateral and
vowels, namely Vo+15 ms, Lr-20 ms and Lo+25 ms.
Establishment of the beginning and end “points” of the lateral
was, in a number of cases, problematic.

2.3. Subjects.
The subjects are Lisbon EP native speakers and are relatively
homogeneous in terms of age (30-24 yrs), and cultural
background (they have all got a university degree).
The number of subjects used in the present study was not the
same for all sets of material.4 The data from seven subjects were
analysed in the case of the /´pli/~/pe ĺi/ set: four women (S2, S3,
S4 and S6) and three men (S1, S5 and S7). With respect to the
other sets, the analysis was based on two men and three women,
in the case of the LV sequences, and one man and two women
(namely S1, S2 and S3) in the case of the remaining material.

3.  RESULTS

3.1 Onset laterals.
3.1.1. The lateral in a complex onset.
Five of the seven subjects present significantly low F2 values for
the lateral in /pli/ which are typical of a velarized variant (cf.
table 1). The highest F2 values, correspond to two of the female
subjects (S2 and S4). The F2 values obtained for the lateral and
the following /i/ realizations of subjects S1, S2 and S3 are
represented in figure 1.

L S1 S2 S3 S4 S5 S6 S7
F2m 883 1377 950 1537 970 1024 829

sd 56,2 - 73,6 127,8 76,2 130,3 22,6

Table 1. Average F2 values obtained at Lm in /pli/ realizations
and the corresponding standard deviations, for 7 subjects. S2 is

represented by a single token.

Upon examination of the F2 data for /l/s produced by male
speakers of languages that distinguish velarized and non-
velarized laterals (e.g. Russian, Bulgarian and Albanian [9, 10])
and languages that have either clear /l/ (e.g. Castillan Spanish,
French, Italian, and German [7, 11]) or dark /l/s (e.g. Catalan
and some varieties of English [7, 8, 12], there is reason to think
that S4, too, falls within the range of values associated with
velarized laterals; however, while the F2 values of subjects
S1,S3, S5, S6, S7 indicate their laterals are strongly velarized
(or pharyngalized), those of S4 reflect weak velarization.
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Figure 1. F2 values corresponding to Lm, Lr-20, Vo+25 and Vm
of the individual realizations of /pli/ of S1, S2 & S3.

S4 is also the subject who displays the highest degree of
dispersion with respect to the F2 values at Lm; for S1, S3, S5,
S6 and S7 we find very little variation. This observation
suggests that the articulatory constraints on the tongue body
gesture for the lateral are weaker for S4 than for the other
subjects and that, therefore, the lateral articulation is more
resistant to the coarticulatory effect5 of the following /i/ in the
case of S1, S3, S5, S6 and S7 than in the case of S4.

/l/ S1 S2 S3 S4 S5 S6 S7

Dur 56,3 38,6 57,5 61 74 77 55

VOT 17 30,4 18,5 31,6 18,7 26,2 10

Table 2. Average p-VOT and L´ durations in /pli/ realizations
for 7 subjects.

Table 2 includes the average durations of the interval between
the labial and the apical transient onsets (L´), and VOT for the
seven subjects. S2 diverges from the rest of the subjects for the
extreme closeneness between her L´ and VOT values (cf. table
2). In fact, it is to be noted that longer VOTs5 had been
previously observed for S2 relative to other subjects in an
independent study where this parameter was examined for /t/
before /i/ [13].
The F2 values measured at Vo of /i/ for S2 are, on average,
lower than those of S4 (1795 Hz and 1920 Hz, respectively; the
corresponding standard deviations are 160,9 and 183,7);
however, the difference is not statistically significant (according
to the Mann-Whitney test).
Considering what has been said above, we are led to think, at
this stage, that the 7 subjects constitute two groups with respect
to degree of velarization and degree of coarticulatory resistance
of the lateral tongue body articulation: S2 and S4 with the
weaker velarization and less coarticulatory resistance, and the
other 5 subjects exhibiting strong velarization and coarticulatory
resistance.
The most striking aspect that emerges from the comparison of
the F2 values and durations associated with the /(V)li/ in the
/pli/ and /pe ĺi/ sequences is the fact that the underlying vowel
segment preceding the lateral in /pe ĺi/ behaves like a “tar-
getless schwa” and the VL sequence is basically manifested as a
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lengthened lateral, for all speakers. This may be observed even
for S2, as shown in figure 2. As for S4, her “lengthened laterals”
in /pe ĺi/ are clearly velarized, unlike her short laterals in /pli/.
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Figure 2. F2 values corresponding to Lm, Lo-20, Vo+25 and Vm
of /(V)l/ and /i/ individual realizations of /pe´li/ and /´pli/,

produced by S2.

3.1.2. The lateral in LV sequences. Influence of following
vowel. The LV material analysed corresponds to subjects S1,
S2, S4, S5 and S6.
Table 4 contains the average F2 values obtained at Lm for LV
sequences in which /l/ is followed by [i], [E], [a] or [�].  The
results in question require a revision of our interpretation of the
/pli/ data, to some extent. In fact, while S2 reveals a remarkable
constancy with respect to the F2 (average) values associated
with the /pli/ and /li/ sequences (cf. table 1), S4 velarizes her
/l/s quite markedly, in the “optimal” LV conditions. One possi-
ble, interpretation of the difference in behaviour of S4 relative
to S2 is that she is more prone to reduction in connected speech
than the latter.

F2 S1 S2 S4 S5 S6

[li] 906,2 1374,9 1074,7 941 1019,5

[lE] 874,9 1296,8 1052 915,7 1027

[la] 871,1 1161,4 982,4 845 937,5

[l�] 835,9 1249,9 1101,6 914,7 767,1

Table 4. Average F2 values obtained for at Lm in LV sequences
(V= [i, E, a, �]) produced by 5 subjects (S1, S2, S4, S5 & S6).

The five subjects under analysis converge with respect to one
further aspect: they all evidence an effect of the following vowel
characteristics in the front-back dimension; moreover, all but S6
have their highest and lowest F2 values in the context of /i/ and
/a/, respectively, as expected [4].

3.1.3. Intervocalic /l/: influence of the following vowel and
stress. The results presented in this section and in 3.3
correspond to subjects S1, S2 and S3.
The F2 values sampled at Lo, Lo+25 and Lm in ‘sela’-[´sEla]
and ‘séli’ - [´sEli] realizations of the three subjects in question

reflect the occurrence of an effect of the following vowel on the
lateral at Lm (cf. figure 3): F2 is higher in the context of /i/ than
in the context of /�/. In accordance with what was observed
previously, it’s S2 who presents the largest effect.
Analysis of the F2 values associated with the preceding vowel
(/E/) shows that the influence of the following vowel extends be-
yond the lateral region, though in differing degrees from speaker
to speaker.
As may be seen in figure 3, shifting stress from the initial
syllable to the final syllable, in [sE´li], results in a further rise of
/l/ F2 relative to the corresponding F2 value in [´sEli]. Again, the
degree of this effect is speaker dependent: it is more marked for
S3 and S2 (though not as much) than for S1. It is notable that
the lateral is shorter when it pertains to the stressed syllable
than when it fills the onset of the post-stress syllable.
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Figure 3. Average F2 values for /l/ taken at Lo, Lo+25 and Lm
for [´sEla] and [´sEli] produced by S1, S2 and S3.

3.2 Coda vs onset position.
Analysis of the segmental durations associated with the [El]
realizations F2 of ‘sela’- [´sEl�] and ‘celta’ - [´sElt�] of S1, S2
and S3 shows there is a marked, systematic vowel shortening as
well as a strong tendency for shortening the lateral sonorant
region (L) in [´sElt�] relative to [´sEl�]. The VL sequence is
shorter in the coda case than in the onset one even when the
consonant-like region of the lateral (Lc) is taken into
consideration, as well. These observations are illustrated with
figure 4, wich contains the segmental duration results for S1.
Comparison of the F2 average values for the front vowel in
‘sela’- [´sEl�], ‘celta’ - [´sElt�] and ‘seta’ - [´sEt�] indicates, in
turn, that F2 lowering towards the velarized lateral values takes
place earlier in the coda context than in the onset one. This may
be observed for S1 and S2 in figure 5.
It may be inferred from figure 5 that the exact timing of F2
lowering relative to vowel onset varies across speakers: of the
three subjects, it is S1 who exhibits lowering of F2 earliest.
With respect to the lateral itself, S1 produces a clearly lower F2
for [´sElt�] than for [´sEl�], which is in accordance with what has
just been observed for this subject’s [E] and S3 produces the
opposite pattern; as for S2, the F2 difference found is not
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significant. Such observations lead us to hypothesize that S1’s
tongue body lateral gesture is more resistant to the influence of
the preceding vowel than that of S2 and particularly S3.
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Figure 4. Durations of V, L and Lc corresponding to the
individual repetitions of [´sEl�] and [´sElt�] of S1.
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Figure 5. Average F2 values obtained at Vo, Vo+25 and Vm in
the realizations of [´sEl�], [´sElt�] and [´sEt�] of S1 and S2.

4.  CONCLUSION

The results based on the onset data show that /l/ velarization
does take place in this syllable position, for speakers of the
Lisbon variety of EP. The degree in which it is manifested
varies across individual subjects, strong velarization dominating
in the present subject sampling. Evidence of anticipatory effects
of the post-lateral vowel on the lateral and the vowel preceding
it point to the occurrence of interaction between tongue body
gestures for the three segments (3.1.2 and 3.1.3). The
combination of shorter duration and higher F2 in stressed
syllable onset than in post-stress onset, are compatible with the
view that greater co-production takes place between the lateral
and the following vowel gestures in stressed syllable. On the
other hand, the coda position entails an increased co-production
of the lateral and the preceding vowel.
The present findings indicate that the tongue body retraction and
lowering gesture associated with the lateral together with the
strong co-production between this consonant and the preceding
vowel gestures when it occurs in the syllable coda converge
towards the blocking of stress-dependent vowel rising.
Phonological facts indicate this process is stronger with the

lateral than with other consonants, namely /r/ and /S/. We may
therefore, hypothesize that the two factors in question were
active historically, when unstressed vowel reduction got
structured in EP.
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NOTES
1. In order to account for vowel nasality, the set also includes an underlying
/n/ or an underspecified N, for some authors; we prefer to postulate a nasal
autosegment which anchors on the preceding vowel when followed by a C
or at word boundary.
2. The vowels /E, e/ can be said to alternate with a high schwa: a high vowel
that is highly context dependent which may be produced in a very reduced
manner, devoice or even have no phonetic manifestation [3].
3. Analysis of other parameters, namely F1 and F2-F1, is under way.
4. Analysis of further data is beeing carried out.
5. Portuguese does not have aspirated stops.
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ABSTRACT

It has been hypothesized that since in Slovak the difference in
durations between stressed and unstressed syllables is not
maximized in the same way as in English, Slovak speakers of
English will tend to make insufficient differences between the
two groups of syllables. Thus Slovak speakers’ utterances in
English will be perceived by native speakers as having non-
native-like rhythm.
Spontaneous utterances of native and non-native speakers have
been analyzed through segmentation of sonorous nuclei of
stressed and unstressed syllables and through measurements of
their durations. In mathematical processing methods of
descriptive statistics and probability t-test have been applied.
The results indicate a stable difference in durations of sonorous
nuclei of stressed and unstressed syllables in native speakers
and significantly varied difference in non-native speakers.

1. INTRODUCTION

Rhythm is an important part of language communication,
serving as an organizing principle, helping to spread out
important bits of information in roughly equal intervals of time.
Effective, recognizable rhythm is essential for native listeners
(Taylor, 1981). An important part of rhythmical patterning in
English is stress the correlates of which are (Fry, 1955): pitch,
syllable duration, intensity and vowel quality.
Similarly, in Slovak stress correlates are: pitch, syllable duration
and intensity (Sabol, 1986; Zimmermann, 1994) whereas vowel
reduction is not maximized like in English and, consequently,
does not operate as a stress correlate.

1. RESEARCH PROJECT

1.1.  It is hypothesized that due to the perception differences
between the rhythmical patterning in English and Slovak, oral
productions of Slovak learners of English are perceived as
having a non-native like rhythm. Slovak speakers do not
maximize the differences in duration of stressed and unstressed

syllables, which results in the fact that native speakers perceive
them as having a non-native like rhythm.

Research studies on stress report the following differences in
durations of stressed and unstressed syllables: i/ in English:
stressed syllables being 1.5 times longer than their unstressed
counterparts (Laver, 1996), the most frequent vowel is schwa; ii/
in Slovak: stressed syllables being 1.2 times longer than their
unstressed counterparts (Sabol, Zimmermann, 1994), the most
frequent vowel – [a].

1.2. The above-mentioned theoretical basis has led to the
research project, which has been carried out in the Faculty of
Arts Phonetics Lab. Spontaneous utterances in English (both
monologues and dialogs, spot the difference pictures and strip
stories) have been analyzed. Three native speakers’ and five
non-native speakers’ – first-year English language teacher
trainees’ productions have been recorded. The whole recording
lasts twenty-two minutes.
The focus of the research project is an investigation
of the differences in durations of stressed and
unstressed syllables in native and non-native
speakers’ productions. Since duration of a syllable is
determined by the duration of its nucleus it is
obvious that sonorous nuclei have been subject to
the analysis.

 1.3. Syllables and their sonorous nuclei have been
analyzed on the PC with CSL 4300 system (produced
by KAY Elemetrics Corporation, U.S.A). In
segmentation three subanalyses have been applied:
duration of the speech signal amplitude, sonagram
and auditory perception of the speech signal. This
stage of the project has been the most time-
consuming. 2 – 4 syllables have been analyzed
simultaneously on the screen, the number of
syllables varying according to the fact whether the
transients on the vowel – consonant borderline have
been clear or have been continuous and,
consequently, more difficult to identify.
The quantity of a nucleus has been measured by
reading the relative duration which depends on the
position of the cursor in window A. Stressednes has
been determined on a perception basis by means of
dichotomic yes/no.
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1.4. Analyzed data have been processed statistically by means of Spreadsheet EXCEL 97 and software Statgraphics.
The total number of analyzed nuclei was 2,988. The numbers in individual speakers are shown in the following table:

Native speakers Non-native speakers – English language teacher trainees

Scott Paul Arthur Ervin Viktoria Michaela Frantisek Laura

Stressed syllables 183 319 237 179 183 155 162 183

Unstressed syllables 108 272 191 161 184 149 151 171

Nuclei of all timbres are included, ie long monophthongs (369), diphthongs (476) and triphthongs (5). Specialized investigation of the
above-mentioned nuclei will be subject to further investigation.

1.4.1 By means of first statistical investigation – classification of
data – we have obtained frequency tabulation suitable for the
preparation of histograms. The investigation has been based on
the assumption that the ratio of durations in stressed and
unstressed syllables in native speakers’ productions is 1.5

whereas in Slovak speakers it is 1.2. A frequency tabulation has
been generated for each individual speaker and for stressed and
unstressed syllables. Figure 1 illustrates a situation where a non-
native speaker (Viktoria) produces the stressed syllables with a
considerably shorter duration than a native speaker.
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Figure1. Frequency histogram durations of stressed and unstressed syllable nuclei in native (Arthur) and non-native speaker (Viktoria).

1.4.2.  Naturally, these data are insufficient. More exact results
have been obtained from summary statistics, first of all
arithmetic average, standard deviation, maximum, minimums

and variance range. Summary statistics are shown in the
following table:
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Average Stand. deviation Minimum Maximum Variance range
Scott stress 149.83 72.33 45 485 440
Scott unstress 78.92 31.56 26 192 166
Paul stress 128.73 62.41 44 386 342
Paul unstress 62.68 26.04 20 219 199
Arthur stress 140.72 77.30 22 683 661
Arthur unstress 78.63 44.53 15 318 303
Ervin stress 125.68 55.62 43 342 299
Ervin unstress 72.22 32.60 16 206 190
Viktoria stress 104.14 48.52 23 270 247
Viktoria unstress 66.66 34.17 20 193 173
Michaela stress 123.99 62.07 30 343 313
Michaela unstress 67.31 35.99 26 234 208
Frantisek stress 118.08 52.16 40 288 248
Frantisek unstress 64.94 36.87 23 344 321
Laura stress 118.97 50.79 40 313 273
Laura unstress 76.60 31.21 28 226 198

In order to obtain a survey of these features, a box plot has been
prepared (Figure 2). It follows from the graph that the native
speakers (S – Scott, P – Paul, A – Arthur) have the same ratio
(average and standard deviation) of stressed and unstressed
syllables. A difference can be observed in Paul whose
spontaneous performance has a higher tempo than   Scott’s   and

Arthur’s. Despite this individual difference, the ratio of stressed
and unstressed syllables is maintained. The investigated ratio of
durations is considerably different in non-native speakers (E –
Ervin, V – Viktoria, M – Michaela, F – Frantisek, L – Laura).
The smallest difference in durations of stressed and unstressed
syllables can be observed in Viktoria.
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Figure 2. Graph of averages and standard deviations of durations of stressed (upper curve) and unstressed (lower curve) syllables in all
speakers (height of boxes indicates standard deviation).
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1.4.3.  The articulatory process, one of the stages of speech
communication process with a considerable portion of
redundancy, has a stochastic character. The histogram and graph
of arithmetic averages (see Figure 2) appear to be exact results
of analysis. In the study concerned, only 8 speakers have been
analyzed, which should be regarded as a representative sample, a
representative statistic sample. Therefore, the results of the analysis
should be expressed by application of probability. Thus, at the

end of the experiment, a statistic test of hypothesis has been
applied, namely two sample Student t-test in order to achieve
estimation of differences in average durations in stressed and
unstressed syllables. This difference has been tested by means
of confidence intervals at the significance level α = 0.05. The
results of the tests are statistically significant and numerically
expressed intervals in ms, stated in the following table:

These intervals (in Scott for example) are interpreted in the
following way: it can be stated with 95% reliability that the
difference of average values of durations of stressed and
unstressed syllables is in the interval 58.80 – 83.02 ms, etc.
This is a relative difference of averages (for example in the
native speaker Paul) which is maintained even at a different
tempo.
It follows from the last table that native speakers maintain the
assumed difference. This difference varies in non-native
speakers, being of lowest value in Viktoria. Consequently, the
statistic tests confirm and at the same time refine the analyses
introduced in 1.4.1 and 1.4.2.
2. In this investigation monophthongs, diphthongs, long
monophthongs and triphthongs have not been differentiated; no
analysis has been carried out for each specific kind of vowel in
terms of its timbre. This differentiated approach will be subject
to further investigation and similar analysis of difference of
stressed and unstressed syllables at the level of basic tone and
intensity will be conducted.
This research project seems to support some earlier findings,
namely that maintaining appropriate difference in duration of
stressed and unstressed syllables in English is one of the most
widely experienced challenges for non-native speakers of
English.
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Native
speakers

Scott 58.80 – 83.02 ms

Paul 58.50 –73.58 ms
Arthur 50.35 –73.81 ms

Non-native
speakers

Ervin 43.83 –63.07 ms

Viktoria 28.84 –46.09 ms
Michaela 45.27 – 68.09 ms
Frantisek 43.14 –63.13 ms
Laura 33.60 –51.12 ms

page 550 ICPhS99          San Francisco



CONTRASTIVE PROSODY IN SLA – AN EMPIRICAL STUDY WITH ADULT
ITALIAN LEARNERS OF GERMAN

Federica Missaglia

Università Cattolica del Sacro Cuore – Milan (Italy)

ABSTRACT

This paper presents a pronunciation training method specifically
addressed to Italian learners of German. This method is centred
on prosody, treated within a contrastive German-Italian
framework. Correct prosodic perception is attained by correct
identification of L2-suprasegmentals, achieved by monitoring
L1-suprasegmentals. This effect percolates through to other
levels resulting in correct German prosody and segmentals.
Once learners acquire a rudimental prosodic competence, many
phonological interferences disappear, suggesting that
accentuation and intonation have a controlling function over
syllables and segments.

Empirical data illustrate the positive effects of a prosody-
centred training on L2-German pronunciation. Results obtained
with a pre- and post-test-designed analysis comparing segment-
centred with prosody-centred pronunciation training are
investigated in view both of specific prosodic and segmental
aspects and of motivational implications. Statistically significant
different improvement rates in the two procedures give evidence
of the priority of prosody in pronunciation training and thus in
teaching practice in SLA and in L2 phonetic acquisition.

1. INTRODUCTION
Since the late 70s, characterized by the communicative approach
in SLA, language courses for L2-learners aim at improving L2-
communicative competence rather than formal correctness and
take account of cognitive and emotional implications in SLA [3]
[8] [9] [11]. Language teachers have become acquainted with the
necessity of giving prosody priority in language teaching as
prosody is the interface between grammar and the speaker’s
emotions.

Thus prosody has gained much more weight in SLA
research and practice: correct prosody is considered primary
with respect to segmentals, as correct prosodic perception and
production have proved to have positive consequences on the
segmental level. Prosodic deviations are considered to have a
more negative influence on the communicative effect of speech
acts than segmental mistakes.

Data involving cross-sectional research on adult Italian
learners of German, beginners and students with high level L2
competence, showed that L2-learners are not equipped to
discriminate elements of German prosody and tend to carry
incompatible Italian intonation patterns over into German
contexts [5]. Experiments showed that correct pronunciation is
largely dependent on the self-control of intonation – also in L1 –
and on the correct position of accents in German words and
sentences.

Starting from the specific knowledge of the students’
pronunciation defects, the Contrastive Prosody Method was
developed [6], a teaching model which is primarily aimed at
correcting prosodic errors and fossilized prosodic features in L2-
German of Italian learners.

2. THE CONTRASTIVE PROSODY METHOD
The Contrastive Prosody Method (CPM) is specifically
addressed to Italian learners of German, both beginners and
advanced students, and it is aimed at developing prosodic
competence in L2.

In the CPM prosody is treated within a contrastive
framework, in which the meaning of the keyword ‘contrastive’ is
far from that attributed to it since the Contrastive Analysis
Hypothesis. In the CPM L1-prosody is used as a means to
produce and acquire correct word and sentence stresses, and
correct intonation contours in L2. The theoretical assumption is
that special attention must be paid to learner-specific aspects:
while treating L2-phonetics and prosody, the learners’ L1 is
never excluded from the acquisition process.

The CPM is a learner-centred method: starting from the
initial phases of the training, the learners are never considered
‘simply’ L2-learners, but bilingual individuals, i.e. the “locus of
the [linguistic] contact” [10]. Therefore each language learner is
considered the place of contact of L1 and L2, and is not simply
viewed as a potential L2-speaker. The bilingual approach for
teaching German phonetics is based on the assumption that
starting from their first encounter with L2, learners are
bilinguals to be studied within the framework of research on
bilingualism [5]. Thus L1 is not seen as an obstacle for L2-
acquisition, but as the threshold which connects L1 with L2.

Mistakes belong to each stage along the road which leads to
bilingualism, as do other speaker-specific characteristics. Most
difficulties at the segmental level are not primarily related to
incorrect pronunciation of single phonemes: the phonetic and
prosodic interferences of Italian learners can be attributed to a
lack of competence at the suprasegmental level. Incorrect
pronunciation is mainly to be attributed to the learners’ distorted
perception of L2 sounds and intonation, i.e. a perception filtered
by the mother tongue’s characteristics, rather than to defective
speech, i.e. to a deficit in the speakers’ phonatory apparatus.

2.1. The Teaching Model
The nucleus of the CPM lies in the systematic attention towards
intonation and accenting/deaccenting processes with the typical
reduction phenomena of German, and also towards the
communicatively adequate prosodic realization of speech acts in
L1 and L2, whereas segmental aspects are largely neglected.
Accenting and deaccenting processes are a constant feature of
many languages [1] and in German they are extremely
important. In German, traditionally a stress-timed language [4],
unstressed vowels undergo strong reductions tending towards
shwa, and voiced consonants in syllable coda are devoiced. For
Italians vocalic reductions and centralizations in unstressed
positions and the final devoicing are difficult tasks to
accomplish, because in Italian, traditionally a syllable-timed
language [2], there is no phonological distinction between
stressed and unstressed vowels and consonants in syllable onset
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and in syllable coda.
In the initial phases of the phonetic training, which include

exercises with numbers, dialogues, poetry or songs, scenes taken
from films, i.e. texts which are to be read aloud, learners deal
with prosody and phonetics intuitively, and they are supposed to
be taught rules explicitly later on.

During the exercises the learners have to produce Italian
speech acts corresponding to the German sentences of the
exercise, embedding them into self-constructed virtual
situations. The aim is to produce German speech acts, which are
never viewed as ‘sentences’. The learners are autonomous, they
never repeat model-sentences: correct pronunciation is attained
without the teacher’s interventions; the learners never have
models to repeat and imitate, but utterances – from their peers –
to judge and improve. They act inside a group of learners, who
listen to the sentences of the other learners and judge their
acceptability first in L1 and then in L2. The reference point of
every trial, change and self-correction are the learners’ speech
acts. The method’s principle is that learning is efficient only
when it is self-learning inside a group of peers. Not to be
dependent on an external model (a sentence produced by the
teacher) gives the learners a feeling of security and of success
which leads to a positive change of the whole learning attitude:
the learners quickly realize that they are able to produce German
sentences on their own, i.e. without the teacher’s help.

Even if the learners are autonomous, they are never alone.
Nobody is excluded from the acquisition process, as both
speaker and listeners have to activate their language awareness
in order to produce prosodically correct sentences and/or to
control their communicative efficiency. ‘Perfection’ is only
reached when the group’s members judge the sentences as being
‘normal’ and adequate in reflecting the speaker’s intentions.
When the speech acts in L1 are considered efficient, i.e.
naturally sounding, the speaker has to produce an equivalent
German speech act, and then he must quickly switch from
Italian to German and back again. The prosodic correction of the
German speech acts is performed by comparing them with the
learner’s Italian model; for the prosodic control of Italian and
German speech acts the judges are the other learners. The first
step of this teamwork is to find an agreement on the norms
determining the communicative efficiency of speech acts, both in
L2 and in L1.

What is trained is the learners’ awareness towards prosodic
aspects, a sort of “prosodic awareness”. Prosodic awareness has
to be reached first in L1 as it can be controlled more easily and
without anxiety, later prosodic awareness will enhance the
acquisition of L2 prosodic competence.

By trial and error, learners with little phonetic competence
can experiment with their mother tongue, where they are certain
not to make pronunciation ‘mistakes’, monitoring it as if it were
German. With minimal effort, both beginners and advanced
students are able to make themselves masters of German
pronunciation. Not caring about the difficulties connected with
the production of single sounds foreign to the mother tongue,
learners produce German utterances monitoring the generic
(prosodic) elements of the communicative situation.

The most difficult task is the production of prosodically

correct sentences in L1, whereas passing to L2 becomes
extremely easy, given that the ‘rules’ deduced from Italian are
applied with minimal adaptations. Thus learners acquire
prosodic competence first in L1, and then profit from the
experience in Italian for the acquisition of prosodic competence
in German. By often switching from one language to the other,
the learners improve their speed in code-switching and they
lower the neurological activation threshold of L2 [7].

Two simple ‘rules’ determine the exercise: (1) the learners
have to insert themselves into a real communicative situation
and to act accordingly, and (2) they have to produce only one
strong stress in each sentence reducing all the words without
sentence stress. This means for Italian learners a drastically
perceived reduction of all secondary stresses towards the
primary stress. Italians with little knowledge of word and
sentence stress rules in German, initially do not know which
element bears the primary accent. As they cannot rely on their
L2-competence, they have to try by treating L1 as if it were
German. Thus they produce Italian sentences with only one
strong accent and deaccent all the other words. They try to
exaggerate each word accent and the other learners judge
whether the Italian sentence produced sounds natural and
spontaneous. At this stage the learners only rely on their L1-
competence. Only when they realize which accent cannot be
eliminated in Italian – and this is often a surprising discovery –
do they realize with their own sentences which word is endowed
with the primary stress.

At this point the learner switches to German assuming that
the German equivalent of the accented word in the Italian
sentence dominates the German sentence too. In the first phases
of the training, the teacher has to present exercises in which the
German and the Italian primary stresses coincide. When
producing the German sentence the learner exaggerates only the
sentence accent by deaccenting all other elements. Thus a
perfect German speech act is produced effortlessly. By
exaggerating the sentence stress, there is little energy for voiced
consonants in syllable coda and for full vowels in an unstressed
position: the reduction and centralization of unstressed vowels,
the disappearance of shwa-epenthesis and the final devoicing are
automatically accomplished.

Prosody as a basis for a contrastive approach in language
teaching is sensible, because from the beginning learners
effortlessly and unconsciously avoid mistakes which otherwise
would hinder them from correctly acquiring L2. Furthermore
this has positive consequences on their learning attitude because
they soon realize that their sentences “sound German”.

In order to check the validity of the Contrastive Prosody
Method in comparison with the traditional segment-centred
pronunciation training, a systematic control of the two training
methods was introduced on an experimental basis. The aim was
to measure the efficiency of the Contrastive Prosody Method and
to find out to what extent segmental or suprasegmental
competence influence the native speakers’ judgements
concerning L2-learners’ pronunciation.
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3. PROSODY-CENTRED VS. SEGMENT-CENTRED
PRONUNCIATION TRAINING IN SLA

3.1. Subjects
Two learner groups (n = 20 Italian students, average age 20
years) were separately and contemporarily trained during 10
weeks: the experimental group (PT) got a 20-hour prosody-
centred training following the premisses of the CPM, the control
group (ST) got a 20-hour traditional segment-centred training.

In order to protect the experimental results from inter-
group-effects unrelated to the training methods, all students
were selected from the first university year: all subjects were
beginners with little experience in German.

During the training the students attended German courses
at univeristy (5 hours a week), but did not attend any phonetic
and/or pronunciation training outside their training programme.
All learners were trained by the same person at the same time
on different days in order to avoid tiredness-effects and other
contingent differences. As all subjects were selected on a
voluntary basis, high motivation could be expected.

3.2. Procedure
A pre- and post-test analysis method was introduced for
comparing the improvement rates after the two different
trainings. PT’s and ST’s performances were DAT-recorded
before and after the prosodic vs. segmental training and the
recordings were transcribed following IPA conventions.

The testing-material was identical for the two groups (18
sentences in highly marked everyday-situations and a modern
poem) and roughly corresponded to the training materials. The
ST was trained with specific segment-centred materials for the
language lab. (repetition and substitution exercises in single
words and sentences in isolation), the PT was trained with own
materials (songs, dialogues, games, modern poetry, prayers etc.).

The recordings were randomized, tape-recorded and given
n= 5 native speakers – German university teachers – for auditive
judgements; thus the recordings had neither chronological (pre-
vs. post-test), nor group order (PT vs. ST).

For the auditive judgements the native speakers had to
judge global pronunciation competence, segmental and
suprasegmental competence, i.e. single sounds vs. word and
sentence stress and intonation pattern. The judgments were
expressed in Italian marks (min. 18 for sufficience, max. 30).
Statistics (means, standard deviations and t-tests) were
calculated with SPSS for Windows 7.5.

3.3. Results and Discussion
One aim of the experiment was to find out to what extent
segmental vs. suprasegmental competence determines the
intuition-based global impression of L2-learners’
comprehensibility by native speakers. The comparison of global
judgements with segmental vs. suprasegmental competence
shows that native speakers are more influenced by
suprasegmental competence (46.6%), than by segmental
competence (22.5%) (in 9.9% of cases the two marks were
equal, in 20.9% the global impression was the exact mean
between the marks for the two competences).

In order to have an objective experimental basis for

evaluating the subjects’ improvement rates and phonetic
realizations before and after the training besides the native
speakers’ subjective-auditive judgements, the recordings were
phonetically analysed in detail at the segmental and
suprasegmental level. An individual and a group-specific
statistic analysis was performed in order to measure the mean
individual improvement rates and that of the experimental group
(PT) in comparison with those of the control group (ST).

In the post-test both the PT and the ST obtained higher
marks than in the pre-test, which confirms a positive effect of
both training procedures. Individual results show a clear
difference between pre- and post-test for all subjects (PT and
ST), but group-specific results (PT vs. ST) show significant
between-group differences. There are greater differences
between pre- and post-test for the experimental group (PT) than
for the control group (ST) (fig. 1).

Fig. 1 Pre- and post-test performance before (PRE) and after
(POST) segmental (ST) and prosodic (PT) training – auditive

judgements by native speakers

Statistic evidence shows to what extent the two different
groups’ improvement rates diverge: In the pre-test the means of
the PT (21.8, s.d. 1.45) and of the ST (20.8, s.d. 2.14) did not
significantly differ (p= .220), whereas a highly significant
difference (p< .01) between the means of the PT (27.3, s.d.
1.69) and of the ST (22.8, s.d. 1.85) in the post-test gives
evidence that after the trainings the two groups significantly
differed. A t-test for paired samples between pre- and post-test
performances of the two groups gives evidence of a highly
significant difference (p= .000 for PT, p= .013 for ST). The
improvement rates varied for the PT between 3 and 8 marks
(mean 5.5, s.d. 1.56), for the ST between -2.2 and 6 marks
(mean 2.0, s.d. 2.10).

As the two groups did not significantly differ in the pre-
test, whereas both the between-group (PT vs. ST) and the
within-group (pre- vs. post-test) differences were highly
significant, it can be concluded that a training-dependent change
has taken place; the different improvement rates can clearly be
attributed to a training-effect. Statistical evidence shows that
higher improvement rates were achieved by prosody-centred
training than by segment-centred training (fig. 2a).

The group trained with the Contrastive Prosody Method
(PT) significantly improved its pronunciation more than the
group traditionally trained with a segment-centred pronunciation
(ST). Similar improvement rates could be observed on the basis
of the number of segmental mistakes (fig. 2b): both the t-test for
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independent samples of the post-test’s result between PT’s and
ST’s means (p= .000) and the t-test for paired samples between
pre- and post-test of the PT and the ST (p= .000 for PT, p= .001
for ST) showed highly significant differences, whereas a non-
significant difference between PT’s and ST’s segmental
mistakes in the pre-test (p= .934) shows that at the beginning of
the programmes the two groups did not significantly differ from
each other.

Fig. 2a PT’s and ST’s performance in pre- and post-test – global
impression by native speakers

Fig. 2b PT’s and ST’s performance in pre- and post-test – sum
of segmental mistakes

The empirical data concerning the comparison between the
improvement rates of the prosodically-trained experimental
group (PT) with those of the segmentally-trained control-group
(ST) significantly favour the PT. Both the auditive judgments of
native speakers and a detailed analysis of segmental mistakes
show that homogeneous learner-groups, which typologically
resemble the analysed subjects, i.e. adult Italian learners of
German with little L2-competence, profit more from a prosody-
centred pronunciation-training than from a traditional segment-
centred one. Not only is the general performance – the global
impression of correctness, comprehensibility and communicative
efficiency by German native speakers – affected, but also the
specific segmental production. This shows that attention towards
prosodic aspects in the initial phases of second language
acquisition can also have positive effects on the segmental level.
The mean improvement rates at the segmental level are 78.9%
for the PT and 31.9% for the ST (fig. 3).

Fig. 3 Sum of segmental mistakes before (PRE) and after
(POST) segmental (ST) and prosodic (PT) training

4. CONCLUSION
Experimental results show that L2-learners trained with
prosody-centred and segment-centred programmes improve at
different rates both according to global impression by native
speakers and at the segmental level: statistical evidence favours
prosody-centred pronunciation training. The positive results
concerning both the trained aspects – L2 phonetics and prosody
– and the emotional component involved in the acquisition
process evidence the need to invert the traditional priorities in
L2 pronunciation training and to give prosody a primary role in
SLA.
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THE REALISATION OF NUCLEUS PLACEMENT IN SECOND LANGUAGE
INTONATION

Ineke Mennen
University of Edinburgh & Queen Margaret University College, Edinburgh, UK

ABSTRACT
This paper investigates the realisation of nucleus placement in
the production of Greek yes/no questions by non-native (Dutch)
advanced speakers of (Modern) Greek. The yes/no questions
which are investigated can have two possible nucleus locations:
the nucleus can appear on the first or the last of two content
words. It will be shown that half of the subjects of this study do
not distinguish between the two in production, and consistently
produce either just one or the other type. Experimental evidence
will be given that the contour which does not have a counterpart
in the first language (L1), is more accurately produced than the
one which is more similar to an L1 contour. However, both
contours are phonetically inaccurately produced when compared
to the native norm. It will be shown that this is possibly caused
by a phonological misinterpretation of the contour's final rise-
fall.

1.  INTRODUCTION
Greek yes/no questions (YNQs) can autosegmentally be
described as L* H L%, that is as consisting of low F0 on the
nuclear syllable (L*), followed by a H L% boundary sequence,
which is manifested by a rise-fall towards the end of the
utterance [1]. Although the peak (H) of this final boundary
sequence always occurs near the end of the sentence, its exact
location depends on the location of the nuclear accent. If the
nuclear accent occurs on the last word, the H occurs on the
utterance-final syllable (regardless of whether this syllable is
stressed or not). If, however, the nuclear accent is on an earlier
word, the H occurs on the stressed syllable of the last word. In
other words, the exact realisation of the L* H L% sequence in
Greek YNQs depends on (i) the location of the nucleus, and (ii)
the location of the lexical stress of the utterance-final word. An
example of a nucleus-final (NF) question, is given in Figure 1. In
Figure 2 an example of a nucleus non-final (NNF) YNQ is
shown.

The most obvious feature of Dutch YNQ intonation is its
rise at the end of the utterance, present in the majority of YNQs
[2]. Dutch YNQs can be described autosegmentally as the
sequence H* L H% or L* H% [e.g. 3]. In other words, the
nuclear accent in Dutch YNQs can either be L* or H*, and the
final boundary tone is usually H%. If the nuclear accent is H*, F0
is high on the nuclear syllable, and begins to drop in that same
syllable [4]. If it is low, the F0 drop starts earlier, just before the
accented syllable [3]. In both cases it remains low until the final
syllable where it usually starts rising again. Figure 3 illustrates
the Dutch H* L H% yes/no question. An example of the L* H%
yes/no question is shown in Figure 4.

It is obvious from the above description and the Figures 1 to
4, that there are cross-linguistic differences between YNQ
intonation in Dutch and Greek. One such difference is the
realisation of rise-falls. Although in both languages a rise-fall can
occur in YNQ intonation, in Dutch it can never occur on an
unstressed syllable, as is the case in Greek NF YNQs.
Furthermore, it is likely that Dutch listeners, when listening to
Greek YNQs, will perceive the syllable bearing the final rise-fall
as the most prominent. For Greek speakers, however, it is the
low-pitched lexically stressed syllable which is perceived as the
most prominent in the utterance [1].
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      Õk  a n i s  a β γ o  Õl  e m on  o

Figure 1. An example of a Greek NF contour [È kan i s
  aBFoÈlemono   ] ÔDid you make EGG AND LEMON SAUCE?Õ,
where focus is on the last content word (the underlined word in
the transcription, the word in bold in the gloss).
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Figure 2. An example of a Greek NNF YNQ contour [   arÈFi  to
laDoÈlemono] ÔDoes the OIL AND LEMON SAUCE take long?Õ,
where focus is on the first content word (the underlined word in
the transcription, the word in bold in the gloss).
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Figure 3. A Dutch H* L H% yes/no question contour of the
sentence [ÈUoø« In Èom«r«] ÔDo you live in Ommeren? F0 is high
on the nuclear syllable and starts to drop in that same syllable.
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Figure 4. A Dutch L* H% yes/no question contour of the
sentence [ÈUoø« In Èom«r«] ÔDo you live in Ommeren? F0 is
already low at the nuclear syllable.

1.1.  FlegeÕs Speech Learning Model (SLM)
This model was developed to account for segmental aspects of
language learning, and is based on Ôacoustic-phoneticÕ similarity
between L1 and L2 sounds [5]. It has been shown elsewhere that
this model can also help account for prosodic aspects of L2
speech [6]. According to the SLM, the degree of perceived
similarity between L1 and L2 sounds will determine whether new
categories for L2 sounds can be established. When L1 and L2
sounds are acoustically ÔsimilarÕ (but not identical), both sounds
will be classified into a single category, which will result in
accented production of the L2 sound. When the L2 sound is
noticeably different from any L1 sound, i.e. when it is ÔnewÕ, it
should be possible to establish a new category for this sound.
Production and perception of this sound should be fairly
unproblematic, although not necessarily identical to that of native
speakers [5]. If applied to intonation, the SLM would predict that
the L2 learner would have more difficulty with the production of
a ÔsimilarÕ than a ÔnewÕ contour. In the case of Dutch learners
acquiring Greek YNQs, the distinction between ÔnewÕ and
ÔsimilarÕ is not that straightforward. However, it may be that one
of the different focus readings in the Greek YNQs can be seen as
ÔnewÕ and the other as ÔsimilarÕ. A ÔsimilarÕ contour is the one

observed when the first content word is focused, i.e. the NNF
condition. In this case the final rise-fall occurs on the lexically
stressed syllable of the utterance-final word. As in Dutch a rise-
fall always associates with a lexically stressed syllable, this
pattern is similar to Dutch. However, in Dutch it would usually
occur in statements, rather than yes/no questions. A rise-fall on
an unstressed syllable, on the other hand, is not possible in
Dutch. Therefore, the NF pattern should be seen as ÔnewÕ. As a
consequence Dutch learners of Greek should succeed better in
producing the new NF contour than the similar NNF contour.
The following experiment was conducted in order to test this
hypothesis.

2.  METHOD
2.1.  Materials
The materials consisted of two sets of 60 short Greek YNQs
containing two content words, each set reflecting a different
focus placement. This focus placement resulted in the
experimental condition Ônucleus locationÕ. One set consisted of
nucleus-non-final (NNF) test sentences, where focus was
expected to be on the first content word. The other set consisted
of nucleus-final sentences (NF), in which focus was expected on
the last content word. To achieve the desired nucleus location,
each test sentence was presented on a card in a short dialogue. In
order to obtain smooth F0 contours, the test words consisted
mostly of sonorants.

2.2.  Subjects and procedure
Two groups of subjects were used:
· Group DG: six non-native (Dutch) speakers of Greek, three

males (DG1, DG3, DG5), and three females (DG2, DG4,
DG6). They were all very advanced (near-native) speakers
of Greek, taught Greek at University level, and had between
6 and 35 years of experience in the L2. All speakers had
started learning Greek in adulthood. The speakers differed
considerably in age, with one speaker in her twenties, one in
his fifties and the others in their thirties and forties. For
reasons of privacy the age and amount of experience with
the L2 of each individual speaker will not be revealed here.

· Group G: five native speakers of Greek, three females (G3,
G4, and G7) and two males (G6 and G10). All speakers
were recruited from the Edinburgh student population. All
speakers of both groups were reasonably competent in
English as well. The speakers were all in their twenties and
thirties.

For the recording the speakers read the dialogues from cards
which were interspersed with materials for other experiments
(not reported here). The materials were recorded on DAT tape
and digitised at a 16kHz sampling rate with appropriate low-pass
prefiltering using a SunSPARC workstation with ESPS Waves+
speech analysis facilities.

2.3.  Measurements and analysis
For each speaker the same 45 sentences for each nucleus location
condition were selected for further measurement, yielding a total
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of 90 sentences for each speaker. Sentences were not selected
when they were disfluent, or when they were produced with
another intonation contour (e.g. a statement instead of a YNQ)
than the one intended. Visual inspection of the pitch tracks
suggested that the main difference between the two groups lay in
the scaling  and in the alignment (timing) of the peak of the final
rise-fall with segments. Other less striking differences will not be
discussed here, due to space limitations. The measurements are
defined as:

¥ Scaling of H: the highest F0 point of the utterance-final rise-
fall

¥ Alignment of H: the distance (in ms) between the offset of
the stressed vowel of the final content word and the H

It was hypothesised that Group DG would experience
difficulty with the final rise-fall of the Greek YNQs. If, for
example, differences were found in the scaling of the final H
between native and non-native speakers, it was crucial to be able
to decide whether these differences could be attributed to real
group differences, or whether they were caused by individual
speakers' differences in pitch range. For this reason, it was
thought necessary to abstract away from differences between
speakers. Therefore, F0 values were expressed on a speaker-
specific scale which was obtained by assigning a value of 100 to
the top and a value of 0 the bottom of the speakers overall F0
range. The scaling measurements were then expressed on this
speaker-specific scale. For a similar approach see [7, 8].

3.  RESULTS
All results here are based on mixed analyses of variance (within
and between items). There are three factors: group, speaker, and
nucleus location. The factor group is within-items and has two
levels (DG, G). The factor speaker is within-items, has eleven
levels, and is nested within the factor group. The factor nucleus
location is between-items and has two levels (NF, NNF).

Nucl.
loca-
tion

DG1 DG2 DG3 DG4 DG5 DG6 G

NF:
Mean 103 -73 121 80 92 96 58
S.E. 21 12 19 17 21 23 22
NNF:
Mean -44 -90 118 -75 85 -65 -89
S.E. 8 7 21 7 21 9 10

Table I. Means in (ms) of the alignment of H (the distance
between the offset of the stressed vowel of the final content word
and the H). Means and standard errors are presented for all
speakers of Group DG in both nucleus locations (NNF and NF),
along with the pooled means for the speakers of Group G.

3.1.  Nucleus location
Although no instructions were given about where to place the
nuclear accent, in the majority of items (99%) speakers of Group

G placed the accent where it was intended in the design of the
materials. For speakers of Group DG, agreement appeared not to
be that high, when judged auditorily. Therefore, before group
analyses were carried out it was established on the basis of the
alignment measurement (the interval between the offset of the
stressed vowel of the final content word to the H) whether the
speakers of Group DG had produced the intended nucleus
placement and whether they produced a distinction between the
NF and NNF condition. Table I shows mean alignment values for
each of the speakers of Group DG and each nucleus condition,
along with the overall means for group G. Separate analyses of
variance (ANOVAs) for each of the speakers of Group DG
showed that only half of the speakers distinguished between the
two (for DG1 [F(1,88) = 42.722, p < 0.0001], for DG4 [F(1,88) =
72.158, p < 0.0001], and for DG6 [F(1,88) = 41.382, p <
0.0001]), i.e. the interval was negative in the NNF condition and
positive in the NF condition, just as for Group G ([F(1,88) =
36.170, p < 0.0001],. For the other three speakers there was no
effect of nucleus location. This indicates that these speakers
consistently produce just one nucleus condition, that is speaker
DG2 invariably produces all sentences with the nucleus on the
first content word (NNF), whereas speakers DG3 and DG5
always produce NF YNQs.

For the comparison of NF with NNF conditions, means were
calculated for each item, averaging over the speakers of each
group, and were entered into ANOVAs. The group means for
Group DG are based only on those speakers that distinguish
between these two conditions, i.e. speakers DG1, DG4 and DG6,
whereas the group means for Group G are based on all five
speakers. The speakers of Group DG who do not distinguish
between NF and NNF show a similar pattern than the other
speakers of Group DG for the one condition they produce. Their
means were entered into separate ANOVAs and compared to the
group means of Group G.

3.2.  Scaling of the H
The results of an ANOVA (group x nucleus location) show that
there is a main effect of both group and nucleus placement. That
is, the H is scaled higher in NNF than in NF condition [F(1,88) =
190.466, p < 0.0001], and it is higher for Group DG than for
Group G [F(1,88) = 1038.972, p < 0.0001]. Furthermore, there is
an interaction between the two factors, indicating that the H in
the NNF condition is further removed from the means of Group
G, than in the NF condition [F(1,88) = 23.040, p < 0.0001], as
shown in Figure 5. This is exactly as expected from the
hypothesis that the 'new' contour (i.e. the NF condition) should
be easier to produce than the 'similar' NNF contour.

The results on the NF condition for the speakers DG3 and
DG5 (who consistently produce the NF contours only) indicate
that they show a similar pattern to the other speakers of Group
DG. For both speakers the H is scaled significantly higher than
for Group G (for speaker DG3 [F(1,44) = 897.217, p < 0.0001];
for DG5 [F(1,44) = 72.160, p < 0.0001].
Speaker DG2 (who consistently produces the NNF contour only)
also shows a similar pattern to the other speakers of Group DG in
the NNF condition. The H is scaled significantly higher than for
Group G[F (1,44) = 172.140, p < 0.0001].
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Figure 5. Scaling of the H for the two groups of speakers. The H
is higher for Group DG than for Group G, especially in the NNF
condition. The numbers above the bars represent the standard
errors.

4.  DISCUSSION AND CONCLUSION
Overall, the data show that there are differences in the production
of Greek YNQs between native and non-native (Dutch) speakers
of Greek. Specifically, it is shown that in their production of
Greek YNQs only half of the subjects produce the two different
nucleus locations (which reflect differences in focus) which are
made by native speakers. Instead, they consistently produce just
one of the two possible nucleus locations (NF or NNF). It is
unclear whether this is due to the fact that they cannot produce a
distinction, or whether they fail to recognise from the supplied
dialogues which nucleus placement was required. In the latter
case the problem may be pragmatic rather than phonological or
phonetic. Even so, it is rather surprising that very advanced
speakers of Greek fail to recognise a distinction which was
recognised by 99% of the native speakers, especially after such
long exposure to the L2.

For the speakers who produced a distinction between the
two types of nucleus location, it is shown that the NF contour,
which does not have a counterpart in the first language (L1), is
more accurately produced than the NNF contour, which is more
similar to the L1. This is just as predicted by the SLM.

Nevertheless, it is shown that the speakers of Group DG
also failed to produce the 'new' contour accurately. This may be
due to the fact that the final rise-fall in both cases of Greek
YNQs, is in some sense 'new'. That is, in Greek this rise-fall
occurs after the nuclear accent. In Dutch, a rise-fall can only
occur on or before the nuclear accent. Thus, it is likely that the
speakers of Group DG perceive the syllable bearing the final rise-
fall as the nuclear syllable, and fail to recognise that this rise-fall
is in fact a boundary sequence. It is therefore likely that it is this
phonological misinterpretation which causes the differences in
scaling between native and non-native speakers.
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INTERFERENCE OF A QUANTITY LANGUAGE IN RHYTHMIC
STRUCTURE OF A STRESS LANGUAGE

Viola de Silva
University of Jyväskylä, Jyväskylä, Finland

ABSTRACT
Finnish is a Fenno-ugric language whose phonological sys-
tem includes the opposition of short/long both in consonant
and in vowel quantity which is not an indication of stress as
both stressed and unstressed vowels can be long and short.
In Russian duration is a parameter of stress and vowels have
three different stages of duration. The results of our analysis
proved that the three-leveled hierarchy of vowel duration
exists in the normative Russian pronunciation, but the inter-
ference of Finnish leads to two stages: (very) long and (very)
short. The vowel duration together with durational differ-
ences in consonants whose durational distribution is greater
in the pronunciation of Finns disturb the rhythmic structure
of single words in Russian.

1. INTRODUCTION
This study tries to solve some problems which occur on the
word level when Finnish speaking people learn Russian as a
target language. The main focus of our attention are single
words and their rhythmic organization which we call rhyth-
mic structure.

Finnish is a language where durational differences in
sound segments, in vowels as well as consonants, appear in
two different meaningful time dimensions, short and long.
Particularly, where vowels are concerned the question is
about phonological length (phonological quantity) [5, 10,
15] although it is in phonological terms interpreted as the
opposition between single and double vowels and conso-
nants or identity groups of them [4, 6, 8, 13]. Durational
differences between the Finnish single and double vowels, as
well as, duration of diphthongs have been measured [6, 13,
14]. The duration of vowels in Finnish is not dependent on
the word stress, i.e. V [-stress] can be short or long as well as
V [+stress].

In Russian language the durational differences of vow-
els are due to the word stress. The main parameter of Russian
stress is the duration of the stressed vowels, all unstressed
vowels are reduced and the durational reduction has a two-
leveled hierarchy [1, 2, 9, 11, 15].. The first stage of reduc-
tion, V [-stress1], concerns the vowels in syllables preceding
V [+stress] and in the open word final syllables as well as in
word initial syllables starting with V. The second stage of
reduction, [-stress2], appears in all other [-stress] positions.
Thus when a Finn studies the Russian rhythmic structure, he
has to learn three stages of duration instead of two.

The purpose of this research is to compare two basic
and, at the same time, most common rhythmic structures,
CVCV(C) and CVCVCV(C), in Russian of normative Rus-
sian pronunciation and in pronunciation of Finnish learners

of Russian where interference of the mother tongue is un-
avoidable.  The field of our investigation includes, inter alia,
whether other factors like palatalization and other quality
differences of consonants as well as vowel quality are in-
volved in the durational  ratio of rhythmic structure of single
words. The fundamental frequency patterns are also taken
into consideration as they can also be involved with the
durational ratio.

The question about segmental duration and
phonological length has become recently a current topic on
interest since Finnish is being taught far more widely as a
foreign language, especially to Russians. The rhythmic
structure of words is one of the major difficulties for foreign-
ers in Finnish phonetics. Russian phonetics, on the contrary,
has been taught to Finns for decades but problems dealing
with word prosody, namely the rhythmic structure of words,
have not been satisfactorily solved. And the interference of
the phonetic system of the mother tongue on this field exists.

2. MATERIAL
The data consists of words representing word structures
CVCV(C) and CVCV(C). The Russian acoustically analyzed
data consisted of isolated Russian disyllables (137 words)
and trisyllables (110 words) in which vowel phonemes /a/
and /i/ were analyzed in all positions and environments. All
the material was recorded on DAT tape in laboratory condi-
tions and analyzed with SoundScope program in Power Mac
Intosh computer.

The Russian subject (RUS) was a Moscovite post-
graduate student, 27 years, who was born in Moscow and
had lived and studied there before he came to Finland two
months before the taping. His pronunciation represented the
literary norm of Russian Moscovite pronunciation [11] not
only because of his background but also in auditive analysis
of native Russian phoneticians. Apart from that our results
prove his normative pronunciation. Other subjects were three
Finnish male students, FIN1 (30 years), FIN2 (22 years) and
FIN3 (23 years), who studied Russian in Finnish Universi-
ties. All the subjects were born and spent their whole life in
Finland. One of them (FIN2) had spent 10 months in Russia
while the others for a very short duration only. According to
native Russian teachers their knowledge of Russian was
satisfactory and good.

3. RESULTS
3.1. Durational Hierarchy of Russian Vowels
3.1.1. Pronunciation of the Russian Subject
The three leveled hierarchy of Russian words can be tested
most clearly in trisyllabic words where the stress falls on the
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third syllable. In that case the first syllable vowel represents
V [-stress2] and the second syllable vowel V [-stress1]. The
data proved that in the pronunciation of the Russian norma-
tive speaker the two different stages of  reduction are clearly
different in duration. The relative duration of V [-stress2]
counted from the duration of all sounds was 0,6 - 0,7, i.e. 60
- 70 % of the duration of an average sound segment,  and the
relative duration of V [-stress1] 0,9 - 1, i.e. it was equal or
almost equal to an average segment. The relative duration of
V [+stress] was 1,4 - 1,6. In Figure 1 the columns of RUS
show the comparison of the average values in trisyllabic
words in which V3 [+stress] is in open syllables.

According to the values of relative duration, V
[+stress1] is 34-37  % longer than V [-stress1] and 55-56 %
longer than V [-stress2]. The values of relative duration of
V1 and V2 in disyllabic words show that the same hierarchy
remains between V [+stress] and V [-stress], which in this
case means V [-stress1]. The relative duration of V1
[+stress] was 1,4 and of V1 [-stress1] 0,9. In the disyllabic
words the relative duration of V2 [+stress] was compara-
tively shorter  (1,1).

The above values were counted for both vowels /a/ and
/i/. In the comparison between them /i/ appeared to be
shorter in all positions except one, V3 [-stress1]. 

3.1.2. Finnish Interference in Russian Vowel Duration
In the Finnish language the double (long) vowels are about
twice as long in duration as single (short) vowels in the same
position in a word, i.e. the Finnish system divides vowels
into two categories where duration is concerned. This data
proved the same point. Anyhow, the Finnish phonetical
system also includes so called 'half long' vowels which ap-
pear in the second syllable instead of a short vowel when the
first syllable has a short vowel [6]. This phenomenon did not
appear in this data as the situation does not arise before a
Russian [+stress] syllable.

0

0,5

1

1,5

2

2,5

RUS FIN1 FIN2 FIN3

V1

V2

V3+o

Figure 1. Relative duration of vowels in different stress
positions with V1 [-stress2], V2 [-stress1] and V3 [+stress]
in Russian words pronounced by a Russian (RUS) and three

Finns.

Figure 1 shows that position V [-stress1] with longer dura-
tion compared with V [-stress2] is completely missing in the
pronunciation of the Finnish subjects (FIN1, FIN2, FIN3).
Both [-stress] vowels are pronounced by the Finns rather

short. Their duration is similar to the duration of V [-stress2]
in the pronunciation of the native. And, furthermore, V1 is
slightly longer than V2 in the pronunciation of FIN1 and
FIN3. These results are similar to the ratio in disyllables
(1:2) in this study as well as in an earlier investigation about
disyllables [7].

The Finnish subjects also pronounced V  [+stress]
longer than the Russian. This is due to the fact that the pro-
nunciation of long vowels in Finnish is very long. The ratio
between single and double vowels in Finnish is average wise
1:2,2 [6, 13]. Our data proved that the ratio V [-stress2] : V
[+stress] in Russian is also 1:2,2, i.e. both are the same.
Apart from that, in the Finnish language long segments are
very common as there are diphthongs, geminate consonants
and clusters of different consonants, not to mention the long
vowels. And when the different intrinsic durations of sounds
are taken into consideration diphthongs and long vowels, as
well as geminate consonants and clusters are equal in their
phonetic duration [6].

3.2. Durational Distribution of Consonants
3.2.1. Consonantal Duration in Different Positions
Where the average of all consonants was counted the values
of the native subject proved that in Russian consents have
similar duration in different positions of a word, C1, C2, C3,
C4, as
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Figure 2. The distribution in duration of consonants accord-
ing to the position in the word: 1 - the Russian subject, 2-4 -

the Finnish subjects.

Figure 2 shows.  The duration of consonants in all positions
is also the same or very close to the average value of all the
sounds in trisyllables pronounced by the Russian subject.

In the pronunciation of the Finns, on the contrary, the
duration of consonants varied significantly. Each Finnish
subject had their own distribution, which was vastest in the
pronunciation of FIN1. The distribution of duration in dif-
ferent positions does not give any unique idea as the orders
are different, for example, C4 is the shortest of all conso-
nants in the pronunciation of FIN1 but the longest in the
pronunciation of FIN2 (see Figure2).

The investigation of the consonantal duration in pro-
nunciation of the Finnish subjects also substantiated that the
voiceless [-pal] plosives /p/, /t/, /k/ and the dental affricate
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/ts/ were longer by 10-35 % after V [+stress] than in other
positions . It was seen in the pronunciation of all the Finnish
subjects regularly. The [+pal] plosives as well as other con-
sonants were not that regularly longer in this position. This
phenomenon can be due to a common Finnish rhythmic
structure -CVVCC- where a long vowel is followed by a
geminate. Voiceless plosives are common sounds in Finnish.

3.2.2. Duration of [-pal] and [+pal] Consonants
In the pronunciation of the Russian subject the consonant
pairs C [-pal] and C [+pal] did not have significant differ-
ence in duration where the position is concerned. Only C1
[+pal] was longer than C1 [-pal] by about as 1,2:2. On the
basis of this it is possible to suggest that average wise the
palatalization does not lengthen the duration of Russian
consonants. Even though C1 [+pal] was longer it is not
enough to disprove this as, for example, duration of voice-
less plosives cannot be measured in the word initial as well
as in the word final position.

Where individual consonant pairs, C [-pal] and C [+pal]
are concerned there were a few examples, where C [+pal]
was longer. They were /pJ/, /bJ/, /tJ/, /dJ/, /gJ/ (/kJ/ only in
disyllabic words) and /nJ/ i.e. mostly plosives. An opposite
change was seen in /rJ/ which was 32 % longer than /r/. This
can explain the fact that /rJ/ is often pronounced as a flap
which is possible in VCV position. The longest Russian
vowel was /SJ:/ with relative duration value of 2, i.e. it is
twice as long as an average sound segment.  Its long duration
is most probably  due to palatalization, at least partly. It also
has a long historical background of being longer than other
single sound segments.

In the pronunciation of the Finns the [+pal] consonants
were more often longer than C [-pal]. In many cases such
consonants as /pJ/, /tJ/,/zJ/, /nJ/ C [+pal] can be longer be-
cause of the incorrect palatalization where instead of pala-
talizing the consonant concerned Finns pronounce  /j/ be-
tween the vowel and consonant, for example, [pja], [tja],
[dja] instead of [pJa], [tJa], [dJa]. It happens commonly be-
fore [a] [+stress]. This type of pronunciation was typical to
FIN1, and his [+pal] consonants were longest, sometimes
over 300 ms even in trisyllables.

3.3. Some Comments about the Fundamental Frequency
Phoneticians who have studied quantity languages such as
Finnish and Estonian suggest that the F0  pattern has signifi-
cance to  segmental duration [3, 5, 12]. A descending pattern
should mean a longer vowel than a level pattern. In our data
which consisted of isolated words each word formed one
intonation unit. The subjects were told to read every word
separately, but, doubtlessly, some final syllables showed a
rising tone instead of falling as a sign of incompleteness.

The F0 patterns were measured in 2-4 places depending
on the peaks and average patterns were made. They showed
that in the pronunciation of the Russian subjects the only
level patterns were in positions V [-stress2]. In position V [-
stress1] before V [+stress] F0  pattern was ascending and in
position after C [+stress] it was descending, but sometimes
first slightly ascending and then descending. When the vowel

was in [+stress] position the pattern first ascended signifi-
cantly and then descended.

The F0 patterns in the pronunciation of the Finnish
subjects were generally more level compared with the Rus-
sian subject. In position V [+stress] the pattern was at first
level and then descending or slowly descending from the
beginning to the end. In other positions F0 patterns were
level or, generally at the end of a word slowly descending.
The most level F0  patterns were in the pronunciation of
FIN3.

4. CONCLUSIONS
Russian words as rhythmic structures present a very compli-
cated system for foreign learners of the Russian language.
Firstly, because the Russian word stress is not fixed to a
certain syllable and it changes place even within the same
lexical word. Secondly, the stress changes the vowel system
and the rhythmic structure of the word  can be predicted only
after finding the stressed syllable. The hierarchy of  V
[+stress] v.s. reduction V [-stress] together with the conso-
nantal environment starts thereafter. And this is where we
can influence and help in the second language aquisition.

This investigation which was done on the basis of com-
paring pronunciation of Finnish learners of Russian to Rus-
sian normative pronunciation gives some clues to teaching
Russian rhythmic structure of words in a Finnish auditorium.
In this respect, we have reached four conclusions: 1) to
emphasise on the medium duration of V [-stress1]; 2) to
make the duration of V [+stress] comparatively less than the
Finnish double vowels; 3) to pronounce the Russian conso-
nants as long in all positions within a word and 4) to pay
attention to correct palatalization.
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ABSTRACT
Russians learning Latvian have to replace their native stress
system with a simpler one, and they have to acquire a new
phonological feature, contrastive vowel duration. In this study,
the productions of Russians learning Latvian were analyzed
both from transcription and from spectrograms. The simple
Latvian stress pattern did not pose major problems for Russian
learners. When they were pronouncing native Latvian words,
Russian learners correctly assigned stress to the initial
syllable. When pronouncing words which exist in both
languages, Russians tended to preserve their native stress
pattern even when speaking Latvian. Russian learners
experience great difficulty producing contrastively long and
short vowels. Their use of vowel duration interacted with
stress assignment.

1. INTRODUCTION
Changes in political relationships sometimes have linguistic
consequences, in that people find it to their advantage to study
languages which previously had few non-native speakers. One
current case is Latvian which is now the target language for a
large minority of Russian speakers residing in Latvia. The
structures of the two languages require learners to master
phonological properties, vowel quantity and stress systems,
which have previously received little cross-linguistic
investigation.

Latvian has fixed stress on the first syllable of all but a
handful of words. Standard Latvian also employs contrastively
long and short vowel in all syllables. There are six long and
six short vowels in standard Latvian: /i, i:, E, E:, Q, Q:, a, a:, u,
u:, o, o:/. Long vowels are approximately twice as long as
corresponding short vowels. According to Elmars Liepa [2],
the ratio of long high vowels to short high vowels is 2.2 to 1;
the ratio of long low vowels to short low vowels is 1.8 to 1.
Vowels in stressed syllables are approximately 50% longer
than in unstressed syllables [1]. Vowels in unstressed syllables
do not undergo reduction in quality.

Russian has free stress and does not employ vowel
duration contrastively. There is some vowel reduction in
unstressed syllables. When Russian speakers are learning
Latvian, they have to replace their native stress system with a
simpler one and they have to acquire a new phonological
feature, contrastive vowel duration.

2.PILOT STUDY
2.1. Purpose.
The purpose of the study was to examine the way in which
speakers of Russian assign stress to various kinds of Latvian
words [3].

2.2. Method.
First and second year Russian speaking students at the Riga
Teacher Training and Educational Management Academy
were recorded while they pronounced 150 Latvian words. The
words were divided into two groups. The first group consisted
of words of Indo-European and Baltic origins in which stress
always appears on the first syllable. The second group
consisted of international words and words of Slavic origin in
which the placement of stress in Latvian and in Russian
differs. Two native speakers of Latvian trained in phonetics
judged stress placement on each of the recorded words.

2.3. Results.
The main finding was that Russian speakers tended to
preserve their native stress pattern even when speaking
Latvian. This pattern was very pronounced in the second group
of words. For example, [di:daktika] instead of [:didaktika]
‘methodology.’ The same process can be seen in words such as
[di:rektors] 'director,' [disEr:tatsija] 'dissertation,' [ElEmEn:t
ars] 'elementary,' [EkspEri:mEnts] 'experiment,' [filo:logJija]
 'language and literature,' [fiziolo:gJiskais] 'physiological,' 
[fUnktsio:nESana] 'function,' [ilus:tratsija] 'illustration,' [ka:
puosti] 'cabbage,' [kon:tsErts] 'concert,' [magJistran:tura] '
master's studies,' [opE:ratsija] 'operation' and [pEda:gogJija]
 'education.' 

Fifty-two percent of the first-year students made errors
not only in stress placement but also in the pronunciation of
long vowels. There were many words in which the speakers
pronounced a short instead of a long vowel, for example
[ilus:tratsija] for [:ilustra:tsIija] 'illustration,'  [opE:ratsija] fo
r [:opEra:tsija] 'operation,' [filo:logJija] for [:filolo:gJija] 'lan
guage and literature,' and [fiziolo:gJiskais] for [:fiziolo:gJisk
ais] 'physiological.' There were also a few examples of the
opposite process, in which speakers pronounced a short vowel
as lengthened. For example,
[i:dE:ja] for [:idEja] 'idea' and [kon:tsE:rts] for [:kontsQrts] '
concert.'

As future pre-school teachers, the students were required
to take a basic Latvian course during their first year. Students
in the second year make approximately 70% fewer errors than
first year students.

Words in the first group were usually pronounced without
errors in stress placement. That is, the students pronounced
the words with stress on the initial syllable, but there were a
great many incorrectly lengthened vowels. Some examples:
[bi:tE] for [bit:E] 'bee,' [ja:ka] for [jak:a] 'jacket,' [ka:cis] fo
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r [kac:is] 'cat,’ [mu:tE] for [mut:E] 'mouth,’
[ku:gJis] for [kugJis] 'ship,' [la:pa] for [lap:a] 'leaf,’ [li:ni] for
[lini] 'flax,’ [mE:dus] for [mQdus] 'honey,' [mi:lti] for [milti]
'flour,’
[plJa:va] for [plJava] 'meadow,' [prE:tsE] for [prEts:E] 'article
 for sale,' [sE:ga] for [sQga] 'blanket,' [za:cis] for [zac:is]
'hare'. Monophthongs were incorrectly lengthened even  when
the following syllable also contained a long vowel, for
example [sivE:ns] for [sivQ:ns] 'piglet'. 

These productions indicate that Russian speakers used
vowel duration in association with stress when producing
Latvian. In the majority of words which have Russian
analogues, Russian speakers used their native stress pattern.
In words with no Russian analogues, they tended to lengthen
stressed short vowels in initial syllables.

3. EXPERIMENT
3.1. Purpose.
The purpose of the experiment was to investigate learner
strategies for producing Latvian, focusing on the relationship
between length and stress.

3.2. Method.
Two native speakers of Russian were recorded reading 68
different lexical items, words of Latvian origin, words of
Slavic origin and international words. Each lexical item was
recorded two times from a written word list.

Both informants were educated in Russian but used
Latvian in their professional life. The first informant (A) is 46
years old, a teacher of technical subjects at a vocational
school. He has lived in Latvia for 24 years. The second
informant (B) is a 41-year-old medical doctor. He has lived in
Latvia for 20 years.

The placement of stress on each word was determined by
two phonetically-trained listeners. The durations of short and
long vowels in international words and Latvian one and two-
syllable words were measured from spectrograms, using the
Kay CLS system. Because the durations of vowels can be
influenced by the number of syllables in a word and the
preceding and particularly the following segments, vowels
were compared in identical or very similar environments.

3.3. Results.
3.3.1. Stress in international words. Informant A pronounced
99.3% of international words and words of Slavic origin with
the stress patterns of his native language. Only two words
were pronounced with the Latvian pattern of initial syllable
stress, [:vizuala] 'visual’ and [:kontsErts] 'concert.’ Informant
B pronounced 59% of these words with the stress pattern of
his native language. For example
[a:fEra] 'affair, '  [baka:laura darps]  'B.A. thesis,’
[baka:laurs] 'batchelor's,' [di:daktika] 'methodology,' [di:rE
ktors] 'director,' [disEr:tatsija] 'dissertation,'   [filo:logJija] '
language and literature,' [ma:gJistrs] 'master's,' [opE:ratsija]
 'operation,' [organi:zatsija] 'organization,' [pEda:gogJija] 'e

ducation,' [tElE:vizors] 'television',  and [tE:orija] 'theory.' 
The remaining 41% of the words were pronounced with stress
on the initial syllable. For example [:alE:ja] 'tree-
lined street,' [:Elementars] 'elementary,' [:EkspErimEnts] 'ex
periment,' [:fiziologJija] 'physiology', [:idE:ja] 'idea,' [:ilust
ratsijas] 'illustrations,’
[:juridisks] 'judicial',  [:kapuosti] 'cabbage,' [:kontserts] 'co
ncert,' [:politika] 'politics,' [:psihologJija] 'psychology,' [:vi
zuala] 'visual,' and [:zabaki] 'boots.' Stress patterns varied
even in words which are otherwise very similar, such as
[filo:logJija] and [pEda:gogJija] vs. [:psihologJija] and [:fiziol
ogJija],  indicating that Russian speakers have relatively weak
control of the Latvian stress pattern. There were no instances
of vowel reduction.

3.3.2. Length in international words. In the majority of
international words and words of Slavic origin, short vowels
were pronounced in the correct positions. The mean duration
of short vowels as pronounced by Russian speakers
corresponded reasonably well to the mean duration of short
vowels in standard Latvian. See Table 1.

Vowel Mean duration (ms) for Mean duration (ms) in
Russian speakers standard Latvian [2].

/:i/ 160 151

/i/ 120 102

/:E/ 190 188

/E/ 130 111

/:u/ 170 167

/u/ 100 --

/:a/ 215 239

/a/ 140 136

/:o/ 208 245

/o/ 135 --
Table 1. Stressed and unstressed short vowel durations.

In two words, [di::rektors] and [i::dEja], informant A
pronounced an unstressed long instead of the standard stressed
short vowel. Informant B pronounced two words with correct
stress but lengthened a short, unstressed vowel: [:alE:ja] and
[:idE:ja]. The mean durations of the lengthened /i:/ (280 ms.)
and of the lengthened /E:/ (330 ms.) corresponded to the
durations of Latvian long vowels.

It appears that informant A used vowel lengthening in the
positions where Latvian requires stress, while informant B
used vowel lengthening in positions where his native language
requires stress. The Russian speakers did not produce any
other long vowels in this group of words.
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3.3.3. One-syllable words with no Russian analogues. It is
possible to compare only long stressed vowels with short
stressed vowels in one-syllable content words of this group.
For example [svES>] 'foreign,’ [mES>] 'forest,' [vE:s>] (instead
of [vQs>])
'cool,' [atss>] 'eye,' [aS>] 'quick,' [ta:s>] 'birch bark.' Althou
gh the words contained three different Latvian vowels, the
Russian speakers merged /E/ and /Q/ in their pronunciation.
For example they pronounced [vE:s>] 'cool' instead of [vQ:s>].
The mean duration of all short vowels was about 30 ms. less
than in standard Latvian. For example, the mean duration of
/E/ was 158 ms. while the mean duration in standard Latvian
is given as 188 ms [2]. The mean duration of /a/ was 202 ms.
while the mean duration in standard Latvian is given as 239
ms. Since the range was quite large, some Russian
pronunciations reached the values typical for Latvian.

The Russian speakers did not distinguish long from short
vowels. For example, the ratio of long to short /E/ for the
Russian speakers was 1.01 to 1 (160 ms. to 158 ms.). The
ratio of long to short /a/ was 1 to 1.01 (200 ms. to 202 ms.).
Whether or not the word should have had a long or a short
vowel, the Russian speakers used short vowels exclusively.

3.3.4.  Two-syllable words with no Russian analogues. The
Russian speakers always correctly stressed the initial syllable
in these words. For example
[:kazas] or [:ka:zas] 'marriage,' [:kugJis] 'ship,' [:lapa] or [:l
a:pa] 'leaf,' [:mE:lE] 'tongue,' [:mati] or [:ma:ti]
'hair,' [:mE:dus] (instead of [:mQdus])) 'honey,' [:milti] or
[:mi:lti] 'flour,' [:pupa] or [:pu:pa] 'bean,' [:zacis] 'hare,' [:b
iete] 'beet,’    [:liEla] (instead of [:liela:])
'the large one,' [:saulE] 'sun,' [:tauta] 'people'. There was a
considerable difference between the durations of stressed short
and unstressed short vowels. See Table 2.

Vowel  Duration stressed Duration unstressed Ratio

/a/ 220 133 1.65:1

/E/ 214 138 1.55:1

/u/ 177  96 1.84:1

/i/ 162 120 1.35:1

Average 1.6:1
Table 2. Stressed and unstressed short vowels

Bond has reported that Latvian vowels may be
approximately 50% longer in stressed than in unstressed
syllables [1]. The ratios employed by the Russian speakers
were somewhat in excess of this value. The ratio of 1.6 to 1
probably represents inconsistent pronunciation of the short
stressed vowels. On occasion, some short stressed vowels
were lengthened sufficiently to be perceptually almost
indistinguishable from long vowels.

The difference in duration between stressed and
unstressed long vowels was also noticeable for the Russian
speakers, even though this distinction is not characteristic of

Latvian [2]. For example, the average duration of stressed /a:/
in our experiment was 217 ms  while the duration of
unstressed /a:/ was 150 ms., a ratio of 1.45 to 1. The average
duration of stressed /E:/ was 230 ms. while the duration of
unstressed /E:/ was 140 ms., a ratio of 1.64 to 1. The ratio of
stressed and unstressed long vowels was 1.55 to 1.

There was no noticeable difference in duration between
long and short vowels in two-syllable words. In stressed
position, the ratio of long to short vowels was 1.01 to 1; in
unstressed position, the ratio was 1.08 to 1. The ratios reflect
both the fact that Russian speakers tend to lengthen short
stressed vowels and that in their pronunciation, long vowels
fail to reach the values typical of standard Latvian. Table 3.

Vowel Mean duration (ms) for Mean duration (ms) in
Russian speakers standard Latvian [2].

/:E:/ 230 336

/E:/ 140 287

/:a:/ 217 323

/a:/ 150 312
Table 3. Stressed and unstressed long vowel durations.

As in the case of one-syllable words, although the words
contained three different Latvian vowels, the Russian speakers
merged /E/ and /Q/ in their pronunciation.

The Russian speakers produced both short and long
stressed and unstressed vowels with different durations in the
words which have no Russian analogues. They failed to
produce a distinction between long and short vowels, either
when stressed or not stressed. They tended to produce short
vowels with lengthening, particularly when stressed, and
failed to reach appropriate durational values for long vowels.

In effect, these two Russian speakers failed to produce
long vowels except inappropriately, as in examples
[i::dEja], or [:idE:ja] given above. The lengthened short vowels
in stressed syllables caused native Latvian listeners to
perceive these vowels as long. For example
[:bi:tE] 'bee,' [:la:pa] 'leaf,' [:mE:dus] 'honey,' [:mi:lti] 'flou
r,' [:pu:pa] 'bean.'

4. CONCLUSION
In Latvian words with Russian analogues, Russian speakers
tend to use native Russian stress and length patterns. In the
majority of these words they used Russian free stress and
pronounced short instead of long vowels.

Russians speaking Latvian used vowel duration in
association with stress. First, Russians used lengthened
vowels either in syllables where Latvian words receive stress
or where the analogous Russian word receives stress. Second,
there was a noticeable difference in duration between stressed
and unstressed vowels, whether short or long, in all groups of
words. Finally, Russians produced excessively long stressed
short vowels in two syllable words with not Russian
analogues.
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Although the data from the pilot study did not include
instrumental measurements, it seems that students who have
received explicit instruction approximate the Latvian pattern
of stress and length better than speakers who have not
received special instruction. Instrumental measurements of the
speech of two informants confirmed this conclusion. The
Russian speakers of Latvian did not replace their native stress
pattern with a simpler one and, above all, they failed to
produce long vowels.
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DURATIONAL REDUCTION
IN L2 ENGLISH PRODUCED BY JAPANESE SPEAKERS

Motoko Ueyama
University of California, Los Angeles, USA

ABSTRACT
Durational reduction of unstressed syllables is a characteristic of
English rhythmic organization.  This study investigated the
durational patterns of unstressed vowels in the production of
Japanese speakers of English, as a part of our on-going research
on prosodic transfer from L1 to L2 phonetics.  The results of our
experiment showed a general tendency for all four Japanese
participants.  On average, the duration of an unstressed vowel in a
monosyllabic function word was longer than in the unstressed
syllable of a polysyllabic content word (i.e. the reduction of
unstressed function words is harder to learn than the reduction of
unstressed syllables within content words).  This pattern cannot
be explained by the transfer of Japanese prosody, in which
duration and word accent are independent properties.  Possibly,
the pattern is due to a general constraint on L2 speech
development: the metrical grouping of syllables across words is
harder than within a single word.

1. INTRODUCTION
1.1.  Durational Reduction in English
Durational reduction of lexically unstressed syllables is one of
the major characteristics of English rhythmic organization.  In
English, stress (word accent) influences F0, intensity, vowel
quality and duration.  It has been reported in earlier studies that
unstressed syllables are lower in F0, weaker in intensity, more
central in vowel quality and shorter in duration than stressed
syllables [1, 3, 4, 6, 7, 8].

In English, the position of stress in a polysyllabic word is a
lexical property.  The occurrence of stress in monosyllabic words
can be mostly predicted by whether that word is a content or
function word.  Monosyllabic content words (e.g. nouns,
adjectives or verbs) are likely to be stressed.  For example, the
verb go is typically stressed.  On the other hand, monosyllabic
function words (e.g. articles, prepositions or  auxiliaries) are
typically unstressed except under contrastive focus.  For example,
in a pragmatically neutral context, the preposition to is typically
pronounced as [t«], not [tu].

Thus, both unstressed syllables in polysyllabic content words
and monosyllabic function words are durationally reduced. This
is an important property for the English stress-timing system.

1.2.  Relevant Features of Japanese
Unlike in English, duration and word accent are independent

properties in Japanese.  This language has a phonemic length
contrast which characterizes all the vowels and most consonants
(e.g. t  o  ru ÔcatchÕ vs.   too  ru ÔpassÕ; ka  t  a ÔshoulderÕ vs. ka  tt  a
ÔwonÕ).  The distribution of word accents hardly affects the
duration of Japanese syllables, probably because the phonemic
length contrast must be preserved.

Previous studies showed that the only reliable cue of the
contrast between accented and unaccented syllables is F0 [4, 5, 9,

11].  Thus, Japanese does not show systematic durational
reduction of unaccented syllables.

1.3.  Problem in L2 English Produced by Japanese Speakers
Given the aforementioned differences in duration and word
accent between English and Japanese, it is not difficult to expect
that the prosodic features of L1 Japanese negatively transfer to L2
English.  Indeed, difficulties in acquiring English rhythm have
been observed among Japanese speakers of English.

Among other things, it is difficult for Japanese learners of
English to acquire the durational contrast between stressed and
unstressed syllables.  UeyamaÕs study [10] showed that the
mastery of the stress-controlled durational contrast correlates
with the oral proficiency level of Japanese learners of English.

Insufficient durational contrast between stressed and
unstressed syllables in the production of Japanese speakers of L2
English may be caused by insufficient durational reduction of
unstressed syllables.  It has been reported that a group of non-
native speakers including a Japanese speaker did not make
reduced syllables significantly shorter than full syllables, while
native speakers of English durationally distinguished the two
syllable types [3].

1.4.  Purpose of the Study
The present study is a part of our on-going research on the
prosodic transfer of L1 Japanese to L2 English phonetics.  In this
study, we focus on the duration of unstressed vowels in the
production of L2 English by Japanese speakers.  The effects of
three factors on duration will be investigated.  The first factor is
the context of unstressed syllables: unstressed monosyllabic
function words vs. unstressed syllables polysyllabic content
words.  The second factor is the size of Inter-Stress Interval (ISI),
defined as the number of unstressed syllables between two
stressed syllables: ISI=1 vs. ISI=2 vs. ISI=3.  The third factor is
the proficiency level of Japanese learners of L2 English.

2. EXPERIMENT
2.1.  Subjects
The control group consisted of three native speakers of American
English: A1, A2 and A3.  A1 was a male speaker, while A2 and
A3 were female speakers.  The experimental group consisted of
four Japanese learners of English (with various proficiency
levels) who were students at UCLA at the time of the recording:
J1, J2, J3 and J4.  All Japanese participants spoke the standard
variety of Japanese, hyoojyungo, as their native tongue.

The English proficiency level of the Japanese participants
was determined on the basis of 1) the years of residence in the
United States and 2) the average percentage of time spent
speaking English in a typical week.  This information was
collected at  the time of data collection.
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The proficiency ranking of the Japanese participants was
determined in the following way.  We first ranked the five
participants on the basis of the number of years of residence in
the United States.  If two speakers have been in the United States
for the same amount of time, we ranked them on the basis of the
average percentage of time spent speaking English.  The results
of this rating method are presented in Table 1:

<ÐÐ more ÐÐ  proficient ÐÐ lessÐÐ>

J1 J2 J3 J4

years of residence
in the US 9 yrs 6 yrs 5 yrs 5 yrs

percentage of  time
spent speaking
English per week

50% 50% 35% 10%

Table 1. Proficiency ranking of the four Japanese participants

We are aware that other factors affect L2 proficiency
development (see the references of FlegeÕs work).  However,
Table 1 provides a broad characterization of the proficiency
levels of the four Japanese participants.

2.2.  Speech Materials
Our corpus contained three pairs of test sentences.  Sentences in
each pair were identical in terms of Inter-Stress Interval (ISI), and
they were different in terms of the context of the tested unstressed
syllables (within a polysyllabic content word vs. in a
monosyllabic function word).  In order to see how the number of
interstress syllables affects duration, the ISI size varied from 1 to
3.  The three pairs of test sentences are listed in Table 2 (the acute
mark indicates stress).  We controlled the position of the tested
syllables from the beginning of the sentence and syllable weight.

unstressed syllable
within a content word

monosyllabic
function word

ISI=1 G�   to   g�ther S�e   the    g�vernor

ISI=2 S�e the    phi  l�sopher B�rrow    a    p�nny

ISI=3 G� to the    phi  l�sopher H�rry to   the    l�dder

Table 2. Test Sentences

2.3.  Procedure
The six target sentences were mixed with foil sentences and
pseudo-randomized.  To avoid segmental effects on duration
while preserving prosodic patterns, the participants were asked to
replace each syllable of the text with the syllable /no/ (reiterant
speech).  For example, ÒGo togetherÓ will be read as /NO
noNOno/ (ÒNOÓ and ÒnoÓ indicate stressed and unstressed
syllables, respectively).

The participants were given sufficient time to practice
reiterant speech ahead of recording.  We made sure that all our
subjects were able to perform the task.  The Japanese participants
were also asked to produce a set of Japanese sentences using
reiterant speech.  None of them showed difficulties.  The speakers
had to read each sentence twelve times.  The first and last

repetitions were not used for analysis.  The data were collected in
the recording booth of the UCLA Phonetics Laboratory.

2.4. Measurements
The recorded data were converted from analog to digital at a

10 kHz sampling rate.  We measured the duration of the
unstressed vowel /o/ for each of the six tested conditions, using
Kay ElemetricsÕ Computerized Speech Laboratory (CSL)
hardware and software.  All the measurements were based on
waveform analysis and wide-band spectrograms.  The energy
distribution was additionally inspected in the cases of difficult
segmentation.  Since segmental duration is affected by the
prosodic structure of utterances, we checked that each speaker
produced similar intonation patterns across tokens by inspecting
the sequence of pitch accents, phrase tones and boundary tones.

3. RESULTS
Vowel durations in each condition were statistically analyzed by
running a series of 2-factor ANOVAs in order to examine the
effects of the context of the unstressed syllable and the ISI size.
Scheffe post-hoc tests were performed when necessary.

3.1.  Native Speakers of English
The mean duration of the unstressed vowels1 produced by the
native English speakers in each context are reported in Figure 1.
ANOVA results are presented in Table 3  (shaded cells represent
significant effects).

context ISI context*ISI

A1 F(1) = .546
p = .4631

F(2) = 7.490
p = .013

F(2) = .098
p = .098

A2 F(1) = 0.003
p = .9559

F(2) = 9.537
p = .003

F(2) = 2.888
p = .0644

A3 F(1) = 3.799
p = .565

F(2) = 8.917
p = .0005

F(2) = 2.238
p = .1165

Table 3. ANOVA results for native English speakers (a= .05)

None of the three native English speakers distinguished the
duration of the unstressed vowel of a monosyllabic function word
from that of an unstressed syllable within a content word.  This
pattern was consistently observed for all ISIs.

On the other hand, the ISI size showed significant effects for
all native speakers.  In the speech of A1 and A2, on average, the
duration of the unstressed vowel /o/ was longest for ISI=2 and
shortest for ISI=3: thus, ISI=2 > ISI=1 > ISI=3. In A3Õs speech,
the distribution of duration on average was ISI=1 > ISI=2 >
ISI=3.  These patterns do not suggest any coherent tendency for
the native group.

3.2. Japanese Speakers of English
Mean durations of unstressed /o/ as produced by non-native
speakers are presented in Figure 2.  ANOVA results are reported
in Table 4 (shaded cells represent significant effects).
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Figure 1a-c. Mean durations of the unstressed vowel /o/
for native English speakers

context ISI context*ISI

J1 F(1) = 24.699
p = < .0001

F(2) = 1.749
p = .1836

F(2) = 2.375
p = .1026

J2 F(1) = 18.403
p = < .0001

F(2) = 6.524
p = .0029

F(2) = 3.75
p = .0299

J3 F(1) = 50.341
p = < .0001

F(2) = 3.859
p = .0271

F(2) = .462
p = .6324

J4 F(1) = 82.707
p = < .0001

F(2) = 4.983
p = .0103

F(2) = 3.418
p = .0400

Table 3. ANOVA results for Japanese speakers of English
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Figure 2a-c. Mean durations of the unstressed vowel /o/
for Japanese speakers of English
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ISI=1 ISI=2 ISI=3

J1 Function  =   Content Function  >  Content Function  >  Content

J2 Function  >  Content Function  >  Content Function  =   Content

J3 Function  >  Content Function  >   Content Function  >   Content

J4 Function  >   Content Function  >   Content Function  >   Content

Table 5. Distribution of native-like and non-native patterns in the speech of the five Japanese learners of English

There is a strong effect of the context of the unstressed
vowel on duration for all four Japanese speakers.  We
additionally performed Scheffe posthoc test for each speaker to
find for which ISI size there was a significant context effect (i.e.
function word vs. unstressed syllable of a content word).  Results
are presented in Table 5 (shaded cells indicate significant
differences in mean durations between the two contexts).  In the
production of J3 and J4, on average, vowel duration was longer in
a monosyllabic function word than in an unstressed syllable of a
polysyllabic content word for all ISIs.  J1 showed the same
pattern for ISI=2 and ISI=3, and so did J2 for ISI=1 and ISI=2.  

We found significant effects of the ISI size for J2, J3 and J4.
Among these three speakers, only J3 showed the same pattern
within both contexts: on average, duration is longest for ISI=1
and shortest for ISI=2.  The other two speakers, J2 and J4,
showed significant interaction effects between the two variables.
Like for the case of the native group, it seems difficult to interpret
the effects of the ISI size in the non-native data.

3.3. Proficiency Effects
None of the three English speakers distinguished the mean
duration of the unstressed vowel in a monosyllabic function word
from the duration of the unstressed vowel in a polysyllabic
content word.

The most proficient Japanese learners, J1 and J2, showed
native-like patterns, but not for all ISIs.  J1 showed a native-like
pattern only for ISI=1, while J2 showed a native-like pattern only
for ISI=3 (see Table 5).  The two less proficient speakers, J3 and
J4, showed non-native patterns for all ISIs: i.e. the duration of
unstressed /o/ was consistently longer in a monosyllabic function
word than in a polysyllabic content word.  Thus, it seems that
chances to neutralize the duration of unstressed vowels within
both contexts correlate with proficiency levels at least to some
extent.

4. DISCUSSION
The data show a general pattern across the Japanese learners: on
average, the duration of unstressed /o/ in a monosyllabic function
word is longer than in a polysyllabic content word.  Thus, the
reduction of unstressed function words is harder to learn than the
reduction of unstressed syllables within a content word.

This tendency cannot be directly predicted by the prosodic
transfer of L1 Japanese.  Give that duration and word accent are
independent properties in Japanese, we may not expect durational
difference between the two unstressed syllable contexts in L2
English produced by Japanese speakers.  Then, where does the
systematic non-native pattern come from?  Possibly, the
reduction of function words is harder because the metrical
grouping of syllables across words is more difficult than within a

single word.  Thus, non-native speakers tend not to treat function
words as phonological clitics, but as independent prosodic units,
which cannot be entirely stressless (and hence reduced).  Further
investigation is needed to assess the validity of this hypothesis.

5. Conclusion
Durational reduction of unstressed syllables is a characteristic of
English stress-timing.  This study investigated how Japanese
speakers of English produced English unstressed syllables.  The
results of our experiment show that unstressed vowel reduction is
harder in monosyllabic function words than in content words.
This pattern cannot be predicted by the direct transfer of L1
Japanese characteristics.  A possible explanation relates this
pattern to a general constraint on L2 speech development: the
metrical grouping of syllables across words is harder than within
a single word.

Notes
1. On-going research shows that vowels labeled here as ÒunstressedÓ are
consistently shorter than the corresponding stressed vowels.
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ABSTRACT

This follow-up to a previous study of durational threshold
levels for the cardinal vowels [i e a o u] used segmented vowel
tokens varying in length from 0.6ms to 20ms.  Thresholds
were established (reflecting identification rate below 50%) in
the 1.25ms to 2.5ms range.  A high degree of accuracy in
recognition persists to a level where much F1 and F2 spectral
information is no longer present.  The data indicate that when
vowels are exceedingly short and cross the threshold level, the
tendency is to categorize them as relatively neutral, lacking a
[«] choice, as either [a] or [o].  This gives credence to a macro
theory of vowel reduction which parallels vowel reduction
processes over time.

1.  INTRODUCTION
During a  study reported on in the Proceedings of the XIIth
International Congress of Phonetic Sciences in 1991, the
authors attempted to determine the durational threshold in the
perception of the five cardinal vowels.  Perceptual cues ranged
from 5ms to 40ms.  Analysis of the responses of 45
participants to these cues in controlled listening tests showed
that the  agreement factor of even minimal duration vowels in
excess of 50%.  Full-spectrum cues of these durations were not
sufficiently short to yield evidence of threshold levels of
perception.  The question as to full-spectrum minimal cues,
was thus answered: if a full wave shape with full spectrum
information was present, the participants had little difficulty
distinguishing five vowel types.  Even the shortest cues of one
complete cycle of vowels of 5ms duration produced by  the
female voice were distinguished correctly among most
listeners when given the choice of five vowel qualities.
Further study involving shorter samples with less than full-
spectrum cues was therefore needed to approach the threshold.
This paper details the design and results of the follow-up.

The role of underlying perceptual parameters and their
significance for early language acquisition has been given
renewed interest as have cross-linguistics efforts (see Kuhl [9],
Strange [12]).  Most experimentation is still performed with
synthesized vowels.  The pros and cons of these approaches
were already discussed in the earlier paper (see Weiss, Brown
and Gynan [16]). Given valid arguments against totally
synthesized speech, it was decided to carry out an experiment
relying upon segmented samples of speech.

2.  EXPERIMENTAL PROCEDURE
Samples of production of cardinal vowels [i e a o u] produced
by a male speaker  at 100 Hz (F0 = 100 Hz ± 2 Hz) and by a
female speaker at approximately 200 Hz (F0 = 201 Hz ± 3 Hz)
were digitized.  Recordings of each voice were made in the
IASCP facilities at the University of Florida using
professional quality analog tape recordings.  The recorded
analog material was converted into digital format at a 44khz

sampling rate using a Macintosh II computer equipped  with a
MacAudiosII board.  Steady state portions of 300 ms were
extracted from the digitized materials for each vowel, which
served as references in the perception test and were segmented
to constitute the perceptual tokens.  Tokens ranging from 20
ms to 0.6 ms were digitally extracted from the reference vowels
using MacSpeech Lab II software, tagged, randomized, and used
as the basis of a perception test, which was administered to 88
students at the University of Florida via monitor speakers.
The group of participants was predominantly female and the
median age of the participants was 20.  The vowel quality
distribution as measured by LPC for both the male and female
vowels are given in Table 1 below.

2.1.  The Listening Tests
Two tests were created, one using the samples of the male and
another using the female voice.  Since the male fundamental
frequency was 100 Hz, the longest durational samples of 20ms
reflected two complete cycles of each vowel.  The same
segment was halved again to 10ms and so on, until the
shortest segment of little over 1/2 ms was obtained.  This
provided a matrix of six vowel durations for each of five
vowels, i.e., 30 vowels of six durations reflecting five distinct
qualities.  In reconstituting the samples, digital amplification
was applied so that the re-recorded cues were of similar

Frequency

Vowels Formants Male Female

[i]
F1 0.285 Khz 0.285 Khz

F2 2.4 Khz 2.69 Khz

[e]
F1 0.41 Khz 0.45 Khz

F2 2.24 Khz 2.40 Khz

[a]
F1 0.65 Khz 0.53 Khz

F2 1.02 Khz 1.22 Khz

[o]
F1 0.49 Khz 0.245 Khz

F2 0.775 Khz 0.57 Khz

[u]
F1 0.285 Khz 0.41 Khz

F2 0.775 Khz 0.775 Khz

Table 1.  Formant Frequencies of the male and female voices.
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Token Length (ms) No. of Cycles Spectrum Partials Present Formants Present

male female Available male female

20 2 4 full all all all all

15 3 full all all all all

10 1 2 full all all all all

5 1/2 1 200+ Hz -1 all all all

2.5 1/4 1/2 400+ Hz -2 -1 [u, i, e] no F1

1.25 1/8 1/4 800+ Hz -4 -2 no F1 all vowels no F2 [u, o]

0.6 1/16 1/8 1600+ Hz -8 -4 no F1 all vowels no F2 [a, u, o]

Table.2.  Male and Female and acoustic information available in perceptual tokens.

dynamic level (3-4 volts). Each token was presented three
times  in a random sequence.  The resulting 90 item test
administered to the participants provided the full 300ms
orientation token of each vowel.  This was repeated and the
subsequent tokens of varying lengths were administered at four
second intervals.  Numbers corresponding to those on the
answer sheet were identified at the start of every sequence of
ten cues.

The perception test created from the womanÕs voice was
developed in a similar fashion.  However, since the womanÕs
voice was an octave higher, the extreme of 20ms reflected four
complete cycles at 200 Hz.  An intermediate sample of 15ms
reflecting three full-spectral cycles was also used, increasing
the durational variants to seven for each vowel and thus
increasing the test length to 105 items.

2.2.  Acoustic Considerations
The matrices provided by the perception tests themselves

are detailed in Table 2, noting that durational tokens less than
10ms for the male and 5ms for the female voice contain only
partial spectrum information since one complete wave cycle i s
in each case no longer available to the participant for audition.
In fact the shortest durational cues contain complete spectral
information only for frequencies above 1600 Hz, in effect,
depriving the listener F1 information for all vowels and
making F2 information only available for the vowels [i] and
[e].

3.  RESULTS
All responses to the tests were entered in a matrix of 88 cases
and 195 variables.  Analysis of variance using a factorial
design with four within-subjects factors (vowel, duration, sex,
and trial) revealed no significant interactions among the
factors.  Furthermore, vowel type, sex of voice, and trial
yielded no significant variance.  We feel reasonably certain
that the repeated trials and sex of the voice did not produce
significant effects, but that the vowels and durations did
produce significant effects, which do not lend themselves to
statistical analysis.  Cross-tabulations of response frequencies
and percentages were produced using Systat [13], which
allowed us to analyze responses in terms of correctness of

response, substitutions, frequency thereof, and, finally,
evidence of variation of  responses to first, second and third
occurrence of each token by each participant.

The test was reliable in terms of the lack of extreme
variation between occurrences of the same token.  The high
degree of agreement for each vowel when full-spectrum cues
were involved, indicates that the participants did take the task
seriously and were consistent in recognizing the longer
vowels.  Table 3 shows the relationship between total
responses and degree of accuracy for each vowel.

3.1.  Discussion of Results
With regard to actual thresholds, we arbitrarily designated

an agreement factor of less than 50% as a workable threshold
level (see Table 3).  Using this criterion, the threshold for
most vowels for male and female is between 2.5ms to 1.25ms.
These are very minimal cues reflecting considerably less than
full spectrum wave forms.  At a duration of 1.25ms, there i s
virtually no spectral information for F1 and the F2 of [o] and [u]
are also no longer present.  In some instances, the responses
to the 0.6ms cues is less than the guessing factor.  The audible
burst pulse of the vowels at this duration level represent only
1/8 of one cycle (voice pulse) of the male voice and only 1/4
of one cycle of the female voice.  In both cases wave forms are
intact only for frequencies above 1600Hz.  The threshold of [a]
persisted to the shortest duration, so its lower level threshold
was never reached, since the responses to even the shortest
sample of 0.6ms yielded agreement of 53% for the male tokens
and 39% for the female tokens.  Both figures reflect better than
random guessing.

3.2.  Vowel Neutralization Hypothesis Ð A Macro
Magnet?
Results of this study seem to contradict other findings, and our
previous work, where we maintained that the shortening
affects less the perception of high vowels, particularly [i].
This is true only up to a point.  While this study also shows
that both the male and female [i] at 5ms duration  is identified
correctly by close to 80% of the participants, when even
shorter tokens are presented which represent partial wave
forms, the accuracy drops precipitously.  In fact, [i] i s
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Length (ms) [i] [e] [a] [o] [u]

male female male female male female male female male female

20 99% 96% 66% 94% 88% 97% 100% 98% 94% 76%

15 98% 97% 98% 100% 65%

10 78% 97% 44% 96% 93% 97% 92% 89% 68% 65%

5 79% 78% 54% 90% 93% 47% 74% 64% 60% 74%

2.5 41% 41% 42% 80% 51% 75% 70% 32% 56% 56%

1.25 9% 6% 29% 58% 23% 52% 43% 39% 19% 17%

0.6 32% 9% 31% 20% 53% 39% 29% 14% 6% 8%

Table 3.  Responses in the perception of short samples of male and female vowels.

classified less correctly  than any other vowel except the
shortest versions of [u].

The vowel that had the most durational endurance at the
shortest 0.6ms length was [a] with an average 46%
recognition; the one with the least was [u] with only 7.5%
recognition.

We are led to conclude that once we cross the time
threshold where the tokens are so short that they reflect partial
cycles and lack valuable formant information, our auditory
perception is drawn toward a neutral vowel, likely the Òschwa.Ó
This is predominant only when the duration threshold i s
crossed.  This reflects the stress reduction effect on vowels,
except on a macro level.  As stress is reduced,vowels tend to
become neutralized and over time eventually drop out.  Here, as
length is reduced drastically and hence available spectral
information, the tendency is to classify vowels as neutral.
Since the test did not make  [«] available as a classification
choice, the closest logical choices would be [a] or possibly
[o].  A plausible interpretation for the high accuracy of the
shortest variant of [a] is, that lacking any formant spectral
information, it was not really an [a] that was perceived, but
rather a heavily reduced neutral vowel, the closest classifier for
which was the symbol [a].

Further evidence for this phenomenon is provided by the
type of substitutions made for short vowel tokens of the other
vowels as illustrated in the next section.

3.2.1.  Short Vowel Substitutions Ð Further
Ev idence .
In analyzing the incorrect responses to very short vowel
tokens, we find a tendency to classify as [a] or [o], as
illustrated in Table 4.  In all cases of responses to the male
voice and to the female voice (with the exception of [a] itself),
the shortest version of vowel cues rendered a response of either
[a] or [u], most often in percentages that far exceed the chance
factor of 20%.  This gives further credence to the macro effect
of neutralization towards ÒschwaÓ detailed in the section
above.  

The [i] and [e] responses to the shortest version of the
female [a] token is not really incongruous if one considers that
a plurality (39%) still classified this as [a] and as indicated

before, this was in spite of the fact that neither of the first two
formants of [a] could be acoustically present.  Thus [a] was
indeed the most common response Òerror.Ó

3.3.  Other Considerations
Other findings and considerations which merit further
exploration include the following:
1.  Since each token was presented three times on the listening
test, there is some evidence of a learning curve.  In general,
responses to the third presentation of the item were more
accurate than that of the first.
2.  Although it is difficult to separate durational factors from
spectral factors as a means of classification, the two are co-
related in the sense that with the extremes in time reduction
with which we dealt with here, the brevity of the acoustic
signal made it physically impossible to realize full spectral
information.
3.  No evidence was found supporting an alignment of
preference in perception of males vs. females, although some
female produced vowels were perceived more accurately than
those of females and vice versa.

4.  CONCLUSION
This study establishes reliable durational threshold levels for
the five cardinal vowels with 5ms cues;  durational threshold
levels are approached in the 1.25 to 2.5ms range.  As duration
increases so does accuracy in perception.  At 20ms all five
vowels can be  distinguished reliably.  With extreme length
reduction, perception tends toward neutrality.  A comparison
can be made at the macro level with respect to perception of
extremely short vowels, which parallels what happens to
vowels over time when subject to reduction due to loss of
stress.
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Errors

Male Female

Vowels Duration Vowel Perceived % Substitution Duration Vowel Perceived % Substitution

[i]
1.2ms [o] 34% 1.2ms [a] 32%

1.2ms [o] 30%

0.6ms [e] 34% 0.6ms [a] 55%

[e]
1.2ms [o] 32%

0.6ms [i] 37%

0.6ms [a] 22% 0.6ms [a] 42%

[a]
1.2ms [o] 53% 0.6ms [i] 27%

0.6ms [o] 22% 0.6ms [e] 26%

[o]
1.2ms [a] 22% 1.2ms [a] 36%

0.6ms [a] 42% 0.6ms [a] 77%

[u]
1.2ms [o] 34% 1.2ms [o] 60%

0.6ms [a] 53% 0.6ms [a] 34%

0.6ms [o] 28%

Table 4.  Error Substitutions Ð extremely short vowels.
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ABSTRACT 
There are many situations where adverse speaking conditions 
operate to prevent good message transfer. However, most research 
on the factors which degrade reasonably good speech intelligibility 
have focused on only a single form of disruption. The problem is 
that, until virtually all (multiple) distortions/degradations have been 
studied, there are a number of situations where not even marginal 
communication is reasonably possible. A model is proposed where 
multiple remedies are applied simultaneously. The approach 
attempts to provide acceptable speech intelligibility even where the 
nature of the distorting factors are not fully understood. An 
example is given to illustrate how the model would work; it 
involves speech uttered in the deep diving situation where ambient 
pressure is great and exotic gas mixtures (He02) are used. The 
model in this case, involves the development of a speech lexicon, 
articulatory modification of speakers output, a variety of electronic 
processors and the training of the listeners/decoders. 

1. INTRODUCTION 
It is often necessary to decode utterances under adverse -- or even 
severely adverse -- speaking conditions. The problems here are so 
extensive and varied that full sections of relevant journals and 
congresses often are devoted to their review and potential solutions. 
For example, in 1992, an entire congress on the subject was held 
by ESCA (Speech Processing in Adverse Conditions) in Nice, 
France [14]. 

Degradation of speech intelligibility can result from speaker 
distortions, channel problems or environmental factors. In the first 
case, a talker’s inability to produce clear utterances may be due to 
cognitive problems, a damaged mechanism, physical restraint, 
language inadequacies, psychological problems, illness, the 
presence of chemicals detrimental to speech and so on. They even 
may be intentional (speaker disguise, for example). Second, 
channel distortions also are of major importance; they are almost 
too numerous to list. They include limited passband (telephone 
transmission, for example), noise (narrow band, broad band, 
sawtooth, impulse, etc.), harmonic distortions and so on. Finally, 
the environment in which the speech is produced may contain 
many undesirable factors (for instance high reverberation rates, 
noise). 

Rather substantial research has been carried out on how a 
number of these events specifically operate to degrade speech 
intelligibility. Unfortunately, however, only relatively little 
investigation has been focused on their effects when several occur 
together. Yet, this is what often happens. Consider the following 
example: an intoxicated individual is in an accident and receives 
facial damage; the rescue personnel attempt to decode what he is 

saying beside a busy (noisy) highway. Second, a hard of hearing 
(and excited) child attempts to tell the 911 operator about a fire. 
Yet, most of the remedies to problems such as these are structured 
in a manner which focuses on only a single one of the several 
distortions. Of course, that is how it should be -- at least in the 
beginning. Over time, however, the more common of the 
combinations also should be studied and remedies sought there also. 
But what can be done in the interim - especially for cases where 4- 
6 (or more) distortions occur in sets which, while often predictable, 
provide little intrinsic information as the how to upgrade the 
resulting speech? Obviously a fixed set of procedures (filtering, 
selective editing, etc.) while helpful, would not work effectively in 
most situations. On the other hand, there are others that, although 
complex, are identifiable - ones where the general distortions are 
known even though the specific remedies are not. In these cases a 
response model might be useful. In theory, one such as that 
proposed would have to permit modification of its constituent parts 
or it could not serve in more than one (or a few) instances. 
However, it is argued that such are the basic features of the one 
being presented and that its components can be differently 
adjusted; i.e., for 1) speakers, 2) the environment, 3) transmission 
channel(s) and 4) auditors. Its structure might best be understood 
when presented in a practical form; and the situation chosen is one 
where the speaking conditions are certainly adverse. The focus here 
is on communication in deep diving and under conditions where 
exotic breathing gas mixtures are employed. Some new data on 
He02 speech will be presented also. 

2. THE PROBLEM 
Any person who chooses to participate in deep diving is faced with 
debilitating factors of four major types; their combined effect can 
be substantial. These factors are 1) small to great ambient pressures 
2) exotic breathing gas mixtures 3) high pressure nervous syndrome 
(HPNS) and 4) degraded acoustical environments. Moreover, the 
levels at which these components exist will vary, almost 
capriciously in some cases, systemically in others. The first 
problem involves ambient pressure. A person standing at the 
surface of the earth will experience a pressure of about one 
atmosphere (1 ATA) or nearly 15 pounds per square inch (PSI) but 
as he or she descends into the sea, an ATA is (roughly) added for 
each 10 meters of depth. Thus, at 100 ft the person would 
experience about 4 ATA (or nearly 59 psi) and at 1000 A, this value 
climbs to over 31 ATA or a horrendous 460 psi. Quite obviously, 
the resulting changes (acoustic reflection, radiation, etc.) to the 
speech signal are quite serious. Worse yet, it is virtually impossible 
to study them directly as the nitrogen in air quickly becomes a 
serious narcotic when compressed and oxygen becomes toxic. 
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Indeed, attempts to study these effects on speech at pressures of 
even as little as 6-8 ATA are unrealistic. Nevertheless, there is 
some evidence that increased nasality parallels increased pressure 
and does so primarily because of the increased impendence in the 
airway and reduced mismatch between the gas mixture and cavity 
walls [8]. Moreover, nonlinear shifts in the lower formants and 
some disruptions of other features have been noted [ 151. 

A second intrusive factor also is indigenous to deep diving; it is 
one which permits life to be sustained at great pressures. That is, 
oxygen is sharply reduced as a proportion in the compressed 
breathing gasses primarily due to its toxicity even at modest (3-4 
ATA) pressures. Second, nitrogen is replaced by a light gas -- one 
which sharply reduces any narcotic effect but, more importantly, 
permits itself to be easily expelled from the body during 
decompression (thus preventing decompression sickness). For a 
number of reasons, the gas employed for this purpose is helium 
[2 11. One of its properties is lightness (it is only second in weight 
to hydrogen), a condition which serves to markedly change the 
resonance characteristics of the vocal tract. In turn, this shiR causes 
the formant frequencies of all vowels to be shifted upward; more 
importantly other speech sounds are distorted also [ 1, 8, 16, 261. 
While this change in gas density alone may not seriously harm 
intelligibility, the fact that it varies as a function of depth, plus 
interacts with ambient pressure and other variables, makes it quite 
formidable as a speech degrading characteristic. 

The third major domain is somewhat more difficult to describe 
than the first two. It often is termed high pressure nervous 
syndrome (HPNS); it is a condition that certainly can serve to 
degrade speaker intelligibility. HPNS involves all of the systematic 
and varying physiological and psychological changes that occur in 
the diver [3, 22, 241. While once thought to be an integrated 
syndrome such as Parkinsons, it more properly appears to be a 
collection of several “symptoms”, any of which may be exhibited 
in part or in full by a particular diver. Some of the more obvious 
are tremors, respiratory deficits, narcosis, muscle weakness and the 
like. Moreover, psychological components also can exist 
(sometimes severely so); they are somewhat difficult to assess. 

The final problem area is that of the environment and 
instrumentation. The speech degrading factors in these areas, while 
the easiest to understand, actually can be the most debilitating. In 
any event, they include environmental -- and channel -- noise [4] 
of all types (pumps, tool use, static noise, etc.), high (and varying) 
reverberation, degraded operation of electronic systems and so on. 
This last area is often overlooked; doing so can exacerbate the 
substantial problems which already exist. For example, a 
microphone which works quite well in 1 ATA-may operate poorly 
at 20 ATA. And, how does one calibrate a system at depth when 
the effects of the high ambient pressures on the calibration system 
are not known? Perhaps the most difficult aspect of this final area 
is variability. Any of the factors may or may not be present and, if 
present, they may occur in varying degrees. Thus, it is difficult to 
establish a single or even multiple set of responses here. 

In short, it should appear obvious that the four elements cited 
will serve to degrade the speech of saturated divers and will do so 
even under fairly benign conditions. Worse yet, the severity and 
nature of this degradation can vary markedly and will do so to 
where, at great depths, the speech of the diver/talkers is virtually 
unintelligible. But, which of the known degradations to speech aid 
in adapting the proposed approach to this challenge? First, the 

upward shift of the vowel formant frequencies under conditions of 
He02/P has been established [ 1,2, 59, 161; the effect here is that 
talkers’ speech sounds “high pitched”. A nasal, to severely nasal, 
component also can be observed. Third, it can be noted that, even 
though it appears to exist, the actual shift in FO is minimal and may 
be due to volitional efforts on the part of the divers [18]. These 
several distortions ultimately result in the severe reduction in the 
level of useful speech. However, knowledge about them also is 
useful to anyone attempting to mitigate their effects. 

The ultimate reduction on overall speech intelligibility is 
demonstrated by the data found in Figure 1. Summarized there are 
the results of four major research programs carried out by IASCP 
in collaboration with a number of “hyperbaric” laboratories. Each 
of these projects was fairly massive and, while many publications 
have resulted, not all of the obtained data have been published. In 
any event, the procedures were quite similar for all four. They 
involved saturating 8-12 competent divers at depths of 300 to 1600 
ft. for periods of up to 20 days. Research was variously carried out 
during compression, decompression and excursions. While some 
investigations took place with the diver submerged, all of the data 
reported here were obtained in He02 under the most optimum 
conditions possible (low noise, acoustic bafXIes, high quality audio 
equipment, and so on). The several cooperating laboratories or 
groups were as follows: 1) the U.S. Navy’s Deep Submergence 
Systems Program plus the Experimental Diving Unit [19], 2) the 
Duke University Hyperbaric Facility plus Westinghouse 
(Annapolis MD) chambers [15, 171, 3) the Institute for 
Environmental Medicine, University Pennsylvania [25] and 4) the 
Norwegian Underwater Technical Center, Bergen [ 15, 161. In most 
instances, the speech materials consisted of multiple-choice word 
lists; in only one instance were the talkers trained (Westinghouse). 
The listener groups always consisted of 20-40 young, healthy 
University of Florida students with good hearing. 

Consideration of Figure 1 will reveal that speech intelligibility 
is rapidly degraded by the He02/P process. Indeed, the current 
intelligibility benchmark at the 88% level is passed well before the 
50m depth is reached. Even with the newer experiments, only a two 
thirds correct response could be expected when 300’ was reached. 
Second, decay appears relatively linear for all experiments but the 
one carried out at IEM and a pattern such as this one might be 
predicted logically. Note also, that somewhat better speech 
intelligibility occurred for the NUTEC and DUKE dives. 
Improvement here appeared to result from better environment 
controls and improved transducers. It was not due to any familiarity 
or training effects on the part of the talkers or listeners as they were 
unique to each of the experiments. 

3. THE TRADITIONAL RESPONSE 
The usual response to this rather discouraging situation has been to 
attempt to electronically reconstruct the distorted speech of the 
talker. Yet assumption that these deficits can be “corrected” by 
(and only by) electronic processing would appear somewhat 
counterproductive. Worse yet, most attempts at such 
reconstruction have been to linearly shift the vowel formants 
“down” to their “normal” positions. This process does not take into 
account the noninearity at the lower frequencies nor does it include 
consideration of other factors critical to speech perception. For 
example, since a substantial portion of speech intelligibility resides 
in the correct identification of consonants, reconstructions of these 
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phenomena would appear warranted also [27]. In any event, both 
time and frequency domain systems have been developed [7, 11, 
231 but with only limited success [lo]. While some improvement 
in the situation has occurred due to the work of Belcher and his 
associates [2], “ unscramblers” alone still do not appear capable of 
upgrading He02LP speech to acceptable levels. 
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FIGURE 1. Speech intelligibility as a function of He02/P. 

4. A MODEL 
Adaptation of the cited four-part response model may be found in 
Figure 2. As will be seen, the effort involves modifications to 1) 
language, 2) the speech of the talker, 3) the speech signal and 4) the 
auditors or decoders. As would be expected, the key to success 
here is to apply all four components, if not instantaneously, at least 
simultaneously. However, they will be discussed serially here. 

The first modification (A) would be to enhance the diver’s 
speech production so that even this effort (alone) would upgrade 
speech intelligibility. The basis for this thrust is that it has long 
been observed that some divers were substantially more intelligible 
than others, even under similar speaking conditions and this 
postulate is backed by a large literature of a general nature. 
However, some direct evidence would be needed as to whether or 
not these relationships might hold in the He02/P environment. 
Hence, a series of experiments was carried out both underwater and 

A 
y-e-- JART~CULAT~ONI P  i \MODlFlCATlONJ 

L 
DIVER’S HeO2/P , 
AFFECTED SPEECH * 

3 
e MODIFIED 
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in chambers at depth [ 15, 17 1. One of these was conducted at the 
Westinghouse Hyperbaric Faculty (as part of the Duke-Westing 
house series). In this case 12 divers, equally divided by gender and 
selected for diving and speaking skill, were saturated at 300’ feet in 
He02. All were associated with the IACSP diver communication 
program and, more importantly, with the phonetic sciences 
academic program. In any event, they were rigorously trained (over 
a six months period) to produce highly controlled speech and, 
especially to control one speaking parameter at a time. Six 
parameters were studied: high speaking fundamental frequency, low 
FO, slow speech, fast speech, loud speech and speech with very 
precise articulation. The result of part of this research may be found 
in Table 1. It will be noted that loud and precise speech provide the 
best intelligibility at depth and low FO and slow speech also helped. 
As would be expected speaking rapidly was detrimental and, 
surprisingly, so was raising FO (a behavior practiced by many 
divers). Based on this and other research, it would appear that 
divers can enhance speech intelligibility by the patterns they 
employ. 

Second (B), an upgrade in communication efficiency should 
result from a research-based reduction in the extent of the language 
available and the formation of special message lexicons. A program 
of this type is being carried out [6, unpub.]. The focus here is on 
the establishment of preset messages permitting operations , 
housekeeping, emergencies and the like. Research has been carried 
out (with experienced divers) in an effort to ident@ the most 
desirable and those of greatest importance. Additional research 
focused on message construction and on those phonemes which 
show the greatest resistance to the distorting effects of He02LE? 
While some progress has been made here, additional effort will be 
necessary. Moreover, this factor is the one which will require the 
greatest disruption in diving operations. That is, it is expected that 
it will take divers time to learn the relevant lexicon. 

The issue of electronic processing (C) actually consists of three 
related parts. First, would be the upgrading of the communication 
links and channels; improvements are being continually made in 
this area [12]. Moreover, procedures that mitigate the effects of 
unwanted signals (especially noise) are becoming more common 
[ 131. Adaptive filtering is especially useful here. Third, the 
sophistication of heliox speech processors (“unscramblers”) has 
progressed to a point where they can make major contributions to 
the enhancement of speech uttered in He02/P environments. In 
short, electronic processing of all types can operate to remove many 
of the cited debilitating effects. 

The final area concerns the auditor or decoder - the person who 
must identify the diver’s message and act upon it (D). Just as with 
the talkers, it had been noted that some individuals were much more 
adept at decoding He02 speech than were others. Moreover, some 

FIGURE 2 
Model of those processes designed to counteract 
the effects of He02/P on saturated divers’ speech. 
The four components (A-D) are discussed in the 
text. 
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research has been carried out on the issue [20] and it has been 
found that just hearing heliox speech serves to materially enhance 
a listeners’ ability to understand it. Other of the related studies 
(unpub) 1 h a so ave shown that these capabilities can be markedly 
enhanced by training, at least up to a point. Thus, it would seem 
that the training of decoders would be of value. 

In summary, it would appear that improvement in the speech 
intelligibility of saturated divers in the He02P environment can be 
accomplished, especially if the procedures provided by the model 
are applied. Moreover, deductive logic would suggest that marked 
upgrading should occur when they are combined. Of course, 
research of this type has not been carried out. However, reasonably 
good improvement was realized in 
the procedures were combined 
modified speech/trained decoders). 

a pair of instances where two of 
(unscram blersitrained decoders; 

Table 1. Summary table of the intelligibility scores of 12 divers 
(six each, males, females) who were extensively trained 
to control one speech characteristic at a time. Data are 
for the condition where an 85 dB sawtooth 
signal was present. All values are in percent. 

masking 

1 

Condition Surface (air) 300’ (He02) 

Normal 93.5 69.1 
High FO 90.3 61.5 
Low FO 89.6 71.7 
Slow 94.6 70.7 
Fast 91.3 63.4 
Loud 95.0 72.3 
Precise* 95.3 72.7 

MEAN 92.8 
RANGE 83.5 - 98.8 

* precision articulation 

68.8 
48.4 - 86.2 
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INVARIANCE OF LEXICAL CONTEXT USE IN SPOKEN WORD
RECOGNITION

Theresa Hnath-Chisolm
University of South Florida

ABSTRACT

Determining a sensory aid increases access to acoustic speech
patterns typically involves measuring percent correct whole-
word recognition for open-set monosyllabic word lists. Thus, not
only is access to acoustic/phonetic information assessed, but also
lexical knowledge. These effects can be separated  by
application of simple probability theory, in which the
recognition probabilities for the wholes (Pw) is compared to
those for the parts (Pp) .  The result is a j-value indicating the
number of independent perceptual units necessary for correct
word recognition. An underlying assumption of  j is that it is a
constant - that it is not affected by the underlying recognition
probabilities of the parts. This assumption was examined by
varying type and availability of  sensory information through: (1)
stimuli presentation via three input-modalities; and, (2)
presentation by multiple speakers.  Results confirmed j-values
were independent of speaker but not modality manipulations,
suggesting the speech recognition task may be approached
differently as a function of input-modality.

1.  INTRODUCTION
In the development and evaluation of hearing aids, cochlear

implants, and other sensory aids, it is necessary to assess
whether or not the device is providing increased access to the
acoustic/phonetic patterns of speech. This is most often
accomplished through the assessment of speech recognition
performance, using percent correct whole-word scoring for lists
of open-set monosylllabic words.  It is well-known, however,
that this approach not only provides information aboutt access to
acoustic/phonetic speech patterns, but also about an individual’s
knowledge of the lexicon.

An alternative approach, which allows for the separation of
access to acoustic/phonetic speech patterns from lexical context
effects, is the application of simple probability theory to the
word recognition task [1]. In isolated word recognition tasks,
this involves the relationship between the recognition
probabilities of wholes (Pw) to the probabilities for the parts
(Pp), which yields a value “j”. J indicates the number of
independent perceptual units necessary for correct word
recognition.

An underlying assumption of  “j” is that it is a constant,
i.e., that it is not affected by the underlying recognition
probabilities for the parts.  The purpose of this study was to test
this assumption through varying the type and availability of
sensory information in two ways: (1) through presentation of
stimuli via three input modalities; and, (2) through the use of
multiple speakers.

2.  METHODS
2.1.  Participants
Three male and 21 female young adults (ages 20 to 34 years old)
with normal hearing and vision participated in the study.

2.2.  Stimuli
The video laser disc recording the the AB short-isophonemic
word lists [2] were used to obtain phoneme and whole-word
scores. Each list contains 10 CVC words and there are 15 lists in
all. Each of the lists were spoken by two male and two female
adults with General American dialects.  The head and shoulders
of each speaker are shown in the recording.

2.3.  Instrumentation
The Computer Assisted Speech Perception Testing/Training
System developed at the Center for Speech & Hearing Research
at the Graduate School of the City University of New York,
illustrated in Figure 1, used for stimulus presentation and the
scoring of responses.  During testing participants were seated
four feet from the video monitor. The audio signal was mixed
with speech-shaped noise and presented binaurally through
TDH-49 headphones, mounted in MX-41 AR cushions. Stimuli
were presented at a 0 dB signal-to-noise ratio at a comfortable
listening level for each participant.

SONY
KX1901A
Color
Monitor

Pioneer  LDV 4200
Disc Player

IBM PC-AT

Experimenter

Subject

G/S 1701
Audiometer

. . .

Video

Audio

Figure 1.  Instrumentation

2.3.  Procedure
The participants were tested individually, in four, one-hour
sessions.  In each session 15 lists spoken by one of the four
talkers were presented in all three input-modalities.  The order
of presentation of the lists was randomized across speakers for
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each participant and the order of input-modality was
counterbalanced across participants and test sessions. Each test
item was presented once and the participants were instructed to
repeat what they heard and/or saw.  The experimenter then
keyed the phonemes correctly perceived into the computer for
subsequent scoring and analysis.

3.  Results
For each participant, mean percent correct whole word

recognition and mean percent correct phoneme recognition
scores were obtained, as a function of speaker and input-
modality, by averaging performance across the 15 AB-word lists.
These data were examined to:  (1) confirm the assumption that
performance, as measured by percent correct scores, would
differ for wholes (i.e., word recognition) and the parts (i.e.,
phoneme recognition), for each speaker in each input-modality;
(2) confirm the assumption that performance, as measured by
percent correct word or phoneme recognition scores would differ
as a function of speaker and/or modality; and, (3) examine the
assumption that j-values are not influenced by the underlying
recognition probabilities for the parts.

3.1.  Performance as measured by word and phoneme
recognition percent correct scores for each speaker in each
modality

The arcsine squareroot transforms of the percent correct
word and percent correct phoneme data were subjected to an
analysis of variance (ANOVA) for repeated measures. While the
results revealed significant main effects for both modality and
linguistic context  level (i.e., words vs. phonemes), the most
important finding was that for each speaker, there was a
significant interaction between modality and linguistic context
level. These interactions are illustrated in Figures 2a-d. The
results of a Tukey posthoc test on these data revealed that, as
expected, for each speaker in each modality, percent correct
phoneme recognition was significantly higher than percent
correct word recognition.
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Figure 2a-d. Mean percent correct word and phoneme
recognition (+/- 1 SE) for each speaker in each modality.

3.2. Word and phoneme recognition performance as a
function of speaker and modality

Figure 3.a illustrates the interaction between speaker and
modality for word recognition performance.  The results of a
repeated measures ANOVA on the arcsine squareroot transforms
of the percent correct data revealed significant main effects of
speaker (F (3,69) = 34.20, p < .001) and modality (F(2,46) =
510.92, p < .001), as well as a significant interaction between
the two (F(6,138) = 246.66, p < .001).   The interaction between
speaker and modality for phoneme recognition is shown in
Figure 3b.  The results of a repeated measures ANOVA on these
data also revealed significant main effects of speaker (F (3,69) =
6.94, p < .001), modality (F (2,46) = 443.87, p < .001), and their
interaction (F (6,138) = 78.56,  p < .001). These results were
taken to confirm the assumption that the manipulations of
speaker and modality did provide differing recognition
probabilities for the parts.
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3.3.  Effect of speaker and modality on j-values
The primary goal of this study was to examine the

assumption that j-values are independent of underlying
recognition probabilities for the parts. To examine this
hypothesis, the percent correct word whole word and phoneme
data were used to generate j-values for each participant, as a
function of speaker and input-modality, using the formula:

j = log (Pw)/log (Pp) (1)

where Pw is the probability of recognition of words and Pp is the
probability of recognition of phonemes.  The resultant j-values
were then subjected to a repeated measures ANOVA.

Figure 4 illustrated the main effect of speaker.  As
hypothesized,  j-values were independent of the underlying
recognition properties for the speakers (F(1,69) = 1.02, p = .39)
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Figure 4. Mean j-values (+/- 1 SE) as a function of speaker.

The main effect of modality on j-values is illustrated in
Figure 5.  Contrary to expectations, there were significant
differences in j-values between the three input-modalities
(F(2,46) = 73.39, p < .001).

Modality

Speechreading Hearing Combined

j-
va

lu
e

1

2

3

Figure 5. Mean j-values (+/- 1 SE) as a function of modality.

The interaction between speaker and modality, as shown in
Figure 6, was also found to be significant (F(6,138) = 3.67, p ,
.002).  Post hoc analysis, using the Tukey tesk, revealed that
within each modality, the differences between speakers were not
reliably different. However, for each speaker, the differences in
j-values for each input-modality were significant.
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Figure 6. Mean j-values for speakers (+/- 1 SE) as a function of
modality.

4.  Summary and Conclusions
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The measurement of  speech recognition using lists of open-
set monosyllabic words involves assessment of both access to
the acoustic/phonetic patterns of speech and an individual’s
knowledge of the lexicon.  This was confirmed by comparison of
percent correct word and phoneme recognition scores across
speakers and input-modalities.  In developing and evaluating
sensory aids there is a need to separate lexical knowledge from
access to acoustic/phonetic speech patterns. It is proposed that
this can be accomplished through the application of simple
probability theory [1].  An underlying assumption of this
approach, however, is that the available sensory data in the
signal, as estimated from the underlying recognition
probabilities for phonemes, will not influence the use of lexical
context.  This assumption was examined by manipulating both
speakers and input-modalities in a standard word recognition
task. The finding of significant speaker and modality effects on
percent correct phoneme and word recognition supports the
assumption that these factors can be used to manipulate the
availability of sensory data.  When this was done, j-values,
indices of the use of lexical context, were found to be
independent of the manipulation of speakers, both collapsed
across and within modalities.  They were not, however,
independent of modality.  These findings were interpreted to
suggest that individuals may be using different processing
strategies when approaching the speech recognition task via
speechreading alone, hearing alone, and bi-modally.
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THE DYNAMICS OF CODESWITCHING IN VOICE IDENTIFICATION

Ruth Huntley Bahr
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ABSTRACT

Some voice quality alterations may be driven by linguistic or
social forces. To be specific, these changes can result from
dialectal differences, or voice patterns during specific speaking
situations (i.e., casual vs. formal productions) or voice produced
in a non-native language. It would seem to follow then that
listeners might not recognize a voice when it is presented in a
second language, as in the case of bilingualism. In this
experiment, naive, monolingual listeners were asked to identify
talkers in both English and Spanish in three speaking conditions:
casual speech, extemporaneous speech with a monolingual
speaker of the talker’s second language, and reading. Results,
which differed by gender, indicated that speaker identification
was hampered by type of sample and language spoken. Lastly,
acoustic analyses identified aspects of voice production that
were altered during code-switching. Discussion will focus on
how codeswitching influences voice recognition and production.

1. INTRODUCTION
Intentional changes in speaking patterns or style can influence
one’s ability to identify a speaker (1-3). However, not all vocal
modifications can be considered intentional. Some voice quality
alterations may be driven by linguistic or social forces.  To be
specific, these changes can result from dialectal differences,
voice patterns during specific speaking situations (i.e., causal vs.
formal productions) or voice produced in a non-native language.
While few would argue that these types of vocal changes occur,
little is known about the influence of such factors on speaker
identification.

The problem of alteration in speaking style occurs
frequently in criminal investigations. Typically, the relevant
recordings have been made in differing environments; for
example, one during the crime and another during questioning
by the detectives. Hence, the possibility that the style is different
between the recordings can be expected. If recognition accuracy
is adversely influenced by the use of the two different speaking
styles, the result may be the identification of an innocent person
as the perpetrator (i.e., a false identification) or the freeing of a
guilty individual (i.e., a false elimination).

2. THE PROBLEM OF LANGUAGE IN VOICE
IDENTIFICATION

McGehee (4) was one of the first individuals to consider the
influence of native language on voice identification.  She
hypothesized that a non-native English voice would be easily
distinguished from a native English voice.  In this case, a native
German speaker  using English served as the target voice in a
lineup task.  His voice was placed among the voices of Chinese,
Greek and Russian males and another German male.  McGehee
found that the target voice was identified 81% of the time after a
two-day delay.  It was interesting to note that while the German
speaker was identified at a fairly high rate, the Chinese speaker
and not the other German, was most often confused with the
target.  This finding suggested that listeners may concentrate on
voice quality more than the accent utilized.  Nevertheless, the
heterogeneity of the accents here may have inflated the
recognition scores.

Goldstein and his colleagues (5) related the “accented”
voice recognition problem to the “other race” effect noted in face

recognition.  In other words, faces of one’s own race (or ethnic
group) become more familiar more efficiently than members of a
foreign group.  For this experiment, they compared Taiwanese,
American and African-American voices in a four-voice line.  The
results indicated that for short retention intervals, accented
voices were no more difficult to recognize that were unaccented
voices.  However, when the duration of the speech sample, was
reduced, performance on the accented voices declined.  When
the first experiment was repeated with a ten voice line using
talkers speaking Spanish or accented English and a ten minute
retention interval, no differences in recognition ability were
noted.  Again, they concluded that accented voices were no
harder to recognize than unaccented if the speech sample was
long enough.  However, no comparison to the idenfication of
English speakers was made.

Thompson (6) also considered the effect of language in
voice identification.  He utilized bilingual students recording
messages in English, Spanish and with a strong Spanish accent.
Monolingual English listeners identified “voices speaking
Spanish less accurately than (the same) voices speaking
English.”  Similar results were found by Hollien, Majewski and
Doherty (7) and Doty (8) in that auditors who did not know
English had more difficulty identifying talkers in English than
other English-speaking participants.

Finally, Goggin and others (9) ran four experiments which
assessed the “effects of language characteristics on voice
identifications.” They found that monolingual speakers of
English and German identified speakers of their native language
more accurately than speakers of a foreign language.  In the third
experiment, bilingual (English-Spanish) subjects identified
voices equally well in both languages, as well as in the accented
condition.  In experiment four, they considered aspects of
language familiarity that may influence recognition; in this case,
phonology, lexicon and syntax.  In doing so, they: 1) mixed
words, preserving some syntax and all of the lexicon, 2) mixed
syllables - preserving normal phonology and 3) reversed the text
thereby destroying normal phonological cues.  As the passages
were made more remote from English, performance declined.
They concluded that as the syntactic, semantic and phonologic
characteristics of the message become less familiar, voice
recognition declines.

These findings were upheld by the more recent work in the
area of speaker identification in a foreign language (10, 11).
These investigators found that knowledge of the language
facilitated voice identification; however, it was not clear
whether or not the typological difference between the native
language and the target language was a significant factor in
determining recognition performance.  In this case, the Chinese
listeners with knowledge of German outperformed the English
and Spanish listeners who knew German.  In another
experiment, Schiller, Koester, and Duckworth (12) removed
linguistic information from the stimulus items used for
identification and found that listeners performed equally as well,
regardless of native language.  They believe that this finding
strengthens the view that language familiarity is an important
aspect of speaker identification.

The current experiment extends the findings of previous
research (9-11) by examining the vocal identity of bilingual
(English-Spanish) speakers more closely.  These investigators
reported that the cues necessary for identification are most easily
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obtained when the listener understands the message.  How
accurate would monolingual auditors be if they were asked to
identify two voices, each speaking in a different language, as
belonging to one person or two different people? In a similar
experiment, Bahr and Pass (13) noted that the identity of
African-American talkers was obscured when they spoke in
different linguistic registers.  Auditor performance significantly
declined in the conditions comparing African-American English
with Standard English.  Hence, it would seem to follow then that
listeners might not recognize a voice as belonging to the same
person when it is presented in a second language.  Finally,
anecdotal evidence would suggest that there are voice quality
differences that accompany code-switching events.

The following questions are asked:  (1) Do auditors
recognize voices as belonging to the same individual, even when
they are presented in two different languages? and (2) What
acoustic changes, if any,  are evidenced in code-swtiching?

3. METHOD
3.1 Participants. Eight Hispanic males and females (four each)
from the Tampa Bay region provided the voices used in this
experiment.  Talkers were students at the University of South
Florida, between the ages of  19 and 28, with no obvious speech
or voice deviations and no reported hearing difficulty.  Regional
dialect was limited to speakers of Puerto Rican, Cuban or
Panamaniam descent since these groups are known to be
frequent codeswitchers.  However, this factor should be of minor
concern since comparisons of the same speaker, rather than
across speakers, were of interest in this study.  The participants
currently spoke English in their living situations and were
pursuing a degree at the University of South Florida.  For each
individual, at least one parent was Hispanic and they learned
English and Spanish simultaneously as a child.

3.2. Speech recordings. Voices were gathered while the subject
performed the following voice tasks:  (1) talking casually with a
Hispanic female, (2) speaking extemporaneously to the
experimenter, (3) reading a standardized passage in Spanish, (4)
reading a standardized passage in English and (5) reading
sentences previously spoken in  Spanish.  The casual speech was
gathered by placing a Hispanic female associate of the
experimenter in a quiet room with the potential talker.  This
confederate engaged the volunteer in a conversation while the
experimenter left the room.  During this casual conversation, the
associate engaged the participant in codeswitching from English
to Spanish and back again.

The second type of speech sample was gathered while
speaking to the experimenter. In an attempt to obtain a
monologue from the subject, the examiner asked the talker about
their family, hobbies and school activities.

The other recordings were gathered while the subject read
aloud. They were asked to read two passages, one in Spanish
and the other in English, as well as selected texts from the
Spanish conversation with the associate.

Table 1 illustrates the possible listening pair types resulting
from these recording conditions for both male and female voices.
Text dependent refers to the presentation of identical text
samples and text independent means that the wording of the
samples is different.

--------------------------------------------------------------------------
Recording Cond. Text dependent Text independent
--------------------------------------------------------------------------

A-A X X
A-B X
A-C X X
A-D X
B-B X X
B-C X
B-D X
C-C X X
C-D X
D-D X X

Table 1.  Listing of the possible pair types to be utilized in the
listening experiment. The letter A refers to casual Spanish
conversation, B to casual English conversation, C to read
Spanish, and D to read English.

3.3. Procedures.
3.3.1. Speech samples. Talkers were told that they were needed
to make speech recordings for a research project on voice quality
in Spanish.  When the subject arrived, the experimenter sat the
subject in a quiet room with a Hispanic associate of the
researcher.  The experimenter then left the room under the guise
of getting materials for the experiment.  The associate engaged
in conversation with the talker for about ten minutes or until a
sufficient amount of informal speech had been recorded on a
DAT recorder. The experimental site was set up like a
laboratory, so the microphone was in plain view, but the DAT
and its connections were hidden.  Standard topics, such as where
the talker was born and raised, where they went to school and
holidays, were used in an attempt to control conversational
context across participants.

At the appropriate time, the experimenter reentered the
room and excused the associate.  The experimenter sat in a chair
across from the subject and debriefed him as to the recordings
made with the associate. The experimenter then asked the
subject to discuss their family, where they grew up, hobbies and
anything else they wished to talk about.  Controls on text and
background noise in this condition were similar to those utilized
in the previous condition.

Finally, the talker was asked to read the first paragraph of
The Rainbow Passage (14), a passage in Spanish,  and selected
statements from the earlier Spanish conversation with the
associate.

3.3.2. Tape Construction. For each speaker, five phrases taken
from each speaking condition were used as the target samples in
a paired comparison task.  These samples were digitized at 20
kHz using CSL to facilitate the construction of the paired
comparison tape.

Eighty-eight pairs comparing each talker to themselves
were randomly selected for this study.  Twenty additional pairs
were included which compared speech samples taken from two
different speakers.  For all pairs, within and across language
condition comparisons were utilized.  Recording condition and
presentation order of all same and different pairs then were
computer randomized.  A one-second interval was placed
between each sample within a pair and a five-second interval
was placed between each pair. Twenty-seven of the 88 pairs
were repeated as a test of listener reliability.  The result was a
135-item quasi-randomized paired comparison task.
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3.3.3. Listening task. Thirty-six naive listeners were selected
from the university’s speech-language pathology undergraduate
students.  These individuals had little to no experience in voice
identification.  After being seated in a soundproof booth, the
listeners completed a brief speech listening test (15) via
audiotape.  No participant who scored less than 92% on this test
was included in this experiment.  This screening test then was
followed by instructions for the paired comparison task and four
voice pairs. These practice pairs were included to familiarize the
listeners with the format of the test and to allow them an
opportunity to devise a response set.

3.3.4. Listener judgment reliability. Thirty-one percent, or 27
voice pairs, were repeated at the end of the task to assess
listener reliability.  The responses from the repeated pairs for
each subject were examined to determine if the subject
responded in a similar fashion to each repeated pair.  If a
listener responded the same way to stimuli presented twice, then
they would be 100% consistent in their responses.  On the other
hand, if a listener did not respond the same way to both
presentations, then they would be 0% consistent.  For this
analysis, correct or incorrect responses were not of interest, only
if the response was the same for both voice pair presentations.
The results of this procedure revealed that listeners were 76%-
87% consistent in their responses, which was acceptable for this
listening task.

3.3.5. Acoustic Analyses. The speech samples were then
analyzed with subroutines from SpeechStation2 (16).
Monologues and reading samples from all three conditions were
digitized at 20kHz and analyzed for the following: speaking
fundamental frequency (SFF), speaking to pause time ratio, and
speech rate. The pitch track subroutine was utilized to determine
SFF for each speech sample. Since this subroutine computes the
fundamental frequency (f0) for certain points in time and then
averages it, the individual f0 points were saved as an Micorsoft
Excel file. This information was then analyzed for the presence
or absence of speech and a speaking to pause time ratio was
generated. These ratios are believed to be reflective of speech
timing (3). Speech rate was determined by calculating the
duration of the speech sample and then dividing the number of
words spoken in that time frame by the overall duration. The
result was a value representing spoken words per minute.
Finally, the speech samples were qualitatively analyzed for
phonetic properties that remained constant across dialects.

4. RESULTS
4.1. Perceptual results. Since the reliability measure comprised
the final portion of the listening task, only the responses from
the first 108 pairs were used for all analyses.  These answers
were analyzed with respect to correct answers for the same or
different voice pairs within and across each recording condition
(Spanish or English) and text type (spontaneous vs. reading).

The multivariate ANOVA on the listener’s responses to the
same male voice pairs was significant [F (9,153) = 2.681; p <
0.01]. Post hoc testing with the LSD procedure revealed largely
a speech sample effect suggesting that the vocal changes
associated with codeswitching were less important than the type
of spoken material being compared. It was more difficult for the
listeners to identify same voice pairs when the type of spoken
material varied as opposed to a change in language. Specifically,
it was more difficult to compare conversational speech with read
speech. This was especially true for the conversation to text
pairs that also varied language,

The results for the female voices were somewhat different.
The multivariate ANOVA on auditor’s responses to the same
voice pairs was also significant [F(9,135)=  5.092; p < 0.001].
Post hoc testing with the LSD procedure indicated that the

poorer performances here were associated with more of a
language effect.  In other words, female voices were more likely
to be confused when they were compared across languages. The
speaking condition effect was less notable in these data.

It is interesting to note that listeners were less accurate in
identifying same voice pairs for the female voices than they were
for the male.  In fact, the males were readily identifiable
regardless of the language being spoken, while the females were
more easily recognized in the Spanish-speaking comparisons.
Since there is no compelling reason for this to be so, this finding
merits further investigation.

The above results are particularly compelling in that the
listeners were quite capable of judging the voices of two people
as being different when in fact they were different. It is also
interesting to note that some of the listeners expressed some
knowledge of the Spanish language; however, it did not seem to
influence their performance on the paired comparison task.

4.2. Acoustic results.  Changes in SFF were noted as men and
women switched from Spanish to English. Differences in
prosody, as measured by speaking to pause time ratio and
speaking rate were less evident in casual speech conditions.
However, there were prosodic differences noted between
conversation and reading. Several phonetic variations typical of
Spanish remained in the English productions of these speakers.
This result was to be expected (17).

5. CONCLUSIONS
In this experiment, the male voices seemed to be easier to
identify than the female voices when the comparisons were
made across languages.  This is an interesting finding in need of
more investigation since few voice identification studies have
considered the female voice. One hypothesis is that female
listeners, which comprised the bulk of the current auditors,
perform more poorly with female voices, or perhaps there was
something unique about the female voices used in this study.

The male voice comparisons seemed to be more susceptible
to changes in sample type and were most likely to be in error
when the sample type and language were different.  On the other
hand, Spanish language comparisons were more difficult for
monolingual English listeners when a female voice was
presented. These results support Bahr and Pass (13) who found
that higher accuracy rates on a recognition task tended to bring
out text effects. However, if listener accuracy was poor, then
language effects begin to surface. The current findings would
suggest that use of a foreign language would impede recognition
performance, especially if the decisions to be made are difficult
in general.
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ABSTRACT
This paper examines the timing properties of singleton-
geminate contrasts in three Austronesian languages of
Indonesia: Buginese, Madurese and Toba Batak.  This study
details the hitherto poorly described phonetic properties of
the consonant systems of these languages, and investigates
the role of prosodic organization in the phonetic
implementation of duration.  Results show that in each of
the languages, singleton-to-geminate closure ratios tended
to be smaller for voiceless than voiced sounds and greatest
for voiced stop geminates.  Strikingly, voicing was
systematically observed throughout the closure portion of
the voiced stop geminates (despite the aerodynamic
difficulties of sustaining voicing in obstruents),
hypothesized here to be the result of a voicing enhancement
strategy. In all cases, singleton-geminate duration
differences in stops were realized during the closure and not
the following burst or VOT.  All three languages also exhibit
closed syllable shortening preceding geminates, suggesting
a syllable-based timing strategy.

1. INTRODUCTION
In this study, we investigate the temporal properties of
consonants in three Austronesian languages of Indonesia
spoken in distinct regions of the archipelago:  Buginese
(southern Sulawesi), Madurese (Madura and eastern Java) and
Toba Batak (northern Sumatra).  Unlike most of their close
neighbors, all three languages display a singleton-geminate
contrast in word-medial position, as illustrated in (1):

(1) a. Buginese
          lapa (ÔlavaÕ) vs. lappa (ÔjointÕ)

      b. Madurese
           tapa (Ôto mediateÕ) vs. pappa (Ôtype of stemÕ)

      c. Toba Batak
           uma (ÔfieldÕ) vs. umma (ÔspearÕ)

While the contrasts represent independent innovations,
their historical sources ÑÊtotal assimilation of various
medial consonant clusters ÑÊare similar, as discussed, for
example, by Stevens [17] for Madurese and Mills [10] for
Buginese.

Cross-linguistic evidence shows that timing strategies
employed in the realization of singleton-geminate contrasts
are due in part to differences in prosodic organization [3].  In
particular, durational differences between singletons and
their geminate counterparts tend to be substantially smaller
in languages which attempt to achieve even temporal
spacing among syllables (as opposed to subsyllabic units
such as moras).  Cross-linguistic evidence also shows that
segmental timing can be influenced significantly by

aerodynamic constraints (e.g., the difficulty of maintaining
prolonged obstruent voicing) [12].  This paper addresses
both types of effects on consonant duration in these three
languages, based on data from the full range of consonantal
contrasts.

This paper is organized as follows:  In section 2, we
provide a brief phonological overview of the consonant
systems of the three languages; in section 3, we discuss the
general methodology used in the acoustic studies; in section
4, we present the results of the studies and discuss their
implications for the prosodic structure and temporal
organization of these languages.   In section 5, we provide a
brief conclusions.

2. PHONOLOGICAL OVERVIEW
This section provides an overview of the consonant
inventories of each of the three languages.  The consonant
inventory of Buginese is shown in Table 1.  Morpheme-
internally, all consonants except [w] and [/] also occur as
geminates word-medially, while only voiceless obstruents
and sonorants can occur as geminates at morpheme
boundaries [14, 15]:

lab. alv. pal. velar glot.
stops p, b t, d c, j k, g /
frics. s
nasals m n ø N
liquids l, r
glides w y

Table 1.  Consonant inventory of Buginese.

The consonant inventory of Madurese is presented in
Table 2.  All consonants except [/] also occur as geminates
word-medially, with no morphological restrictions [2, 18]:

lab. den. retro
.

pal. velar glot.

stops p, b,
ph

t, d,
th

ÿ, ê,
ÿH

c, j,
ch

k, g,
kh

/

frics. s
nasals m n ø N
liquids l, r
glides w y

Table 2.  Consonant inventory of Madurese

Note that Madurese (Table 2) is unique among the three
languages in having a five-way place contrast as well as a
three-way phonation contrast (voiceless, voiced and
voiceless aspirated) in the stops.  
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Lastly, the consonant inventory of Toba Batak i s
presented in Table 3.  All consonants except [/] and [h]
appear as geminates word-internally (though we were not
able to identify examples of geminate [r] to include in the
study).  (In the Toba dialect of Batak, there are no glides.)
For a discussion of the consonant sandhi at word boundaries
(which results in the creation of geminates, among other
patterns), see Hayes [4], and for the phonology more
generally see Nababan [11].

lab. alv. pal. velar glot.
stops p, b t, d j k, g /
frics. s h
nasals m n ø N
liquids l, r

Table 3.  Consonant inventory of Toba Batak.

While vowel inventories are not discussed here (see
references), it should be noted that vowel length is not
phonologically contrastive in any of the three languages.

3.  METHODOLOGY
The data reported here come from recordings of two native
speakers of each Buginese and Madurese and one of Batak
(analysis of a second speaker is underway).  Lists of
disyllabic words (the canonical root shape in the three
languages) containing all of the relevant consonantal
contrasts in word-medial position were assembled.  The
words were then elicited from the speakers in phrase-medial
position by embedding them in a carrier phrase.  Recordings
were digitized at a sampling rate of 11,025 kHz, and
measurements were performed using ESPS Waves+¨ speech
analysis software.  In most cases, the measurements reported
here are based on three repetitions per word.

4.  RESULTS
4.1. Closure duration.  
Mean closure duration for word-medial singleton and
geminate consonants and mean singleton-to-geminate
closure ratios for Buginese (combined for two speakers) are
shown in Table 4:

singleton geminate ratio
vl. stops 102 169 1:1.7
vd. stops 68 116 1:1.7
frics. (vl.) 138 192 1:1.4
nasals 88 144 1:1.6
lateral liquid 84 151 1:1.8
rhotic 19 73 1:3.8
glide (y) 105 151 1:1.8
Table 4.  Mean closure durations (ms) for word-medial

singleton and geminate consonants and closure
ratios for two Buginese speakers.

The results here are pooled across two speakers, but we
call to attention the fact that their individual singleton-to-
geminate ratios were not entirely uniform.  This ratio was on
average 1:1.9 for one speaker and 1:1.4 for the other.
Nonetheless, except for /r/ which as a singleton is realized
as a tap and as a geminate as a trill, all of the singleton-

geminate ratios are within a relatively close range for both
speakers.  Both speakers also evidence a pattern in which
the singleton-to-geminate ratio for voiced stops is greater
than or equal to that of voiceless stops and voiced sounds in
general have greater ratios than voiceless ones (vl. stops
and fricatives).

Mean closure duration for word-medial singleton and
geminate consonants and mean singleton-to-geminate
closure ratios for Madurese (combined for two speakers) are
shown in Table 5:

singleton geminate ratio
vl. stops 107 165 1:1.5
vd. stops 85 145 1:1.7
asp. stops 112 159 1:1.4
frics. (vl.) 131 162 1:1.2
nasals 90 145 1:1.6
lateral liquid 85 153 1:1.8
rhotic 20 114 1:5.7
glides 106 160 1:1.5
Table 5.  Mean closure durations (ms) for word-medial

singleton and geminate consonants and closure
ratios for two Madurese speakers.

The Madurese results are similar to those for Buginese
(and here the results of the two speakers are quite
consistent).  Here too, with the except of /r/ which again i s
realized as a tap when a singleton and a trill as a geminate,
the range of ratios is quite small.  Ratios for voiced sounds
again tend to be greater than voiceless ones (vl. stops, asp.
stops and fricatives), with the voiced stops showing a
greater ratio than voiceless ones.

Mean closure duration for word-medial singleton and
geminate consonants and mean singleton-to-geminate
closure ratios for Toba Batak are shown in Table 6:

singleton geminate ratio
vl. stops 58 114 1:2.0
vd. stops 38 119 1:3.2
frics. (vl.) 76 132 1:1.7
nasals 56 111 1:2.0
lateral liquid 53 108 1:2.0
Table 6.  Mean closure durations (ms) for word-medial

singleton and geminate consonants and closure
ratios for one Toba Batak speaker.

While the ratios in Toba Batak are greater than for
Madurese or Buginese (though not that different from the
Buginese speaker with the greater ratios), the overall
patterns are similar, with voiced sounds having greater
ratios than voiceless (vl. stops and fricatives) and the
greater ratio for voiced stops.   (Examination of additional
speakers of Toba Batak is needed to determine whether these
ratios are due to individual speaker variation or are
characteristic of the language more generally.)  Here the
difference between the ratios for the voiced stops and the
other classes of sounds is strikingly high, at 1:3.2. This
high ratio is due in part to the relatively long closure
duration for the geminate, which is most likely achieved
with the help of an aerodynamic enhancement strategy.  The
very short duration of the intervocalic singleton also
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contributes to this high ratio. Medially, singleton voiced
stops are lenited, exhibiting not only a shorter duration than
their initial counterparts (38 ms vs. 67 ms), but formant
structure as well.

The overall mean singleton-to-geminate closure ratios
are 1:1.65 for Buginese, 1:1.55 for Madurese (excluding the
tap-trill contrast in each case) and 1:2.2 for Toba Batak.  The
values for Buginese and Madurese fall well within the range
for singleton-to-geminate closure ratios in syllable-timed
languages reported in HamÕs cross-linguistic survey (ca.
1:1.25 to 1:1.85) [3], while those for Toba Batak are
somewhat greater than expected.  We will return to this issue
below in section 4.3, where further evidence for the syllable-
timed status of these languages is presented, based on the
timing of vowel-stop sequences.  

4.2. Closure duration and VOT in stops.  
We turn next to a closer examination of the relationship
between voice onset time (VOT) and closure duration in
singleton and geminate stops in the three languages.

Beginning with voiceless stops in Buginese, we see in
Table 7 that VOT does not contribute to the distinction of
length in Buginese.  The singleton-geminate contrast i s
realized in closure duration alone.

singleton geminate
voiceless 36 38
Table 7.  Mean VOT (ms) for voiceless singleton and

geminate stops for two Buginese speakers.

The same pattern was found for Madurese.  As illustrated
in Table 8, mean VOT values for singleton and geminate
voiceless stops, and for singleton and geminate voiceless
aspirated stops, are virtually identical.  The small aspiration
difference between the two phonation types is maintained,
but not augmented in the geminate forms:

singleton geminate
voiceless 17 15
voiceless aspirated 38 36
Table 8.  Mean VOT (ms) for voiceless and voiceless

aspirated singleton and geminate stops for
two Madurese speakers.

As was the case in Buginese and Madurese, the VOT of
singleton voiceless stops is virtually identical to that of a
geminate, as shown in Table 9:

singleton geminate
voiceless 13 10
Table 9.  Mean VOT (ms) for voiceless singleton and

geminate stops for one Toba Batak speaker.

In each of the three languages, then, the differences in
duration observed between singletons and geminates i s
realized fully during the closure alone.  VOT values, whether
for voiceless unaspirated or aspirated cases, are stable across
the two length categories.

Even more striking than the data for positive VOT,
however, are the data for negative VOT.  In each of the three
languages, voiced geminates are approximately as long as

their voiceless counterparts, and are consistently voiced
throughout the closure.  In Toba Batak, the voiced geminate
stops are actually slightly longer (vd. 119 vs. vl. 114 ms),
in Madurese slightly shorter (vd. 145 vs. vl. 165 ms) while
in Buginese noticeably shorter (vd. 116 vs. vl. 169 ms).
These results for Madurese and Toba Batak are unexpected,
given the aerodynamic difficulties associated with
maintaining prolonged obstruent voicing discussed, for
example, by Ohala [12].  As Ohala points out, voiced
geminate stops tend to become either devoiced or
implosivized, since the equalization of sub- and supraglottal
air pressure tends to occur fairly rapidly, explaining why the
presence of an oral seal often inhibits prolonged voicing.

The fact that voicing is consistently maintained in
phonemically voiced geminates in Buginese, Madurese and
Toba Batak  suggests that these languages may make use of
(perhaps different) voicing enhancement strategies.  A
number of such strategies have been identified in the
phonetic literature.  These include compromising the oral
seal by allowing egressive leakage of airflow through the
velum [5, 6, 8, 13], and expanding the size of the
oropharyngeal cavity behind the point of closure by
fronting the constriction, advancing the tongue root, or
lowering the larynx [7].  Further instrumental investigations
are needed to determine if the languages studied here make
use of one of these strategies, though there is some
independent evidence for a larynx lowering strategy in
Madurese [1].

4.3. Closed syllable shortening.  
Finally, in all three languages, vowels preceding geminates
are substantially shorter than those preceding singletons,
exhibiting closed syllable shortening (also found for vowels
before medial clusters in these languages).  

vowel stop total
singleton 139 85 224
geminate 113 145 258

Table 10.  Mean durations (ms) of preceding vowel, stop
closure, and vowel plus stop closure sequences for two

Buginese speakers.

vowel stop total
singleton 108 101 209
geminate 67 172 239

Table 11.  Mean durations (ms) of preceding vowel, stop
closure, and vowel plus stop closure sequences for two

Madurese speakers.

vowel stop total
singleton 109 48 157
geminate 68 117 185

Table 12.  Mean durations (ms) of preceding vowel, stop
closure, and vowel plus stop closure sequences for

one Toba Batak speaker.

The result of closed syllable shortening in each case i s
that the duration of vowel-consonant sequences is held more
or less constant, meaning that vowel onsets are
approximately equally spaced in time [9]. In other words,
these languages appear to be syllable-timed [3, 16].
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In a cross-linguistic survey of languages with
singleton-geminate  contrasts, Ham [3] finds that there is a
close correlations between the singleton-to-geminate ratios
and the kind of timing strategy used.  Languages which
exhibit syllable-timed strategies characteristically have
shorter ratios than those with a mora-timing strategy.
Results for both Madurese and Buginese, which show
syllable-timed strategies, are as predicted.  The ratios for
Toba Batak, also syllable-timed, are greater than expected.
This suggests that Toba Batak does not take advantage of the
possibility of using shorter ratios, made available by the
independent cueing of syllable structure through closed
syllable shortening.  In addition, the lenition of singleton
medial stops in Toba Batak also contributes to these greater
ratios.

5. CONCLUSIONS
In summary, we have investigated the timing characteristics
of the singleton-geminate contrasts in three languages
spoken in Indonesia: Buginese, Madurese, and Toba Batak.
We have found that for each speaker of the three languages,
singleton-to-geminate closure ratios fall within a close
range, tending to be greater for voiced than voiceless
sounds.  There is variation in overall singleton-to-geminate
ratios which warrants study of additional speakers of each
language to determine if this is individual variation or
characteristic of specific languages.  In addition, we found
that geminate voiced stops have the largest ratios of all
segment types and consistently exhibit voicing throughout
their entire closures.  These results are surprising, given the
aerodynamic difficulty in maintaining stop voicing and we
therefore hypothesize that speakers of these languages are
using voicing enhancement strategies.  The specific
strategies employed remain to be determined in further
instrumental investigations.  We also found that in
voiceless stops, the length distinction in all three languages
is realized in the closure duration alone, as the VOTs of
singletons and geminates were not substantially different.
Finally, vowels before medial consonants exhibit closed
syllable shortening; vowels preceding geminates are
considerably shorter than those preceding singletons.
These results, combined with the magnitude of the
singleton-to-geminate closure ratios presented in section
4.1, suggest that the three languages investigated here
employ a timing strategy organized around the syllable, as
opposed to a subsyllabic unit such as the mora.
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FUNDAMENTAL FREQUENCY AS A CUE TO WORD-INITIAL CONSONANT
LENGTH: PATTANI MALAY

Arthur S. Abramson
Haskins Laboratories and the University of Connecticut

ABSTRACT

All word-initial Pattani Malay consonants are distinctively short
or long. The dominant perceptual cue is consonant-closure
duration. In voiceless plosives, however, closure-duration is
audible only utterance-medially after a vowel, yet native speakers
identify such words in isolation well and so must be using other
cues. Disyllabic words beginning with long consonants seem to
have greater salience on the first syllable. Measurements revealed
significant differences in both peak amplitude and fundamental
frequency (F0). Relative amplitude had a significant perceptual
effect but was not a sufficient cue by itself. In this study
increments of F0 were imposed on words with short initial
consonants and decrements on words with long initial
consonants. The stimuli were played to 30 native speakers for
identification. The effect for voiceless stops was highly
significant; nevertheless, F0 too is not a sufficient cue by itself.
The next step is to combine the two properties, amplitude and F0.

1.  BACKGROUND
1.1. Distinctive length
Pattani Malay is an Austronesian language spoken by about a
million people in the southernmost provinces of Thailand along
the border with Malaysia [1].  It is very unusual in having the
feature of distinctive length in word-initial position for all
phonetic classes of consonants.1  This characteristic also has the
consequence of letting such words appear in utterance-initial
position.

 For such consonantal categories as nasals, laterals, and
fricatives, such an unusual characteristic ought to present no
problem in the production and perception of the contrast.
Whether the closure or constriction of any of them is relatively
short or long, it can easily be pronounced with accompanying
acoustic excitation even at the beginning of an utterance. In
addition, such excitation, whether voiced or voiceless, is likely to
be loud enough to signal relative closure durations to the listener.

The matter of stop consonants is more troublesome. The
voiced stops of Pattani Malay have glottal pulsing during their
closures. Long voiced stops would presumably require enough
compensatory maneuvering to provide for the continuation of the
transglottal air pressure drop needed for a significantly longer
voiced closure than that of the short voiced stop. Also, the fairly
low amplitude of this pre-release voicing, limited to the low end
of the spectrum, might not be as audible as the voiced closures of
the other consonant categories. Finally, we have to deal with the
voiceless unaspirated stops of the language with no acoustic
excitation during the closures. In a word-pair like /tawa/ ÔblandÕ
vs. /tùawa/ Ôto show wares,Õ there can be no direct signal of the

relative durations of the stop closures in utterance-initial position,
although there would be in utterance-medial position after a
vowel through the relative durations of the silent gaps.

1.2.  Previous work
Measurements of the acoustic manifestations of consonantal
closures in the language [3] revealed highly significant
differences in duration for both utterance-initial and utterance-
medial positions.2 Of course, without the means to make direct
measurements of articulation, voiceless stops could be examined
only in utterance-medial position.

Other experiments [4] demonstrated the perceptual efficacy
of relative duration as a sufficient and powerful cue to the
distinction. The stimuli for these experiments were made by
lengthening the closures of short consonants and shortening the
closures of long consonants in a series of 10-ms steps in
disyllabic words. The predominant form of the word in the
language is apparently disyllabic.

Since control tests with unaltered isolated words revealed a
high level of identifiability, even for utterance-initial voiceless
stops [4], the question remained as to how native speakers could
so reliably label the latter without any acoustic signal during the
closures. Also, in those tests in which both members of a
manipulated pair had voiceless initial stops embedded in
utterance-medial position, the perceptual crossover points along
the time axis in going from short to long and long to short
categories differed significantly from each other, suggesting that
other acoustic cues were influencing the placement of the
category boundary,

In close listening to the productions of several speakers,
prompted by the foregoing results, the first syllable struck the ear
as more salient relative to the second syllable for words
beginning with a long consonant but not for those beginning with
a short consonant.3 These observations led to the  proposing of a
prosodic hypothesis, namely that the differentiation of short and
long utterance-initial voiceless stops is a function of properties of
the acoustic signal, concomitant with closure duration, that give
greater salience to the first syllable of words beginning with long
stops. While this may also be true to a certain extent for affricates
and voiced stops, it is not likely to be relevant for the rest of the
consonant categories.

To assess the physical plausibility of this hypothesis,
measurements were made in the utterances of four speakers of
several acoustic properties that could contribute to an auditory
impression of salience (accentual prominence) on the first
syllable of disyllabic words [3, 5]. Two highly significant factors
that stood out were higher amplitude and higher fundamental
frequency (F0) on the first syllable of words beginning with long
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Category Pairs Short C Gloss Long C Gloss
Nasal 2 makE to eat mùakE to be eaten

Lateral 1 lama? late lùama? cause to be late

Voiced fricative 1 Äat� comprehensive Äùat� to spread out

Voiceless fricative 3 sEpa? to kick sùEpa? to be kicked

Voiceless affricate 1 cabE branch cùabE side road

Voiced stops 6 buN� flower bùuN� to bloom

Voiceless stops 7 kukoh to be stable kùukoh to render stable

Table 1. Phonetic categories in the control tests, the number of minimal pairs used for each, and a sample pair for each category.

consonants, especially voiceless stops. Other somewhat less
reliable factors for the first syllables of words with long
consonants were faster amplitude rise-time, greater vowel
duration, and higher ratio of the vowel duration to the duration of
the word-medial consonant closure.

For the perceptual validation of the prosodic hypothesis, it
seemed prudent to begin by testing each of the two principal
factors one at a time. In the one study completed and published
up to now [6], two experiments with relative amplitude were
conducted with voiceless stops. In the first, amplitude was pitted
against duration that changed in 20-ms steps, increasing for
original short closures and decreasing for original long closures.
The first syllable of each durational variant of an original short
stop was increased in amplitude in five 2-dB steps; for original
long consonants, the first syllable of each variant was decreased
in five 2-dB steps. The responses of 30 native speakers made it
clear, as before, that when it is available to the ear, the cue of
relative duration is too powerful to be overcome; nevertheless,
the effects of amplitude on the perceptual boundaries between the
length categories were highly significant.

In the second experiment reported in the same paper [6], the
efficacy of relative amplitude was tested in the absence of any
acoustic cue to closure duration by playing the amplitude variants
of the original short and long voiceless stops of one of the word
pairs as isolated words to the same 30 native speakers. Here too,
amplitude definitely influenced perception in that the
identification curve for each category was gradually shifted
toward the opposite category, approaching the 50% crossover
point but never crossing it. That is, it is a fairly weak cue,
insufficient by itself for unambiguous assignment by listeners to a
length category.

2. PROCEDURE AND RESULTS
2.1. Introduction
Against the background of the foregoing findings, the purpose of
my new research was to investigate the efficacy of the other
major acoustic property found to be concomitant with relative
duration, namely F0, as a cue to the perception of the length
difference in Pattani Malay word-initial consonants, especially
stops. As before, all my experiments were run in a language
laboratory on the campus of the Prince of Songkhla University in
the Province of Pattani in southern Thailand.

2.2. Control tests
Because of my concern over the possibility of dialectal variation
among my potential subjects, who, as students, come to this
campus from various sections of the four provinces in which the

language is spoken, and because of occasional rumors about the
weakening of the distinction among the young, I always
administer control tests to be sure that my new subjects do indeed
have the distinction and to establish a baseline with which to
compare the effects of my manipulations. Table 1 shows the
phonetic categories  chosen for the test, the number of word pairs
used for each category, and a word pair to exemplify each
category. Using the recorded speech of an adult male, I prepared
seven tests, each one containing a randomization of six tokens of
each member of three of the 21 pairs. Each word presented was
repeated immediately to give the subjects time to identify it
before the paired presentation of the next word. My 30
undergraduate subjects (17 women, 13 men), all native speakers
of Pattani Malay, gave written responses to all seven tests.
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Figure 1. Control tests: Identification of isolated words.

In the Malay culture of southern Thailand it is not the
practice to read and write in Pattani Malay, so there is no widely
known form of writing for the language. Instead, literate people
read and write Standard Malay and Standard Thai. As a result, all
my answer sheets were prepared with Thai glosses for the Pattani
Malay words. The subjects encircled their choices.
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The results of the control tests are given as percentages
correct in Figure 1. Even with identifications at levels somewhat
better than chance, the voiceless affricates did not fare very well
and so were not included in the next set of experiments. Given
their very audible resonances, it is not surprising that the nasal
consonants, with /m / at 96% and /mù/ at 95%, were the best
identified. Even the voiceless stops with their silent closures were
rather well identified. In general, then, it can be said that the
distinction is still rather robust for this generation of speakers.

2.3.  F0 experiments
To create stimuli with controlled changes in F0 I used the Sound
Designer II© program on the Macintosh computer. Starting with
0 semitones (the original word), I increased the F0 of the first
syllable of each word beginning with a short consonant in six
half-semitone steps up to 3 semitones, yielding seven stimuli.
Likewise, I decreased the F0 of the first syllable of each word
with a long consonant in six half-semitone steps, yielding seven
more stimuli, 14 altogether for each minimal pair. These ranges
bracketed those found in [5]. Working with the semitone as my
unit, borrowed from the domain of music, was intended to give
the impression of pitch changing in more or less equal intervals,
although, of course, the subjects heard only randomizations in the
listening tests.

For these tests I used a subset of the word-pairs in 2.2: one
pair of nasals, one of voiceless fricatives, two of voiced stops,
and four of voiceless stops. The voiceless stops, of course, form
the most critical case for the present research. There was one test
for each word-pair. With two tokens of each stimulus, there were
28 items, in paired presentations, in each test. The same 30
subjects as in 2.2 were told to label each item as one of two
possible words printed on the answer sheet. If in doubt about an
item, they were to guess and not leave the space blank on the
answer sheet.

Figure 2. Identification of the F0 variants.

The labeling results are given in Figure 2. The treatment of
the variants with original short consonants is shown by the tall
bars along the left half of the horizontal axis, where F0 moves
upward, while the treatment of the variants with original long
consonants is shown by the short bars along the right half, where
F0 moves downward, as indicated by the negative sign. Except,
of course, for the unchanged items (0 semitones), there are no

ÒcorrectÓ responses. Instead, the vertical axis shows the
percentage of each phonetic category labeled short.4

Although the effects are not large, an analysis of variance,
with the p -value obtained with the Huynh-Feldt adjustment,
showed a highly significant interaction of phonetic class,
direction of F0 change, and F0 height (F (18, 522) = 8.6, p =
.0001). We can see in Figure 2 that the short voiceless stops are
gradually shifted toward the long category, while the long
voiceless stops are shifted somewhat spasmodically toward the
short category. For the voiced stops there is a similar but smaller
effect. The other classes are hardly affected, the nasals not at all.

Figure 3. Identification of F0 variants of voiceless stops.

In Figure 3 the data for the class of voiceless stops have
been taken from Figure 2 and plotted separately. The horizontal
scale in semitones is to be taken as rising for the original short
consonants in the upper curve and falling for the original long
consonants in the lower curve. Again, the vertical axis gives the
percentages labeled short. It is perhaps clearer here that the F0
shifts have a considerable effect; nevertheless, while the curves
approach the 50% crossover point, they do not reach it, much less
go beyond it.

DISCUSSION AND CONCLUSION
The role of relative fundamental frequency in the perceptual

identification of short versus long consonants in Pattani Malay is
apparently very similar to that of amplitude [6]. Its effect is
highly significant, especially with regard to voiceless stops. At
the same time, by itself it is far from being a sufficient cue for the
perceptual separation of the two length categories.

This study, then, has assessed the role of one more acoustic
property previously found [5] to be reliably concomitant with
relative closure duration, F0, and found it to have a very
significant effect, yet we have still not reached the goal of
explaining how isolated words beginning with voiceless stops are
so well identified as to length category. My view is that the
prosodic hypothesis should certainly not be discarded yet; it
requires more research. My plan is to design new stimuli in which

page 593 ICPhS99          San Francisco



the properties of relative amplitude and relative fundamental
frequency are carefully combined to act together in as natural a
way as possible. To enhance the naturalness of the resulting
stimuli it may be necessary also to make acoustic alterations of
the second syllable as well.

In my desire to avoid overly complex stimuli, I plan to make
a few series of them, starting with a relatively simple one in
which amplitude and F0 co-vary in small steps. If that brings
about an improvement over the results obtained so far but still
does not yield perceptual categories as good as the natural ones, I
can then complicate the stimuli by making changes in the second
syllables and even include the additional properties found in [5],
namely, relative amplitude rise time, vowel-duration ratios, and
the ratio of the duration of the first vowel to the duration of the
word-medial consonant closure. Not to be ignored is the
possibility that I have missed yet another acoustic property of
even greater importance.

Historically the length distinction in the language is
reconstructed as having developed from phonetic changes at
morpheme boundaries [1, 7]. At this time, there can be no doubt
that, when present and audible, relative closure duration is a
powerful and sufficient cue to the distinction. If, however, more
experimental evidence emerges to support the prosodic
hypothesis for at least voiceless initial stops, we may be
witnessing a gradual phonological development leading to an
accentual system for some contexts. If so. we might suppose that
certain secondary characteristics entailed by the nature of the
articulatory gestures needed for greater closure duration have
become somewhat enhanced in the behavior of the speakers, who
have learned to use them to help sharpen the phonological length
distinction in both production and perception.
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NOTES
1. It is unusual but not unique. For example, Taba, an  Austronesian
language of Indonesia, is rather similar [2]..
2. Jimmy G. Harris (p.c.) has palatograms showing a wider articulatory
contact for the long consonants.
3. Christopher Court of the University of Hawaii, who has had much
experience with the language, has independently had the same impression
(p.c.).
4. This is a matter of convenience in notation. The subjects, the reader
will recall, actually decided for each item which of two possible words
was being said.
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ABSTRACT

Malayalam employs gemination in syntactic and lexically distinc-
tive roles.  This paper presents an impressionistic and acoustic
investigation of a subset of geminate consonants in Malayalam
nouns.  We show (a) that geminate sonorant consonants exhibit
spectral differences as well as temporal ones and (b) that there
are systematic spectral and temporal differences in vowels and
consonants in  nouns with and without geminates.  Our findings
suggest that gemination in Malayalam is best treated in terms of a
long-domain phonological phenomenon having implications for
articulatory and durational aspects of utterances extending over a
number of syllables.

1.  INTRODUCTION
Malayalam is a Dravidian language spoken by around 35 million
speakers of Kerala state in the south-west of India.  It exhibits
two very different sets of phonetic alternations which have both
been called gemination [1, 2]. The first set is found in the verb
system, serving to distinguish intransitive and transitive verb
forms.  The second set is found in the nominal system and func-
tions in a lexically distinctive manner.

1.1.  Geminates
Geminates are reported for many languages of the world [3, 4]
and have been the source of much debate in the phonological
literature, e.g. [5].  The representation of geminates is not un-
problematic though there is a consensus in contemporary non-
linear phonology that they are represented by two melodic con-
sonant slots associated with a single timing slot Ñ thus the repre-
sentation of the geminate nasal in the Malayalam noun umma
(ÔkissÕ) is:

S S

R

Co O

R

X X XX

C

u m a

V V

Regardless of the frameworks within which gemination has been
treated and the many languages for which it has been posited as a
phonological unit or process, the accounts share the important
characteristic that the phonetic implementation of gemination is
routinely described as having an extremely limited domain: it is
assumed to be found at a particular consonantal place in utter-
ance.  We argue that Malayalam provides an interesting data set
which challenges this interpretation.

1.2. Gemination in Malayalam
Malayalam has a rich consonantal inventory [3] and employs
gemination/consonantal length in syntactic and lexically distinc-
tive roles.  Long and short intervocalic sonorants can serve to
distinguish otherwise phonetically similar lexical items and play
a role in compounding [1], whilst the contrast between transitive
and intransitive verb forms is displayed in part by the presence or
absence of intervocalic geminates [2, 6] (transitive forms have
geminate consonants). The gemination alternation in verbs in-
volves a complex combination of temporal, articulatory and pho-
natory features extending over a number of syllables [6].  It must
be remembered that were it not for the major grammatical func-
tion being fulfilled by these phonetic alternations there would be
no reason to treat them in terms of a phonological alternation.
The second set of patterns  found in the nominal system involves
consonantal types (sonorants) which do not participate in the
gemination relationship in verb forms.  We present an impres-
sionistic and acoustic analysis of the phonetic detail of these
geminates in Malayalam nouns and show that they exhibit stable
spectral differences as well as temporal ones and that these dif-
ferences extend well beyond the locus of the geminate conso-
nants themselves.

In [6] we demonstrated that, for verbs, syllables containing
geminates differ systematically from those without geminates in
terms  of: phonation (intransitive forms lax, breathy, with voiced
intervocalic consonants; transitive forms tense, creaky with
voiceless intervocalic consonants), consonantal and vocalic reso-
nance (with vowels in intransitive forms opener and less periph-
eral than their transitive counterparts Ñ short vowels before
geminates exhibit noticeable fronting off-glides), as well as pat-
terns of articulatory variability in adjacent consonants.

1.3. Gemination in Malayalam lexis
In nouns, with sonorants as intervocalic geminate consonants, we
find similar consonantal and vocalic resonance differences as
those identified in [6] as well as systematic differences in the
durations of vowels preceding and following geminates.  There is
also some evidence that there exist durational differences be-
tween syllable initial consonants in what, for convenience, we
will refer to as ÔshortÕ nouns (those without geminates) and
ÔlongÕ nouns (those with intervocalic geminates).

Our findings suggest that gemination in Malayalam nouns,
as with the verbs, should be treated in terms of a long-domain
phonological phenomenon being implemented by articulatory
and durational aspects of utterances extending over a number of
syllables.  This in turn raises questions as to the phonetic patterns
which may need to be associated with what has been called
gemination in other languages.

2. DATA AND METHOD
A series of face-to-face impressionistic recordings with one male
speaker of Malayalam gave rise to a set of 35 disyllabic nouns
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(see Table 1) with intervocalic nasals and laterals.  The informant
sat in a sound-treated room and orally translated a list of English
glosses.  The list items were in quasi-random order and were
produced  a total of four times in isolation and twice in a sen-
tence frame.  Recordings were subsequently digitized (10 kHz/12
bit).  The digitized utterances were segmented into discrete vo-
calic and consonantal portions using typical auditory and spectral
criteria.  The segmentation provides the temporal basis for dura-
tional measurements in 3.1.  The spectral measurements in 3.2
were made approximately at the midpoint of consonantal and
non-final vowel portions and 35 ms from the start of final vowel
portions.  We report here only on data arising from the word-list
productions.

3. RESULTS
3.1. Length and duration
There are striking auditory differences between nouns with
geminate and those with non-geminate sonorants.  Those with
geminates give the impression of being crisply produced with
tight, firm closure and release of all consonants in the word (simi-
lar findings are adduced for the long intervocalic consonants of
Tamil in [7]).  By contrast, the consonants in words with non-
geminates sound lax and variable in their articulatory characteris-
tics. In the long  nouns lateral and nasal consonants have noticea-
bly firm contact (often resulting in a stop-like percept when the
occlusion is formed) in short nouns there is no such percept Ñ
and nasals consonants in short nouns, for instance, often give the
impression of incomplete oral closure.

The geminate consonants are noticeably longer than their
non-geminate congeners.  Impressionistically, the nouns with
geminate intervocalic consonants differ in the rhythmic relation-
ship between the first and second syllable such that nouns with
non-geminates and a short first vowel have short-long rhythmic
relations between the syllables whilst those with geminates ex-
hibit an Ôequal-equalÕ rhythmic relationship between the two
syllables [8].

The length and rhythmic differences manifest themselves in
significant durational differences between the intervocalic sono-
rants as well as between the vocalic portions in both syllables.
Table 1 gives mean durations of the intervocalic sonorants (c)
and the initial (v1) and final (v2) vocalic portions.  The final two
columns contain vowel durations represented as proportions of
the intervocalic sonorant duration.  The data are arranged by
increasing duration of the intervocalic consonant.  (The romani-
zation of the Malayalam words follows that of [9] with the excep-
tion that retroflex segments are symbolised ÔrlÕ ÔrnÕ Ñ retroflex
lateral and nasal respectively; long vowels and geminate conso-
nants are written doubled.)  In short and long noun pairs with
analogous structure, e.g. karli/karlli, U-tests were carried out to
identify significant durational differences between vocalic por-
tions in initial and final syllables.  Short and long nouns paired
for testing are indicated by bracketed numerals after the gloss.
Means marked with * are significantly different, those with ns
are not.

Word Gloss v1 c v2 v1/c v2/c

parnam money 83 40 59 2.08 1.48

vala net 101 41 122 2.46 2.98

purli tamarind (1) 55 * 42 107 ns 1.31 2.55

pana palm tree (2) 89 * 45 87 * 1.98 1.93

karlam design (3) 74 ns 45 62 * 1.64 1.38

parni work (4) 92 * 46 116 ns 2.00 2.52

tala head 83 47 113 1.77 2.40

viirna musical
instrument

156 49 94 3.18 1.92

varla bangle 88 49 95 1.80 1.94

ila leaf 89 51 111 1.75 2.18

puli leopard 77 52 109 1.48 2.10

mala mountain 89 52 100 1.71 1.92

aana elephant 194 53 100 3.66 1.89

mula breast (5) 67 ns 53 128 * 1.26 2.42

marni bell 87 54 87 1.61 1.61

vila price 75 56 105 1.34 1.88

maala garland 187 58 79 3.22 1.36

karli game (6) 82 * 59 100 ns 1.39 1.69

uuma dumb 169 63 100 2.68 1.59

aama tortoise 205 78 103 2.63 1.32

varllam boat 86 149 45 0.58 0.30

vernna butter 82 152 73 0.54 0.48

karllam lie (3) 62 ns 154 45 * 0.40 0.29

parlli church 77 158 60 0.49 0.38

mulla jasmine (5) 49 ns 163 91 * 0.30 0.56

parlli woman liar (6) 69 * 164 95 ns 0.42 0.58

kanna buffalo (2) 73 * 178 72 * 0.41 0.40

karnni link (4) 59 * 180 115 ns 0.33 0.64

purlli spot (1) 41 * 182 98 ns 0.23 0.54

tarlla old woman 82 s 183 91 0.45 0.50

unni baby 79 186 104 0.42 0.56

panni pig 76 187 84 0.41 0.45

palli thief 75 188 93 0.40 0.49

umma kiss 65 193 93 0.34 0.48

amma mother 61 208 97 0.29 0.47

Table 1.  Mean durations of intervocalic sonorants (c) and initial
(v1) and final (v2) vocalic portions for all 35 nouns.  Short nouns

are at the top, long at the bottom.  (See text for further details)

Table 1 shows that the medial sonorants in long nouns always
have significantly greater duration than those in short nouns.  The
mean sonorant durations are 52 ms and 175 ms for short and long
nouns respectively.  Means for individual places of articulation
range from 47 ms in short retroflex nasal nouns to 71 ms for
short bilabial nasals.  Bilabial nasals are also longest in the long
nouns with a mean of 200 ms, with the long retroflex laterals
have the shortest mean duration of 161 ms.  The means of ratio of
short:long sonorant duration is 1:3.4, ranging from 1:2.8 for bila-
bial nasals to 1:3.8 for apical nasals.

Besides the large durational differences between medial so-
norants, we also find a number of significant durational differ-
ence between the vocalic portions in short and long nouns: the
vocalic portions of short nouns are longer than those of long
nouns.  Of the six short-long pairs with similar structures com-
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pared there is either a significant difference in first vowel dura-
tion (indexed 1, 2, 4, 6 in Table 1 above), second vowel duration
(indexed 2, 3, 5 in Table 1 above) or across both syllables.  For
the sonorant noun pairs with final close vowel the vocalic portion
in the first syllable of the short noun is longer than that of the
long noun and there is no significant difference between the vo-
calic portions of the second syllable.

In the remaining lateral pairs significant durational differ-
ences are to be found between the open vocalic portions of the
second syllable.  And in the remaining nasal pair  both vocalic
portions in the short noun are longer than those in the long noun.

While we find significant differences between absolute du-
rations in short and long noun pairs, differences in temporal or-
ganization which give rise to the rhythmic aspects noted above
can best be reflected by considering durations in relative terms.
In Table 1 this has been done by representing vowel duration as a
proportion of medial sonorant duration.  The average
vowel/sonorant proportion for short vowels (excluding items
such as aama, uuma  etc.) in short nouns is 1.79 for v1/c and 2
for v2/c.  In contrast, equivalent proportions in the long nouns
have means of 0.39 for the v1/c and 0.48 for v2/c.

There is also evidence that initial consonants are signifi-
cantly shorter in the nouns with ÔlongÕ rather than Ôshort medial
laterals (p <0.05 for initial plosives; p <0.005 for initial sono-
rants).  However, this is not the case for nouns with medial nasals
where durational differences in initial segments for words with
and without geminates are not statistically significant.  (These
results appear to accord with a durational interpretation of the
airflow data for Tamil presented in [7].  Juliette Blevins reports
(pers. comm.) that in some Australian languages initial consonant
loss is predicted by the presence of intervocalic sonorants in the
words in question ÑÊperhaps this is the limiting case of the
ÔshorteningÕ we observe in the Malayalam data.)

3.2. Vocalic and consonantal resonance
We have shown that the phonetic implementation of gemi-
nates/non-geminates involves duration not only of the consonants
themselves but also of surrounding vowels.  Differences between
the nouns containing geminates/non-geminates are not restricted
to duration alone.  We also observe a number of consistent dif-
ferences in the consonantal resonance of the geminate/non-
geminate consonants and in the quality of the vowels in the
words.

In impressionistic terms, geminate consonants  have clearer
(more palatalized) resonance than their non-geminate congeners.
This is irrespective of their place or manner of articulation.  Such
clear and dark resonance patterns (palatalization and its ab-
sence/velarization) are also known to be associated with dental
and alveolar articulations in Malayalam [1, 3, 6] and to be in-
volved in the distinction between the two apical sounds described
as trills  or taps [1, 3, 9, 10].

In addition, vowels preceding and following geminate con-
sonants are different from those surrounding non-geminates Ñ
specifically vowels surrounding geminate consonants are more
peripheral in quality than those surrounding non-geminates.  So,
for example, in  the noun  pair mula-mulla we find, impressionis-
tically, that the intervocalic laterals in both words are clear, but
the lateral in mulla is clearer, being maximally palatalized in
some tokens.  The rounded vowel in mulla is always fronter and
closer than that in mula.  The final vowel of mulla is open front
quality, close to CV4, whereas that in mula is more centralized.
Similarly, in the two words tala, palli we find that the non-

geminate lateral is noticeably darker in resonance than the gemi-
nate one; the vowel preceding the non-geminate lateral in tala is
impressionistically more open and not as front as the first vowel
in palli.  Figures 1 and 2 present F1-F2 space formant plots of the
first vowels and sonorants in the four tokens of each of these
nouns.  (Each data-point represents an average of three measure-
ments taken around the midpoint of the vowel or consonant).
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Figure 1. F1-F2 plot of first syllable vowels /u/-/a/ in mula-
mulla, tala, palli
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Figure 2. F1-F2 plot  of /l/-/lù/ in mula- mulla, tala, palli

From Figure 1 we can see that for both /u/ and /a/ F1 values are
lower and F2 values higher in geminate than in non-geminate
contexts (all differences attain statistical significance; F2 differ-
ences significant p<0.001; F1 values attain significance, p<0.01).
Similarly, Figure 2 reveals that geminate /lù/ consonants in these

words have higher F2 values than the non-geminate /l/ and also
differ in terms of their F1 (F2 differences significant p<0.001; F1
differences p<0.01).  We take these acoustic facts to support our
auditory impressions of relative clear resonance in  the intervo-
calic geminate consonants.

Comparable results emerge for nouns with intervocalic ret-
roflex laterals.  Auditorily, karli and karlli  both have back, half-
open-mid vowel qualities in the first syllable, with that in karlli
sounding generally less open but more advanced than that in karli
(but see acoustic analysis in Figure 3).  The vowel quality in the
second syllable of karlli is also more peripheral than that in karli.
It is both closer and further forward in the region of [i] whereas
in karli the second vowel is centralized, [I].  The intervocalic
lateral in the long noun is palatalized whereas that in karli has
clear resonance.  For the karlam-karllam pair the first syllable
qualities are akin to those found in karli-karlli with the first
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vowel of the long noun being fronter than that of karllam.  The
vowel qualities in the second syllables are very similar in quality.
Again we also find a clearer retroflex lateral in all productions of
karllam than those of karlam, with that in karllam having front of
central resonance that in karlam being central. Figure 3 presents
F1-F2 space acoustic data for the first-syllable /a/ vowels in
karli, karlli, karlam and karllam.  Figure 4 gives F1-F2 space
data for the intervocalic short and long laterals in the same
words.  (We note, in passing that the long retroflex laterals ex-
hibit dynamic formant structure Ñ noticeable movement of F3
Ñ during their production; there is also movement of F2 in some
tokens such that F2 remains steady or rises slightly over the first
two-thirds of its duration and falls slightly over the last third.)
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Figure 3. F1-F2 plots of /a/ vowel before /ñ / /ñù/  pairs
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Figure 4. F1-F2 plots of /ñ / /ñù/ pairs with preceding /a/ and fol-
lowing /am/ or /i/

In Figures 3 and 4 the data partition into two main sets depending
on the presence or absence of a close vowel in the second sylla-
ble.  If the word contains a close front vowel in its second sylla-
ble (e.g. karli) there is an effect on the first vowel of the word
such that it is relatively fronter (higher F2 value) than if there is a
non-close front vowel in the second syllable (eg karlam).  This
effect is  observed in other comparable pairs. As observed previ-
ously (Fig. 1), if the word contains a geminate consonant, the
preceding vowel is relatively fronter irrespective of the effect of
the vowel in the second syllable.  Figure 4 provides F1-F2 plots
for the laterals which follow the vowels given in Figure 3.  Again
we can see the Ôfinal-iÕ effect and again we can observe the
geminate consonant effect with higher F2 and lower F1 values
for the geminate laterals.  Here we find a patterning like that for
non-retroflex laterals shown in Figure 2: higher values for F2 and
lower F1 values for the geminate laterals. However, unlike the

data presented in Figure 1,  the data in Figure 3 show that before
geminate retroflexes vowels are more open (higher F1 values)
than before non-geminates ÑÊa reversal of the pattern in Figure
1.  We have no good explanation for this phenomenon. It is also
found for the other vowels in the system and with the other retro-
flex geminate consonants (retroflex nasals).

The patterns of relative frontness for geminate consonants
and the durational and spectral variation in vowels in gemi-
nate/non-geminate nouns are robust and  found throughout our
dataset. Work in progress on the articulatory and acoustic charac-
teristics of geminates in the speech of other Malayalam speakers
suggests that these features are not idiosyncratic.

4. CONCLUSION
This paper has presented a number of qualitative and quantative
differences between two groups of nouns in Malayalam.  We
have shown that rather than being restricted to consonantal length
differences alone, the implementation of gemination has implica-
tions for most if not all of noun's phonetic shape, involving the
temporal organization, vowel quality and resonance in consonan-
tal portions.  The consequence of attending to such phonetic de-
tails leads us to the conclusion that however one treats Ôgemina-
tionÕ in Malayalam, there is no compelling case to do so in terms
which focus on a particular point in utterance.

Equally important are the implications that the results of our
investigations may have for the analysis of other languages
where 'gemination' has been proposed and has been assumed to
be only a matter of consonantal length. In impressionistic record-
ing sessions with informants from Standard Italian, Sinhalese and
Damascene Arabic, which also have 'long/geminate' phenomena,
we have observed temporal, phonatory and articulatory patterns
extending beyond the consonantal portions which are generally
the focus of attention. Both these observations together with the
durational and acoustic evidence we have presented here have
convinced us that any investigation of 'gemination' must err on
the side of caution and expect to find a complex range of pho-
netic patterns associated with larger stretches of utterance.
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EFFECTS OF SPEAKING RATE ON THE TIMING OF SINGLE AND
GEMINATE SONORANTS

Amalia Arvaniti
University of Cyprus

ABSTRACT

Cypriot Greek single and geminate sonorants (/m, n, l, r/) at
normal and fast speaking rate were compared to sonorants in
Standard Greek, which has no length distinction. Cypriot
singletons and geminates all shortened at fast rate, except for the
single [R]. There was no overlap between singletons and
geminates either within or across speaking rates. The duration of
Greek sonorants was intermediate between the two Cypriot
categories. The [R] results show that reported asymmetries on the
effects of rate are due to the incompressibility of certain
categories and are not imposed by the linguistic system.
However, the contrasts a category enters within a system affect
this category’s values, as manifested in the greater length of the
Greek sonorants. Finally, the results show that when duration is
the main cue to a categorial distinction, no durational overlap
occurs between categories, contrary to what studies on
contrastive vowel length suggest.

1. INTRODUCTION
Several studies of the effects of speaking rate on segmental
timing report that in a given set of categories (which are
contrastive within a linguistic system) one member of the set
remains largely unaffected by changes of rate (e.g. [6] on VOT,
[13] on the /b/ and /w/ transitions). These reported asymmetries
could be the result of pressure from the linguistic system to keep
contrasting categories apart (e.g. [12]). On the other hand, it has
been argued that categories such as short-lag VOT are subject to
strict articulatory constraints and thus unlikely to exhibit
durational variability under changes of rate [6]. This explanation
of the asymmetrical findings is supported by the results of studies
on contrastive vowel length, which show that no category
remains stable under changes of speaking rate (e.g. [4] for
American English, [1] for Thai, [11] for Korean). Studies of
contrastive vowel length, however, also show extensive overlap
of categories under changes of rate. This finding could be related
to the fact that the contrasts investigated do not rely solely or
primarily on duration; some also involve quality differences,
others are allophonic, while others seem to be disappearing (see
[11] for a review).

A contrast that does not present the type of problems
discussed above is that of single and geminate sonorants.
Sonorants display the relatively “loose” timing of vowels, while
the contrast between geminates and singletons relies mainly on
duration [8]. A linguistic variety which allows us to examine
single and geminate sonorants is Cypriot Greek (henceforth
CYG), the dialect of Greek spoken on the island of Cyprus. CYG
has lexical (i.e., phonemic) single and geminate sonorants, /m/,
/n/, /l/ and /r/, [14]. An advantageous feature of the Cypriot
Greek system is that the single /r/ is a tap [R] – a strictly

controlled segment [10] – while the geminate is a trill [r] (the
contrast is quite similar to that found in Spanish [10]). Thus the
effect of speaking rate on the “loosely” timed /m/, /n/ and /l/ can
be compared to the effect of rate on a category with stricter
timing, [R]; the prediction is that [R] will not be affected by rate to
the same extent as the other sonorants. A further advantage of
studying the CYG sonorants is that it is possible to compare the
Cypriot Greek data with data from Standard Greek (henceforth
SG), which has the same sonorants but no length distinction. By
comparing the results of the two varieties it is possible to test
Manuel’s [12] and similar predictions that CYG, which makes a
categorial distinction on the basis of duration, imposes stronger
constraints on the timing of its sonorants than SG, in which
sonorants do not enter a contrast based on duration.

2. METHOD
2.1. Materials
For CYG, four disyllabic minimal (or near minimal) pairs with a
single or geminate intervocalic sonorant and stress on their final
syllable were used as test words; they can be seen in Table 1. For
SG, only the test words with the intervocalic singleton were used;
these words, shown in the leftmost column of Table 1, have the
same gloss in CYG and SG. Of the words with geminates,
[voÈrra] is homophonous with [voÈra] in SG, while the other three
words do not exist in this variety.

For CYG, each test word was embedded in the carrier
phrase [Èipendu ___ ksafniÈka ÈtSefien] “S/he-said-to-him ___
suddenly and-left”; for SG the carrier phrase was adapted to
[tu Èipe ___ ksafniÈka ÈcefiÆe] “To-him s/he-said ___ suddenly
and-left.”

Singletons Geminates
Test word Gloss Test word Gloss

[maÈmu] nonsense word [maÈmmu] “midwife”

[DaÈni] “Danes” [maÈnni] “crazy” fem.

[kaÈli] “good” fem. [kaÈlli] person’s
surname, fem.

[voÈra] “food” [voÈrra] “North” acc.

Table 1. On the left, the SG set of test words and the CYG test
words with single intervocalic consonant; on the right, the CYG

test words with geminate intervocalic consonant.

2.2. Speakers
The materials were elicited from eight speakers, four of each
linguistic variety. The Cypriot speakers were two males in their
thirties (KR and PP) and two female students of the University of
Cyprus (MK and CA) in their twenties. All of them had been
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brought up and lived in Nicosia, Cyprus, and spoke what would
be called educated “town” Cypriot Greek. The Standard Greek
speakers were members of the academic staff of the University of
Cyprus, in their thirties; three were female (YA, AR and AA) and
one male (TP). They all came from Athens and spoke Standard
Greek, although two of them, YA and AA, had lived in Cyprus
for four and three years respectively when the recording took
place. None of the speakers reported any speech or hearing
problems. With the exception of AA (the author), they were
naïve as to the purposes of the experiment; KR helped the author
choose the CYG test words and carrier phrase but without being
told the specific questions addressed in the experiment.

2.3. Procedure
The speakers read the sentences from cards. For the Cypriot
materials, the sentences were written in the Greek alphabet but
following the unofficial orthographic conventions of Cypriot
Greek (which is not normally written); according to these
conventions, the geminate consonants are spelt with two letters,
e.g. καλλη for [kaÈlli] (c.f. καλη for [kaÈli]). SG materials were
written in the Standard Greek orthography (which also uses
double letters for historical reasons, although these are not
pronounced as geminates).

The speakers produced six repetitions of the test sentences at
normal rate and six repetitions at fast rate. For the normal rate,
speakers were instructed to speak as they normally would if
reading aloud. For the fast rate, they were asked to speed up, as if
they had to stop a telephone conversation abruptly. During the
recording they were asked to repeat disfluent sentences.

The materials were recorded directly onto disk at a sampling
rate of 22,050 Hz, using Kay’s Multispeech software on a
standard PC equipped with an AWE64 Sound Blaster multimedia
card and a SONY ECM-909 stereo microphone. The recording
took place in an office in reasonably quiet conditions and is thus
mostly noise free.

2.4. Measurements
Measurements of the duration of the whole test word and of the
intervocalic test sonorant (among other measurements not
discussed here) were obtained from waveforms (aided by
spectrograms), using Multispeech.

Standard criteria of segmentation were followed for the
measurements. In the waveforms in particular, the nasals and /l/
(which were always intervocalic) were measured as the stretches
of low amplitude signal between the higher amplitude envelopes
of the flanking vowels; /r/ was measured from the end of the last
periodic pulse for the preceding vowel to the onset of the first
pulse for the following vowel; the voiced fricatives, /D/ and /v/
were measured from the onset of frication to the onset of
periodicity for the following vowel; stops were measured from
the last periodic pulse for the preceding vowel to the onset of the
release burst (the short VOT was included in the duration of the
following vowel).

3. RESULTS
Results for Cypriot Greek are based on a series of two-factor
within-subjects analyses of variance (ANOVAs) [rate (normal,
fast) × gemination (single, geminate) × speaker (KR, PP, MK,
CA)]. Speaker was treated as a random factor. The dependent

variables were the whole word duration and the duration of the
test sonorants. For both measurements analyses were run
separately for each consonant type.

3.1. Assessing speech rate
It was important to establish at the onset of the investigation that
the speakers used two different speech rates during the recording.
To this purpose the duration of the whole test word across rates
was statistically analyzed (c.f. [6]). As shown in Figure 1, the
duration of the test words was substantially reduced at fast rate
[for /m/, F(1,3)=22.25; for /n/, F(1,3)=37.64; for /l/,
F(1,3)=35.69; for /r/, F(1,3)=13.35; p<0.05 in all cases]. The
differences across rates ranged from 35-72 ms depending on the
test word. These differences constitute 15-21% of the test words’
durations at normal rate (which ranged from 283 to 352 ms), and
are close to or above the established JNDs for such durations
([7], [9]). In short, it appears that the speakers did use two
different speech rates during the recording. There was, however,
interaction between rate and speaker in the /m/ and /r/ data [for
m, F(3,20)=7.57; for /r/ F(3,20)=7.55; p<0.001 in both cases]
(these were the only interactions between speaker and the other
two factors). Post-hoc Scheffé tests showed that in both cases the
interaction was due to speaker PP who failed to show a difference
in test word duration between the two rates. Thus speaker PP’s
results for /r/ and /m/ should be treated with some caution.

Finally, it should be noted that the rate differences applied
both to words with an intervocalic singleton and to words with an
intervocalic geminate; the former were shorter than the latter in
the case of /n/ and /l/ [for /n/, F(1,3)=103.54; for /l/,
F(1,3)=32.71; p<0.01 in both cases]. In other words, although
gemination was a significant factor in two of the four sets of test
words, there was no interaction between it and rate.

Figure 1. Means and standard deviations of the CYG test words,
by intervocalic consonant; dark gray bars show normal rate and

light gray bars show fast rate.

3.2. Single and geminate sonorants in CYG
The comparisons of the durations of single and geminate CYG
sonorants yielded very similar results across consonant type, with
only /r/ being different (see below).

First, the factor speaker had a significant effect on the
duration of /m/, /n/ and /l/ [for /m/, F(3,20)=15.61, p<0.001; for
/n/, F(3,20)=9.07, p<0.001; for /l/, F(3,20)=3.65, p<0.03].
However, with the exception of the /m/ data (discussed in more
detail below), speaker did not interact either with gemination or
rate. Thus, it appears that the speaker main effect is due primarily
to (rather small, as the standard deviations suggest) realizational
differences among individual speakers.
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Figure 2. Means and standard deviations of SG sonorants and of CYG single and geminate sonorants; dark gray bars show normal
rate and light gray bars show fast rate.

Second, as can be seen in Figure 2, the duration of all
sonorants, except /m/, was shorter at fast than at normal rate [for
/n/, F(1,3)=26.06, p<0.01; for /l/, F(1,3)=119.64, p<0.001; for /r/,
F(1,3)=28.83, p<0.01]. The data for /m/ came very close to the
0.05 level [F(1,3)=8.04, p<0.06]. But in the case of /m/ there was
also interaction between speaker and rate [F(3,20)=13.22,
p<0.001]; Scheffé tests showed this to be due to speaker PP, who
failed to make a distinction between his normal and fast rate /m/s
(a result that tallies with his word duration data). In short, rate
affected the realization of all consonants by all speakers, with
PP’s /m/ data being the only exception.

Third, singletons were clearly shorter than geminates [for
/m/, F(1,3)=19.54, p<0.02; for /n/, F(1,3)=234.64, p<0.001; for
/l/, F(1,3)=109.13, p<0.001; for /r/, F(1,3)=202.78; p<0.001]. In
fact, the geminates were nearly twice as long as their singleton
counterparts though, as can be seen in Table 2, the exact ratio
depended on the segment and, to an extent, on the rate of speech.

The only case in which there is no durational difference
between a geminate and a singleton is that of /m/ in MK’s data;
this speaker failed to consistently produce the nonsense word
/maÈmu/ with a single intervocalic consonant, and as a result
there was no difference in the values for her single and geminate
/m/s. This was the only case of interaction between factors
speaker and gemination [F(3,20)=9.73, p<0.001].

CC/C
Normal rate Fast rate

/m/ 1.40 1.48
/n/ 1.88 1.78
/l/ 1.88 1.77
/r/ 2.39 1.78

Table 2. Mean CYG geminate/singleton ratios (CC/C) for all
speaker, presented separately for normal and fast rate.

In addition to the already mentioned interactions in the /m/
data, there was interaction between rate and gemination in the /r/
data only [F(1,3)=15.1, p<0.03]. Planned comparisons showed
that this interaction was due to the fact that, as expected, the
duration of the short /r/, [R], was not affected by rate changes.
Geminates, on the other hand, were shortened at fast rate
[F(1,20)=16.12, p<0.001], and there was a difference in duration
between single /r/ and geminate /r/ at both normal rate

[F(1,20)=147.67, p<0.001] and fast rate [F(1,20)=39.3, p<0.001].
In short rate affected both single and geminate sonorants, except
/r/, in a similar manner.

Nevertheless, it has often been reported (e.g. [11], [13]) that
long segments at fast rate reduce to such an extent that they may
acquire values similar to those of short segments at normal rate.
In order to establish if this was the case in the present data three-
way between-subjects ANOVAs (subject × rate × gemination)
were run on the data, followed by Scheffé tests (rate ×
gemination). These tests showed that in no cases were the fast
rate geminates not kept distinct from (and longer than) the
normal rate singletons (p<0.005 in all cases), although it is
conceivable that some tokens may have had overlapping values.

3.3. Comparing CYG and SG sonorants
For the comparison between Cypriot and Standard Greek, the
durations of the test sonorants were subjected to two-way
between-subjects ANOVAs [rate (normal, fast) × gemination
(CYG single, SG single, CYG geminate)], run separately for each
consonant type; the data were pooled across speakers since the
issue at hand was to establish, if possible, a general trend across
varieties rather than individual speakers.

As can be seen in Figure 2, both CYG and SG sonorants
were shorter at fast rate [for /m/, F(1,138)=62.95; for /n/,
F(1,138)=92.95; for /l/, F(1,138)=84.87; for /r/, F(1,138)=18.08;
p<0.001 in all cases]. In addition, there was a substantial effect of
consonant type [for /m/, F(1,138)=67.69; for /n/,
F(1,138)=231.38; for /l/, F(1,138)=237.67; for /r/,
F(1,138)=119.14; p<0.001 in all cases]. Planned comparisons
clearly showed that the durations of the SG /m/, /n/ and /l/ were
intermediate between the two “extremes” occupied by the CYG
singletons and geminates, and significantly different from both
[SG/m/ vs. CYG/m/, F(1,138)=15.4; SG/n/ vs. CYG/n/,
F(1,138)=51.6; SG/l/ vs. CYG/l/, F(1,138)=75.3; SG/m/ vs.
CYG/mm/, F(1,138)=56.6; SG/n/ vs. CYG/nn/, F(1,138)=195.1;
SG/l/ vs. CYG/ll/, F(1,138)=168.5; SG/r/ vs. CYG/rr/,
F(1,138)=190.9; p<0.001 in all cases]. This effect can be seen
clearly in Figure 2, for both fast and normal rate. For the /r/ data,
the planned comparisons showed that the SG and CYG single /r/s
were of the same duration, a result that was expected since the
single /r/ is a tap in both Standard and Cypriot Greek. Equally
expected was the interaction between rate and consonant type in
the /r/ data [F(1,138)=8.49, p<0.001], which as Scheffé tests
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showed was due to the taps being unaffected by rate changes (see
also section 3.2.)

Finally, the results suggest that the SG sonorants are not
more variable under changes of speaking rate than their CYG
counterparts. One indication is the size of the standard deviation;
Figure 2 clearly shows that the standard deviations of SG
sonorants are comparable to those of CYG single and geminate
sonorants. Furthermore, SG sonorants do not shorten more at fast
speaking rate than CYG sonorants do, although their temporal
reduction would not result in category overlap: as Table 3 shows,
the absolute difference between normal and fast renditions was
not greater for SG sonorants than for CYG singletons and
geminates, nor were the ratios of reduction particularly different.

GR
sonorants

CYG
singletons

CYG
geminates

/m/ ∆T 13.5 20.5 23.0
F/N 0.85 0.76 0.80

/n/ ∆T 17.6 11.6 27.8
F/N 0.79 0.82 0.77

/l/ ∆T 13.0 11.6 29.3
F/N 0.85 0.82 0.77

/r/ ∆T 1.7 1.00 18.6
F/N 0.93 0.96 0.72

Table 3. Mean differences in duration (∆T) between fast and
normal renditions of each sonorant, and fast/normal ratios (F/N);
the values are averaged across speakers.

4. DISCUSSION AND CONCLUSION
In summary, the results showed that CYG geminates were longer
than CYG singletons, although not as much longer as geminates
reported for other languages, such as Italian [3] and Luganda [5].
The durations of single sonorants were also rather shorter than
those reported for other languages (e.g. [2] for American
English). In SG, which has no length distinction, the sonorants
were intermediate in duration between the single and geminate
CYG segments, and comparable to those reported in [2].

As mentioned in the introduction, previous studies
comparing phonetic categories distinguished by duration have
shown that often one category remains virtually unaffected by
changes of speaking rate. This result has been attributed by some
to the incompressibility of certain categories – such as short-lag
VOT – due to strict articulatory limitations, and by others to the
need to keep the categories of a linguistic system distinct.

The present results show that to a certain extent both
explanations are correct. Specifically, they show that, on the one
hand, [R] remains unaffected by changes of rate, precisely as (or
even more so than) short-lag VOT does. In contrast, the other
single sonorants, whose duration is not so tightly controlled by
articulation, are indeed shortened at fast speech rate. This
strongly suggests that the stability of certain categories, like [R],
is due to their incompressibility, not to constraints imposed by
the linguistic system. This interpretation of the results is further
supported by the SG sonorants, which did not exhibit greater
variation than the CYG sonorants, despite the fact that they could
be more variable, since there is no category they could be
confused with. In other words, the hypothesis that SG would
impose less strict timing on its sonorants was not borne out.

On the other hand, the data also suggest that the linguistic
system does exert an influence on the preferred values of
particular categories; witness the unusually short durations of the
CYG singletons and the longer durations of their SG
counterparts. More importantly, perhaps, the influence of the
linguistic system is manifested in the fact that the CYG
geminates were longer than singletons both within and across
speaking rates. In other words, fast rate geminates were not
shortened to the extent that they overlapped with singletons
spoken at normal rate; the two categories remained clearly apart.
This strongly suggests that the results on contrastive vowel
length, which show category overlap, are due to the secondary
role played by duration in those cases. In contrast, the results here
show clearly that when duration is the main cue to a categorial
distinction, no overlap occurs between the values of the different
categories.

It is fair to say that the results are based only on sonorants,
and on one type of contextual change, speech rate. Further
research – involving additional parameters and segment types,
such as stress and fricatives respectively – will be necessary to
consolidate this finding.
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ABSTRACT

The ÒdialectsÓ of Berber differ in whether they have been
affected by a historical process of spirantization of singleton
plosives, changing, for example, /t/ into /T/.  It might be expected
that the spirantizing dialects will shorten their remaining stops
(the original geminates) when there is no longer a singleton/
geminate contrast to maintain.  Acoustic closure duration of stops
was measured for 8 speakers, 4 of non-spirantizing dialects, 3 of
spirantizing dialects, and 1 of an assibilating dialect.  The
historical geminate stops are long for all speakers regardless of
dialect, having about twice the duration of singleton stops.  This
suggests it is not inappropriate to describe them phonetically as
geminates for both groups.

1.  INTRODUCTION
The varieties of Berber (usually called ÔdialectsÕ but very diverse)
are spoken from the Mediterranean coast of Africa to the southern
Sahara.  Arabic is the politically dominant language in this area,
allowing the Berber dialects to remain relatively free of the
homogenizing tendencies due to development of standard
languages.  Consequently, even within a given ÔdialectÕ there is
often considerable variation.  Nonetheless, the dialects can be
divided quite tidily into those which have undergone a process of
spirantization of original singleton plosives and those which have
not.  In all spirantizing dialects original */t/ and */d/ have evolved
into /T/ and /D/ while */tt/ and */dd/ remain as stops.  In some,
velar stops have also developed into fricatives, while voiced
bilabial stops (there are no voiceless bilabials) are least often
affected by spirantization [9].  Spirantization thus transforms the
contrast between singleton and geminate plosives into one
between fricative and plosive.  In view of this transformation, it
might be expected that the original geminate stops would lose the
durational characteristics of geminates, since greater length is
redundant when the distinction is transferred to consonant
manner.  The principal goal of this paper is thus to investigate if
this particular transformation of the structure of the phonological
system entails a change in the phonetic realization of the original
geminate stops, as functionally-based explanations for phonetic
patterns might predict.

A second objective of the paper is to contribute to the debate
among Berber scholars over whether what we have been referring
to as a singleton/geminate contrast is in fact appropriately viewed
as such, or is more appropriately viewed as a distinction of
ÔstrengthÕ or ÔtensionÕ between two classes of consonants.  While
some [1, 12, 6, 3] are content to use the term ÔgeminateÕ; others
[4, 5, 2, 10, 11, 8] reject this term.  The debate actually involves
three rather different aspects of the problem, which have not
always been distinguished.  One is a simple matter of definitions,
which is important here because different linguists have used the
term ÔgeminateÕ to mean rather different things.  The second is
the phonological patterning of the entities in question, while the
third is the phonetic nature of the distinction.  Probably all would

agree that geminates are characterized by substantially longer
duration than their non-geminate counterparts, but opinions differ
as whether all long consonants are by definition geminate, or only
those which also display certain phonological patterns, such as
being limited to intervocalic position, or always functioning as
heterosyllabic.  A short conference paper does not allow space to
discuss all these issues: we will limit our discussion to some
aspects of the phonetics, leaving aside the definitional and
phonological issues involved.

2.  DATA AND METHODS
Recordings were made of 8 speakers of a variety of Berber
dialects producing 6 repetitions of words embedded in a carrier
sentence.  Five of the speakers are from non-spirantizing dialects
(3 Tashlhiyt, and 2 speakers of different varieties of Touareg),
and 3 from spirantizing dialects (2 Tarifit, 1 Tamazight).  One of
the Tashlhiyt speakers speaks a variety which has undergone
assibilation (*/t, d/ > [s, z]), which also partially transforms the
contrasts between stops but in a different way and under different
conditions from the more widely found spirantization process.
The wordlists for the non-spirantizing dialects consist of minimal
or near-minimal pairs contrasting single and geminate stops in
medial position at bilabial, dental and velar places of articulation.
Wordlists for the spirantizing dialects contain words illustrating
all the stop types that remain in the dialect.  Word structure was
matched as far as possible across speakers and dialects.  The
words are listed in Table 1, together with speaker information.
The carrier phrases used are given in Table 2.  For three of the
speakers, selected word-initial examples of stops were also
included in the wordlist, as listed in Table 3.

Table 1.  Speakers and words recorded for word-medial stops
Speaker and Dialect   Words Gloss
1 Touareg (Tayirt)

abal ostrich (male)
abbar grabbing
at«l move home!
att«l wrap!
adal leopard
addal game
akal land
akkal suffering
agar maerua crassifolia
aggar acacia fruit

2 Touareg (Tawellemmet)
�b�t he has disappeared
abb� father
atu t«gr� you will understand
tattult belt
adal leopard
addal game
ak�r sheep
akkAr stealing
agar maerua crassifolia
aggar acacia fruit
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3.  Tashlhiyt (Tanalt)
bibi turkey
ibbi he has cut
rad j«tut he will hit him
ittut heÕs forgotten it
adan intestines
addal cape
ikWsa pasture
ikkWs he has taken
agar locust
aggar sowing

4.  Tashlhiyt (Tiznit) (as 3 except for words shown)
tit«lt clinging
itt«l he has wrapped
tikint household
tukkimt fist

8.  Tashlhiyt  (Anezi)
(as 3 except for words shown, and no tokens of /t, d/)

sikins household
sukkims fist

5.  Tamazight (A�t Sadden)
bibi turkey
ibbij he has cut
ittu he has forgotten
idd«z he has squashed
ikk«s he has taken
iggir he stayed behind

6.  Tarifit (Kabedana)
baba father
abbiS breast
ittu he has forgotten
idd«z he has squashed
ikk«s he has taken
igga he has done it

7. Tarifit (Temsamane) (as 6 except for words shown)
/b/ = [B]
Tibbi grooming

Table 2  Carrier phrases used
Touareg       /Ql«sQt ___ «d barar/     Òrepeat ___ and the boyÓ
Tashlhiyt     /in«jamt ___ jat twal/     Òsay (f pl.) ___ onceÓ
Tarifit          /ini ___ m«rTaj«n/           Òsay (sg) ___ twiceÓ
Tamazight   /ini ___  s«naT l«mrraT/    Òsay (sg) ___ twiceÓ

Table 3.  Word-initial stops
Speaker and Dialect Word Gloss
3 Tashlhiyt tut she knocked

ttut forget it!
kWs pasture!
kkWs take!
g«r sow!
ggW«r touch!

8 Tashlhiyt ttu forget!
ks pasture!
kk«s take!

6 Tarifit ttut forget it
dd«z squash!
kk«s take!
gg« do it!

The acoustic closure duration (ACD) was measured for all word-
medial stops using simultaneous displays of spectrograms and the
waveform in the Kay Elemetrics Multispeech program.  ACD is
defined as the interval from the acoustic offset of the preceding
vowel, marked by a sharp drop in amplitude and loss of visible
formant structure, to the release burst of the stop.  This acoustic

interval is assumed to closely reflect the duration of the
articulatory contact for the stops, and therefore to represent
indirectly an important aspect of the timing of the articulatory
gestures which produce these stops.  The acoustic closure could
not always be reliably measured in word-initial cases, despite
their being in a carrier phrase, as some speakers paused before the
target word.

3 RESULTS
3.1  Duration of stops in non-spirantizing dialects
The means of the ACD for each category of stop for the 4
speakers of non-spirantizing, non-assibilating dialects are plotted
in Figure 1.  These data, consisting of six tokens from each
speaker of all 10 stop types, were analyzed to provide a baseline
for comparing durations in spirantizing dialects.  ACD for
geminate stops is more than twice that of singleton stops, 136.5
ms vs 66.6 ms.  In a one-way analysis of variance, the main effect
of the single/geminate difference is highly significant, F (1, 238)
= 576.5, p < .0001.
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Figure 1.  Means of ACD for each stop type for 4 speakers of

non-spirantizing dialects.  Error bars are one standard deviation.

3.1.2  Voicing. There is also the expected effect of voicing
category on ACD.  This effect was examined at dental and velar
places, where voicing is distinctive.  Voiced stops have 11 ms
shorter ACD than voiceless ones.  In a two-way analysis of
variance with duration class and voicing as main effects this
difference was found to be highly significant, F (1, 188) = 11.9, p
= .0007.  Although the difference is greater between voiced and
voiceless singleton stops (14 ms) than between the geminates (8
ms), this interaction is not statistically significant.
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Figure 2.  Mean ACD for voiced and voiceless single and
geminate stops for 4 speakers of non-spirantizing dialects.
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3.1.3.  Place of articulation. ACD of stops in medial position
also shows significant effects of place of articulation.  The three-
way contrast between bilabial, dental and velar places can only be
compared using voiced stops, as shown in Figure 3.  In an
analysis of variance with duration class and place as main effects,
there is a highly significant effect of place, F (2, 138) = 10.6, p <
.0001.  Post-hoc comparison of means shows that all pairwise
comparisons are significant at the .05 level or better.
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Figure 3.  Mean ACD by place of articulation for voiced single
and geminate stops for 4 speakers of non-spirantizing dialects.

3.1.4.  Speaker differences. There are significant differences
among the 4 speakers, F (3, 232) = 37.6, p < .0001, but the
differences do not reflect the dialect grouping (Touareg vs
Tashlhiyt)  The effect is mostly due to the greater duration of
geminates, 172 ms, for speaker 4.  For others, geminates range
between 118 and 130 ms.  Mean ACD for singleton stops varies
much less between speakers, from 60 to 71 ms.

3.1.5  Summary so far. We thus see that singleton and geminate
are distinguished by very large differences in ACD, with the ratio
between singleton and geminate durations being greater than 1:2.
Superimposed on this large difference are smaller variations in
duration attributable to the effects of voicing, place of
articulation, and individual speakersÕ habits.

3.2.  Comparison including spirantizing dialects
We now proceed to comparisons involving all 8 speakers.  The
duration of original geminates will be compared at each place of
articulation between spirantizing and non-spirantizing dialects.
In figures 4-8 speakers for whom geminate stops at a given place
donÕt contrast with singeletons are distinguished by hatching.

3.2.1 Bilabials. Most speakers retain */b/ and */bb/ as stops, but
speaker 7, has [B] as the reflex of */b/, and hence only one class
of bilabial stops.  The duration of this speakerÕs bilabial stops is
not systematically shorter than that of speakers with a contrast of
/b/ and /bb/ (Figure 4).  In pairwise comparisons, speaker 7 has
longer duration than speakers 1 and 2, equivalent duration to
speakers 3 and 5, and shorter duration than speakers 4, 6 and 8.

3.2.2 Dentals. Voiced and voiceless geminate dental plosives
were examined itogether.  Mean ACDÕs are shown in Figure 5.
There are highly significant differences among speakers, F (7, 88)
= 25.9, p < .0001. The general pattern is that there are two groups
of speakers, speakers 1-3 with shorter ACDÕs and speakers 4-8

whose geminate dental ACDÕs are longer.  All pairwise
comparisons involving speakers drawn one from each group are
highly significant (at or better than the .0001 level by FisherÕs
PLSD).  Speakers 1-4 speak non-spirantizing dialects, and thus
have a contrast of /t, d/ vs /tt, dd/, while speakers 5-7 have
spirantized original singleton dental stops, and speaker 8 has
sibilants corresponding to */t/ and */d/.  Thus, the dialects which
lack a singleton/geminate contrast of dental stops are far from
shortening the original geminates.

3.2.3 Velars. Voiced and voiceless geminate velar plosives were
also analyzed together.  The results are similar to those for
dentals; there is a highly significant overall effect of speaker (F
(7, 88) = 34.2, p < .0001), and the same two groups of speakers
emerge between which all pairwise comparisons are highly
significant, although there is more variability within each group.
Speakers 5-7 have spirantized original singleton velar stops and
hence have no contrast between /k, g/ and /kk, gg/.  Again, the
dialects lacking contrast have not shortened the duration.
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Figure 4.  Mean ACD of geminate bilabial stops for all speakers.
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Figure 5.  Mean ACD of geminate dental stops for all 8 speakers.
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Figure 6.  Mean ACD of geminate velar stops for all 8 speakers.

3.3  Initial consonants
There is a limited amount of data on consonants in initial postion
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in our mterials (Table 3).  Means for initial dentals are shown in
Figure 7, separated by speaker and segment type.  Single and
geminate dental stops contrast for speaker 3, but not for the other
two speakers in this data set.  Original geminate dentals in initial
position remain long for all three speakers.

Initial geminate velar stop durations are shown in Figure 8.
Closure durations of all initial velar stops are shorter than their
counterparts in medial position.  However, the durations of initial
/kk/ and /gg/ are not systematically shorter in spirantizing dialects
than in non-spirantizing ones.
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Figure 7.  Mean ACD of initial dental stops, by speaker.
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Figure 8.  Mean ACD of initial geminate velar stops, by speaker.

3.4  Other differences
We considered the possibility that other differences correlate with
the presence or absence of singleton/geminate stop contrasts, but
it is difficult to compare factors such as burst amplitude across
different speakers.  One difference noted is the greater probability
of cessation of voicing in geminate voiced stops among speakers
of spirantizing dialects (Table 4).  Devoicing before the release
occurs systematically in /gg/ for speakers 5 and 7, and in /bb/ for
speaker 5.  It only occurs very occasionally elsewhere.  The
speakers of spirantizing dialects are among those whose geminate
durations are longer and so might be more likely to devoice for
simple aerodynamic reasons.  Speakers 1-3, whose geminate
durations are shortest, have no devoiced tokens.

Table 4.  Number of tokens of geminates with devoicing.
Speaker bilabial dental velar
1 Touareg 0 0 0
2 Touareg 0 0 0
3 Tashlhiyt 0 0 0
4 Tashlhiyt 0 1 1
5 Tamazight 6 2 5
6 Tarifit 0 0 0
7 Tarifit 0 0 6
8 Tashlhiyt 0 0 1

4. DISCUSSION
Our results show that closure duration of historically geminate
plosives is broadly similar in varieties of Berber regardless of
whether sound changes have operated to suspend the contrast
between geminates and singleton consonants.  The prediction that
their duration will be shorter in the absence of contrast is not
supported.  In view of this, it does not seem inappropriate to refer
to members of this category of stops as phonetically geminate
even when no corresponding singleton occurs.

The magnitude of the duration differences between
contrasting singleton and geminate consonants (Figure 1) is so
large that it seems unlikely that any other phonetic parameter
underlying this distinction could have greater importance.  We
see no support in these results for suggesting that greater
articulatory force or ÔtensionÕ accounts for the long duration of
geminates, whether contrastive or not.  The greater duration of
voiceless stop closures compared with their voiced counterparts is
usually explained as due to the greater force of voiceless closures
[7].  In Berber we see that this factor accounts for a difference of
about 10-15 ms (Figure 2).  To account for duration differences
on the order of 100 ms would require improbably large
differences in articulatory force.  We might also suspect that so
massive a reorganization of articulatory strategy would disrupt
the typical pattern of place-dependent duration differences, rather
than producing effects that are parallel in magnitude between
singleton and geminate stops (Figure 3).  We believe that the long
duration of geminate stops in all the Berber dialects represented
here results from an  intention on the part of the speakers to
produce long duration, not something else.  This, of course, does
not mean that there are no other differences between long and
short counterparts, or that such differences play no role in the
production and perception of this distinction.
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ABSTRACT
A reliable method for automatic phonetic transcription of non−
prompted German speech has been developed at the
Department of Phonetics, University of Munich. This "Munich
Automatic Segmentation" (MAUS) system labels and
segments the phonetic constituents of spoken German in a
manner similar to highly trained phoneticians. MAUS has been
used to train automatic speech recognition (ASR) systems as
well as to provide detailed statistical analyses of spontaneous
speech (using the Verbmobil I and RVG I corpora). The
MAUS system is a reliable, automatic means of testing
linguistic hypotheses concerning the phonetic properties of
spontaneous speech and should therefore play an important
role in providing the sort of empirical data required to develop
more realistic models of spoken language.

1. INTRODUCTION
In many cases our scientific work with recorded non−
prompted or even spontaneous German during the last 5 years
ended in results that often differ from our text book knowledge
of German phonetics. In the light of these observations it is
my opinion that the speech sciences including phonetics
should follow a new way (beside the traditional ways that are
of course still to be pursued!) to comply with the problem that
often the scientific models of speech differ significantly from
reality. Therefore, in part 2 I will give some arguments for
computational methods on the basis of large purpose−
independent speech corpora. To give an example of this type
of work the third section gives a brief description of the
’Munich Automatic Segmentation’ (MAUS) method, while the
last part will give three examples where results from MAUS
were used in different experiments or applications. The first
example is a statistical evaluation of well known assimilation
processes at word boundaries; the second and third example
describe experiments to improve Automatic Speech
Recognition (ASR) by exploiting the knowledge about
pronunciation from the MAUS segmentation.

2. PRO COMPUTATIONAL METHODS
Traditional work in the empirical speech sciences (especially
in phonetics) in most cases follows the approved ’divide−and−
analyze’ method. That is, a special question is raised, a
hypothesis is formulated and then a data corpus is designed,
collected and analyzed to verify/falsify the hypothesis. From
the results of analysis (in most cases of statistical nature)
conclusions are drawn about the nature of the problem. In
some cases it has been observed that such
conclusions/rules/laws/etc. are heavily data dependent and
often experiments cannot be repeated successfully on different
corpora. Again, this is an approved and perfectly normal way

for the science community to verify the published results of
their colleagues and can be observed in most other empirical
sciences as well. However, the case of non−repeatable results
seems to be more often reported in the empirical speech
sciences (including phonetics) than others. There are several
possible explanations for this situation; a likely one is the
following: The corpus design or the collection method held
some properties influenced by the a−priori knowledge of the
nature of the following analysis. This does NOT mean that the
corpus was designed to yield a positive outcome of the
experiment on purpose. But for instance certain speech
characteristics were suppressed in the corpus to follow the
’divide and analyze’ method and this may have unexpected
consequences for the investigated phenomena. In other words,
it may be an inherent problem of non−prompted speech (vs.
controlled read speech) itself caused by the huge diversity of
natural speech signals. Every recorded speech signal is a
unique event that can never be reproduced in the same way;
and that is even more true for non−prompted speech. Trying to
characterize the properties of different recordings a skilled
phonetician can easily find about 40 more or less orthogonal
factors that all have a more or less significant impact to the
acoustical wave form, such as mean/max/min formants,
mean/max/min f0, glottal pulse shape, syllable rhythm, nasal
airflow, volume, focus characteristics, place of articulation for
different phonemes, etc. If the above is true, then it follows
that the empirical speech sciences should deal with large
independently created corpora that in turn should reflect reality
in terms of real life situations as nearly as possible.   

Fortunately, this is nothing new: During the last years,
following the free availability of large corpora with non−
prompted or application oriented speech many of the phonetic
science community have already shifted to these data.
Examples are Pat Keating working on switchboard (e.g. [1]),
Steven Greenberg investigating syllables in switchboard (e.g.
[2]), IPO working with the Dutch polyphone database (to
appear) and ongoing work in Germany on the Verbmobil
corpus ([3], [4]) or the RVG corpus ([5], [6]). Interestingly
enough many of these investigations have a falsifying
character, that is models of fluent speech were shown to be
inadequate. 

To summarize this part: My argument is that phonetics (as
well as other empirical speech sciences) should shift as much
as possible to data that  
• allow reliable statistical results  
• contain ’realistic speech’ (as good as it gets)  
• are freely available, so that other colleagues may repeat

experiments 
• are not designed for one specific investigation (at best are

produced by another institution).  

AUTOMATIC PHONETIC TRANSCRIPTION OF 
NON−PROMPTED SPEECH

Florian Schiel
schiel@phonetik.uni−muenchen.de

Department of Phonetics, University of Munich, Germany
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To give one example for the possible usage of
computational methods in the speech sciences the following
part will give a very short outline about the MAUS method
developed in Munich.  

3. THE MAUS METHOD
3.1. Principle
The ’Munich AUtomatic Segmentation’ (MAUS) system
developed at our lab enables us for the first time to
phonologically transcribe large amounts of non−prompted
speech for statistical analysis. In one sentence, MAUS uses a
constraint search space derived from the canonical
pronunciation of the given utterance in a standard Viterbi
alignment to come up with a broad phonetic transcript (SAM
Phonetic Alphabet, see e.g. [8]) and a segmentation of the
speech wave form. Although the segmentation still lacks the
accuracy of a manual segmentation and labeling, the
transcripts are within the range of the performance of skilled
phoneticians on the same task. For more details about the
MAUS method refer to [9], [10] and [11].   

The step−by−step procedure to analyze a spoken utterance
can be summarized as follows (refer to figure 1):
Input to MAUS is the speech wave and some orthographic
form of the spoken text. The text may be optionally, but not
necessarily extended by noise and silence markers. The text is
parsed into a chain of single words (punctuation marks are
stripped) and passed to a text−to−phoneme algorithm, which is
either rule−based or a combination of lexicon lookup and
fallback to the rule−based system. The resulting string
consisting of phonemic SAM−PA symbols ([8]) is enlarged by
optional inter−word silence symbols and passed to the next
stage called WORDVAR. 

WORDVAR is a production system with re−write rules that
has expertise about German pronunciation. It takes the linear
chain of SAM−PA symbols (the so called canonical
pronunciation of the utterance) and computes an acyclic
directed graph that represents all probable pronunciation
variants of this utterance together with the predictor
probability (nodes contain phonemic/allophonic symbols,
while arcs represent transitions from one symbol to the next;
see figure 2 for an example). Each path through this graph
represents a unique possible pronunciation, while the product
of all probabilities along the arcs gives the total predictor
probability of this variant ([10]).  

The graph and the speech wave is passed to a standard
Viterbi alignment procedure that computes the best combined
probability of acoustical score and predictor probability, in
other words, finds the most likely path through the graph. The
outcome of the alignment process is a transcript in SAM−PA
together with a segmentation of the speech wave in 10msec
increments.

3.2 The rule sets
MAUS can be used in two different modes using two different
sets of phonological rules for the creation of the constraining
pronunciation graph. A rule has the general form of

LBR > LNR ; P
whereL, B, RandN are sequences of SAM−PA symbols andP
denotes the negative logarithm of the rule probability.L andR
define the left and right context of the rule;  B is replaced by N.

The term phonological rule issomewhat misleading here
because the underlying alphabet SAM−PA is not a pure
phonological set but contains allophones as well. However, to
avoid the termphonetic−phonologicthe rules are referred to
as phonologic throughout this paper.

P denotes the a−posteriori probability −log[P(LNR|LBR)]
that the bodyB is replaced byN whenever the sequenceLBR
occurs in the canonical string of the utterance. This implies a
non−recursive application of the rule set; thus the output of a
rule cannot be input to another (or the same) rule. By this we
gain a better control of what the rule sets possibly produce and
reduce the amount of irrelevant hypotheses by several
magnitudes per utterance.  

Currently MAUS uses two types of rule sets (a third is under
development and presented in a separate paper at this
conference). In therule−based modeit exploits knowledge
about pronunciation variation found in the literature and
empirical studies about manually segmented speech compiled
into a set of approx. 6500 re−write rules. Since no statistical
knowledge can be derived from literature, the rule
probabilities of this set are consequently set to 1.0 ([7]). In the
statistical modethe rule set is automatically derived from a
small sample of manually segmented and labeled data
(typically 1h of speech) and each re−write rule is associated
with an a−posteriori probabilityP computed from the pruned
observation frequency ([11]).  

Figure 3 shows a result from a MAUS segmentation of the
German word ’neunzigste’. As may be seen, the affricate /ts/
was reduced to an /s/ and the the second plosive /t/ has a
wrong left boundary. These are typical errors that should be
corrected by the still missing third last stage of MAUS.

A more detailed evaluation of the MAUS performance
compared to human transcribers can be found in [11].

Figure 1. Processing in MAUS
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4. EXAMPLES
4.1. Cross−word assimilation  in Verbmobil I
Aside from other investigations the simplest analysis was to
verify whether phonetic/phonologic effects in non−prompted
speech can be statistically verified in the Verbmobil 1 corpus
as well. Our special interest was assimilation effects across
word boundaries. 

The VM1 corpus is a collection of 1956 dialogue recordings
of 779 different speakers produced in 1993 − 1996. It contains
13910 utterances (turns) each with 22.8 words in average. In
each dialog both speakers had to negotiate up to 7 business
appointments using defined calendars. Overlapping speech was
prevented by use of a push−to−talk−button. The whole corpus
was transcribed into an orthographic markup language
containing the spoken words and tags for technical noises,
articulatory noises, linguistic effects such as repair, repeat,
pronunciation variants, proper names, numbers, spellings and
others. Parts of the corpus were labeled and segmented
manually with regards to phonemic segments, prosody and
dialog acts ([3]).

We choose the following re−write rules (formulated in
extended German SAM−PA; ’#’ denotes a word boundary)
from an earlier investigation done at our lab [7]:  

Regressive assimilation of place of articulation  
p#k −> #k   (0/95)       p(A|C) = 0 
t#p −> #p   (106/196)    p(A|C) = 0.3509 
t#m −> p#m  (0/2290)     p(A|C) = 0 
n#p −> m#p  (16/544)     p(A|C) = 0.0286 

Regressive assimilation of manner of articulation  
t#z −> #s   (0/1376)     p(A|C) = 0 

Progressive assimilation of manner of articulation  
n#d −> #n   (360/7444)   p(A|C) = 0.0461 
m#b −> #m   (0/808)      p(A|C) = 0 

s#d −> #s   (7/3131)   p(A|C) = 0.0022 

Voicing assimilation 
t#v −> d#v  (1/1833)   p(A|C) = 0.0005 
t#v −> t#f  (0/1834)     p(A|C) = 0 
t#d −> #d   (3053/2404)  p(A|C) = 0.5595 
t#d −> #t   (0/5457)     p(A|C) = 0 

Deletion of voiceless fricatives  
t#h −> t#   (41/852)     p(A|C) = 0.0459 
N#h −> N#   (4/45)       p(A|C) = 0.0816 
C#h −> C#   (51/947)     p(A|C) = 0.0511 
x#t −> #t   (1/324)    p(A|C) = 0.0031 
x#h −> #h   (3/174)    p(A|C) = 0.0169

We analyzed 303446 spoken words with the MAUS method
and counted the appearance of the above assimilations. The
total numbers (appeared/not appeared) are given in brackets in
the second column; the a−posteriori probabilities for the
occurrence of the assimilation A given the context C is given
in the third column. As you can see from the raw results, six
out of seventeen assimilations never occurred in the MAUS
segmentation. 

This result does not automatically imply that none of the
listed assimilations can be found in the data; it means that the
underlying statistical models in MAUS decided to model the
speech wave in a way to maximize the overall Likelihood
between data and model. For instance, it might be that the
regressive assimilationt#m −> p#m was very sparse in the
bootstrap set of MAUS and was therefore pruned in favor of
other observations.   

 4.2. Regional Variation in Verbmobil I
Another experiment derived from our massive data approach
was the investigation whether the knowledge of the dialect
class of an unknown speaker might be a benefit for ASR in the
Verbmobil speech recognizer. This work was done by N.

Figure 2. The MAUS  pronunciation graph of the German word ’neunzigste’ (ninetieth)
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Beringer and P. Regel at the Daimler Benz research center in
Ulm, Germany in 1997 (details in [4]). The basic idea was to
sort training speakers of the Verbmobil corpus into different
dialect bins and derive dialect specific lexica for each group
from the MAUS segmentation of the training corpus. In a
cheating experiment where the dialectal class of each test
speaker was known to the recognizer, its performance was
evaluated on a bench mark task.  

Although no significant improvements could be achieved in
this experiment, we will continue to pursue this topic in future
work at our lab in Munich on the RVG1 corpus, which
contains a better controlled regional variation of speakers
([5]). Furthermore, we learned from these experiments that it
is crucial to involve the acoustic modeling into the task of
pronunciation modeling on the lexical level.  

 4.3. General Pronunciation  Model for ASR
In a different approach a general statistical pronunciation
model for each lexical entry was derived from the MAUS
transcriptions ([12]). A standard HTK recognizer was used on
the 1994 Verbmobil evaluation data to verify the model. To
summarize the results the only significant improvements in
terms of word recognition were achieved by using the same
MAUS transcriptions for the training of the acoustical models
as well as  the lexical model.
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page 610 ICPhS99          San Francisco



INCORPORATING CONTEXTUAL PHONETICS INTO AUTOMATIC
SPEECH RECOGNITION

Eric Fosler-Lussier?y, Steven Greenbergy, and Nelson Morgan?y

?University of California, Berkeley, USA
yInternational Computer Science Institute, USA

ABSTRACT

This work outlines the problems encountered in modeling pro-
nunciation for automatic speech recognition (ASR) of spontaneous
(American) English speech. We detail some of the phonetic phe-
nomena within the Switchboard corpus that make the recognition
of this speaking style difficult. Phonetic transcribers found that fea-
ture spreading and cue trading made identification of phonetic seg-
mental boundaries problematic. Including different forms of con-
text in pronunciation models, however, may alleviate these prob-
lems in the ASR domain. The syllable appears to play an im-
portant role, as many of the phonetic phenomena seen are sylla-
ble-internal, and the increase in pronunciation variation compared
to read speech is concentrated in coda consonants. In addition, we
show that other forms of context – speaking rate and word pre-
dictability – help indicate increases in variability. We present a
dynamic ASR pronunciation model that utilizes longer phonetic
contextual windows for capturing the range of detail characteristic
of naturally spoken language.

1. INTRODUCTION

ASR systems typically perform more poorly on spontaneous
speech than on corpora containing scripted and highly planned ma-
terial. Although some of this deterioration in performance reflects
the wide range of acoustic background conditions typical of natu-
ral speech, much of the decline in recognition accuracy can be at-
tributed to a mismatch between the phonetic sequence recognized
and the representation of words in the system’s lexicon. Finding
ways to predict when and how the phonetic realization of an ut-
terance deviates from the norm is likely to improve recognition
performance.

In NIST’s recent evaluation of speech recognizers [11], it was
clear that all current systems perform much worse in spontaneous
conditions. In Figure 1 we show the error rates of recognizers run-
ning on the Broadcast News corpus, a collection of radio and tele-
vision news programs, for two different focus conditions:planned
studio speech, in which announcers read from a script, andspon-
taneousstudio speech, in which reporters conducted more natu-
ral interviews.1 All of the recognizers in the evaluation had 60 to
100% more errors in the spontaneous condition. Since the acoustic
environment of these two conditions is similar, the most plausible
explanation of the variation in ASR performance is the difference
in speaking style.

Recognizers’ diminished performance on spontaneous speech
can be attributed to many factors, such as differences in sentence
structure or additional disfluencies that would affect the ASR lan-
guage model [6,13]. One of the biggest influences, however, is the
variation in pronunciations seen in spontaneous speech. We have
observed [2] that an increase in errors made by ASR systems cor-
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Figure 1. ASR system error for nine recognizers on planned and
spontaneous studio speech in the Broadcast News corpus.

relates with situations in which phonetic transcriptions of the test
speech data do not match the pronunciations found in the recogni-
tion dictionary. For example, one system tested on the Switchboard
corpus of spontaneous speech produced one-third more errors for
words pronounced non-canonically.

McAllasteret al. [10] used simulated acoustic data with their
Switchboard recognizer to normalize the effects of misclassifica-
tions made by the acoustic (phonetic categorization) model; fo-
cusing on the differences between the phonetic transcript of the
Switchboard test set and pronunciation models in the dictionary,
they found that reductions and phonological variations in Switch-
board were the single most significant cause of errors in their rec-
ognizer. Thus, a critical step for training a casual-speech recogni-
tion system is the determination of when and how pronunciations
can vary in this speaking style.

2. HOW IS SPONTANEOUS SPEECH DIFFERENT?

Since the above experiments suggest that the pronunciations of
spontaneous speech are different enough to cause substantial mis-
matches with standard recognizer pronunciation models developed
primarily for read speech, it is important to characterize how these
differences are realized both acoustically and with respect to fea-
tures other than segmental context. We present here some observa-
tions from our transcription of the Switchboard corpus.
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Switchboard (spontaneous) TIMIT (read)
Syllable constituent # instances % Canonical # instances % Canonical
Onset 39214 84.4 57868 90.0

Simple [C] 32851 84.7 42992 88.9
Complex [CC(C)] 6363 89.4 14876 93.3

Nucleus 48993 65.3 62118 62.2
with/without onset 35979 / 13104 69.6 / 53.4 50166 / 11952 64.7 / 51.8
with/without coda 26258 / 15101 64.4 / 66.4 32598 / 29520 58.2 / 66.6

Coda 32512 63.4 40095 81.0
Simple [C] 20282 64.7 25732 81.3

Complex [CC(C)] 12230 61.2 14363 80.5

Table 1. Frequency of phone transcription matches against the lexicon’s canonical pronunciation for Switchboard and TIMIT

2.1. Transcribing Switchboard
For the 1996 and 1997 Johns Hopkins Large Vocabulary Contin-
uous Speech Recognition Summer Research Workshops, linguists
at ICSI transcribed phonetically roughly four hours of the Switch-
board corpus [4]. The difficulty of transcribing this data provided
valuable insights into how the assumptions made for read-speech
transcription did not fit this database.

The original transcription system used was modeled after
the guidelines developed for transcribing the TIMIT corpus of
prompted speech [3]. Transcribers were asked to segment words
into individual phones, as most ASR systems require. However,
the transcribers often found phenomena that defied the given seg-
mentation and identification criteria. Irregular phonetic expression
of segments was a common occurrence. The linguists cited the
following difficulties in transcription:

Feature spreading: Many segments are deleted entirely in pro-
duction, though their influence is often manifest in the pho-
netic properties of their segmental neighbors. This makes it
difficult to determine hard phonetic boundaries. For exam-
ple, the character of vowels neighboring/r/ or following
/j/ are colored almost completely by the consonant; it was
impossible to say where the segmental boundary lay. Nasals
often spread into adjoining stops (e.g., /nd/ clusters in syl-
lable codas), eliminating the closure but preserving the stop
burst.

Cue trading: Alternative phonetic realizations often occur in
place of canonical acoustic patterns. For example, dental and
nasal flaps are occasionally demarcated by dips in waveform
amplitude, rather than by any noticeable change in the for-
mant trajectories. Often, there was almost no acoustic evi-
dence for very predictable words (e.g., moreof that); how-
ever, a vestigial timing cue would indicate the presence of a
word that could be filled in from context.

These observations instigated a slight shift in transcription fo-
cus for later phases of the project. Since phonetic boundaries were
difficult to determine, and many of the observed phenomena were
syllable-internal, the linguists were instructed to give the phonetic
identities of segments, but only mark junctions between syllables.
While not every boundary was unambiguous, this did ease the de-
cision process for transcribers, speeding transcription greatly. For
more examples from the Switchboard transcription project, visit
http://www.icsi.berkeley.edu/real/stp .

2.2. TIMIT versus Switchboard
Syllabic constraints exert influence on pronunciation variation in
both read and spontaneous speech; the differences between the two
speaking styles also stand out when examining phones within syl-
labic contexts. Greenberg [5] has previously demonstrated with

the Switchboard corpus that the probability of canonical pronunci-
ation of a phone depends on the position of the phone within the
syllable. We compared these results with the TIMIT read-speech
corpus in order to determine whether syllabic constraints caused
characteristic pronunciation variation effects.

We compared the pronunciations transcribed for each word
in Switchboard and TIMIT to the closest pronunciation given for
the word in the Pronlex pronunciation dictionary [9], using auto-
matic syllabification methods to determine syllabic positions, as
described in [2].2 This procedure highlighted marked similarities
and differences between pronunciations in the two corpora. As we
see in Table 1, onset consonants are pronounced canonically more
often than other phones in both corpora, particularly in the case
of complex consonant clusters. These segments are often acous-
tically strong, perhaps to demarcate the start of a syllable. Also,
vowel nuclei match thea priori pronunciation approximately as
often in read as in spontaneous speech. This is a surprising fact —
it suggests that the acoustics of vowels are influenced by context,
but still remain relatively variable. Nuclei without preceding on-
set consonants are much less likely to be canonical than those with
onsets, probably because they are influenced more by the varying
preceding syllable than by the (usually canonical) onset.

The biggest difference between spontaneous and read speech
is the large increase in variability of the coda consonants — es-
sentially a 20% change. Thus, in spontaneous speech coda seg-
ments are about as canonical as nuclei, whereas in read speech their
canonicity compares to that of onset consonants. Keating’s [8]
analysis of a different portion of this corpus concurs with this
finding: most of the variation phenomena she discusses involve
changes either in vowel qualities or in the final consonant.

The implication of these findings is that words may be identi-
fied most strongly by the syllable-initial portion of the word. Less
variation is observed in onsets because they are used to discrim-
inate between lexical items. Given the words in the transcribed
portion of the Switchboard corpus, we located pairs of words that
differed by one phone in the Pronlex dictionary (e.g., newsand
lose). These pairs were classified by whether the phone difference
was in onset, nucleus, or coda position. Onset discrepancies out-
numbered nucleus discrepancies by a factor of 1.5 to 1, and coda
discrepancies by 1.8 to 1, indicating that at least for this crude mea-
sure, onsets appear to be more important for word discriminability.

2.3. Word Frequency and Speaking Rate
Phonetic context is not the only factor that can affect the acous-
tic realization of words. We have been investigating other non-
segmental factors (word frequency and speaking rate) that can de-
termine how pronunciations can vary [2].

We computed an average syllabic distance measure between
the phonetic transcription and the Pronlex dictionary for all of the
syllables in the transcribed portion of the Switchboard corpus; an

page 612 ICPhS99          San Francisco

http://www.icsi.berkeley.edu/real/stp


−6

−5

−4

−3

−2

−1

2

3

4

5

6

7

8
2

4

6

8

10

Log unigram probability

Average phonetic distance between baseform and transcription

Speaking rate (syls/sec)

D
is

t(
ba

se
fo

rm
,tr

an
sc

rip
tio

n)
 p

er
 s

yl
la

bl
e

2

3

4

5

6

7

8

9

Figure 2. Distance from canonical pronunciation as a function of
word frequency and speaking rate (from [2]). Higher frequency
words are to the right on this graph; faster speaking rates are to the
left/rear.

increase in this measure corresponds to further divergence in pro-
nunciation in terms of a phonetic feature space. In Figure 2, this
measure is plotted against the unigram frequency of the word and
local interpausal speaking rate, as given by the transcribers.

There is an interaction between unigram probability, speak-
ing rate, and the average distance for each syllable from the Pron-
lex baseforms: in less frequent words there is some increase in
mean distance as rate increases, but for syllables occurring in more
frequent words, the rate effect is more marked. This complex in-
terdependency between these three variables makes sense from an
information-theoretic viewpoint — since high-frequency words are
more predictable, more variation is allowed in their production at
various speaking rates, as the listener will be able to reconstruct
what was said from context and few acoustic cues.

Other factors besides speaking rate and word predictability
can affect pronunciations. Jurafskyet al. [7] have studied how
filled pauses, disfluencies, segmental context, speaking rate, and
word predictability relate to the realization of the ten most com-
mon function words in the Switchboard corpus. For many of these
variables, they found significant independent effects on function
word reductions.

3. IMPLICATIONS FOR ASR MODELS

It is clear that the context in which a phone appears has a significant
effect on the acoustic (and articulatory) realization of the phone;
this effect is very prominent in spontaneous speech. The increased
variability in the phonetic realization must be considered in build-
ing statistical models for ASR systems. Many of the “problematic”
phonetic phenomena described here can be modeled by examining
the extended context for each phone: either the neighboring phones
or the containing syllable or word.

Many speech recognizers already incorporate triphone mod-
els [12] that are dependent on the previous and subsequent phones
in context. In essence, one builds finer and finer models of phonetic
categories; so that one does not have to build a model ofeverypos-
sible phonetic context, clustering techniques [15] that either use
phone categories (e.g. manner or place of articulation) or a blind
statistical criterion of similarity can effectively reduce the number
of models needed.

NO YES

NO YES

Is next word one of:

{Clinton, Clinton’s,
  Boris}

Is previous word one of:

?

{for, the}
0.69 pcl p r eh z ih dx ax n
0.18 pcl p r eh z dx ax n
0.10 pcl p r eh z ih dx ax ng

?

0.47 pcl p r eh z ih dx ax n

0.14 pcl p r eh z ax n
0.33 pcl p r eh z ih dx ax n tcl

0.89 pcl p r eh z ih dx ax n tcl
0.06 pcl p r eh z ih dx ax n
0.05 pcl p r eh z dx ax n

Figure 3. Decision tree model forpresident.

Another option is to determine which pronunciation mod-
els match acoustic examples under different contexts [14,inter
alia]. In this scenario, a recognizer, trained using a baseline pro-
nunciation representation, generates a phonetic transcription of
some training data unconstrained by the word sequence. One can
then use automatic techniques to find how the unconstrained ASR
phone models differ from the dictionary pronunciation, given the
surrounding phones as context — a quasi-phonological approach.
Instead of concerning ourselves with the interrelation of phonemes
and phones, we are determining how phones relate to recognizer
models in different contexts.

As we have seen, all phones are not created equal — syllabic
position can influence the phonetic realization of segments. Since
many of the phenomena we studied are syllable-internal, syllable
and word models can be used explicitly to model internal context.
Rather than spending modeling power on learning the contexts in
which phones change pronunciation, we allow segmental context
to determine the set of models we use. We can then learn how
other factors (e.g., speaking rate) affect pronunciations within this
longer context anddynamicallychoose appropriate pronunciation
models during recognition.

We trained decision trees (d-trees) to predict the pronuncia-
tion of words based on information about surrounding words. D-
trees [1] are statistical classifiers that can select a set of features
to improve the prediction of events (in this case the probability of
a particular pronunciation). Thus, we can present the d-tree algo-
rithm with a substantial number of features, such as the identities
and features of surrounding phones or extra-segmental features like
speaking rate and word predictability, and have the algorithm auto-
matically select the best combination of these features to improve
pronunciation classification.

Using roughly 74 hours of training data from the Broadcast
News corpus, we built models for the 550 most frequent words us-
ing surrounding word identities and the identities, manner, place,
and syllabic position of neighboring phones as features in the d-
tree. We also included information about word length, several es-
timates of speaking rate, and the trigram probability of the word.
Slightly less than half of the trees in each case used a distribution
other than the prior (i.e., were grown to more than one leaf).

The automatic analyses provided by the d-tree algorithm lo-
cated several linguistically plausible pronunciation changes. For
example, in the tree forpresident(shown in figure 3), when the
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All Planned Spontaneous
Dictionary conditions studio studio
Baseline 26.7% 15.4% 27.2%
Word trees 26.5% 15.0% 27.0%
Syllable trees 26.3% 15.3% 25.8%

Table 2. Broadcast News word error rate for dynamic tree models.

following word wasClinton, Clinton’s,or Boris, the final/t/ clo-
sure was very likely to be deleted. In addition, the velarization of
/n/ to [ng] was possible, a likely consequence of the follow-
ing /k/ in Clinton(’s). It is important to note that the velarization
requires the deletion of/t/ to be possible; it is easier for the rec-
ognizer to learn these co-occurrences when units larger than indi-
vidual phones are modeled.

We also trained roughly 800 d-trees to model syllables, giv-
ing about 70% coverage of the syllables in the corpus. Each word
was given a single canonical syllable transcription so that words
with similar alternative syllabic-internal pronunciation in the base-
line dictionary shared the same syllable model. In addition to the
features found in the word trees, we informed the the syllable trees
about the lexical stress of the syllable, position within the word,
and the word’s identity.

We found the 100 best hypotheses for each utterance using our
baseline recognizer in a 30-minute subset of the 1997 Broadcast
News (Hub 4) English evaluation test set. The word and syllable
d-trees were used to expand each hypothesis into a large pronunci-
ation graph that was then rescored; hypotheses were then re-ranked
using an average of the old and new acoustic scores.

The word-based d-trees gave a slight improvement over the
baseline, though the syllable trees boosted results a bit more. No-
tably, the word trees provided incremental improvements under
each focus condition, whereas the syllable trees contributed pri-
marily to an improvement specific to spontaneous speech. Given
the distinct effects of syllabic structure on spontaneous pronuncia-
tions demonstrated in Section 2, the improvement on this speaking
style is not unexpected; however, the exact relationship between
these phenomena is uncertain, and bears further investigation.

4. CONCLUSIONS

Spontaneous speech presents a difficult challenge to speech re-
searchers; engineers and phoneticians should work together to
build coherent models of the pronunciation variability inherent in
this speaking style. Mostly due to this variability, current rec-
ognizer technology for spontaneous speech lags behind that for
recognition of planned speech.

The pronunciation variability inherent in Switchboard is ac-
companied by a number of non-traditional phonetic phenomena,
including feature spreading and cue trading. We have found that a
syllabic orientation can help explain some of these phenomena, as
the onsets of syllables in casual speech tend to be more stable than
the rime (nucleus/coda segments).

In order to integrate these phonetic observations into our rec-
ognizer, we developed statistical models of syllables and words
which took into account an extended context that included word
predictability and speaking rate, as well as segmental context. An
initial implementation of this model showed improvement partic-
ularly for the spontaneous speech portion of the Broadcast News
corpus; we are encouraged by these results, and are continuing de-
velopment of these models.
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NOTES

1. The corpus also comprises several other focus conditions, including de-
graded acoustics and foreign accents.

2. The results reported here deviate slightly from those listed in [5:Table 6]
due to differences in how the canonical dictionary pronunciation was cho-
sen, as well as issues of normalizing phonesets between the Switchboard
and TIMIT transcriptions.
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A CASE STUDY OF SPONTANEOUS SPEECH
IN JAPANESE

Takayuki Arai
Sophia University, Tokyo, JAPAN

ABSTRACT

This paper investigates spontaneous speech in Japanese,
particularly phonetic phenomena that do not normally occur in
carefully pronounced formal speech. I discuss several
pronunciation variations in a corpus, including reduction or
deletion of both vowels and consonants.

In this study, I also analyzed a specific speech utterance, which
has a combination of some of those pronunciation variations, in
detail. It was often difficult to identify each segment in the
utterance solely by listening to just the few segments themselves
(micro-listening), even if listening to the entire phrase (macro-
listening) sounded intelligible. I conducted a perceptual
experiment using this utterance; the results showed that the same
speech segment was perceived as two morae by micro-listening and
as five morae by macro-listening.

Listeners use a combination of temporal and contextual cues to
reconstruct a speaker’s intentions, although the phenomena found
in spontaneous speech show that phonetic segments may change
their appearance.

1. INTRODUCTION
Nearly all that is known about spoken Japanese is derived from
studies of either read text or citation-form speech. However, it is
unclear how representative these speaking styles are of unscripted,
spontaneous Japanese.

In spontaneous speech, there is more variation at both
segmental and suprasegmental levels than is present in carefully
spoken formal speech. For examples, analysis of spontaneous
speech shows different results for the phenomenon of mora
timing than have been found in previous literature based on careful
speech, as described in [1]. At the segmental level, both carefully
articulated and spontaneous speech exhibit coarticulation.
However, spontaneous speech also exhibits many phonetic
properties that are not found in careful speech.

The influence of speaking style is likely to result in a different
perception of a speech segment depending on how much context is
available to give the listener information about speaking rate and
carefulness. Suppose a specific speech utterance sounds natural
and is intelligible, when a listener processes the speech within its
natural context. If the utterance contains many rapidly articulated
segments, it might be difficult to identify the words entirely through
“microscopic” listening to short snippets in isolation.

In the present study, I investigated the effect of micro and
macro listening as well as several specific phonetic phenomena in a
corpus. Section 2 discusses several phonetic phenomena
observed in spontaneous speech of Japanese (OGI Multi-Language

Telephone Speech Corpus). Section 3 describes a perceptual
experiment using a specific speech utterance to investigate the
effect of contextual information about speaking rate and style on
the number of morae a signal is perceived as having.

2. PRONUNCIATION VARIATIONS
In this section, I discuss several common pronunciation variations
which are especially characteristic of spontaneous speech. The
Japanese language materials used in the present study form a subset
of the OGI Multi-Language Telephone Speech Corpus of
spontaneous, informal speech spoken over the telephone by native
speakers, discussing a topic of their choosing for approximately
60 seconds [2]. Each monologue was carefully transcribed at the
phonetic-segment and moraic levels by the author, a phonetically
trained, native speaker of Japanese. Filled pauses, hesitations and
other instances of significant interruption in the speech stream were
also transcribed. The segmentation was performed using both the
waveform and the spectrogram.

2.1. Vowels

1) Devoicing under /C[�voice] V[+high] C[�voice]/

is very common in Japanese [3], e.g. /i/ in /deshita/ ‘COP-POL-
PAST’ or /-mashita/ ‘Vinfl-POL-PAST’.

2) Devoicing under /C[�voice] V[+high] #/

is also common [3], e.g. /u/ in /desu/ ‘COP-POL-NONPAST’ or
/-masu/ ‘Vinfl-POL-NONPAST’.

Han [4] discussed words with strings of high vowels between
voiceless consonants, e.g. /chishiki/ ‘knowledge’ and /tsukusu/
‘exhaust’. She claimed that devoiced and voiced vowels alternate
in such words (with an effect of accent location), so that one would
never find

3) Consecutive devoicing.

On the other hands, vowel deletion can lead to

4) Gemination

as a phonological process of Japanese, e.g. /sentakki/ for
/sentakuki/ ‘washing machine’, /ongakkai/ for /ongakukai/
‘concert’, and /sankakkei/ for /sankukei/ ‘triangle’.

Other variations are as follows:

5) Elisions, and
6) Glide formation.
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These typical phonetic phenomena are occasionally observed
in spontaneous speech. In addition to it, devoicing under non-
typical environments is often observed in the corpus.

2.1.1. Devoicing under non-typical environments. Between
voiceless consonants such as 1) and 2) are not the only
environments observed in the corpus:

1a) /C[�voice] V[+high] C[+voice]/,

e.g. /u/ in /gogatsu no .../ ‘... of May’, /i/ in /hanashimasu/ ‘speak-
POL-NONPAST’, the first /u/ in /kuru/ ‘come’, /suru/ ‘do’, /shumi/
‘hobby’, and /sugoku/ ‘terribly’.

1b) /C[+voice] V[+high] C[�voice]/,

e.g. /i/ in /jitensha/ ‘bicycle’.

1c) /C[+voice] V[+high] C[+voice]/,

e.g. /i/ in /hajime/ ‘beginning’.

1d) /C[�voice] V[�high] C[�voice]/

Some cases of non-high vowel devoicing have been noted in
the literature on careful speech, particularly when a mora is
repeated, as the first /o/ in /kokoro/ ‘heart’ [3]. However, non-low
vowel devoicing is much more widespread in this corpus than the
previous literature has indicated. Examples in the corpus are: /o/ in
/totemo/ ‘very’, /e/ in /heta/ ‘clumsy’, the first /o/ in /koko/ ‘here’,
the first /a/ in /kakaru/ ‘take’, and /e/ in /omotteta/ ‘thought’ (Fig. 1).

Such devoicing may occur more easily when the vowel is low-
pitch accented in careful speech. Some of the examples are,
however, the cases where devoicing is occurred with high-pitch
accented vowels, e.g. the first /o/ in /sótoni/ ‘outside’, the second
/e/ in /yameteshimau/ ‘stop’, and the second /a/ in /mata ténisu/
‘again, tennis’, where I indicated the last high-pitched mora with
an acute accent mark over the vowel.

1e) /C[�voice] V[�high] C[+voice]/,

e.g. the first /o/ in /sono/ and /sore/.

1f) /C[+voice] V[�high] C[+voice]/,

e.g. the first /e/ in /madedete(iku)/ ‘(go) out to’.

2.1.2. Consecutive devoicing. I observed some of consecutive
devoiced syllables in the corpus. The following examples are the
combination of 3) and 1a): [w�t�k5yMiyno] ‘my’ (two in a row),
[jo:C5yk5ymo] ‘clothes also’, and [kiyteyk5yDeD5] ‘come (for
someone)’ (three in a row).

2.1.3. Gemination. Vowel deletion leading to 4) gemination can
apply in more words and more environments as a type of fast speech
variation than it does as a phonological process. Examples in the
corpus are as follows: /kakukoto/ ‘writing’ as /kakkoto/,
/hatarakukoto/ ‘working’ as /hatarakkoto/, /kikukoto/ ‘hearing’ as
/kikkoto/, /rokugatsu/ ‘June’ as /rokgatsu/, and /kankaku ga/
‘sensation-SUBJ’ as /kankakga/.

kana tomotteta kedo

Figure 1. Waveform and its spectrogram of a speech utterance /...
kana tomotteta kedo/ ‘thougt it may be ... but’.

Figure 2. Waveform and its spectrogram of a speech utterance
/daigaku/ ‘university’. The segment /g/ is approximated.

————————————————

Whether /u/ between two velar obstruents elides in
spontaneous speech or not is a matter of free variation, and there is
also an intermediate degree of reduction, i.e.,

[k5k]! [k5y k]! [kqkk], or
[k5g]! [k5y g]! [kq kg].

This pronunciation variation may depend on the speaking rate.

2.1.4. Elisions. The elision of consecutive vowels are also
common in the corpus, e.g. /to omotte/ surfacing as [tomotq kte]. In
this example two consecutive /o/’s merged and became one vowel
/o/. The resulting vowel /o/ is not necessarily two morae long in its
duration, although it sounds like two /o/’s perceptually (Fig. 1).

2.1.5. Glide formation. Glide formation is also observed in the
corpus, e.g. /dake attara/ ‘if there is only’ becomes [d�kj�tq kt�D�],
/bungaku o/ ‘literature-OBJ’ becomes [b58 g�kwo], and /... tteiu/
‘called ...’ becomes [tq ktij5q ].
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(A)
(B)

(C)
(D)

(E)

Figure 3. Waveform and its spectrogram of a speech utterance used for the perceptual experiment. The truncated speech intervals
(A)-(F) were presented to each subject where the interval (F) is the whole phrase of this utterance.

————————————————————————

2.2. Consonants
The following pronunciation variations are common for consonants
in any styles of speech:

7) Voicing during the glottal fricative /h/
8) Nasalized vowels before nasals
9) Approximated voiced stops
10) Other consonantal reduction
11) Retroflex stops and approximants for flap /r/

In spontaneous speech, I observed many of the pronunciation
variations above, as well as many others.

2.2.1. Consonatal reduction. As an extreme example of 10), the
consonant is sometimes completely deleted, e.g. /z/ in /tsuzukete/
‘continuously’, the first /r/ in /korekara/ ‘from now on’, /r/ in
/irutoki/ ‘when (I) am there ...’. These reductions may go
completely unnoticed, especially in the presence of other cues, such
as elongation of surrounding sounds.

As an intermediate step short of deletion for the consonants /n/
and /d/, they sometimes become flaps, e.g. the first /n/’s in /kanojo/
‘she’, and /yonen/ ‘four years’; and /d/’s in /keredo/, /kedo/ ‘but’,
and /cho:do/ ‘just’ (see also /n/ in /kana/ of Fig. 1).

2.2.2. Voiced glottal fricatives. As an example of 7) in the corpus,
voiced glottal fricatives merge with their adjacent segments, e.g.
/sukoshi hanashite .../ ‘speak a little bit ...’ becomes
[s5koM�n�Mite].

2.2.3. Nasalized vowels before nasals. An example of 8) in the
corpus is that the word /tenisu/ ‘tennis’ becomes [teeqs5]. Deletion
of the nasal and following /i/ and nasalization and lengthening of
the /e/ are related processes.

2.2.4. Approximated voiced stops. The articulation of stop
consonants in rapid speech is often inexact, with approximation
rather than full oral closure. The voiced stops /b, d, g/ are often
approximated in the corpus, e.g. /g/ in /daigaku/ ‘university’, /b/ in
/obasan/ ‘aunt’, and /d/ in /... kata desu/ ‘is ... person’. This is also
a very common phenomenon in English [5].

In a more extreme version of this process, consonants may
elide completely, i.e.,

[b], [d], [g] ! [	], [�], [ ] ! ;

Fig. 2 shows an example of /daigaku/. In this case, there is no
acoustical evidence of [g], but native speakers perceive it as having
a /g/.

2.2.5. Retroflex stops and approximants for flap /r/. Retroflex
stops [�] is common in Japanese for flap /r/. In the corpus, /r/ is
also sometimes pronounced as [l], e.g. /r/’s in /kara/ ‘from’ and
/abura/ ‘oil’.

3. MICRO AND MACRO LISTENING
In spontaneous speech, listening to a small portion in isolation
(micro listening) often gives us very different perceptual
impressions from listening to it as a part of long portion (macro
listening). It is a result of segmental and suprasegmental effects,
such as pronunciation variations and context. As described in
Section 2, a segment becomes different from the prototypical form
as a result of pronunciation variation. At the same time, it has been
reported that phonetic perception depends on speaking rate [6]. By
micro listening it is difficult to identify the intended form. Macro
listening, however, gives more contextual information about
speaking rate and style, and underlying forms and/or acoustically
missing segments can be restored perceptually.
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Figure 4. Average number of morae in eight subjects’ written
responses which corresponded to the portion of the utterance in
interval (A). The horizontal axis represents the speech intervals
they listened to. The dashed line is the average number of correct
mora corresponded to its portion.

————————————————

Fig. 3 shows an example which gives us very different
perceptual impressions depending on how much of the signal is
heard. The short speech interval (A), which has a duration of about
300 ms, when heard by itself sounds like two morae, e.g. /kebo/,
although /kebo/ is a meaningless, unparsable string. This is natural
when considering the average duration of a consonant-vowel (CV)
mora in this corpus, 138 ms.

As one listens to longer portions of the signal (speech intervals
B through F), the whole phrase becomes intelligible and sounds
like a very natural speech utterance of /hayaku ieba hokani/ ‘in
short, other...’. In fact, the intended phrase corresponding to the
speech interval (A) is /kuiebaho/ with five morae — much more
than one can hear by micro listening. It seems that this is mainly
caused by elision (5), glide formation (6), and voicing of the glottal
fricative (7).

I conducted a perceptual experiment using this utterance in
order to investigate the effect of speaking rate context on number
of syllables (morae) perceived, and to confirm that naive
listeners share the perception of this utterance described above.
Twelve subjects participated in this experiment and were asked to
respond with what they heard for each speech interval from (A)
through (F). The same subjects heard all the different speech
intervals, and they heard them in order from shortest to longest. The
number of morae in their written responses which corresponded to
the portion of the utterance in interval (A) was measured.

Fig. 4 shows the average number of morae in the written
responses which corresponded to the portion of the utterance in
interval (A). The average was taken over eight subjects whose mora-
level recognition of the utterance in interval (A) was 100% when
listening to the speech interval (F). (The average number of
correct mora corresponded to its portion is shown as the dashed
line in this figure.) As shown in Fig. 4, the graphs jump from the
interval (A) to (B) dramatically. Thus, the average number of morae
in responses increased from two to five as the speech interval heard
was lengthened.

4. SUMMARY
I discussed several pronunciation variations in the OGI Multi-
Language Telephone Speech Corpus. I also described a
perceptual experiment using a specific speech utterance to
investigate the effect of contextual information about speaking rate
and style on the number of morae a signal is perceived as
having. The phenomena found in spontaneous speech show that
phonetic segments may change their appearance (even to the point
of deletion). However, listeners use a combination of temporal and
contextual cues to reconstruct a speaker’s intentions.
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ABSTRACT

Unlike read or laboratory speech, spontaneous speech contains
high rates of disfluencies (e.g., repetitions, repairs, filled pauses).
Such events reflect production problems frequently encountered in
everyday conversation. Analyses of American English show that
disfluency affects a variety of phonetic aspects of speech, includ-
ing segment durations, intonation, voice quality, vowel quality, and
coarticulation patterns. These effects provide clues about produc-
tion processes, and can guide methods for disfluency processing in
speech recognition applications.

1. INTRODUCTION

A clear difference between spontaneous speech and read or labo-
ratory speech is that the former contains significant rates of disflu-
encies (e.g., filled pauses, repetitions, and repairs), such as

Filled pause “uh”, “um”
Repetition “the the”
Repair “any health cov- any health insurance”
False Start “It’s fir- I could get it where I work ”

In laboratory or read speech, where content is given or highly con-
strained, minimal complex processing is required. But in everyday
conversation, our messages are constructed on the fly. We must
decide what to say, how to say it, and how to coordinate our inter-
actions with others—all in real time. It is thus hardly surprising
that we sometimes need to pause, or to repair our previous speech.

Rates of disfluency per word in spontaneous English speech
vary from under 1% for constrained human-computer dialog, to
5-10% for natural conversations [12, 16, 4, 19]. There is also
considerable variation across speaking environments in the relative
rates of particular disfluency types [12, 19]. Such distributional dif-
ferences reflect differences in cognitive demands, and in managing
interaction in conversation [9, 2].

While considerable past work has focused on lexical proper-
ties of disfluency, recent years have seen increasing attention to
the question of phonetic properties. An early suggestion by Hin-
dle [7] proposed that disfluencies are marked by a special acoustic
“edit signal” at interruption. Although inspection [1], as well as
psycholinguistic experiments [11], has revealed no such specific
signal, disfluency is nevertheless associated with a variety of pho-
netic characteristics that differentiate it from fluent speech.

The goal of this paper is to outline some of the mainpho-
netic consequences of disfluency. As we will see, such effects can
provide a window onto production processesthat a lexical or word-
level analysis often obscures. They can also guide development of
improved models for disfluency processing in speech applications.

2. THE STRUCTURE OF DISFLUENCIES

The majority of disfluencies that occur in spontaneous speech can
be analyzed as having the following three-region surface structure
(terms adapted from Levelt [8]):

(Prior Repar- Editing Repair (Continuation)
context) andum Phase

. um we’re fine
it’s . uh after five
have the . the tools
to res- . relax at home
all this . this paper

it’s . did you?

The first region of the disfluency is thereparandum,or material that
will later be replaced. The end of this region corresponds to the
interruption point(marked with a “.”) or the location at which there
is a departure from fluency. By this point, the speaker has detected
some problem, and according to a “Main Interruption Rule” halts
the production process [8].) The editing phase consists of the region
from the interruption point to the onset of the repair. This region
may be empty, contain a silent pause, or contain editing phrases
or filled pauses (“I mean”, “um”, “uh”). The term “editing” is not
intended to imply detection of error; pausing can occur for reasons
not involving error. Finally, we have the repair region, which
typically reflects the resumption of fluency. (We will assume here
that the repair is not itself followed by another self-interruption. If it
is, the disfluency is “complex” [19].) These regions are contiguous,
and removal of the first two (reparandum and editing phase) yields
a lexically “fluent” version.

As shown, we can analyze all of our disfluency types this way.
A disfluency may contain material only in the editing phase, such
as a filled pause. Or it may contain only repeated words in the
reparandum and repair. Note that for repeats such as “the the”, this
structure predicts that it is the first instance, and not the repeated
one, that is most likely to be aberrant, a prediction we will see
later evidence for based on phonetic features. Editing terms can
combine with different types of disfluency (e.g., “the uh the”; “res-
i mean relax”).

We will organize our overview of phonetic consequences by
moving through these three regions left to right, discussing the
effects in each. As we will see, most of the properties are in the
reparandum and editing phase, but certain effects can also be seen
in the repair.

3. EFFECTS IN THE REPARANDUM

Although at a lexical level of representation the reparandum is
removed in full to arrive at a fluent lexical version, it is not until
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the speaker notices trouble that we should expect to see phonetic
manifestations. Indeed this is what we find. Phonetic effects in
the reparanda of disfluencies are most prevalent at or around the
interruption point.

3.1. Duration Patterns
One of the most pervasive effects of disfluency is a lengthening of
rhymes or syllables immediately preceding the interruption point.
Effects can at times be seen to extend further back, into full words
or phrases. As an example we will look at one-word repetitions
such as “the the” in the Switchboard corpus of human-human tele-
phone conversations [6]. To assess lengthening, we compare the
durations of each instance to the duration of “the” in fluent con-
texts. Results are shown in Figure 1; they represent data from a
single speaker. As can be seen, the reparandum (Rep1) is length-
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Figure 1. Duration of Words in Repetitions and Fluent Counter-
parts. R1=1st instance (reparandum), R2=2nd instance (repair).

ened considerably relative to its expected duration in fluent speech,
whereas the repair (Rep2) has about the same duration as the fluent
counterpart. This suggests that in repetitions, speakers are drawing
out the reparandum much like they might a filled pause. However
not all repetitions show this pattern. A more detailed study shows
that there are at least three main types of repeats when classified
based on prosodic properties, suggesting at least three different
underlying states of the speaker when repeating [17]. The pattern
depicted in Figure 1 however corresponds to the most common
case. Durational lengthening in the reparandum is seen for other
disfluency types as well, and is one way speakers can pause without
ceasing phonation [3].

3.2. Intonation
Interestingly, when speakers modify duration, they tend to do so
in a way that preserves intonation patterns and local pitch range
relationships. For example while the reparandum in a repetition
is often extended in duration, it typically shows a pitch contour
similar to that of its following counterpart in the repetition, but just
stretched out over more time—as shown in Figure 2 (pitch tracks
are indicated for only the words in the repetition):

Figure 2. Pitch of Repeated Words.

3.3. Word Cutoffs and Laryngealization
In read or laboratory speech, we expect words to be completed, but
this is not the case in spontaneousspeech. Speakers halt production
soon after noticing trouble [8], without concern for word bound-
aries. In a corpus of human-computer dialog on air travel planning
(ATIS; [13]) nearly 60% of disfluencies contained word cutoffs;
rates in two human-human corpora were about 20-25% [19]. The
difference is largely due to the higher relative rate of error repairs
in human-computer dialog. Errors are not higher overall in such
corpora, but becausenon-error hesitations (filled pauses and repeti-
tions) are suppressedin human-computerdialog with a push-to-talk
mechanism for speech input, errors make up a larger proportion of
total disfluencies.

Various researchers have described cutoffs as abrupt, showing
some form of laryngealization [1, 14, 11]. In an analysis of cutoffs
in the ATIS data conducted by Madelaine Plauch´e, we found that a
typical form of laryngealization in such casescorrespondsto creaky
voice on the last 20-50 ms of the cut off words. However, it is not
the case that all cutoffs are sudden, or that word cutoffs always
correspond to errors. On the contrary, the highest rate of cutoffs
found in the ATIS corpus was on simple repetitions. Here the rate
was over 70% of repeats, whereas rates for repairs of error were
under 50%. And some cutoffs could be extended in duration, more
indicative of hesitation than of sudden detection of error.

Cut off words present a problem for automatic speech recogni-
tion since partial-word pronunciations are not present in the dictio-
nary. Although one could add all possible initial phone sequences
of a word as possible pronunciations, such an approach would
create a proliferation of pronunciations that would only hurt per-
formance by increasing confusability. A possible solution is to
constrain fragments to be recognized only as parts of closely fol-
lowing words.

3.4. Coarticulation
Another consequence of disfluency is a change in surface coar-
ticulation patterns. In the production of words in fluent speech,
articulators generally move toward the articulator positions for the
onset of the next word. But in disfluencies, this proximal rela-
tionship of coarticulation to actual output word sequence cannot be
assumed. Coarticulation is governed by the next word in the speak-
er’s phoneticplanat the time the word in question is uttered—not
by the word sequence that is ultimately produced. In fluent speech,
the plan and the final output are consistent, but in disfluencies, fol-
lowing lexical content may be temporarily unavailable, or the plan
can change on the fly.

We looked at this question in a study of single-word repeats
of “the” and “I”. Note that only the place of articulation can safely
be determined for transitions, although there are some cases where
the manner is clear. We will classify cases based on consistency
with a surface word, although of course we cannot know for sure
whether some other word was intended. Below are results with
illustrative examples; transitions are marked in parentheses, using
standard orthography.

Transition Frequency Example
(a) NONE 722 (88%) the . the dog
(b) to word after repeat 71 (9%) the(d) . the dog
(c) to different word 19 (2%) the(d) . the cat
(d) to repeat itself 3 (.3%) the(th) . the dog

As shown, most cases of repeats have no detectable final transi-
tion. This is different from what is expected in fluent connected
speech; here most cases contained a pause at interruption. For
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speech recognition models, we may thus want to turn off cross-
word modeling at repetitionboundaries, or more generally at the
interruption point of disfluencies.

The next two cases are also quite interesting, because they
show coarticulation that is inconsistent with the following surface
word. Case (b), which represents the majority of cases with coartic-
ulation, shows that sometimes disfluency effects can be seen earlier
than the location of the element causing trouble. From the transi-
tion we can infer that the speaker committed to the word directly
after the repetition but stalls earlier, perhaps to keep syntactic or
prosodic units intact. Case (c) is almost certainly a covert repair,
where some word other than “cat” was caught before it was uttered,
and repaired. Case (d) is standard in terms of having a transition
consistent with the actual following word, but notice that the fol-
lowing word is the repeat itself. This suggests that in some cases,
speakers must be planning to repeat while they are still producing
the first instance of the word. As with case (a), cases (b) and (c)
also pose problems for cross-word modeling in speech recogni-
tion. This time, the problem is that there is acoustic evidence for
a segment at the end of the reparandum that is inconsistent with
recognizer models constrained to model pronunciation only across
contiguous surface words.

3.5. Vowel Quality
Disfluency is also associated with alterations in vowel quality. A
specialcase is the word “the”, which has an alternate pronunciation,
[dh iy], before vowel-initial words in many dialects of American
English. This alternate is also more likely in the reparandum of
repetitions [5]. Other words without such variants, but with citation
forms that differ from their pronunciation in connected speech,
show a similar behavior (although it is not clear whether they reflect
the same phenomenon). For example, “a” and “to”are much more
likely to be pronounced as [ey] and [t uw] in the reparandum of
disfluencies than elsewhere. It is not clear whether such forms
are produced as “signals” to listeners, or whether they reflect a
modification related to other acoustic properties such as durational
lengthening and following pauses. However it is clear that speakers
choose the alternate form before uttering the word, because vowel
quality never shifts within the word itself.

4. EFFECTS IN THE EDITING PHASE

4.1. Unfilled Pauses
Under Levelt’s framework of speech production [9], self-
interruption is associated with a halting of the speech production
process at all levels. Therefore, some minimum time is needed after
the speech is cut off in order to plan the repair. Disfluency is thus
often indicated by unfilled pauses in the editing phase. For auto-
matic speech processing of disfluencies, these pauses have proven
to be very useful. Work using decision trees to model acoustic
features finds that pauses are among the best cues to disfluency
detection [20, 21], because they are robustly extracted and ensure
high recall.

4.2. Filled Pause Duration
In English, the vowel in the filled pauses “um” and “uh” is typically
close to schwa; however, it can also carry stress, or occur further
back and lower in the vowel space. In automatic speech recognition,
Filled pauses are sometimes misrecognized as “a” or as parts of
other words containing the relevant vowels. But filled pauses differ
dramatically from these other instances in duration. To illustrate,
durations for the vocalic portion of 700 filled pauses and for 40,000
instances of the same vowels elsewhere, including in the determiner
“a”, were obtained from recognizer forced alignments using the
ATIS corpus. Results are shown in Figure 3.
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Figure 3. Duration of Vowels in Filled Pauses and Elsewhere.

As shown, vowels in filled pauses have much longer durations
than the same vowels in fluent contexts. Duration, then, is a simple
cue that could be used by speech recognition systems in discrim-
inating vowels in filled pauses from the same vowels elsewhere.
It is also important to treat such durations separately in duration
modeling for other purposes, so as not to skew the distributions for
these vowels.

4.3. Filled Pause Intonation
Filled pauses have been shown to be low in F0, and display a
gradual, roughly linear pitch or fundamental frequency (F0) fall
[15]. In addition, the F0 of filled pauses occurring within a clause
was found to be related to the F0 of the surrounding speech [18].
Figure 4 shows F0 values for the onset and offset of a filled pause,
and the preceding and following F0 peaks. Lines connect points
for a specific filled pause. The four F0 measurements are plotted
at equally spaced intervals; therefore the actual temporal intervals
between these points (which varied greatly) are not represented in
the figure. The solid heavy line indicates the speaker’s estimated
“baseline” F0, as estimated by measuring F0 at the end of sentence-
final F0 falls.
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Figure 4. F0 of Filled Pauses and Surrounding Peaks.

What is striking here is that the F0 of filled pauses falls about
halfway between the preceding peak value and the speaker base-
line. In fact, F0 values in the study were well predicted by a
simple additive-multiplicative model based on these values. These
relationships held despite considerable differences in time intervals
between the four measured values plotted at regular intervals as in
Figure 4. These findings suggest that for filled pauses, similar to
what we saw earlier for repetitions, speakers may preserve intona-
tional relationships under changes in duration necessitated by the
need to pause.
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5. EFFECTS IN THE REPAIR

As said earlier, most consequences of disfluency are located in the
reparandum and editing phase, since the repair region constitutes
the onset of fluency. An exception, however, is that certain types
of repair can show effects of having made a change in content, in
the form of contrastive emphasis on the repairing element.

Levelt and Cutler [10] looked at prosodic marking, or an in-
crease in F0, duration, or amplitude, in the repair region of disflu-
encies from a pattern description task. They found that marking
occurred for roughly half of the repairs involving error, and for only
about 20% of the repairs involving mere elaboration. This suggests
that it may be more important to call attention to outright error
than to inappropriateness. Such marking also illustrates that we
cannot simply remove the reparandum and editing phase, leaving
a perfectly fluent repair. All three regions are still in the discourse
record; the prosodic contrast in the repair is produced with respect
to the earlier mention in the reparandum.

6. SUMMARY AND CONCLUSION

Disfluencies are rare in laboratory speech, but occur with consider-
able frequency in everyday communication. Most disfluencies can
be analyzed as having a three-region structure, in which the first
two regions are removed to yield a fluent version of the utterance.
Disfluency affects a variety of phonetic aspects of speech, mainly
in the two regions that are removed. The effects include changes
in segment durations, intonation, word completion, voice quality,
vowel quality, and coarticulation patterns. These effects provide
insights into the mechanisms underlying the production of spon-
taneous speech in conditions characteristic of the real world. In
addition they provide information that can be used to better model
disfluencies in automatic speech recognition applications.
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ABSTRACT

A multiplanar Dynamic Magnetic Resonance Imaging (MRI)
technique that extends our earlier work on single-plane Dynamic
MRI is described. Scanned images acquired while an utterance
is repeated are recombined to form pseudo-time-varying images
of the vocal tract using a simultaneously recorded audio signal.
There is no technical limit on the utterance length or number of
slices that can be so imaged, though the number of repetitions
required may be limited by the subject's stamina.  An example of
[pasi] imaged in three sagittal planes is shown; with a Signa GE
0.5 T MR scanner, 360 tokens were reconstructed to form a
sequence of 39 3-slice 16 ms frames.  From these, a 3-D volume
was generated for each frame, and tract surfaces outlined
manually.  Parameters derived from these include: palate-tongue
distances for [a,s,i]; estimates of tongue volume and of the area
function using only the midsagittal, and then all three slices.
These demonstrate the accuracy and usefulness of the technique.

1. INTRODUCTION
Magnetic Resonance Imaging (MRI) has been used to good
effect in speech research, because of the quality and resolution
of its soft-tissue imaging and the possibility of imaging any
plane or planes. However, the long time taken to acquire a three-
dimensional picture has limited its use to relatively static
configurations [1,2,3].  Several different research groups have
developed different techniques enabling MRI to be used to
image the moving vocal tract.  Some of these depend on using
fast MR scanners [4] or tagging MRI [5]. Others use
synchronizing methods built in to the MR scanner [6,7,8].  Our
system uses post-synchronization to build up pseudo-time-
varying midsagittal images of the vocal tract during normal
speech [9]. In this paper we describe the extension of this early
work to a multi-planar dynamic MRI protocol, present results
showing three sagittal pseudo-time-varying slices, and describe
ways of visualizing the data that result.

2. DYNAMIC MRI
To understand Dynamic MRI it is necessary to discuss how MRI
systems work. In essence, by the application of suitable
magnetic fields and radio frequency radiation, the MR machine
captures a signal relating to the spatial distribution of hydrogen
atoms in the subject. Since the distribution varies with the type
of tissue, the soft tissues are clearly delineated. MR machines
collect images sequentially, row by row, but in the Fourier
domain [10] rather than the spatial domain. This raw data is
commonly known as a K-space image. The time taken to collect

each row is short compared to the overall scan time; the time at
which each measurement is made is easily determined.

If images are collected synchronously with an external
stimulus, pseudo-moving images can be constructed, provided
that the underlying motion is repetitive. Most MR machines
have this capability, and it is extensively used for cardiac studies
where the external stimulus is derived from a patient's heart
beat. This technique has been adapted for vocal tract imaging.
In one study [6] the subject synchronized their speech to their
own heart beat; Masaki et al. [7,8] utilized a repetitive trigger,
fed to both subject and machine. In both studies, the subject was
required to synchronize to the MR machine, which then
performed the image reconstruction automatically. This method
is highly constraining, allowing only very short speech
sequences, and making no allowances for irregularity in the
subject due to mistakes, breathing or lack of training.

Dynamic MRI overcomes these limitations by performing
reconstruction offline, after the recording session. This is made
possible by careful analysis of a simultaneous audio recording
where key components of the speech sequence are identified,
their time relative to each scan determined, and the associated
position in Fourier space determined.

In our system the subject is scanned while repeating the test
phrase as many times as possible. In each such take a few K-
space images will be collected, although the automatically
generated images will be blurred because of the articulator
movement. By repeating the process, i.e. by obtaining many
takes and randomizing the start of the scan relative to the start of
the utterance, many such K-space images will be obtained, but
with each row of an image corresponding to a different time
during the utterance.

A simultaneous audio recording is made, and although this
is dominated by the machine noise it is possible to recognize and
label the speech sequence. This is used to perform an off-line
analysis whereby the K-space data is reordered to reconstruct a
series of pseudo-frames, synchronized with the average speech
waveform. Finally an inverse Fourier transform is applied to
each frame, and a sequence of static images created.

The primary advantages of off-line reconstruction as
outlined above are: variation in speaking rate can be
accommodated; mistakes made by the subject such as running
out of breath during a take can be dealt with; a more natural
speaking environment results as the machine is synchronized to
the subject. A more detailed description of this process can be
found in ref. [11].

The lower limit determining the minimum time resolution,
or frame length, possible is TR, the time taken to acquire one
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row of a K-space image. In our previous study, TR=21ms; in this
study TR =16ms. It would seem that the number of takes should
depend simply on the length of the speech utterance relative to
the time to acquire one row, and the number of rows per image.
This would predict that if N frames of length TR are needed to
show an utterance of length N*TR then N takes are needed. In
practice some rows of particular time-frames are acquired twice,
others are missed. Duplicates are averaged, thus improving that
row’s signal-to-noise ratio; missing rows are borrowed from
adjacent frames. It has been shown by simulation and
experiment that 1.5*N takes are needed for an acceptable
reconstruction quality.

The time resolution obtained with Dynamic depends on the
particular scanner used. For example, the SIGNA General
Electric scanner used in this work was capable of recording a
128 by 128 pixel scan in 2.2 seconds with an acceptable signal
to noise ratio.  More modern machines are capable of faster scan
rates and will generally also have higher signal-to-noise ratios.

3. EXTENSION TO 3D.
We first reported our dynamic MRI technique in 1997 [9]. In
that study only the midsagittal slice was imaged. For each take
that slice was scanned repeatedly for 2.8 s while the subject
repeated the nonsense word [pasi]. On average 6 tokens were
said during each 2.8 s scan. A total of 60 takes were scanned,
resulting in 25 reconstructed frames with a resolution of 21 ms.

Extending this to 3-D was relatively easy. Each sagittal
scan was replaced by a continuous sequence of left, middle and
right sagittal scans, where the left and right imaged planes were
parallel to but offset from the plane of the middle scan. The total
scan time was nearly three times the scan time for a single slice,
and as a consequence the subject was asked to repeat the speech
segment for longer.

Although a number of different scan sequences were
considered, it was felt that interleaving the acquisition of the
three slices was preferable to acquiring all images for one slice
contiguously. Thus any long-term articulatory changes due to the
subject tiring would influence all three slices equally.

The fundamental limit to the efficacy of this technique
depends only on the subject's stamina. Increasing the number of
slices increases the time per take; increasing the length of the
utterance decreases the number of repetitions per take and thus
increases the total number of takes. Either change thus increases
the total scan time required of the subject.

4. RECORDING AND IMAGE ACQUISITION
A SIGNA General Electric scanner with a field strength of 0.5
Tesla was used for this study. A volume 240mm by 240mm by
27mm was imaged, in 3 slices with a fast RF-Spoiled Gradient-
Echo sequence. The resulting 128 pixel by 128 pixel images
corresponded to a slice 5mm thick in the mid-sagittal plane and
similar slices displaced 11mm (center to center) to the left and
the right. The TR for this sequence was 16 ms and the three-slice
sequence acquisition time was 6.6 s.

The subject for this experiment, PJ, was an adult male, a

native speaker of British English, with normal speech and some
phonetic training. The utterance chosen was [pasi], because it is
short and requires extensive articulator motion. Using the built-
in intercom the subject was prompted to begin when ready. He
began repeating [pasi] and the machine was turned on at a
random time after the first token. The subject kept repeating
[pasi] until he heard the machine stop. On average, 12 tokens
were uttered during each scan. The K-space data were then
saved before the next take. Twenty-four scans were collected for
a total of about 24*12 repetitions of [pasi]. For comparison,
scans with exactly the same set-up were collected for [a,s,i],
each sustained for 6 seconds.

Sound was recorded on a Sony Walkman Pro analog
cassette recorder by placing its microphone next to the intercom
speaker built in to the scanner monitor.  Sound quality thus
obtained is poor, owing both to the intercom characteristics and
the high-amplitude scanner noise.  However, the recording
quality is sufficient for the segmentation necessary for the post-
processing, and a microphone inside the scanner (tried earlier)
causes image artifacts. [SOUND S0830.WAV]

A separate recording was made of the same subject in a
sound-treated booth the day before the MRI session.  He was
recorded saying the same corpus sitting up and lying down,
using a Bruel and Kjaer 4133 microphone and 2636
measurement amplifier to record onto audio cassette tape.

5. VISUALISATION
Post-processing of the acquired K-space images and audio tape
recording proceeded as outlined above to generate 39 images, a
pseudo-time `movie' with 16 ms framerate, for each of the three
slices.

Once the three slices for each pseudo-time frame had been
generated, the next step was to outline the vocal tract on each
reconstructed image. Automatic feature extraction methods have
been tried but have not proven effective. Manual outlining was
performed on all 39 frames. One advantage of manual outlining
is that anatomical features can be labeled as they are traced.

No special tools are required for this. The outline of the
vocal tract was simply drawn onto each image, using different
colours to indicate different parts of the anatomy. Specific
conventions are adopted to label possible ambiguous areas, such
as where the tongue is in contact with the palate or where ghost
outlines indicate that an anatomical structure does not
completely occupy the slice. This coding scheme allows different
segments of the anatomy to be selected and linked together
automatically to form meaningful outlines. For example, a
segment where the tongue is in contact with the palate is used
twice, once in describing the outline of the tongue, and in
describing the shape of the palate. The labeled pictures are then
automatically processed, and the extracted edge segments used
for further analysis. [IMAGE  S0830.GIF]

From these labeled data three-dimensional surfaces are
reconstructed, by carefully combining adjacent slices. This
process is semi-automatic and enables the construction of full
3-D models of the imaged part of the vocal tract for each frame.
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Many computer graphics tools exist to draw the 3-D time-
varying outlines, once they are constructed. However, very few
of these representations are amenable to the human viewer.
Rendering surfaces opaque makes it difficult to see into the
imaged volume; leaving surfaces in a wire-frame form is
confusing.

To make the data useable we have adopted two techniques.
First, we build a fully animated vocal tract from our data;
second, we process our data to extract information that can be
presented in a traditional manner.

The three-dimensional model is constructed automatically.
First the parts of the anatomy to be viewed and the method of
viewing, e.g. solid or wire frame, are selected. Then the model
is constructed using the Virtual Reality Modeling Language. The
model can then be viewed with standard WWW browsers
equipped with a suitable plug-in module. The model is fully
interactive and allows the viewer full control of the viewpoint by
controlling the orientation of the model in 3-D or selecting from
pre-selected viewpoints. [3D IMAGE S0830.WRL]

The VRML model allows: full control of the model
orientation in 3-D; zooming in and out; hiding and revealing
anatomical features; and stepping backwards and forwards in
time. It allows the spatial and temporal relationships between
different parts of the anatomy to be visualized, but is not
suitable for making quantitative measurements.

When quantitative measurements are required it is
preferable to use the 3-D data to mimic experimental
measurements made by other techniques. For example it is
possible to synthesize measurements of the position of the
velum, jaw and tongue, by modeling the physics of these
measurements within the four dimensions of Dynamic MRI.

6. VISUALISING THE TONGUE.
Following our earlier work on Enhanced EPG [12] we have
developed an augmented display, which not only shows where
the tongue is in contact with the palate, but also gives the
vertical separation between the underside of the palate and the
top surface of the tongue when not in contact. Figure 1 shows
this representation for static and dynamic configurations for [a],
[s] and [i], where the darkest regions represent areas of contact,
and lightest region represents the maximum distance away. The
scale on the right hand side shows the distance from the front of
the lips, while the scale along the bottom indicates the distance
between upper and lower surface in terms of grey levels.  White
spaces near the top of each image indicate undefined vertical
distance since the teeth do not appear in MRI images.

Although distances were computed in five-pixel chunks
along each slice, the information proved much harder to absorb
when presented in corresponding blocks of uniform grey level
within each block. Low-pass-filtering the blocks proved
essential to the perception of a smoothly varying surface.

As expected, tongue-palate vertical distance is largest for
[a]. All three sounds show evidence of a tongue groove, that is,
the midsagittal slice has a greater tongue-palate vertical
distance.  For [i] the groove is pronounced only posteriorly,
consistent with an arched anterior tongue shape and posterior
groove; for [a] there is evidence of an anterior ‘dimple’ (as
described in ref. [13]); for [s], the tongue tip is closest to the

palate, with groove visible for ≥ 3 cm from lips, consistent with
an anterior groove.  All of these cases are consistent with Stone
and Lundberg's four-way tongue-shape classification [13],

although it should be noted that tongue surface shape will
correspond but is not identical to vertical distance between the
palate and tongue surface.

Anatomical areas and volumes are simple to calculate from
the 3-D data. In each plane the labeled data are used to construct
an outline of the air space or articulator. From this the volume of
interest can be estimated. If only one slice is available, then the
volume is calculated as the area times the estimated width of the
tract. When multiple slices are available, simplified numerical
integration techniques can be applied to calculate the volume,
taking the position and width of each slice into account.

It has long been assumed that total tongue volume in a
given subject is constant; Stevens gives values averaged over
adult males of 110 cm3, and adult females, 90 cm3 [14]. To
verify the efficacy of our techniques of tract outlining and
volume computation, we have estimated the tongue volume for
each frame in [pasi] by two methods: 1V̂ uses only the midsagittal

slice, and 3V̂ uses all three slices. For both estimates we used 27
mm, the width of the imaged volume, as our estimated tongue

Figure 1 Visualization of the vertical distance between the
surface formed by palate and lip, and that formed by the
tongue and lower lip. Left, middle and right image pairs

show [a,s,i], sustained for the left, extracted from [pasi] for
the right of each pair. See text for meaning of scales.

Figure 2 Two estimates of tongue volume for each frame
of [pasi], using: midsagittal slice only (dotted line), three

sagittal slices (solid line).
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width, which excluded any tongue that might extend laterally
beyond this.  We thus predict both our estimates to be a lower
bound of the actual tongue volume, and that the estimate should
be more constant over time (i.e. with frame number) as we use
more slices to form an estimate.  As can be seen in Fig. 2, both
of these predictions are borne out. 1V̂ varies more with frame

number than 3V̂ ; their averages and standard deviations across all

frames are 1V  = 76±2.3 cm3 and 3V  = 77±1.2 cm3, both less than
the adult male average of 110 cm3, but of the same order of
magnitude. This gives us confidence in our technique.

Motion and changes of shape for other articulators, e.g.
velum, chin or lips, can also be measured using similar methods.

Left Middle Right

Figure 3 Top: three dynamic images of [i] from [pasi] (frame
31); left, mid and right sagittal scans. Bottom: two estimated
area functions for this [i] frame, using: midsagittal distances
only and ref.[15] algorithm (dashed line); all three sagittal

distances (solid line).

7. AREA FUNCTIONS
Figure 3 shows images for one frame, corresponding to the
central 16 ms of [i], and two estimates of the area function
derived from these images.  The first estimate, 1Â , uses only the
midsagittal slice. Midsagittal distances ))(( xd are computed

along the tract, and βα ))(()(ˆ
1 xdxA = , according to the method

described in reference [15]. The second estimate, )(ˆ
3 xA , uses all

three slices; at 0.5-cm intervals along the tract, a polygon was
constructed that intersected the tract-air boundaries in each
slice, and its area was computed. This estimate neglects any
lateral extension of the tract beyond the 27 mm-wide imaged
volume, as well as using a straight-line approximation to the
cross-sectional shape within the imaged volume. It is likely

therefore that )(ˆ
3 xA somewhat underestimates the true area.

In Fig. 3 the two area estimates differ, though not
substantially. Transfer functions were computed based on both
estimates and compared to the speech recorded in the sound-
treated room. First formant frequencies (F1) matched in all three
cases; F2 and F3 were more closely matched by the prediction
based on 3Â (all three slices) than by that based on 1Â

(midsagittal slice plus the Beautemps et al. [15] algorithm).

8. CONCLUSIONS
Dynamic MRI is a potentially useful tool, overcoming the main
disadvantages of MRI , the slow image acquisition time leading
to static images, while retaining the control of imaging volume.
An experiment imaging repeated tokens of [pasi] using three
sagittal slices was described. The multiple frames of even this
simple data set required development of new methods for
viewing the data, which are generalizable to dynamic MRI data
of any number of slices and a longer utterance.
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ABSTRACT

This article concerns replicability of past results and consistency
in data collection using X-ray microbeam and magnetometry, two
prominent instruments for speech movement tracking.  The same
speaker was recorded on both instruments reading identical
stimuli and using parallel experimental procedures and the same
physician for transducer placement.  Data from two X-ray
microbeam (XRMB) runs were collected on the same day
(transducers re-placed for the second run); 27 months later the
analogous data were collected with the Electromagnetic
Midsagittal Articulometer (EMMA) system.  Vertical movement
of the lower lip, tongue tip, and tongue body was analyzed.
Extremum positions and peak velocities were identified, and
movement displacements and durations calculated.  The
correlation of these measures between the EMMA and XRMB
sessions is very high, almost as high as that between the two
XRMB sessions.  Subsequent ANOVA confirm that the results
obtained using EMMA do not differ substantially from those
using X-ray microbeam.

1.  INTRODUCTION
The establishment of consensus in science requires the
replicability of empirical results.  Therefore, it is crucial that new
data collection systems be evaluated in functionally identical
experimental settings against older systems before (inevitable)
comparisons are drawn between studies using the differing
systems.  Much articulatory movement data have been archived
from the X-ray microbeam facility (e.g., [1, 2, 3, 4]). Currently,
however, magnetometer systems such as the Electromagnetic
Midsagital Articulometer are the predominant tool for tracking
articulator movement.  In the interests of replicability of past
results and consistency in data collection for ongoing research
programs drawing data from both sources.  There are, for
example, several factors that may interfere with quantitative
consistency between experimental data collected with EMMA
and with XRMB.  For instance, off-midline movements of the
transducers including tilt are known to occur during the
articulator movement of speakers and are an accuracy concern for
magnetometer systems [5].

Both the electromagnetic midsagittal articulometer and the
X-ray microbeam are tracking devices that record movement of
midsagittal points on the articulators including the tongue, lips,
and points on the jaw.  Our work considers data from the
Electromagnetic Midsagittal Articulometer, or EMMA,
magnetometer system and the NIH X-ray microbeam system
(henceforth XRMB) at the University of Wisconsin.  The
technical specifications of the EMMA system are outlined in [5]
(see also [6]) and those of the XRMB system can be found in [7].
(There are other alternating magnetic field systems for speech
research; see for example [8].  We consider only the EMMA
system here.)  As part of an ongoing research project at Haskins
Laboratories, identical speech stimuli from the same speaker

were collected with both the EMMA and XRMB systems in order
to evaluate consistency between the instruments.  Further work is
underway to consider complementary MRI data as well.

2.  METHOD
A female speaker who grew up in Chicago, Illinois, was recorded
speaking the same utterances using both EMMA and XRMB.
Data from two XRMB sessions were collected on the same day:
the first session in the morning and the second in the afternoon.
The pellets attached to the articulators were re-placed for the
second run.  Twenty-seven months later, the analogous EMMA
data were collected.

Three steps were taken to ensure maximum agreement in
transducer placement across the three sessions.  (1) The same
physician placed the movement transducers in each session,
following the same protocol.  (2) To aid with transducer
placement reliability, a Òtouch barÓ was designed to provide the
subject with a fixed target for tongue protrusion. The bar was
attached by a splint to one of her lower molars, and the subject
could then protrude her tongue until the tip just touched the bar.
The subject held her tongue in this position during placement,
allowing measurements of transducer position to be made with
the tongue consistently stretched to a fixed length.  (3) During the
first XRMB session, photographs of the subjectÕs tongue were
taken after pellet placement and with the tongue protruded to the
touch bar, and these were used as a guide by the physician in
subsequent sessions.

Measured distances of the tongue transducers from the tip of
the tongue (when touching the bar) for the three sessions are
shown in Table I.  As can be seen, the placements agree within
one mm across all three sessions. For both instruments, lip
transducers were placed immediately above the vermilion border
for the upper lip and below it for the lower lip.  Additional
transducers not examined here were placed on the nose, (upper
and lower) teeth, and in the XRMB sessions, one was attached by
string from the rearmost fixed pellet and rested on the back of the
tongue.  The XRMB pellets attached to the articulators were 2.5
mm in diameter, while the EMMA movement transducer coils,
including the glue used to adhere them, were approximately 2.0 x
4.1 x 1.8 mm.  (Currently, smaller coils are available.)  For this
study, signals for three of the transducers are examined:  the
lower lip, the tongue tip, and the second of the three transducers
on the tongue body (TB2).

transducer

session

TT
(tongue

tip)

TB1
(tongue
body 1)

TB2
(tongue
body 2)

TD
(tongue
dorsum)

EMMA 7 23 41 66
XRMB 1 7 23 41 65
XRMB 2 6 22 40 65

Table 1.  Distance (in mm) from tip of tongue to four
transducers on the surface of the tongue.
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For both instrument types, the orientation of the subjectÕs
occlusal plane within the measurement field was determined by
having the subject bite down on a plate, the surface of which had
transducers attached to it.  The measured positions of the
transducers on the bite plate were used to define the occlusal
plane, and the acquired data were rotated to a new coordinate
system, in which the horizontal axis is aligned with the occlusal
plane. For both instruments, the y-origin of the transformed
coordinate system is on the bite plate line.  However, because of a
minor difference in the bite plate procedures (see section 3.2),
there may be a small vertical shift between data from the two
instruments.  In particular, before the first XRMB session, the
subject produced a dental impression, which was then attached to
the bite plate.  For recording the occlusal plane angle, the subject
held the bite plate in her mouth by placing her teeth in the dental
impression.  In the EMMA session, no dental impression was
used, and the subject held the bite plate directly between her
upper and lower teeth.

The XRMB samples were acquired at an effective rate of 80
Hz for the lip and tongue body pellets and 160 Hz for the tongue
tip pellet.  Following correction for head movement and rotation
to the occlusal plane (see [1]), the lip and tongue body data were
subject to 3-point smoothing (resulting in an effective 16.35 Hz
low pass filter cutoff) and the tongue tip data to 5-point
smoothing (20.04 Hz cutoff) with triangular filters.  The data
were then interpolated (linearly) to a nominal 200 Hz sampling
rate.  The EMMA data were sampled at 625 Hz after low-pass
filtering at 300 Hz before voltage-to-distance conversion.
Following correction for head movement (using the nose and
maxillary reference transducers) and rotation to the occlusal
plane, the data were subject to 21-point smoothing (16.5 Hz
cutoff) by a triangular filter.

The utterances analyzed for this comparison study were ÒItÕs
a [pV'CVp] againÓ where the vowels (V-V) were [a-a], [a-i], [i-
a], [i-i], and [u-u] and the consonants (C) were [p], [t], and [k].
Vowel contexts (V-V) were blocked and recorded with the
consonants in a rotating order of [p], [t], and [k].  The utterances
were recorded as part of a larger study that included other
material not analyzed here.  The night before the EMMA session,
the subject listened to the tokens she had produced in the first
XRMB session, to remind her of the overall rate and style that
she had employed.

In the XRMB sessions three repetitions of each utterance
were recorded.  Any repetitions with mistrackings or perceived
speech errors were excluded from analysis.  In the EMMA
session, four to five repetitions were recorded; any with speech
errors were excluded.  In the analyses below, only parallel
repetitions were compared.  That is, repetition one of an utterance
in the first XRMB session was compared only to repetition one of
that utterance in the second XRMB session and in the EMMA
session.  Utterances for which parallel repetitions in all three
conditions did not exist (i.e., repetitions four and five in the
EMMA session) were not included in the analysis.  (The one
exception to this was the substitution of EMMA repetition four of
[pukup] for repetition three, which had a speech error.)

Vertical movement data for the lower lip, tongue tip, and
one tongue body transducer were considered for the consonant
and the (same) tongue body transducer for the adjacent vowels.
An automatic peak-picking algorithm (with a spatial noise level
of .2 mm) was used to record the absolute positions (i.e.,
extremum positions in mm from the occlusal plane) and the times
at which these extrema occurred.  (We will refer to these extrema

as peaks in the case of local maxima and valleys in the case of
local minima.)  The extrema of interest for the vowels and
consonants for the different utterance types and articulators were
peaks and valleys that indicated the beginnings and ends of the
relevant opening and closing movements.  The consonant-related
events included five lower lip points for [p1Vx'p2Vyp3]
utterancesÑthe first peak for [p1], the valley during Vx, the peak
for [p2], the valley during Vy, and the peak for [p3].  For [pV'tVp]
utterances, three tongue tip points were consideredÑthe initial
valley, followed by the peak during the closure, and the final
valley.  For [pV'kVp] three tongue body extremum positions
Ñvalley, peak, valleyÑwere considered for symmetrical vowel
environments.  In non-symmetrical vowel environments, two
tongue body positions were consideredÑpeak and valley in [ika]
utterances and valley and peak in [aki] utterances.  Vowel-related
events were measured in [p] and [t] tokens in non-symmetrical
vowel environments.  Tongue body peaks during [i] and valleys
during [a] were considered.  Examples of the utterance ÒItÕs a
[pi'pap] againÓ with the extremum positions marked in a token
from the XRMB1 session and the EMMA session are shown in
Figure 1.

"(it's) a pee 'pop a(gain)"  XRMB 1

time (x 50 ms)

"(it')s a pee 'pop a(gain)"  EMMA

1 2 3 4 5 6 7 8 9 10 11 12

1 2 3 4 5 6 7 8 9 10 11 12

tongue
body 2

tongue
tip

low
er

lip

tongue
body 2

tongue
tip

low
er

lip

[«] [p] [i] [p] [a] [p] [«]

[«] [p] [i] [p] [a] [p] [«][s]

Figure 1.  Examples of the utterance ÒItÕs a [pi'pap] againÓ with
the extrema positions marked in a token from the XRMB session

1 (XRMB1) and in one from the EMMA session. The two are
aligned at the first lower lip peak. Relevant time functions for this

utterance are shown in bold.

After the extremum positions and times were recorded,
movement displacement and duration were calculated by taking
the absolute values of the difference in time and spatial position
between extremum positionn and extremum position(n+1).  For
example, if extrema for a valley-peak-valley series were
measured for a [t], three position values were obtained and two
duration and two displacement measures (valley1 to peak, and
peak to valley2).  Finally, peak velocities were obtained for each
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opening and closing movement by the following procedure.
Velocity signals were smoothed using the same windows
described above for the movement signals.  A noise level of 5%
of the overall velocity range for each transducer dimension was
used in picking the velocity peaks.  If multiple velocity peaks
were found for a single closing or opening movement, the largest
velocity value in the correct direction was used.  A total of 432
absolute position measures, 302 duration and displacement
measures, and 300 peak velocity measures were obtained for
further statistical analyses.

Two types of analysis were conducted.  First, the Pearson
product-moment correlation was calculated using a three-way
correlation matrix and listwise deletion (i.e. if a value was
missing for any cell in the correlation matrix, that token was
excluded from all cells in the matrix) to determine how well the
correlation of measurements made with different instruments
(EMMA vs. XRMB1/2) compares to that of measurements from
two sessions recorded with the same instrument (XRMB1 vs.
XRMB2).  These matrices were calculated separately for each
articulator.  Second, analyses of variance were used to test for
main effects of session (EMMA vs. XRMB1 vs. XRMB2) and
any interactions of session with particular articulators or vocalic
contexts.  All analyses were conducted for the dependent
variables of position, displacement (unsigned), duration, and peak
velocity (for which absolute values were used).

3.  RESULTS
3.1.  Correlation
Scatter plots of position and duration measures for EMMA versus
XRMB1 can be found in Figure 2A and 2B.  Those for XRMB1
and XRMB2 are in Figure 2C and 2D.

For all four variablesÑposition, displacement, duration, and
peak velocityÑand for all three articulators the correlations
between each XRMB and the EMMA session were very high and
almost as high as the correlations between the two XRMB
sessions.  Recall that the XRMB sessions were recorded hours
apart, while the XRMB and EMMA sessions were recorded 27
months apart.  The r  values for the correlations of position,
displacement, duration and peak velocity between sessions for
each articulator can be found in Table II.  Nearly all correlations
had a p < .0001.  Two cells had correlations with p<.01.  The
only exception to this was the lack of correlation between any of
the sessions for the duration of the tongue tip movement.

The significant EMMA/XRMB correlations range from
.9818 in the position values to .4613 in the duration values.  The
XRMB1/XRMB2 correlations range from .9852 for position to
.5638 for peak velocity.  One possible explanation for the lower
duration correlations is that there are (non-uniform) differences in
speaking rate between the sessions.  Accordingly, duration would
be expected to vary most of the four measures.  Finally, of the 22
significant EMMA/XRMB correlations, 11 were even higher than
the parallel correlations between the two XRMB sessions.

3.2. Analyses of Variance
Three-factor full-interaction ANOVAs testing for effects of

session (3-level:  EMMA, XRMB1 and XRMB2), vocalic context
(5 level:  aCa, aCi, iCa, uCu), and articulator (3-level:  lower lip,
tongue tip, and tongue body) on position, displacment, duration

A. B.
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Figure 2.  Panel A:  position values for the XRMB1 vs. the
EMMA session.  Panel B:  duration values for the XRMB1 vs.

the EMMA session.  Panel C:  position values for XRMB1 vs. the
XRMB2 session.  Panel D:  duration values for the XRMB1 vs.
the XRMB2 session.  Regression lines for a linear fit are shown.

position displacement duration peak velocity
XRMB1 & EMMA

lower lip .9525** .8127** .6171** .7776**

tongue tip .9817** .9584** .3140 .8731**

tongue body .9897** .8499** .6388** .6984**

XRMB2 & EMMA

lower lip .9656** .8665** .4613* .8401**

tongue tip .9818** .9351** .2361 .9510**

tongue body .9848** .9241** .7503** .8777**

XRMB1 & XRMB2
lower lip .9785** .9339** .6644** .9139**

tongue tip .9782** .9140** .2502 .8129**

tongue body .9852** .8288** .5955* .5638*

N=60, 46, 32 N=48, 25, 21 N=48, 25, 19 N=48, 27, 22

Table 2.  r-values for the correlation of the EMMA and two
XRMB sessions; where N is the number of observations shared
by all three sessions for each articulatorÑlip, tongue tip, and

tongue body. (
** p < .0001, * p < .01).

and peak velocity were conducted to determine if the EMMA
data differed from the XRMB data.  Means and standard devia-
tions for these measures are given in Table III.  (Note that Table
III does not include a breakdown by vowel context. Therefore,
the standard deviations shown are much higher than those for a
further breakdown by vowel context, and it is the latter that are
used in the computation of the error term for the ANOVA.)
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position (mm) displacement (mm) duration (ms) peak velocity (mm/s)
EMMA

lower lip -10.504 (5.561) 9.6154 (4.5553) 91.8077 (14.9326) 168.8776 (71.6115)
tongue tip 0.465 (6.149) 10.9583 (4.2475) 164.6250 (74.8865) 164.2374 (76.1182)
tongue body 10.133 (6.732) 11.0357 (4.3161) 185.8929 (49.5516 ) 126.7271 (44.4975)

XRMB 1
lower lip -7.2278 (5.6577) 9.5885 (4.8529) 102.3077 (23.5660) 144.9963 (57.9854)
tongue tip 3.4825 (6.1340) 10.8583 (4.4137) 143.1250 (47.2232) 165.6624 (66.8590)
tongue body 11.6018 (7.0424) 12.8192 (3.6322) 213.2000 (49.0298) 116.2879 (41.2403)

XRMB 2
lower lip -7.3960 (6.0719) 10.6082 (5.1266) 111.2500 (25.0850) 152.6237 (68.5298)
tongue tip 1.7002 (6.7386) 11.5095 (5.2295) 140.7143 (34.3979) 172.2895 (74.0941)
tongue body 10.0722 (7.0365) 12.4269 (3.7273) 216.2963 (58.1707) 115.0355 (35.9258)

Table 3.  Means and standard deviations for position, displacement, duration, and peak velocity for the EMMA and two XRMB sessions.

ANOVA found no main effect of session on displacement
(F(2,257) = 1.1), duration (F(2,256) = 1.07) or peak velocity
(F(2,225) = .801).  There was a significant effect of session on
position F(2,387)=5.085, p<.0066) distinguishing the EMMA
session from the other two sessions (determined by a FisherÕs
PLSD post-hoc test (p<.05)).  The 2.27 mm (averaged) difference
is likely due to the difference in procedure for determining the
occlusal plane described above, and therefore is uninteresting.
The presence of the dental impression in the case of the XRMB
procedure would effectively place the subjectÕs maxilla slightly
higher above the bite plate than in the EMMA procedure, and
indeed it is the XRMB data that show higher positions with
respect to the occlusal plane. Finally, there was a significant
interaction of session and articulator on duration (F(4,256) =
3.483, p = .0093).  This was due to shorter durations in the
EMMA session for the tongue body articulator.  No other main
effects or interactions were significantÑin particular, session had
no systematic effect on displacement, duration, or peak velocity.

Another way of assessing the comparability of the different
techniques is to examine the data for an expected phonetic effect,
so as to confirm that both techniques show the effect and that
there is no difference in the robustness of the effect.  One
candidate is the effect of vowel context on displacement of the
consonant articulators into and out of a consonant constriction.
The displacement of the receivers most relevant to the consonant
constriction can be expected to be greater when the consonant is
produced in the context of a low vowel than in the context of a
high vowel.  To test this, tokens of [pV'pVp] and [pV'tVp] were
analyzed ([pV'kVp] tokens were not analyzed because consonant
and vowel constrictions are conflated in the same receiver in this
case).  A three-factor full-interaction ANOVA testing for effects of
session, vocalic context, and articulator (2 level:  lower lip &
tongue tip) on displacement found the expected main effect of
context such that the low vowel contexts cause greater
displacement for the consonant articulator (F(4,192) = 24.628, p
< .0001).  Importantly, however, there was no interaction of
session and environment (F = .359) or articulator (F = .303).

4.  CONCLUSION
This report has addressed concerns of replicability and
consistency that have arisen from the use of two different
instruments in collecting articulatory movement data.  We have
examined the degree to which data acquired with the EMMA and
the NIH X-ray microbeam (XRMB) movement transduction
systems are consistent.  In conclusion, high correlations between
position, displacement, duration, and peak velocity data were

obtained between sessions recorded 27 months apart with the
EMMA and the X-ray microbeam instruments.  The correlation
of these measures between the EMMA and XRMB runs is very
high and is almost as high as that between the two XRMB runs.
Furthermore, analyses of variance find no substantive differences
between the instruments.  These data demonstrate that extremely
similar kinematic results can be obtained from recordings of a
speaker made at different times and with different
instrumentsÑgiven consistency in subject behavior, in data
elicitation procedures, and in movement transducer placement.
Specifically, this unique data set allows us to conclude
confidently that differences occurring in data collected with the
EMMA system and the X-ray microbeam system will be due to
factors other than the type of movement transducer system used.

ACKNOWLEDGMENTS
The authors thank Catherine Best, Vince Gracco, Katherine Harris,
Kiyoshi Oshima, John Westbury, Ed Wiley, and the staff of the NIH
microbeam system at the University of Wisconsin, especially Carl
Johnson, for help of various sorts.  The authors are very grateful to two
anonymous reviewers, Freddie Bell-Berti, Anders L�fqvist, Joe Perkell,
and Pascal H. H. M. van Lieshout for their comments on the manuscript.
This research was supported by NIH grants DC-00121 and DC-00016 to
Haskins Laboratories.

REFERENCES
[1] Westbury, J.R. 1994. X-ray microbeam speech production database
userÕs handbook, version 1.0, Madison, WI.
[2] Sproat, R. and Fujimura, O. 1993. Allophonic variation in English /l/
and its implications for phonetic implementation. Journal of Phonetics
21. 291-312.
[3] Johnson, K., Ladefoged, P. & Lindau, M. 1993. Individual differences
in vowel production. J. Acoust. Soc. of Am., 94,2, pt. 1. 701-714.
[4] de Jong, K. 1991. An articulatory study of consonant-induced vowel
duration changes in English, Phonetica 48. 1-17.
[5] Perkell, J., Cohen, M., Svirsky, M., Matthies, M., Garabieta, I., and
Jackson, M. 1992. Electro-magnetic midsagittal articulometer (EMMA)
systems for transducing speech articulatory movements. J. Acoust. Soc. of
Am., 92, 3078-3096.
[6] Gracco, V.L. and Nye, P.W. 1993. Magnetometry in speech
articulation research:  Some misadventures on the road to enlightenment.
Forschungsberichte des Institut f�r Phonetic und Sprachliche
Kommunikation der Universit�t M�nchen (FIPKM) 31, 91-104.
[7] Nadler, R.D., Abbs, J.H., and Fujimura, O. 1987. Speech movement
research using the new X-ray microbeam system. Proceedings of the XIth
International Congress of Phonetic Sciences, 1, 221-224.
[8] Sch�nle, P.W. 1988. Elektromagnetische Artikulographie. Berlin,
Springer.

page 630 ICPhS99          San Francisco



USING SPEECH ACOUSTICS TO DRIVE FACIAL MOTION

Hani Yehia1 Takaaki Kuratate2 Eric Vatikiotis-Bateson2

hani@cpdee.ufmg.br tkurata@hip.atr.co.jp bateson@hip.atr.co.jp
1Universidade Federal de Minas Gerais, Dept. Eng. Eletronica, Brazil
2ATR Human Information Processing Research Laboratories, Japan

ABSTRACT

This paper describes and evaluates a method to estimate
facial motion during speech from the speech acoustics. It is
a statistical method based on simultaneous measurements
of facial motion and speech acoustics. Experiments were
carried out for one American English and one Japanese
speaker. Facial motion is characterized by the 3D position
of markers placed on the face and tracked at 60 frames/s.
The speech acoustics is characterized by LSP parameters.
The method is based on two points: (i) using appropriate
constraints, the vocal-tract shape can be estimated from
the speech acoustics; and (ii) most of facial motion is a con-
sequence of vocal-tract motion. Marker positions and LSP
parameters were collected during several utterances and
used to train arti�cial neural networks, which were then
evaluated with test data. In the results obtained, approxi-
mately 85% of the facial motion variance were determined
from the speech acoustics.

1.INTRODUCTION

The fact that the speech acoustics and facial motion are
intimately related is intuitive. To which extent it is pos-
sible to determine facial motion from the speech acoustics
and vice versa is, nevertheless, an issue that requires quan-
titative examination. In this paper, a method to estimate
facial motion from the speech acoustics is presented and
evaluated. Such a method is important for both basic and
applied research. In basic research, it can be used to un-
derstand the link used by humans to combine acoustic and
visual information in audiovisual speech perception. In ap-
plied research, a mapping from speech acoustics to facial
motion is basic for parametric facial animation. It is also
helpful in audiovisual speech coding, where it can be used
to integrate acoustic and visual data to reduce redundancy
in the encoding process.

The method presented here is based on a statistical anal-
ysis of simultaneous measurements of the speech acoustics
and facial motion. The analysis consists of �nding an ap-
propriate mathematical representation for the mapping be-
tween both acoustic and facial motion domains.

In previous works[6, 3], linear mappings were used, thus
providing a reference to evaluate the performance of more
elaborated nonlinear mappings. The results obtained indi-

cate that facial motion can be partially determined from
some acoustic features of speech, namely the RMS ampli-
tude and LSP parameters[5], (which are closely related to
the speech formants). Better results, however, could pos-
sibly be obtained with nonlinear mappings.
In this paper, e�orts are carried out in this direction:

the linear model used in[6] is substituted by an arti�cial

neural network formed by one nonlinear hidden layer and
one linear output layer. The neural network is trained with
a set of data and tested with another. The results obtained
indicate that, with the neural network used, approximately
85% of the total variance observed in facial motion test data
can be determined from the speech acoustics. These results
are considerably better than those obtained with linear
estimators[6], which modeled between 66% and 72% of the
facial motion variance. The experimentation, mathemati-
cal analysis, and quantitative results obtained are given in
more detail in the following sections.

2.EXPERIMENTATION

Experiments were carried out for an American English
(EB) and a Japanese speaker (TK). Facial motion is char-
acterized by the 3D position of markers (12 for EB and
18 for TK) placed on the cheeks, chin, and around the
lips. The markers were tracked with an OPTOTARK at
60 frames/s. and their location is shown in Fig. 1.
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Figure 1: Position of markers used for facial motion mea-
surements. (a) Subject EB. (b) Subject TK.

page 631 ICPhS99          San Francisco



The speech acoustics is characterized by line spectrum

pairs (LSP parameters). In the experiments, the speech
waveform was acquired at 8040 samples/s, and analyzed
using a frame length of 50ms and a frame shift of 17.3ms
(i.e. 60 frames/s). A Hamming window was applied and
LPC analysis of order P = 10 was carried out for each
frame. Finally, LPC coe�cients were converted into LSP
parameters[5]. The use of LSP parameters is justi�ed by
the fact that they are closely related to the speech formants,
which are basically determined by the vocal-tract shape. In
turn, vocal-tract motion is the main cause of facial motion
during speech.

The corpus used consists of �ve repetitions of each of the
English sentences shown in Table 1 for EB, and four repe-
titions of each of the Japanese sentences shown in Table 2
for TK. For each sentence, one repetition was left apart for
tests, whereas all other repetitions were used for training
the linear and nonlinear estimators described in the next
section.

Table 1: English Sentences (Subject EB)

After papa beamed aboard the love boat, mama popped
their baby into the bubbling mud bath.

When the sunlight strikes raindrops in the air, they act
like a prism and form a rainbow.

Sam sat on top of the potato cooker and Tommy cut
up a bag of tiny potatoes and popped the beet tips into
the pot.

Table 2: Japanese Sentences (Subject TK)

Obaasan wa kawa e sentaku ni dekakemashita.

Obaasan wa momo o hirotte ie ni motte kaerimashita.

Momo o watte miru to naka kara otokonoko ga dete-
kimashita.

Otokonoko wa Momotaro to nazukeraremashita.

Obaasan wa kibi dango o motasemashita.

3.MATHEMATICAL ANALYSIS

In order to perform a mathematical analysis, the data ac-
quired in the experiments were �rst organized in a matricial
form in the following way: each frame m of facial data was
represented as a vector of 3N dimensions, where N is the
number of markers (N = 12 for EB and N = 18 for TK),
which are represented in Cartesian (xyz) coordinates

xm = [x1m x2m : : : x3N m]
t
; (1)

where [�]t denotes transpose. LSP parameters were rep-
resented in the same way: each frame m of digitized
speech (acquired simultaneously with facial motion) had
its P = 10 extracted LSP parameters represented as a
P�dimensional vector

fm = [f1m f2m : : : fPm]
t
: (2)

The Mtr training vectors (Mtr = 3180 for EB and Mtr =
2852 for TK) representing facial marker positions and LSP
parameters acquired simultaneously were then grouped in
the matrices

Xtr = [x1 x2 : : : xMtr
]; (3)

Ftr = [f1 f2 : : : fMtr
]: (4)

3.1.Principal Component Analysis

Due to the high redundancy present in facial vectors, prin-
cipal component analysis (PCA) was performed in order to
reduce the number of parameters of the estimators[6]. The
PCA procedure starts with the computation of the covari-
ance matrix of facial vectors

Cxx =
1

Mtr

[Xtr � �x][Xtr � �x]
t
; (5)

where �x represents the mean facial vector. Then, singular
value decomposition (SVD)[2] is used to express Cxx as

Cxx = USxxU
t
; (6)

U is a unitary matrix whose columns are the eigenvectors
(normalized to unit Euclidean norm) of Cxx and Sxx is a
diagonal matrix containing the corresponding eigenvalues
of Cxx. The sum of all eigenvalues equals the total variance
observed inCxx. Therefore, if the sum of the �rstK largest
eigenvalues equals a given proportion (e.g. 99%) of the
sum of all eigenvalues, then the �rst K eigenvectors of Cxx

(contained in the �rst K columns of U) will equal this
proportion of the total variance of the training set. Hence,
a given vector x can be arbitrarily well-approximated as a
linear combination of the �rstK eigenvectors ofCxx (which
are the �rst K principal components of X), provided that
K is su�ciently large. In our analyses, 99% was found
to be su�cient and this value was attained with K = 7
principal components. Calling Ux the matrix containing
the �rst K = 7 columns of U, a given facial vector x and
its principal components are related by the equations

x � Uxpx + �x; (7)

with

px = Ux
t(x� �x) (8)

being the vector of principal component coe�cients.
(Although redundancy is also present in LSP parame-
ters, PCA was not applied to them, as we veri�ed that
preservation of all the information contained in the input
acoustic data results in better estimation of facial motion.)

3.2.Linear Estimators

The approximation of a facial PCA vector px as an a�ne

transformation of an LSP parameter vector f can be ex-
pressed as

px � epx = Tfp(f� �f ); (9)
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where

Tfp = E[(f� �f )px
t]E[pxpx

t] (10)

� (F� �f )Px
t(PxPx

t)�1 (11)

approximates the minimum-variance unbiased estimator

of x [7]. epx contains the information about px that can be
linearly extracted from f and provides a reference for the
evaluation of the performance of the nonlinear estimators
described in the next section.

3.3.Neural Networks

Feedforward neural networks composed of one nonlinear
hidden layer and one linear output layer were chosen to
model the nonlinear relation between LSP parameters and
facial marker positions. K = 7 independent neural net-
works were used to model the K = 7 principal compo-
nents pk that form a given facial PCA vector px. The
neural networks approximate the principal components
pk; k = 1; : : : ; K; as a function of an LSP vector f as follows

pk � epk = w2

k [tanh(W
1

kf+ b1k) + b
2

k]; k = 1; : : : ; K: (12)

The nonlinear hidden layer of each neural network is de-
�ned by the weight matrix

W1

k =

2
64

w1

11k : : : w1

1Pk

...
...

w1

Q1k : : : w1

QPk

3
75 (13)

and by the bias vector

b1k = [b11k : : : b
1

Qk]
t
; (14)

while the linear output layer is de�ned by the weight vector

w2

k = [w2

1k : : : w
2

Qk] (15)

and the bias factor b2k. In the equations above, Q = 10 is
the number of neurons used in the nonlinear hidden layer
of each neural network. Training of the K = 7 neural
networks was carried out using the Levenberg-Marquardt
optimization algorithm[4, 1], and took around 50 epochs
to converge. (This required around 5Gops and 15min
with MatLab running on a Pentium-II 450MHz.)

3.4.Recovery and Smoothing

Once the estimated principal component vectors epx are
obtained, either with a linear estimator (Eq. 9) or with
neural networks (Eq. 12), the marker position vectors can
be recovered using Eq. 7. The trajectories obtained are
then low-pass �ltered to 8Hz, since it was veri�ed that,
in the original marker trajectories, there is practically no
motion energy above that frequency. It must be noted,
however, that such a smoothing procedure cannot be
applied to LSP parameter trajectories, since, as opposed
to facial motion, the speech acoustics is not necessarily
under continuity constraints.

4.RESULTS AND DISCUSSION

The results obtained are summarized in Table 3, which
shows the correlation coe�cients[6] between measured (x)
and estimated (ex) facial data. The �rst important point
to note in Table 3 is that the neural networks performed
considerably better that the linear estimators for both sub-
jects and for all facial regions. Another interesting point is
that comparable results were obtained for EB and TK, in
spite of their di�erences in language and physiology.
Figure 2 shows a comparison between measured and

estimated facial temporal patterns. Note that both linear
and nonlinear (neural network) estimators can follow
reasonably well the measured patterns. A more careful
examination, however, indicates that the neural networks
perform signi�cantly better in several cases. The main
articulators, namely the chin and the lower lip, are well
tracked, whereas the upper lip is more di�cult to esti-
mate. This can be partially explained by its low amplitude
motion, although amplitude of cheek motion is also small
but more reliably recovered. A more serious problem is
that upper lip motion combines active movements and
relatively large passive deformations caused by contact
with the lower lip which are often not related to the
speech acoustics (e.g. lip closure). Finally, both lips are
susceptible to rapid aerodynamic deformations, though it
is unlikely that these were transduced at the low sample
rates used in our studies.

5.CONCLUSION

A method to estimate facial motion from the speech acous-
tics was presented. The procedure consists of modeling
the mapping between speech LSP parameters and the 3D
position of markers placed on the face. Feedforward neu-
ral networks were used for that purpose and their perfor-
mance was compared with that of linear estimators. The
mean global correlation coe�cients between measured and
recovered temporal patterns, across di�erent subjects and
utterances, were � 0:70 for the case of linear estimators
and � 0:85 for the case of nonlinear (neural network) esti-
mators. These results con�rm the fact that facial motion
and speech acoustics are closely related, and that it is pos-
sible to model this relation mathematically. Linear models
give reasonable results, but the performance of nonlinear
models is considerably better.
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Table 3: Correlation Coe�cients between Measured and Recovered Facial Motion

Global Chin Upper Lip Lower Lip Lip Corner Cheek
Sbj. Estimator mean (s.d.) mean (s.d.) mean (s.d.) mean (s.d.) mean (s.d.) mean (s.d.)

EB Neural 0.86 (0.03) 0.87 (0.03) 0.76 (0.04) 0.87 (0.03) 0.84 (0.03) 0.79 (0.05)
Linear 0.73 (0.06) 0.75 (0.06) 0.57 (0.04) 0.74 (0.07) 0.70 (0.05) 0.65 (0.09)

TK Neural 0.84 (0.05) 0.85 (0.05) 0.80 (0.05) 0.84 (0.05) 0.85 (0.04) 0.83 (0.05)
Linear 0.68 (0.09) 0.70 (0.08) 0.61 (0.10) 0.68 (0.09) 0.71 (0.08) 0.68 (0.09)

−1

0

1
When   the   sunlight   strikes   raindrops   in   the   air,...

1

2

3

0.89   Cheek Vertical Motion
0.8

−2

−1

0

0.89   Cheek Horizontal Motion
0.82

−2

−1

0

0.88   Lip Corner Vertical Motion
0.8

−2

−1

0

0.81   Lip Corner Horizontal Motion
0.75

−1

0

1

0.76   Upper Lip Vertical Motion
0.6

P
O

S
IT

IO
N

 (
cm

)

0

1

2

0.69   Upper Lip Horizontal Motion
0.47

−2

−1

0

0.84   Lower Lip Vertical Motion
0.76

0

1

2

0.82   Lower Lip Horizontal Motion
0.83

−7

−6

−5

0.92   Chin Vertical Motion
0.86

0 1 2

−1

0

1

0.88   Chin Horizontal Motion
0.83

TIME (s)

−1

0

1
Momo o watte miru to naka kara otokonoko ga detekimashita

7

8

9

0.87   Cheek Vertical Motion
0.72

6

7

8

0.86   Cheek Horizontal Motion
0.69

6

7

8

0.89   Lip Corner Vertical Motion
0.72

8

9

10

0.83   Lip Corner Horizontal Motion
0.75

7

8

9

0.68   Upper Lip Vertical Motion
0.47

P
O

S
IT

IO
N

 (
cm

)

10

11

12

0.77   Upper Lip Horizontal Motion
0.71

5

6

7

0.88   Lower Lip Vertical Motion
0.76

9

10

11

0.9   Lower Lip Horizontal Motion
0.78

1

2

3

0.89   Chin Vertical Motion
0.78

0 1 2 3
7

8

9

0.9   Chin Horizontal Motion
0.78

TIME (s)
Figure 2: Facial motion recovery from LSP parameters for EVB (left panels) and TK (right panels). Top panels: speech
waveform. 2nd to 11th panels: facial temporal patterns that were measured (thin black lines) and recovered from LSP
parameters using neural networks (thick black lines) and linear estimators (gray lines). The correlation coe�cients
between measured and recovered temporal patterns are shown on the left for recoveries using neural networks (black
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ABSTRACT
Clinical observations of distortions of production (and perception)
of prosody implicate that distinct, non-overlapping neural circuits
are responsible for distinct prosodic cues and functions [1]. These
observations motivate a question whether similar evidence can be
found in the neurologically intact brain. In our experiments we use
new technology designed to reveal the function of active, healthy
brain. The experiments are constructed to check the neuroanatom-
ical basis of thePROSODY GENERATOR, a functional unit in the pho-
nological system which integrates and controls the variation of
prosodic parameters [2]. The results show that relatively small,
non-overlapping, distinct perisilvian areas of both the right and the
left hemisphere are involved in the generation of prosody. We
found specific activity correlated with theFOCUS accent, the
MODUS marker and theAFFECT characterization. The localization
appears to correlate best with the address frame of the prosodic
cues. These results can not be fully accommodated by any of the
existing theories of prosodic representation of speech in the human
brain.

1. INTRODUCTION
Prosody is a mode of communication which provides a parallel
channel to speech. Prosodic features, unlike other linguistic fea-
tures, are often produced without conscious intention and are open
to forms of interpretation which rely on emotional, non-cognitive
processes. The communicative content of many prosodic signals
parallels that of stereotypic call vocalizations characteristic of
communication systems of other species. It has been often argued
that the neuroanatomical basis for these call vocalizations should
be fundamentally different from the neuroanatomical basis of the
symbolic aspects of human communication. But unlike calls of
other species, prosodic organization of human communication is
continuous and highly correlated with the semantic, syntactic,
morphological and segmental organization of speech. Regardless
of function, there exist only three prosodically active phonetic pa-
rameters: duration, intensity and pitch.

The variety of prosody functions and cues in language pro-
cessing has led to multiple hypotheses concerning the neurolin-
guistic and neuroanatomical basis of prosody. At least four contra-
dictory hypotheses have been particularly influential (cf. [1] for a
critical summary).

(1) TheRIGHT HEMISPHERE HYPOTHESIS contends that all aspects
of prosody are independently processed by the right hemi-
sphere and integrated with the linguistic information (which
is processed by the left hemisphere) via interhemispheric con-
nections (i.e. the fibres of the corpus callosum).

(2) TheFUNCTIONAL LATERALIZATION HYPOTHESIS assumes that
there is a continuum from linguistic to affective functions of

prosody and processing shifts from the left hemisphere (more
linguistically-based tasks) to the right hemisphere (more af-
fectively-based tasks).

(3) TheSUBCORTICAL PROCESSING HYPOTHESIS claims that pro-
sodic functions are highly dependent on subcortical process-
ing and are not lateralized to one or another hemisphere.

(4) TheACOUSTIC CUES HYPOTHESIS contends that duration, pitch
(and possibly intensity) may be independently lateralized.

All these contradictory hypotheses find their support in the clinical
observation of language and speech impaired subjects. There are
problems with the interpretation of data from patients if it is used
in isolation. This data may reflect neural reorganization or the de-
velopment of compensatory strategies. It can not be simply as-
sumed that the absence of function after a stroke means that the pa-
tient has normal cognition minus one part. Apart from that, the data
provided by observation of patients are a product of a highly com-
plex cognitive process which can be hardly further fractionalized.
Modern cognitive theories question the assumption of a simple
correspondence between complex tasks (like prosody) and large
brain areas (like whole brain hemispheres).

In our research we assume a highly fractionalised and elabo-
rated model of prosody generation (Fig. 1) and test its individual
components with experiments designed to reveal the function of
active, healthy brain. The experiments follow the methodological
spirit of [2]. The main interest in the experiment described below
concerns the role of theaddress frames in prosody generation.

Figure 1. The model of prosody generation [2: 366].
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2. METHODS
2.1. Materials
The study recruited healthy native german subjects (five females,
four males, mean age 26.2 years, range 21-32 years). All partici-
pants were right-handed as determined by strandardized inventory,
and none of them had a history of neurological disorders. Informed
consent had been obtained from each subject. Subjects were paid
for the participation in the experiment. The subjects were asked to
produce a sentence like sequence consisting of five syllables
[dadadadada] with various pitch-accent types and locations (the
FOCUS condition), with various boundary tone types (theMODUS

condition), and with various kinds of emotional state marking (the
AFFECT condition). As a baseline for the statistical analysis they
were asked to produces the logatomes [dadadadada, dididididi, do-
dodododo, dududududu] in a monotonous voice (with a syllable
frequency of ca. 5 Hz). The material is summarized in table 1.

We used reiterrant syllables and meaningless words in order
to reduce to the minimum the influence of the syntactic, semantic,
morphological and segmental factors on prosody generation. The
aspects of prosody that were controlled in this experiment were in
accordance with the model of prosody given in [2] correlated only
with different address frames and parameter settings (cf. Fig. 1).

2.2. Procedure
Subjects lie supine in the MR scanner (1.5 T whole body scanner,
Siemens Vision), the heads being secured by means of a foam rub-
ber in order to minimize movement artifacts. The stimuli were pre-
sented visually every 15 sec. for a period of three seconds. The
pauses between the stimuli were 12 sec. long. Subjects were pro-
ducing the required item immediate after stimulus presentation.
Every 60 sec. there was a paradigm change, initiated by an acoustic
instruction. Each stimulus has been presented eight times. In four

out of these eight presentations the ’prosodic’ reaction was re-
quired. In the other four cases the subjects were rendering the item
in a monotonous manner. Fig. 2 illustrates the data collection pro-
cedure used in the experiment. The material and the procedure
have been validated in a pilot study [3] performed outside of the
MR scanner.

Stimulus Paradigm

1 (FOCUS) 4 (MONOTONOUS)

dadadadada
H*L

dididididi

dadadadada
H*L

dadadadada

dadadadada
H*L H*L

dududududu

dadadadada
L*H L*H

dododododo

2 (MODUS) 4 (MONOTONOUS)

dadadadada
H*L L%

dididididi

dadadadada
L*H H%

dadadadada

3 (AFFECT) 4 (MONOTONOUS)

dadadadada
H*L [ HAPPY]

dududududu

dadadadada
H*L [ SAD]

dododododo

Table 1. Visual presented stimuli and reaction paradigms.
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2.3. Analysis
2.3.1. Neuroimaging.
fMRI [functional Magnetic Resonance Imaging] technology uses
the blood oxygen level-dependent (BOLD) contrast effect as an in-
direct marker of brain activation. Local neuronal activity gives rise
to a decline in blood oxygenation which, in turn, causes an increase
of blood flow. The hemodynamic response outweights the oxygen
demand yielding accumulation of oxyhemoglobin within the re-
spective region. Since magnetic properties of oxyhemoglobin are
different from that of deoxyhemoglobin, imaging sequences allow
to detect the change of MR signal within the activated areas.
Twenty-eight parallel axial slices (thickness = 4 mm, gap = 1 mm)
were acquired across complete brain volume by means of multi-
slice echoplanar imaging sequence T2* EPI (TE=39ms, TR=3s,
α=90

0
, FOV=192mm, 64

2
 matrix).

2.3.2. Statistical analysis.
The assumption which is tested against in the cognitive brain re-
search is that the brain is equipotential, with each behavior requir-
ing the interaction of the entire structure. The established method
is STATISTICAL PARAMETRIC MAPPING (SPM) [4]. The fMRI data
from our experiment was processed by means of SPM96 software
package. Each mean image was coregistered and movement cor-
rection and space normalization procedures have been performed.
The normalized fMRI data were filtered (Gaussian filter, six milli-
meter full width half maximum [FWHM]). Since prior fMRI stud-
ies revealed a delay of the hemodynamic response extending from
three to six seconds only the images within this time window (cf.
the takes marked in bold in Fig. 2) were considered in the analysis
[5]. For optimal localization of significantly activated areas
SPM(t)-maps were superimposed on the structural MR images av-
eraged across all nine subjects (Fig. 3).

3. RESULTS
The significant neural activity correlating with our experimental
tasks is presented in the SPM images on the following page. For
clarity we encircled the most relevant areas. We found a circuit of
enhanced neural activity in both left and right anterior portions of
the superior temporal gyrus and in the cerebellum (also left and
right) in all tasks (rest was used as a baseline for subtraction). This
cerebellar-temporo/frontal link may play a critical role in all tasks
demanding rapid production of linguistic associations. The monot-
onous speech is characterized by increased bilateral neural activity

in the primary motor cortex, and in the superior lateral hemisheres
of the cerebellum (cf. Fig. 3). By subtracting task 4 (monotonous
speech) from task 1 (i.e. simulation of FOCUS) we registered en-
hanced activity in the left temporal superior gyrus (area 38/L, cf.
Fig. 3). Subtracting the baseline from task 2 (i.e. simulation of lin-
guistic MODUS) revealed neural activity enhancement in the pos-
terior part of the right superior temporal gyrus (area 22/R, cf. Fig.
3). Subtracting the baseline from task 3 (i.e. simulation of AF-
FECT) revealed neural activity in the anterior part of the right su-
perior temporal gyrus (area 38/R, cf. Fig. 3).

4. DISCUSSION
The results support the view that both hemispheres subserve the
processing of prosodic features of speech. They suggest that this
processing is highly localized (superior temporal gyrus). Further-
more, the lateralization is not consistent with the distinction be-
tween linguistic vs. emotional functions of prosody. Rather, it is
the case that prosodic features which require a short address frame
(e.g. focused syllable) are lateralized differently than prosodic fea-
tures requiring a long address frame (the whole intonational phrase
for linguistic modus and paralinguistic affect). Prosodic frame
length and not the linguistic/affective function is a basis of lateral-
ization.
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ABSTRACT

Recently the claim that listeners compensate for coarticulation by
closely tracking information about the talkerÕs coarticulatory
behavior has been challenged by  findings of compensation-like
responses to speech on the part of Japanese quail and by findings
of compensation-like responses of humans to tonal precursors of
syllables. These findings led to a conclusion that apparent
compensations for coarticulation reflect a low-level frequency
contrast effect. We disconfirm that account in a first experiment
and then confirm that precursor tones, if sufficiently intense, can
mask following syllables giving rise to compensation-like
response patterns. However, we rule out that account and any
other account in terms of auditory contrast effects as underlying
compensation for coarticulation generally by showing
compensation for coarticulatory effects of precursor syllables
when information for the coarticulatory effects  is optical.

1. INTRODUCTION
Listeners appear  to be remarkably sensitive to what talkers do to
produce coarticulated speech. One index of their sensitivity is
their compensation for coarticulation. A well-known example of
compensation was provided by Mann [7] She presented members
of a /da/-/ga/ continuum in the context of a preceding /al/ or /ar/
syllable. Listeners identified more continuum members as /ga/ in
the context of /al/ than of /ar/. In natural speech, the alveolar
constriction of /l/ may exert a carryover coarticulatory effect on a
following /g/, pulling its place of articulation forward. /r/ may
pull the place of articulation of /d/ back. Listeners behave as if
they are taking that into account perceptually, allowing more
front members of the /da/-/ga/ continuum to count as /ga/ in the
context of /l/ than of /r/. If this account of listenersÕ behavior is
accurate, then listeners are adept at using phonetic information
for coarticulatory influences of one phonetic segment on another
as information regulating their perceptual identifications.

The literature offers two other ways in which apparent
compensations for coarticulation may occur. Neither of these
implies that listeners are particularly sensitive to talkersÕ
coarticulatory behaviors. Elman and McClelland [3] and Pitt and
McQueen [10] have shown that compensation-like effects of
fricatives on a following /d/-/g/ continuum can be due, not to
phonetic or acoustic evidence of coarticulation, but rather, to
listenersÕ knowledge of their language. In the research by Elman
and McClelland [3] listeners compensated for effects of /s/ and
/S/ on following /d/-/g/ continua when the information for the
identity of the fricative was lexical not acoustic (e.g., the final
consonants of Christmas  and foolish having been made
acoustically identical. Recently, Pitt and McQueen [10] have
shown that, in  fact, the effective information in the research of
Elman and McClelland was not lexical, but knowledge of the
transition probabilities between successive phonemes. (In
English, /s/ is more probable after the final vowel in Christmas;
/S/ is more probable after the final vowel of foolish.

Recently,  Lotto and Kluender  [5]  (see as well,  [6]  have

challenged the claim that compensation for coarticulation ever
needs to be ascribed to any remarkable sensitivity on the part of
listeners to talkersÕ coarticulatory behavior. They ascribed the
apparent compensatory behavior in MannÕs [7] research, and by
implication in any research findings of compensation, to
frequency contrast. MannÕs /da/-/ga/ continuum members differed
in F3; the /da/ endpoint had a falling F3 and the /ga/ endpoint a
rising F3. The /al/ precursor syllable had a higher terminal F3
than the onset F3 of the /da/ endpoint; the /ar/ precursor had a
lower terminal F3 than the onset F3 of the /ga/ endpoint. A
frequency contrast effect of /al/Õs terminal F3 would make
following onset F3s perceptually lower than they are; a
contrastive effect of /ar/ would make following onset F3s
perceptually higher. This would foster more /ga/ identifications
after /al/ than /ar/. Lotto and Kluender tested the frequency
contrast account by substituting tones for the precursor syllables
of Mann [7]. A high frequency precursor tone was set to the
terminal center frequency of F3 of /al/; a low frequency precursor
tone was set to the terminal center frequency of /ar/Õs F3. The
high and low frequency precursor tones affected /da/ and /ga/
identifications in the same way that /al/ and /ar/ had, respectively,
in the research by Mann [7]. Additionally,  Lotto, et al [6]
showed that Japanese quail exhibit qualitatively the same effects
of /al/ and /ar/ on /da/-/ga/ identifications as humans.show.
Japanese quail are not likely to be highly sensitive to
coarticulation by humans; a contrast account of their behavior is
plausible.

Lotto, et al [6] suggest that contrast effects reflect the
adaptation of perceptual systems to invariant properties of the
world, namely that events exhibit inertia. In inertial systems the
state of the system at time t is constrained by its state at t-1.
Contrast effects remove the effects of the state at t-1 on the state
at t. In production of /alga/, carryover coarticulation may be
viewed as inertial; /l/ continues to be produced as /g/ is initiated.
Contrast effects remove the /l/ coloring of /g/.

This account of contrast effects provided the starting point
for our further investigation of sources of compensations for
coarticulation. One flaw in the account is that it explains
compensation for carryover coarticulation,  but not compensation
for anticipatory coarticulation, which is observed to occur (e.g.,
[8]). A second flaw is that it suggests perceptual elimination of
coarticulatory effects. However, the effects are not eliminated;
listeners use information in the domain of one segment that is due
to coarticulation by another segment as information for the
coarticulating segment [e.g., 3]. Perception does not eliminate
coarticulatory effects; it properly ascribes them to the
coarticulating segment. A final weakness is that the occurrence of
frequency contrast effects with stimuli like those of Lotto and
Kluender [5] has not been established. Whereas Lotto and
Kluender cited two papers [1, 2] that do, indeed, report frequency
contrast, the contrastive findings were obtained with stimuli
nothing like those of Lotto and Kluender. For example, precursor
tones in [2] lasted either one or two minutes (i.e., 60,000 or
120,000 ms), not the 250 ms of Lotto and KluenderÕs tones.
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2. EXPERIMENTS
2.1 Experiment 1
2.1.1 Introduction. In the first experiment, we looked for a
frequency contrast effect using tonal precursors and target tones.

2.1.2 Method. We synthesized two sets of target tones. In one
set, the tones were 250 ms long (the duration of /da/-/ga/ syllables
in research by Lotto and Kluender [5] in the other set they were
50 ms long (the duration of /da/-/ga/ transitions). Tones were
steady state sinewaves  with frequencies between 1800 and 2700
Hz. They had 5 ms amplitude rise times and fall offs at the
beginnings and ends. There were ten tones in all, with a 100 Hz
separation between tones. High frequency (2800 Hz) and low
frequency (1700 Hz) precursor tones were synthesized as well.
They were 250 ms in duration. Target tones followed test tones
after a 50 ms silent interval.

Sixteen listeners participated in the condition with 250 ms
target tones; 15 participated in the test with 50 ms target tones. In
both groups, listeners first learned to identify the tone-continuum
endpoints as H (high) or L. They then took a 100 item test in
which all continuum members were presented in isolation ten
times each  and identified each tone as H or L. Finally, they took
a 200 item test in which 20 tokens of each continuum tone were
presented preceded ten times by the high precursor tone and ten
times by the low precursor. They identified the target tones as H
or L.

2.1.3 Results. The results shown in Figures 1 and 2 revealed no
evidence of a frequency contrast effect. Precursor tones reduced
identification consistency at the continuum endpoints, but there
was no tendency for the high precursor to increase L judgments
or for the low precursor to increase H judgments. In analyses of
variance performed separately on  the data from the 250 ms target
tones and the 50 ms tones, effects of the precursor were
nonsignificant (both Fs < 1).
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Figure 1:  Proportion ÒlowÓjudgments in  the test with 250 ms
target tones.

2.2 Experiment 2
A different kind of contrast effect to which Lotto and Kluender
(1998) allude is Òspectral contrast.Ó This is a masking effect
whereby a precursor stimulus reduces the effective intensity of its
own frequencies in a following stimulus. Possibly, Experiment 1
failed to find contrast, because the relevant contrast effect is
spectral, not frequency. Our stimuli being sinewaves, the 2800 Hz

precursor may have reduced the effective intensity of following
2800 Hz tones, but our l isteners never  got target tones
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Figure 2: Proportion ÒlowÓjudgments in  the test with 50 ms
target tones.

that matched the precursors exactly in frequency. Experiment 2
both replicates the findings with precursor tones reported by
Lotto and Kluender [5] and tests the spectral contrast account.
We tested the account by synthesizing /da/-/ga/ continuum
members with high intensity F3s that should protect our syllables
against masking effects of a precursor tone.

2.2.1 Method.  We used our precursor tones from Experiment 1,
but matched them in RMS amplitude to target /da/-/ga/ stimuli,
following the procedure of Lotto and Kluender [5] We used two
sets of /da/-/ga/ stimuli. One set consisted of the syllables used by
Lotto and Kluender.1 The other consisted of syllables that we
synthesized to match the parameters of their syllables, but we
increased the intensity of F3. Listeners (18 listened to the Lotto-
Kluender syllables; 13 listened to the other set) first learned to
identify the endpoints of the /da/-/ga/ continuum. Then they
identified ten tokens of each of the continuum members. Finally
they identifed 20 tokens of each of the continuum members, half
preceded by the high precursor tone and half preceded by the low
precursor.

2.2.2 Results and Discussion. The results  of the final test are
shown in Figures 3 and  4. We obtained a clear contrastive effect
of the precursor tones on the Lotto-Kluender stimuli (F(1, 17) =
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Figure 3. Effect of precursor tones on da-ga judgments
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Figure 4. Effect of precursor tones on da-ga judgments

35.65, p < .0001), but no evidence of an effect on the stimuli with
enhanced F3 intensity (F<1). We infer that the effect of precursor
tones is likely a masking effect due to the relative intensities of
the precursor tones and the F3 transition for the /da/-/ga/ stimuli.
It is relevant that it is presently unknown whether the relative
intensities of F3 in /al/ and /ar/ in MannÕs (1980) research are
such that masking can account for apparent compensations for
coarticulation that she observed. In addition, it is presently
unknown whether, in nature, the relative intensities of syllables
for which listeners appear to compensate for coarticulation are
such that a masking account is feasible.

2.3 Experiment 3
In the final experiment, we asked whether compensation for
coarticulation might occur under conditions in which neither
frequency contrast nor masking accounts of compensation should
apply. In particular, we used an acoustic precursor syllable that
was ambiguous between /al/ and /ar/ and disambiguated it by
dubbing it onto a face mouthing /al/ or /ar/ [9]. In this way,
information distinguishing /al/ from /ar/ is optical, not acoustic.

2.3.1 Method. We synthesized three precursor syllables, /al/ and
/ar/ using synthesis parameters of Lotto and Kluender [5] and a
syllable ambiguous between /al/ and /ar/. One condition of our
experiment served as a replication of MannÕs [7] original
demonstration, using our /da/-/ga/ continuum with its enhanced
F3 intensity. This was to ensure that, despite not seeing evidence
of masking of these continuum members in Experiment 2, we
nonetheless would see compensation for coarticulation. In this
condition, listeners (N=13) were given experience with
continuum endpoints, then identified continuum members
presented in isolation, and finally identified the continuum
members presented in the context of the precursor /al/ and /ar/
syllables. Numbers of trials and other aspects of the procedure
were as in Experiment 2. For the audiovisual condition, we
videotaped a male speaker producing the disyllables /alda/, /arda/,
/alga/ and /arga/. We asked the speaker to hyperarticulate,
emphasizing the alveolar constriction of /al/ and the lip rounding
of /ar/. We chose video clips of /alda/ and /arda/ for the
experiment. (A video only test showed that observers identified
the second consonant as /da/ equally often from the two video
clips.) We dubbed our ambiguous Òal/rÓ syllable followed after
50 ms by each of the ten continuum members onto each video
clip. In this condition, in an audio alone test, listeners (N=13)

first learned to identify the continuum endpoints and then they
identified each continuum member presented in isolation. Finally,
they  viewed and listened to a 200 item audiovisual test in which
each continuum member occurred ten times dubbed following the
ambiguous Òal/rÓ syllable, onto the /alda/ video clip and ten times
dubbed onto the /arda/ video clip. In this test, participants
identified both consonants on each trial.

2.3.2 Results. Results are presented in Figures 5 and 6. Figure 5
presents the findings from the replication of MannÕs [7]
experiment. Despite not finding spectral contrast in Experiment 2,
we did find compensation for coarticulation in this condition of
Experiment 3. The effect of precursor syllable was highly
significant (F(1,12) = 12.73, p = .004).  In the audiovisual
condition, we scored the proportion of /ga/ responses contingent
on accuracy reporting the first consonant as /l/ or /r/. Accuracy
identifying /l/ was 93.4%; accuracy on /r/ was 84.0%. Figure 4
shows that observers compensated for coarticulation even though
the information supporting compensation was optical rather than
acoustic. The effect of precursor syllable was highly significant
(F(1,12) = 14.96, p = .002).
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Figure 5. Results of the auditory condition of Experiment 3
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Figure 6. Results of the audiovisual condition of Experiment 3.

2.3.4 Discussion. We have shown that compensation for
coarticulation does occur when neither frequency contrast nor
spectral contrast can explain the findings. Following Pitt and
McQueenÕs (1998) demonstration that compensation for
coarticulation can be based on supra-phonetic
informationprovided by transition probabilities between segments
in the language, we asked whether this information might explain
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the findings of Experiment 3. We searched a lexicon of
approximately 24,000 words to find out whether /g/ is more
probable following /l/ than is /d/ and whether /d/ is more probably
following /r/ than is /g/. In short, in both the /l/ and /r/ contexts,
/d/ is considerably more probable than is /g/. It is more probable
than /ga/ to a slightly greater degree following /l/ than /r/.
Accordingly, our findings of compensation are not due to
information about transition probabilities between liquids and
following /d/s and /g/s. We conclude that compensation for
coarticulation occurred in Experiment 3 because
listener/observers used information about coarticulation in the
sequence of phonetic segments as information for coarticulation.

3. CONCLUSION
We ascribe human listenersÕ performance in Lotto and
KluenderÕs [5] research, and Japanese quailÕs performance in [6],
to masking.  It does not follow, however, that compensation for
coarticulation by humans outside the laboratory is also due to
spectral contrast (i.e., masking). It remains to be determined
whether intensity relations between acoustic information for a
coarticulating segment and relevant parts of an influenced
segment in nature and in other research are such that masking
would occur.

In any case, it is unlikely that spectral contrast underlies
findins of compensation generally. As noted, Lotto and
KluenderÕs contrast account implies unidirectional compensation
for coarticulation, that is compensation for carryover
coarticulation only, but compensation occurs as well for
anticipatory coarticulation (e.g., [8]). Morevoer, the account in
terms of spectral contrast implies that coarticulatory information
is eliminated perceptually, but it is well known not to be.
Listeners use coarticulatory information about a segment in the
domain of another segment as information for the coarticulating
segment [e.g., 11]. Compensation merely shows that
thecoarticulatory information is properly ascribed by  listeners to
the coarticulating segment not the influenced, segment
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PERCEPTION OF COPRODUCED SPEECH GESTURES
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ABSTRACT
In this paper, coarticulatory variations were first obtained with a
speech gesture coproduction model. Then, we investigated the
perceptual effects of the variabilities using stimuli synthesized
with an acoustic tube model deduced from acoustic theory, the
DRM model. Perceptual tests showed that the ears tolerate such
variations to a considerable degree.

1. INTRODUCTION
Two main coarticulation perspectives have been proposed (see
the discussion by Fowler [9]): one is feature spreading and the
second one is coproduction. Kozhevnikov and Chistovich [12]
proposed syllabic coproduction where the sequence CV is pro-
duced as a unit (for coproduction, see also Fowler [8, 9]). In-
deed, Öhman [14] observed that, in V1CV2 production, the C-V2

transitions are influenced by the first vowel V1 and, reciprocally,
V1-C transitions are affected by the final vowel V2. To explain
these observations, he proposed a coarticulation model in which
the observed formant transitions are determined by superim-
posing local perturbations, caused by consonantal articulation,
on baseline V1-V2 transitions. Consonant and vowel are copro-
duced. If gestures, i.e., linguistic actions on the vocal tract [1],
are used to describe vowel and consonant transitions "gesture
coproduction" arises. Adopting a gestural syllabic coproduction
approach, our first task was to build a speech production model
that inherently integrates coarticulation phenomena and pro-
vides synthesized tokens. Second, using these tokens, perceptual
tests were performed to study the behavior of our modeled
coarticulation.

2. MODELING OF SPEECH GESTURE
COPRODUCTION

The preceding gestural syllabic coproduction hypothesis was
adopted to build a speech production model. Moreover, if we
consider that speech has to be heard, then speech gestures are
actions on the area function with acoustic goals.

Deformation of the initial shape of the area function
by one or several gestures

Commands from V1 to V2 or from V1 to CV2

Figure 1. Gestural syllabic coproduction model

In figure 1, the deformation of the initial shape of the area
function of the vocal tract is obtained via the articulatory tools
by one or several gestures of the syllabic commands. It is hy-

pothesized that the effects of the commands on the area function
are not strictly in phase and of the same duration.

time

Deformation of the initial shape
of the area function corresponding to [V1]

by vowel and consonant gestures

3 commands from /V1/ to /CV2/

[V1] vg2 gesture
vg1 gesture

C gesture

[V2]

0

V1-V2

gestures

Figure 2. Gestural syllabic coproduction of /V1-CV2/

In the example shown in figure 2, there are two vowel
gestures and one consonant gesture. According to our hypothe-
sis, the same set of initial abstract commands planned (starting
at time 0) will evoke gestures the effect of which on the area
function can have a variety of different manifestations in the
time domain, such as different temporal: durations, movement
patterns and intergestural asynchrony. Such differences can be
attributed either to specific articulatory constraints or speaker
variabilities, or both. Indeed, the existence of any abstract rep-
resentation means that the corresponding action must be detect-
able by way of invariant characteristics that are inherently vari-
able.

There is a time delay between the syllabic command (at
time 0) and the corresponding actions. At the action stage, the
beginning of the syllable is at the beginning of the vg1 gesture,
as shown in figure 2. But at the signal stage, if the beginning of
the syllable is considered to coincide with the onset of the con-
sonantal closure, then there is an anticipation of V2 because the
acoustic effect of the gesture vg1 is observable in the preceding
syllable (in V1). In our model, at the planning stage, the begin-
ning of the syllable includes what is generally referred to as
anticipation.

Assuming that the objective of speech gesture is to gener-
ate some acoustic perturbation, it is reasonable to suppose that
the tools used for the deformation of the area function (i.e., the
articulators) should be well adapted for the task. Here, for the
sake of simplicity, we want to focus our attention to deformation
gestures which are well adapted for generating specific acoustic
perturbations, without taking into account articulatory con-
straints.

The deformation gestures of our interest are automatically
obtained using a deductive approach. We apply two criteria to
the deformation of an acoustic tube of 17.5 cm length: 1) maxi-
mum acoustic contrast, and 2) efficiency (or minimum effort: a
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small gesture deformation should lead to a large acoustic effect).
In fact, these minimal constraints have formed the point of
departure for the derivation of the distinctive region model
(DRM) [13], [6]. In this model, an asymmetrical behavior is
observed: whereas a front constriction is automatically associ-
ated with a back cavity and vice-versa, a central constriction
will be automatically associated with two lateral cavities.
Acoustically efficient places of articulation also automatically
follow from the model [7] (Figure 4): Although these model
places are obtained without any knowledge about articulatory
observations, they nevertheless coincide with the places used to
produce vowels and consonants. Gesture deformations acting on
back, front or central constriction (and front end) are used to
produce vowels; whereas closing/opening one of the three front
regions (as shown in figure 4) is used to produce labial, palatal,
or velar consonants.

b closured closureg closure

back constriction front constriction

central constriction

Figure 4. DRM with places of articulation

With the help of a similar model, we reproduced the pre-
cise V1CV2 formant patterns measured by Öhman [3] by su-
perimposing a consonant gesture on a V1V2 transition.

0
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2000

3000

0 10 20 30 40
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cs

[a]
[i]

Figure 5. Formant transitions for [ai] (dotted line). For [abi]
(thick line), the consonant gesture is superimposed in phase

with the vowel gesture. For [abi] (solid line) the beginning of
the vowel gesture correspond to the beginning of the full conso-

nant closure.

Central level
syllabic representation

in terms of  coproduction
of abstract gestures

Commands 
in terms of 

DRM gestures

Invariance

Peripheral level,
articulatory machinery

DRM modelVariability

Figure 6. Direct link between phonological representation and
phonetic level

Figure 5 shows an example of an [abi] production. The
formant transitions for [ai] are shown in dotted line. If the vowel
and consonant gestures are in synchrony, the token [abi] marked
with the thick line is obtained. The C-V2 transitions are influ-
enced by the first vowel V1 and, reciprocally, the V1-C transi-
tions are affected by the final vowel V2 [14]. When the onset of
the vowel gesture toward V2 is synchronized with the onset of
the full consonant closure, as observed by Gay [11], the transi-
tion V1C in [abi] is not influenced by V2 (solid line).

With this simple model, phonological representation and
phonetic level are directly linked (figure 6) without any transla-
tion required [10]. Moreover, invariant gestural phonetic com-
mands lead to variable corresponding area function actions.

3. PERCEPTION TESTS
Our speech production model was used for the synthesis of
tokens with different gestural characteristics. With these tokens,
we then examined the perceptual effect of variations on the
characteristics of gestural actions for two cases: 1) [ai] transi-
tions represented by only one gesture for different action dura-
tion, and 2) [ay] and [abi] transitions represented by two ges-
tures with different action asynchronies (for more details on the
experiments see [2, 4, 5]).
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Figure 7. a) [ai] formant trajectory, b) percept (in % with stan-
dard deviation) of [ai] tokens as a function of gestural duration

(from 50 to 300 ms by steps of 50 ms)

3.1. Perceptual effects of gesture duration
When the model produces an [ai] token, the formant trajectory
crosses the regions of the French vowels [E] and [e] (see figure
7a), although the presence of these vowels is not heard in nor-
mal speech. In an experiment, we examined the percept gener-
ated by [ai], with gesture duration ranging from 50 to 300 ms in
50 ms steps. The duration of the first vowel was 100 ms and
that of the second vowel 150 ms. Figure 7b illustrates the re-
sults of this experiment, with French listeners as subjects. The
vowel complex /ai/ was perceived with gesture durations be-
tween 50 but around 180 ms, then an /aEi/ percept was re-
ported. That is, at these longer durations an additional interme-
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diate vowel, /E/, was heard, despite the absence of a segmental
marker. The 180-ms duration is in the syllabic range and, if
phonetic memory had such a span, it could account for the re-
sults. A vowel encountered when the transition reaches the end
of the time window that the 180 ms phonetic memory span
represents could automatically trigger a label even without the
presence of a segmental marker. Thus, our syllabic coproduction
model seems to be well-adapted for the French language, which
is classified as syllabic.
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Figure 8. a) Constriction and labial gesture asynchrony; b)

Corresponding formant trajectories for the three cases of labial
lags of –60, 0, and +60 ms; c) Percent [ay] percept as a function
of gestural asynchrony (from -60 to +60 ms in steps of 20 ms)

3.2. Perceptual effects of gesture asynchrony
To study the perceptual effect of gesture asynchrony, tokens
with transitions generated by at least two gestures are required.
In French, the [ay] transition is obtained by the coproduction of
constriction gesture and labial gesture, the [Py] transition by
the production of a single gesture (the constriction gesture be-
cause [P] and [y] are both labial vowels), [abi] by two ges-
tures (the constriction and the b-consonant gesture), [aby] by
three gestures (the constriction, the labial gesture, and the b–
consonant gesture), and [Pby] by two gestures (the constriction
and the b-gesture, because [P] and [y] are both labial vowels).
In the following section, we describe two experiments that exam-
ined the perceptual effect of asynchrony of two gestures.

3.2.1. [ay] tokens. As indicated above, [ay] is a coproduction of
two gestures: the constriction and labialization. In the following
experiment, the duration of the two gestures were both fixed at
100 ms and the asynchrony of their relative onsets (i.e., relative
phasing) varied from –60 to +60 ms in steps of 20 ms, where a
negative asynchrony refers to anticipated labialization (figure
8a). The time domain function of both gestures was cosine.

Figure 8b shows the formant trajectories for labial gesture
onset lags of –60, 0, and +60 ms with respect to the onset of the
constriction gesture. In the –60 ms case, it is the labial gesture
that is activated first (leading to a decrease of F1, with F2 re-
maining approximately stable), then the constriction gesture
becomes dominant, in order to reach [y]. In the +60 ms case, it
is the constriction gesture that is activated first but it is aimed at
[i] before turning toward [y] due to the labial gesture delay. If
the two gestures are precisely synchronous, the 0 ms case, the
formant trajectory is first aimed at [i] before swerving to aim at
[y]. This means that, in fact, when the onset of the two gestures
is simultaneous, the acoustic effect of the labial gesture is de-
layed with respect to that of the constriction gesture.

Figure 8c illustrates the perceptual results and shows that
an /ay/ percept is reported for labial lags between –50 and
+10 ms. Because the acoustic trace onset of the constriction
gesture occurs before that of the labial gesture, the identification
function is not centered. When the asynchrony is less than –
50 ms, the percept is /a{y/ and when it is more than +10 ms, it
is /aiy/.
3.2.2. [abi] tokens. A similar experiment of coproduction with
two gestures was designed to examine the [abi] production case.
This consonant was chosen to avoid lingual coarticulation be-
tween vowel and consonant gestures. The duration of V1 was
fixed at 100 ms and that of V2 at 150 ms. The area function
during the V1-V2 transition was determined by a cosine inter-
polation of the two vowel targets. The vowel transition and the
consonant gesture both had an identical 150 ms duration. The
consonant gesture was simulated by a closure occurring during
the transition between the two vowels. The consonantal closing,
full closure, and opening durations were 50 ms each. The
V1CV2 signals were produced without a burst. The lag between
the two gestures varied from –75 to +75 ms in 25 ms steps,
where the 0 value corresponds to a precise synchrony of the two
gestures (fig. 9a). At some asynchrony values an acoustic seg-
ment marker (a transient) at the [E] boundary can be observed
(fig. 9b).

The effect of gesture asynchrony on perceptual boundary is
shown in figure 9c. The percept /abi/ was reported for lags
between approximately –50 and +35 ms. There is also a wide
range of lags at which the percept was constant. The listeners
reported hearing /abei/ for lags under –50 ms and /aEbi/ for
lags above +35 ms.
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Figure 9. a) Constriction and consonant gesture asynchrony; b)
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to –75, 0, +75 ms; c) Percept (in % with standard deviation) of
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4. CONCLUSIONS
Our study indicates that, in VV and VCV utterances, a surpris-
ingly high degree of perceptual invariance can be achieved
despite relatively large variations of gesture characteristics, such
as gesture asynchrony, duration, and movement trajectory (as
reported in [4]). While this invariance is consistent with the
view that the perceptual representation of these utterances is
gestural, we recognize that it provides only a necessary but not a
sufficient proof for a full-fledged gesture perception theory. We
note, nevertheless, that a large range of variability may be re-
garded as one necessary condition for speech communication
between two speakers and for infant phonetic repertory learning.
It may also be indispensable for the process of phonological
sound changes as, at precise gesture asynchrony conditions, new
acoustic segment markers are likely to arise and generate new
phonetic categories. The tokens used in our perception experi-
ments were synthesized by means of a deductive, area function
model performing deformations that produce acoustic effects
much in a manner the human vocal tract does. Since the strate-
gies for using articulatory tools can vary with a high degree of
freedom, the mismatch between linguistic competence and vocal
tract performance is minimized. Then, if any carryover coar-
ticulation is detected, it can be assigned to speaker-specific
strategies rather than to limitations of the physical characteris-
tics of the articulatory system.

But is strict coproduction of two gestures possible when,
theoretically at least, the two correspond to different and con-
flicting tasks, each directed at modifying the area function in its
own idiosyncratic way, and each having a different acoustic
targets? This question cannot be answered without further study
of what is generally called "lingual coarticulation," not in solely

articulatory terms but, above all, in terms of an acoustic pur-
pose.
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ABSTRACT

Acoustic cues to a given phonological contrast may extend over
long stretches of time. Thus, recent findings show that syllable-
onset /l/s are slightly longer and darker in syllables with voiced
codas, compared with voiceless ones, and that, in certain
conditions, these acoustic differences play a role in word
recognition. It is argued that coda-dependent variations in onset
/l/s contribute to enhancing two major perceptual properties
associated with coda voicing. We further suggest that the
listener's sensitivity to these phonetic dependencies between
syllable onsets and codas is at variance with segmental models
of word recognition in which acoustic cues are integrated over
short time intervals. Our findings provide support for an
alternative, non-segmental approach, according to which
distributed acoustic cues are central to word recognition and
acoustic-phonetic fine-detail is available at the initial contact
stage of lexical access.

1.  INTRODUCTION
Traditionally, coarticulation is seen in speech perception
research primarily as a “local” phenomenon, smoothing the
transitions between adjacent phonetic segments, or, at most,
affecting vowels in adjacent syllables. Although this view
acknowledges the existence of more long-range instances of
coarticulation, e.g. labialization and nasalization in many
languages, such instances are restricted to a small set of
properties that can spread over several segments as long as they
are compatible with the requirements for the current sound; they
are not seen as enhancing a property that is at some distance
from the influenced segment, and may not even be an essential
part of the influencing segment. This traditional view assumes
that at some level there are invariant, discrete units of
perception as well as production, with regular principles
governing their acoustic realizations. The traditional view also
assumes that features or phonemes can be produced and
perceived in parallel. Despite this assumption, however, and
with some notable exceptions, the typical emphasis of speech
perception models is on identifying the feature bundle or
phoneme that dominates the current acoustic segment.

Similarly, in most current psycholinguistic models of word
recognition, the acoustic signal is reduced to a small number of
features at an early stage of processing, and lexical access is
thus based upon an abstract phonological representation of the
utterance (see [3] for a review). Coarticulatory properties can
only contribute to building an infralexical representation, and
are not involved in the selection of the target word within the

lexicon. There is however an opposite approach, which posits
that the exploration of the lexicon is directly sensitive to the
fine-grained acoustic structure of the speech signal. In this
“multiple-cue” view, the level of activation of each lexical
candidate is continuously updated as coarticulatory cues become
available to the listener. Thus, whereas theories that posit early
extraction of features imply that small coarticulatory details are
disposed of before the contact with the lexicon is established,
multiple-cue theories hold that coarticulatory information
propagates up to the lexical level in word recognition.

It was unclear until recently whether or not coarticulatory
cues are directly brought into play in the recognition of words,
but recent studies suggest that coarticulation does play a direct
role in word recognition. Gating experiments show that
anticipatory coarticulatory cues to a word-final consonant allow
the listener to start identifying the carrier word well before the
end of the preceding vowel [22]. Lexical access can be disrupted
when coarticulatory cues to the place of articulation of a
monosyllable-final stop are distorted by cross-splicing: response
times are longer to cross-spiced stimuli than to control stimuli in
a lexical-decision task [13]. Similarly, rule-based formant
synthesis sounds better and is more intelligible, especially in
background noise, when it includes subtle acoustic cues like
those associated with vowel-to-vowel coarticulation [8,21].

This paper offers further empirical evidence for the role of
subtle acoustic-phonetic detail in word recognition. It describes
a recent study of acoustic cues to the voicing of a syllable-final
stop that are potentially available in the syllable onset, and a
first attempt to capture such long-term dependencies between
onsets and codas using a neural net. Implications for theories of
coarticulation and models of word recognition are discussed.

2.  CUES IN SYLLABLE ONSETS TO THE VOICING OF
SYLLABLE CODAS

2.1.  Acoustic measurements
It is well established that syllables have longer vowels

when their codas are voiced rather than voiceless. Syllable-onset
/l/s and other sonorants can also be longer in syllables with
voiced codas compared with voiceless codas [18,19]. Using pairs
of read /(C)lVC/s differing in the voicing of the final stop, we
confirmed this pattern for 4 speakers of British English. In
addition, we showed that onset /l/ was darker before voiced than
voiceless codas for 3 of the 4 regional accents represented [6,7].
The fourth speaker/accent systematically made a different
spectral distinction. We discuss here only the first 3 speakers’
data.
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On average, /l/ was only 4 ms longer before a voiced coda
than before a voiceless one, but the difference was strongly
significant. In addition, F2 frequency was generally lower for /l/
when the syllable coda was voiced rather than voiceless.
Interestingly, the spectral variations associated with coda
voicing were confined to the onset /l/ and did not extend into the
following vowel. The spectral center of gravity was significantly
lower in frequency before a voiced coda than before a voiceless
one at the midpoint of /l/, but not at the offset of /l/ or in the
initial part of the following vowel. Thus, our results indicated
that onset /l/s are slightly longer and darker when the syllable
coda is voiced rather than voiceless. They further suggest that
acoustic cues to coda voicing are potentially available in a non-
adjacent segment at the other end of the syllable.

2.2.  Perceptual data
To determine whether acoustic variations in onset /l/s associated
with coda voicing can be used by listeners in word recognition,
subjects were presented with the pairs of /(C)lVC/ syllables in a
speeded lexical-decision task. In addition to differing in coda
voicing, the two members of each pair also differed in lexical
status, i.e. one was an English word (e.g. lark) and the other a
non-word (larg). From each pair, 2 more stimuli were generated
by cross-splicing the syllable onsets. Various controls and fillers
were included. We hypothesized that reaction times would be
longer for the cross-spliced syllables than for the original ones,
if acoustic properties of /l/ are associated with the voicing of the
coda for the listener. The results showed no main effect of cross-
splicing on reaction times. For the voiceless-coda words,
however, responses to cross-spliced stimuli were delayed to a
greater extent relative to the baseline when the acoustic changes
made to the syllable onset were larger in magnitude. Thus, in
some circumstances at least, listeners did seem to pay attention
to the acoustic structure of an onset /l/ as a cue to coda voicing
in word recognition.

2.3.  Capturing distributed cues to coda voicing using a
neural network

To provide further support for our acoustic and perceptual
findings, we developed a small automatic speech recognizer,
whose task was to map the /(C)lVC/ syllables of which our
material was composed onto a set of distinctive features. Our
aim was to establish whether coda-dependent variations in onset
/l/s were acoustically salient enough to be captured by the
recognizer. In such a case, we would expect the recognizer to be
able to identify coda voicing with better-than-chance accuracy
from the preceding /lV/ sequence. We used a standard recurrent
neural net with time-delayed feedback links from the hidden
layer to itself. Such recurrent connections amount to providing
the net with a memory, as the output response is made
dependent on both the current input and the net's previous
internal state. The speech signal was converted into a series of
spectral frames which were presented to the net sequentially.
During training, the net was taught to associate each spectral
frame with a vector of target feature values. Crucially, syllables
were specified as having a voiced or voiceless coda from the
beginning of the onset /l/.

Preliminary tests using acoustic data for one speaker
indicated that the net could to some extent distinguish between
voiced-coda syllables and voiceless-coda syllables from the
onset-/l/+vowel sequence. Thus, the activation level of the
output unit associated with +voiced gradually increased from the
midpoint of /l/ to the end of the vowel for voiced-coda syllables
and decreased for voiceless-coda syllables. However, differences

in activation level for +voiced and −voiced remained small
throughout the /l/ and the vowel, as discussed in the next
section.

3. IMPLICATIONS FOR MODELS OF WORD
RECOGNITION

To summarize, we found that a syllable-onset /l/ was slightly
longer and darker before a voiced coda than before a voiceless
one, and that, under certain conditions at least, listeners are
sensitive to these differences in a lexical-decision task. Coda-
dependent variations in the acoustic shape of /l/ are small, as are
their effects on the listeners' behaviour. But it is precisely
because they are small and subtle, yet have some perceptual
influence, that we think they might have interesting implications
for current models of speech perception and word recognition.

The first implication is that acoustic cues associated with a
given distinctive feature can be spread over long stretches of
time in the speech signal. Our experiment more particularly
suggested that cues to the voicing of a coda obstruent are
available throughout the syllable. Some of these cues extend
over contiguous segments: thus, the durational variations of
onset /l/ depending on coda voicing may be regarded as an
extension of those shown by the vowel nucleus itself. Other
cues, however, appear to be distributed over non-adjacent
regions within the syllable: coda-dependent spectral differences
were in general restricted to the onset /l/ and died away in the
transition between /l/ and the following vowel. Such extended
links between cues to the same phonological contrast are clearly
different from the localized intersegmental interactions that are
dealt with in many studies on the perception of coarticulated
speech (e.g. coarticulatory cues to place of stop articulation).

As pointed out above, coda-dependent variations in the
acoustic structure of onset /l/ were on average relatively small.
Indeed, on their own, the durational and spectral cues to coda
voicing potentially available in the onset seem likely to have
only the weakest of effects on the identification of words.
However, such weak cues may still be relevant to the listener if
we assume that they combine with or enhance other acoustic
correlates of phonetic distinctions. We have suggested [6], that
acoustic changes in onset /l/s may contribute to two major
perceptual properties associated with stop voicing, namely the
C:V duration ratio and the Low-Frequency (LF) properties [11].
The C:V duration ratio represents the ratio of consonant
duration to preceding vowel duration, with smaller ratios
characterizing voiced consonants. The LF property refers to the
presence of low-frequency energy in the vicinity of the vowel-
consonant boundary for voiced stops (lower F1 frequency at
vowel offset + voicing in the stop closure). Longer onset /l/s
before voiced codas could contribute to the C:V duration ratio if
this property is redefined to include the duration of the syllable
onset. Darker /l/s before voiced codas might contribute to the
Low-Frequency property, because their spectral center of gravity
is lower than for clearer /l/s. Inasmuch as the low center of
gravity stemmed from differences in the higher frequencies
rather than in F0-F1, our observed effect may be
psychoacoustically distinct from  Kingston and Diehl [11]'s LF
property, but it bears some resemblance to it. Thus, the acoustic
characteristics of onset /l/s do seem to combine naturally with
those of the following phonetic segments to enhance perceptual
properties linked to voicing of the coda.

Onset cues to coda voicing seem bound to be overlooked in
an atomistic approach to speech perception, based on the
assumption that the speech signal is decomposed into a linear
sequence of segments and that each segment is itself partitioned
into a small number of orthogonal acoustic properties. There is
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however a good deal of evidence showing that cues to voicing in
obstruents are not orthogonal. The durations of the consonant
closure and the preceding vowel, for example, covary so as to
enhance each one’s effect on the perception of the voicing
contrast [11]. Likewise, periodicity during the stop closure and
low F1 frequency at the end of the vowel mutually enhance one
another. Notice that the durational and spectral variations of /l/
may not be themselves perceptually independent of each other.
According to [15], duration per se contributes to /l/ being
perceived as darker or clearer: longer /l/s sound darker, other
things equal. It is thus conceivable that the longer duration of
onset /l/s when the coda is voiced further increases /l/'s degree
of darkness, thereby reinforcing the perceptual effect resulting
from the lowering of F2 for /l/ in this context. Hence, coda-
dependent variations of onset /l/s, although acoustically subtle,
may integrate with other available cues to coda voicing to give
rise to salient higher-level perceptual properties.

In our view, long-domain acoustic cues to phonological
contrasts have a central role to play in the recognition of words
for at least three reasons. First, because they are distributed over
long time intervals, these cues contribute to making word
recognition more resistant to background noise as well as to
speech errors (i.e. mispronunciations). For instance, West [23]
has recently shown that English words containing liquids (e.g.
pirate) are still correctly identified by listeners when the liquid
is replaced by noise, owing to the resonance effects typically
extended over several syllables in the realization of liquids in
English [10]. Second, long-domain acoustic cues allow words to
be recognized faster. By providing the listener with early
information about the identity of the target word, they are likely
to speed up the rejection of competitors from the initial set of
candidates. And finally, such cues might help listeners to correct
identification errors. Listeners seem able to back-track to
reinterpret acoustic information quite a long time after a
misperception, reconstructing an entire phrase and seeming to
'hear' that the reconstruction is more satisfactory than the
original interpretation. Presumably this process is possible only
if the acoustic trace of the signal is available; it could be held in
a temporary memory that makes no lexical contact, but if
episodic memory were directly involved in lexical access, then
back-tracking of this type could be a natural consequence.

The listener's sensitivity to changes in onset /l/ depending
on coda voicing suggests that acoustic cues associated with a
given phonological contrast can be integrated over a long time
window by the perceptual system. To our knowledge, however,
none of the current computational models of word recognition
contains such a long-range integration device. The TRACE
interactive activation model of speech perception [14] for
example, seems designed to deal with local influences between
adjacent segments only. This is accomplished in two ways. First,
detectors for adjacent phonemes operate over partially
overlapping time windows, thus allowing a phoneme to be
detected as the preceding one is being processed. Second,
phoneme detectors can modulate the weights of the connections
between features and phonemes in adjacent time slices; in other
words, features activate phonemes in a context-dependent
manner. It might be possible to make the model more sensitive
to long-domain segmental dependencies by extending this
weight-modulation process to more distant time slices, but this
would require substantial increases in the number of degrees of
freedom of the model, at the expense of its explanatory power.

Recurrent neural nets (RNNs) have been introduced to
account more realistically than TRACE can for how listeners
deal with the temporal dimension of speech. TRACE

reduplicates complete sets of detectors for successive time
slices. As indicated above, RNNs allow input patterns to be
processed in a context-dependent way by feeding the net's
previous state of activation back into the system (differences
between TRACE and RNNs are discussed in [16]). However,
simple RNNs, such as the one we used for our preliminary tests,
have a short-span memory limited to the immediately previous
time frame. This might explain why our automatic classifier was
not very good at differentiating voiced-coda syllables from
voiceless-coda syllables using the information available in the
onset liquid and the following vowel (T. Robinson, pers.
comm.). More extended dependencies such as the one we have
assumed to exist between the frequency of the spectral center of
gravity of the onset /l/ and the presence/absence of low-
frequency properties at the vowel offset may prove difficult to
capture using a network of this kind.

Current connectionist models of word recognition therefore
seem to be limited in their ability to track acoustic cues
distributed over stretches of the signal as long or longer than a
syllable. It is tempting to attribute these limitations to the fact
that word recognition is still often seen as a process which
entails converting the signal into a sequence of discrete
segments. This approach is particularly true for TRACE, which
assumes that the signal-to-lexicon mapping is achieved via an
intermediate phoneme layer. This is also the prevalent view in
speech technology: current HMM-based automatic speech
recognizers typically use context-dependent phone models, the
context for each phone being restricted to its adjacent
neighbours.

We believe that long-domain dependencies between
acoustic cues to a distinctive feature provide strong support for
an alternative approach in which partitioning the speech signal
into segments is not essential to lexical access. The new,
phonetically-informed model of word recognition we propose
(see also [5,6]) is based on a set of assumptions which for the
purposes of the present discussion can be stated as follows: 1)
the listener makes use of all the available cues allowing a target
word to be differentiated from its competitors in the
identification of that word; 2) speech is processed using at least
two time windows, a short one for rapid events and a long one
for distributed acoustic properties; 3) words are recognized by
mapping a fine-grained auditory representation of the acoustic
input directly onto the lexicon.

Assumption 1 amounts in essence to saying that more cues
are better than fewer [2], and that taking into account every
available cue to the identity of the target word is the best way of
preventing identification errors from occurring in non-optimal
listening conditions. As argued above, some cues associated
with a given contrastive perceptual property may be mutually
enhancing, which entails that each incoming cue enhances the
salience of those already available to the listener. It has been
suggested that the processing resources of the perceptual system
may be too limited to allow fined-grained acoustic properties to
be brought into play in lexical access, but recent findings (e.g.
[17]) suggest that listeners are sensitive to a great variety of
acoustic details in speech processing.

Assumption 2 derives from the distinction between, on the
one hand, relatively rapid events such as local intersegmental
transitions and a wealth of evidence that is neatly captured by
the concept of landmarks [20], and on the other hand larger sets
of inter-connected cues within and across syllables. Typically,
the former (short-term) events carry a lot of reliable information
about one or two phones, whereas, although the latter (more
distributed) cues may convey weaker information about any

page 649 ICPhS99          San Francisco



given phone, they may strongly affect lexical decisions when
they are consistent [13,9]. Thus we hypothesize that acoustic
variations in the speech signal are tracked along a long time
scale as well as a shorter one. Importantly, both time scales may
be involved in the identification of a given phonological
contrast. For example, the perceived place of articulation of a
stop may depend both on the adjacent sounds and on more
distant ones: an ambiguous stop halfway between /t/ and /k/ may
be heard as more /k/-like in ?aper silliness than in ?ape
problem, due to the contrast between the relatively palatalized
sequence in silliness and the more grave sequence in problem.
We are currently exploring ways of implementing this dual-time
processing strategy in a computational version of our model.

Assumption 3 implies, among other things, that the speech
signal is not (or not necessarily) converted into a linear
sequence of phonemes prior to being matched against lexical
entries. This approach is not new of course (e.g. [13]), but it is
somewhat controversial. We believe that the existence of long-
domain dependencies between cues to a contrastive perceptual
property strengthens the case for a non-segmental view of
speech perception. Our perceptual findings may not be
incompatible with a TRACE-like model, with the addition of a
set of connections between detectors for syllable-initial
phonemes and detectors for syllable-final ones. In a sense,
however, such connections would make the model a little less
segmental, given that they would have to represent syllable
constituents explicitly. More generally, accounting for how
distributed acoustic cues are perceived in the framework of a
phonemic model such as TRACE seems counterintuitive to us,
for we see no convincing reason why distributed acoustic
information should be fed into short-domain detectors
(phonemes), only to be redistributed again as these detectors in
turn activate long-domain units (words).

There are obviously close links between our model and the
Cohort model [13,4] as well as the LAFS model [12]. Cohort
also assumes a continuous modulation in the level of activation
of each word as acoustic information becomes available to the
processing system, with no intermediate phonemic
representation. But our approach is different in its focus on the
role of fine acoustic/auditory details and that of phonetic
dependencies between non-adjacent syllable constituents. LAFS
is based on an assumption that is also central to our model,
namely that words are associated in long-term memory with
time-varying sensory patterns, with which the incoming sensory
pattern is matched in the initial stage of word recognition.
Unlike LAFS, however, our model assumes that words are also
represented in memory as hierarchical phonological structures
which, with experience, are structured into categories. Although
these structures only come into play at a post-lexical level (once
the lexical item corresponding to the incoming sensory pattern
has been retrieved), they allow the model to explain the
observed perceptual commonalities among instances of the same
phonological entity.
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ABSTRACT

Perception of coarticulated speech has been shown to be
compensatory in that some of the acoustic characteristics of a
target sound are attributed to coarticulatory context rather than to
the target itself.  But is perceptual compensation sensitive to
language-specific coarticulatory patterns?  This question was
addressed through cross-language acoustic and perceptual study
of two types of coarticulation that differ across languages,
coarticulatory vowel nasalization (investigated in Thai and
English) and vowel-to-vowel coarticulation (Shona and English).
The perceptual differences across language groups were generally
consistent with the patterns of coarticulation that emerged in the
acoustic analyses.  It is argued that language-specific
coarticulatory structures give rise to listener expectations
concerning the acoustic consequences of coarticulation and that
such expectations lead, to a limited extent, to language-specific
patterns of perceptual accommodation to coarticulated speech.

1.  INTRODUCTION
Perceptual theories differ in their interpretation of the role of
coarticulatory information in speech perception.  In recent years,
a controversial topic in the perception of coarticulated speech has
been the phenomenon of Ôperceptual compensationÕ.  The
phenomenon itself is widely attested.  Virginia Mann [9], for
example, found that a /da-ga/ continuum elicited more /g/
responses from American English listeners when the stops were
preceded by /l/ than when preceded by /¨/.  Because in natural
coarticulated speech /l/ fronts a following velar consonant,
MannÕs finding was compensatory in that listeners were willing
to accept a wider range of stimuli as back /g/ in a (normally)
fronting coarticulatory context.  More generally, in compensatory
responses, listenersÕ judgments of a target sound appear to
attribute some of the acoustic characteristics of that target to its
coarticulatory context.  This has been shown for consonants,
vowels, and prosodic characteristics (see [6] and [14] for
reviews), and for sine wave analogues of speech [8].  Perceptual
compensation has also been demonstrated for various populations
of listeners.  For example, adult Japanese listeners, whose native
language lacks an /l-¨/ contrast [10], young English-learning
infants [6], and Japanese quail [7] have been shown to
compensate for the effects of liquids on preceding stops.

The controversy over the phenomenon arises when theorists
postulate the source of the compensatory context effects.  That
non-humans show, and that non-speech stimuli elicit,
compensatory effects is taken by auditory theorists as evidence
that the phenomenon is due to general auditory processes such as
frequency contrast [7, 8].  Direct realists argue that the range of
effects demonstrated in the literature is most consistent with the
view that listeners ÔparseÕ the acoustic signal along gestural lines,
disentangling the properties that are due to coarticulatory overlap
and assigning them to their source [5, 6].

My colleagues and I have been investigating the factors
underlying compensatory effects from a cross-language
perspective.  The central question addressed is whether language-
specific patterns of coarticulatory organization give rise to
language-specific patterns of perceptual compensation.  We have
been conducting a series of experiments that explore two types of
coarticulation:  coarticulatory vowel nasalization and vowel-to-
vowel coarticulation.  Results indicative of a link between
language-particular patterns of production and  perception would
argue against a purely auditory account of the perceptual effects.
Although space does not permit a detailed presentation of the
methods and results of these experiments, the main findings are
described below.

2.  COARTICULATORY VOWEL NASALIZATION
Languages differ in the extent of coarticulatory Ñ especially
anticipatory Ñ  vowel nasalization [2, 3, 15, 17].  In an ongoing
acoustic study in our laboratory, Chutamanee Onsuwan and I are
comparing the temporal patterns of anticipatory nasalization in
English and Thai.  Results to date show that, in CVN(C) syllables
(where C = oral consonant and N = nasal consonant),
approximately 80% of the vowel was nasalized in American
English speakersÕ productions, while on average only 45% of the
vowel was nasalized in Thai speakersÕ productions of comparable
syllables.  Moreover, in Thai, but not English, longer vowels
were proportionately less nasalized than shorter vowels.  Thus
anticipatory vowel nasalization in the two languages differ in
both temporal extent and its constant (English) vs. variable (Thai)
proportional nature.

Rena Krakow and I [1] investigated whether these language
differences in patterns of coarticulatory vowel nasalization have
consequences for the perception of vowel nasalization by native
speakers of English and Thai.  To assess perception of oral and
nasal vowels in different coarticulatory contexts, we tested 16
native English-speaking listeners and 15 native Thai-speaking
listeners in two perceptual paradigms, a nasality rating test and a
nasality (4IAX) discrimination test.  Both tests involved
manipulating original [CVC] and [Nv)N] words (  bed  ,   bode ,    men  ,
and    moan  ) produced by a male native speaker of American
English.  Excising and cross-splicing techniques were used to
create test stimuli in which oral and nasal vowels each occurred
in an oral C_C context, a nasal N_N context, and isolation.

Consider first the basic design and results of the rating test.
In this test, all possible pairings of the six stimulus types (CVC,
Cv)C, NVN, Nv)N, V, v)) within a vowel category (i.e., either /E/ or
/o/) were created.  For each pair, listeners decided which pair
member had the more nasal vowel, or whether the vowels were
equally nasal.  Of particular interest were the pair types that
included a nasal vowel in a nasal consonant context paired with a
vowel in a non-nasal context:  Nv)N-V, Nv)N-v), Nv)N-CVC, and
Nv)N-Cv)C.  If the coarticulatory N_N context enabled listeners to
compensate for vowel nasality, the vowels in Nv)N stimuli should
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sound less nasal than the vowels in v) and Cv)C, and possibly
nearly equal in nasality to the vowels in V and CVC.  Hence
coarticulatory compensation should give rise to relatively poor
rating accuracy on pairs with Nv)N.  At the same time, we
speculated that native English and Thai speakers might not have
the same level of difficulty with these pairs.  Perhaps Thai
speakers, whose native language experience involves less
extensive coarticulatory nasalization than that of English
speakers, might offer less fully compensatory responses to the
English stimuli.  In this case, the expected decline in performance
on pairs with Nv)N compared to other stimulus pairs might be
greater for native English-speaking than for native Thai-speaking
listeners.

The results for the two listener groups were in some respects
more remarkable for their similarities than for their differences.
First, both groups showed the same patterns of relative difficulty
of the different pair types, with pairings involving Nv)N being
judged (as predicted) the most inaccurately.  Second, neither
group showed ÒcompleteÓ compensation for coarticulatory
context:  performance on Nv)N-CVC pairs dropped to chance
level, but no condition elicited systematically incorrect responses
from listeners.  (Note that complete compensation for vowel
nasalization in a nasal context would mean that the vowel in Nv)N
should consistently be judged as having the same nasality as the
vowel in CVC or V.)

(a)  English listener responses
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Figure 1.  English and Thai listenersÕ pooled percent choice of
each of the three response options for the pairs Nv)N-v)N (left) and
Nv)N-V (right).   Response options:  the vowel in Nv)N is 'more
nasal,' the vowel in the other stimulus is 'more nasal,' or the
vowels have the 'same' nasality.

However, where the two language groups systematically
differed, they differed in the direction expected on the basis of
their patterns of coarticulation.  Specifically, for pairs with Nv)N,
Thai  listeners  were  less  likely  than  English  listeners  to  make
compensatory errors.  That is, Thai listeners were less likely to
judge the vowels in Nv)N and V or CVC as equally nasal, or to
judge the vowel in Nv)N as less nasal than that in v) or Cv)C.
Figure 1 illustrates this outcome for the Nv)N-V and Nv)N-v) pairs.

Turning to the discrimination task, the same set of six
stimulus types were again used (CVC, Cv)C, NVN, Nv)N, V, v)), but
in this 4IAX design stimuli were grouped into two stimulus pairs,
one whose vowels differed in nasality and one whose vowels had
the same nasality (and in fact were acoustically identical).
ListenersÕ task was to select the pair whose vowels sounded
Ômore differentÕ.  The trials of greatest interest here are those
trials in which the vowels differing in nasality were both in
coarticulatorily appropriate contexts.  These trial types, all with
Nv)N, are given in (1)-(4) of Table 1; (5)-(10) show the other test
trial types.  If listeners hear nasal vowels in a coarticulatory N_N
context as being relatively non-nasal, then the vowels in, for
example, Nv)N-v) might (incorrectly) sound more different than
the vowels in Nv)N-V.  That is, listeners might base their
similarity judgments more on coarticulatory appropriateness (left
pairs in (1)-(4)) than on acoustic similarity (right pairs).
However, if listener choices are based in part on language-
specific patterns of coarticulatory vowel nasalization, English
listeners might be more likely than Thai listeners to make such
incorrect, contextually based choices.

As with the nasality rating results, the overall patterns in the
nasality discrimination data were similar for the two language
groups.  For English and Thai listeners, error rates were highest
on trials (1)-(4) (especially (3) and (4)), suggesting that both
groups based their judgments in part on coarticulatory
appropriateness.  Contrary to our prediction, English listeners
were, on average, no more likely than Thai listeners to offer
compensatory responses.  However, another cross-language
difference did emerge that we would argue is also in keeping with
Thai vs. English patterns of vowel nasalization:  Thai listeners
had greater difficulty discriminating the nasality of nasal vowels
than that of oral vowels, independent of context; English listeners
did not show this effect.  (That is, Thai listeners performed more
poorly on the odd-numbered trials in Table 1, where Pair B has
nasal vowels, than on the corresponding even-numbered trials,
where Pair B has oral vowels.)  The context-independent
difficulty of vowel nasalization for Thai listeners is consistent
with the acoustic evidence that Thai listeners have less native
language experience with vowel nasalization than do English
listeners.  Moreover, arguably, the two languages may also differ
in the phonological status of vowel nasalization, with nasalization

  Pair A    Pair B  
1. Nv)N-V Nv)N-v)
2. Nv)N-V NVN-V
3. Nv)N-CVC Nv)N-Cv)C
4. Nv)N-CVC NVN -CVC
5. Cv)C-V Cv)C-v)
6. Cv)C-V CVC-V
7. v)-CVC v)-Cv)C
8. v)-CVC V-CVC
9. v)-NVN v)-Nv)N
10. v)-NVN V-NVN

Table 1.  Test discrimination trials
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being ÔphonologizedÕ in English [14, 17] but not Thai (recall, for
example, the constant proportional nature of nasalization in
English but not Thai).

To summarize, English and Thai listenersÕ responses to tests
of nasality rating and nasality discrimination show that listeners
perceptually compensate Ñ albeit partially rather than fully Ñ
for vowel nasalization under coarticulatorily appropriate
conditions.  The response patterns of the two language groups
were similar in many respects, but the cross-language perceptual
differences that were found appear to be linked to the differences
in coarticulatory structure in the two languages.

3.  VOWEL-TO-VOWEL COARTICULATION
Languages also differ in their patterns of vowel-to-vowel
coarticulation [4, 11, 12, 13, 16].  James Harnsberger, Stephanie
Lindemann and I are acoustically investigating vowel-to-vowel
coarticulation in the productions of several speakers each of
Shona and American English.  Stimuli are disyllables with initial
stress, 'CV1CV2 , and trisyllables with medial stress,
CV1'CV2CV3, where V= /i e a o u/ and C =  /b/ for English and
/p/ for Shona (Shona /p/ is relatively unaspirated; the voiced
bilabial stop in Shona is implosive). Formant frequencies are
measured at vowel onset, midpoint, and offset, and systematic
formant differences that are conditioned by a flanking vowel are
taken as acoustic evidence of vowel-to-vowel coarticulatory
effects.  Two differences in coarticulatory effects in the Shona
and English data are particularly noteworthy.  First, there is a
tendency for the vowel-to-vowel effects in Shona to be more
extensive for anticipatory coarticulation (V1 influenced by V2;
trisyllables: also V2 influenced by V3) than for carryover
coarticulation (V2 influenced by V1; trisyllables: also V3

influenced by V2).  In contrast, this is not a general pattern for
English speakers, some of whom show greater carryover than
anticipatory coarticulation.  Second, the coarticulatory effects on
Shona vowels are nearly the same for stressed and unstressed
vowels (e.g., for trisyllables, anticipatory effects on stressed V2

and on unstressed V1 are of comparable magnitude).  But English
speakersÕ stressed and unstressed vowels are asymmetric in how
they are affected by flanking vowels, with stressed vowels being
more resistant to coarticulatory effects.

To examine listenersÕ sensitivity to these anticipatory and
carryover effects, we tested 16 native English-speaking and (to
date) 9 native Shona-speaking listeners on an identification task.
(Listeners are also being tested on a 4IAX discrimination
paradigm similar in basic design to that described above for
investigating coarticulatory nasalization; these results are not
reported here.)  The stimuli for the identification test were four
synthetic /'pV1pV2/ continua generated on the Klatt terminal-
analog synthesizer (KLSYN88), with endpoints being composite
representations of the productions of two female speakers of each
of the languages.  The endpoints of the four continua are given in
Table 2.  In all cases, the variable portion of the continuum was a
10-step vowel series from /a/ to /e/, varying in equal-sized F2 and
F3 increments and F1 decrements across the series.  The continua
on the left  were designed to test the anticipatory effects  of V2 on

Anticipatory continua Carryover continua
  Stim. 1    Stim. 10    Stim. 1    Stim. 10
papi pepi pipa pipe
papa pepa papa pape

Table 2.  Stimulus endpoints for the four identification continua.
Symbols in bold are the sounds that vary across each continuum.

the identification of V1:  V2 was either /i/ or /a/ and was held
constant within a continuum; V1 varied from /a/ to /e/.  Similarly,
the last two continua in Table 2 tested for carryover effects of V1
(always /i/ or /a/ within a continuum) on V2 (varying from /a/ to
/e/).  Listeners were asked to identify the vowel of either the first
syllable (anticipatory continua) or the second syllable (carryover
continua) as /a/ or /e/.

What is the predicted pattern of responses?  Suppose a
continuum vowel in isolation is ambiguous between /a/ and /e/.
When that vowel is placed in the context of another vowel,
compensation predicts that listeners should attribute some portion
of the vowel quality of the ambiguous stimulus to the flanking
vowel.  Specifically, when the flanking vowel is the front vowel
/i/, compensation should yield more back vowel Ñ i.e., /a/ Ñ
responses; when the flanking vowel is /a/, compensation should
yield more front /e/ responses.  In addition, a compensation
account sensitive to the language-specific coarticulatory patterns
described above predicts that Shona listeners should compensate
more than English listeners on the anticipatory continua (with a
varying stressed vowel).  Also, Shona listeners should
compensate more on the anticipatory than the carryover continua.
Because Shona and English exhibit fairly substantial carryover
coarticulation, both language groups are predicted to show
perceptual carryover effects.

Figure 2 gives the percent /a/ responses for the anticipatory
continua for Shona and English listeners.   As  expected,  listeners

(a)  Shona responses to anticipatory continua
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(b) English responses to anticipatory continua
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Figure 2.  Anticipatory effects:  Percent /a/ responses of Shona
and English listeners to an /a-e/ continuum followed by a back
vowel (diamonds) vs. a front vowel (squares). Dashed vertical
lines show the location of the 50% identification crossover.
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gave more /a/ responses  when  the following  vowel was  /i/  than
when it was /a/.  The cross-language perceptual difference
predicted on the basis of Shona and English coarticulatory
patterns was also found:  the difference in  the 50% category
boundaries for the /p_pi/ and the /p_pa/ series was greater for the
Shona than the English listenersÕ responses, indicating more
extensive perceptual compensation for that language group.
Moreover, also as predicted on the basis of coarticulatory
patterns, Shona listeners showed larger category shifts due to
anticipatory than to carryover coarticulation.  This is seen by
comparing the Shona anticipatory boundary shift in Figure 2a
with the Shona carryover boundary shift in Figure 3.  One
unexpected result is that English listeners did not show a
consistent boundary shift for the carryover continua (not shown
here); instead, their responses to the /pap_/ series indicated
considerable perceptual ambiguity.  (In general, the English
identification functions were not as smooth as the Shona.  A
contributing factor was that, for the English listeners, the /a-e/
continuum passed through phonemic /E/; ShonaÕs five-vowel
system did not give rise to this ambiguity for the Shona listeners.)

4.  CONCLUSION
In these perceptual studies of coarticulatory nasalization and
vowel-to-vowel coarticulation, not all expected language
differences were obtained, and the findings show striking cross-
language similarities in patterns of perceptual compensation.
This is to be expected, perhaps especially for the types of
coarticulation investigated here.  Patterns of coarticulatory
nasalization and vowel-to-vowel coarticulation are influenced by
a range of segmental and prosodic factors (see also [1]).  In
addition, not all speakers of a language show particular patterns
to the same extent.  Listeners must be able to deal with both types
of variability in coarticulation.

At the same time, systematic language differences emerged
in these perceptual studies, and these differences support a theory
of perceptual compensation that is sensitive to language-specific
coarticulatory patterns.  Speakers have, at some level, knowledge
of the coarticulatory organization of their language.  The theory
of compensation proposed here is that language-specific patterns
of coarticulation give rise to listener expectations concerning the
acoustic consequences of coarticulation; such expectations in turn
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Figure 3.  Carryover effects:  Percent /a/ responses of Shona
listeners to an /a-e/ continuum preceded by a back vowel
(diamonds) vs. a front vowel (squares).  Dashed vertical lines
show the location of the 50% identification crossover.

lead to language-specific patterns of perceptual accommodation
to coarticulated speech.
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PROSODIC CUES IN MULTIMODAL SPEECH PERCEPTION
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ABSTRACT

Potential visual prosodic cues for prominence and phrasing
comprising eyebrow movements were manipulated using a
system for audio-visual text-to-speech synthesis which has been
implemented based on the KTH rule-based synthesis. Two
functions of prosody (prominence and phrasing) were tested in
two separate experiments. A test sentence, ambiguous in terms
of an internal phrase boundary, was used for both experiments.
Acoustic cues and lower face visual cues were held constant for
all stimuli. Upper face cues were eyebrow movement where the
eyebrows were raised on successive words in the sentence. The
results indicate a general coupling between eyebrow raising and
perceived prominence while suggesting a more complicated
relationship between eyebrow movement and phrasing. The
results also point against a tight perceptual connection between
F0 and eyebrow movement indicating that selective eyebrow
movement can be effective as an independent prosodic cue to
prominence.

1.  INTRODUCTION
Speech communication is inherently multimodal in nature.
While the auditory modality often provides the phonetic
information necessary to convey a linguistic message, the visual
modality can qualify the auditory information providing
segmental cues on place of articulation, prosodic information
concerning prominence and phrasing and extralinguistic
information such as signals for turn-taking, emotions and
attitudes. Although these observations are not novel, prosody
research has largely ignored the visual modality. One reason is
the primary status of auditory speech, another is the relatively
more complicated generation of visual speech. Most of the work
that has been done in multimodal speech perception has
concentrated on segmental cues in the visual modality.

The visible articulatory movements are mainly those of the
lips, jaw and tongue. However, these are not the only visual
information carriers in the face during speech. Much information
related to e. g. phrasing, stress, intonation and emotion are
expressed by for example nodding of the head, raising and
shaping of the eyebrows, eye movements and blinks.

These kinds of facial actions should also be taken into
account in a visual speech synthesis system, not only because
they may transmit important non-verbal information, but also
because they make the face look alive.

These movements are more difficult to model in a general
way than the articulatory movements, since they are optional and
highly dependent on the speaker’s personality, mood, purpose of
the utterance, etc. [4]. However, there have been attempts to
apply such rules to facial animation systems [7]. A few such

visual prosody rules have been implemented in our multimodal
speech synthesis system [2].

This study is concerned with prosodic aspects of visual
speech synthesis. A distinction can be made in visual synthesis
between cues provided by the lower and the upper face. The
lower face (e.g. lip aperture size, lip movement, jaw rotation,
tongue position) provide information on place of articulation,
vowel-consonant alternation and syllable timing. Upper face
(e.g. gaze and eyebrow movement) cues are more prosodic in
nature in the sense that they overlie the segmental phonetic
information of the lower face. This study aims at quantifying to
what extent upper face movement cues can serve as independent
cues for the prosodic functions of prominence and phrasing.

2. METHOD
2.1. Stimuli
The test sentence used to create the stimuli for the experiments
was ambiguous in terms of an internal phrase boundary. The
stimuli were created using the KTH audio-visual text-to-speech
synthesis [1] with our latest 3D face model Alf. Acoustic cues
and lower face visual cues were the same for all stimuli.
Articulatory movements were created by using the text-to-speech
rule system. The upper face cues were eyebrow movement
where the eyebrows were raised on successive words in the
sentence.

The movements were created by hand editing the eyebrow
parameter using the synthesis parameter editor Veiron [9]. The
degree of eyebrow raising was chosen to create a subtle
movement that was distinctive although not too obvious. The
total duration of movement was 500 ms and comprised a 100 ms
dynamic raising part, a 200 ms static raised portion and a 200
ms dynamic lowering part. The synthetic face Alf with neutral
and with raised eyebrows is shown in Figure 1. Stimuli were

Figure 1. The synthetic face Alf with neutral eyebrows (left) and
with eyebrows raised (right).
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recorded on video tape and presented to the subjects using a
video projector and a separate loudspeaker.

2.2. Subjects
In the two experiments described below the same 21 subjects
participated. All were part of a speech technology class taught at
KTH. No one reported any hearing loss or visual impairment. 14
subjects had Swedish as their mother tongue. All except one of
these reported that they had a central Swedish (Stockholm)
dialect.

7 subjects had other mother tongues than Swedish (1
Finnish, 2 French, 2 Italian and 2 Spanish), but all had working
competence in Swedish (attending a masters level class given in
Swedish at KTH). In the result section, the results of the total
group as well as for these subgroups are presented.

3. EXPERIMENT 1 – PHRASING
3.1 Method
In a previous study concerned with prominence and phrasing,
using acoustic speech only, ambiguous sentences were used [3].
In the present experiment we used one of these sentences:

(1) När pappa fiskar stör, piper Putte
(When dad is fishing sturgeon, Putte is whimpering)

(2) När pappa fiskar, stör Piper Putte
(When dad is fishing, Piper disturbs Putte).

Hence, ”stör” could be interpreted as either a noun (1) or a verb
(2); ”piper” (1) is a verb, while ”Piper” (2) is a name.

In the stimuli, the acoustic signal is always the same, and
synthesized as one phrase, i.e. with no phrasing prosody
disambiguating the sentences. In [3] different segmental and
prosodic disambiguation strategies are discussed. In the present
series of experiments the possibility of visual disambiguation
was investigated. Six different versions were included in the
experiment: one with no eyebrow movement and five where
eyebrow rise was placed on one of the five content words in the
test sentence. In the test list of 20 stimuli, each stimulus was
presented three times in random order. The first and the last
item of the list were dummies and not part of the data analysis.

All subjects participated in the same session. The audio
was presented via loudspeakers and the face image was shown
on a projected screen, four times the size of a normal head. The
viewing distance was 3 to 6 meters, simulating a normal face-to-
face conversation distance of 0.75 to 1.5 meters. In this range of
distances the visual intelligibility is judged to be close to
constant [8].

The subjects were instructed to listen as well as to speech
read. Two seconds before each sentence an audio beep was
played to give subjects time to look up and focus on the face. No
mention was made of eyebrows. The subjects were made aware
of the ambiguity in the test sentence and were asked to mark the
perceived interpretation for each sentence.

3.2 Results
In Figure 2 the results from experiment 1 can be seen. It is
obvious that there is a bias for all the stimuli to more often
(about 60%) be perceived with a phrase boundary after ”stör”,

i.e. interpretation (1). This is possibly also the default
interpretation

 of the sentence without speech for most subjects, since Piper is
a rather uncommon name. On the whole very little difference is
seen between the different stimulus conditions.

The non-Swedish subjects behaved very much like the
Swedes, perhaps with one exception. For the Swedish subjects
there was a small increase in the (1) interpretation when there
was an eyebrow rise on p/Piper. One possible explanation could
be that an eyebrow movement could be associated with a phrase
onset, but on the whole there is rather limited evidence in this
experiment that eyebrow movements contributed to phrasing
information.

Figure 2. Result of the phrasing/disambiguation experiment.
Interpretation (1) i.e. a phrase boundary after “stör” (rather

than after “fiskar”). sw: 14 subjects with Swedish as
their mother tongue. fo: 7 non-Swedish subjects

4. EXPERIMENT 2 – PROMINENCE
4.1 Method
In the second experiment we used the same stimulus material as
in experiment 1, but the question was now concerned with
prominence. The subjects were asked to circle the word that they
perceived as most stressed/most prominent in the sentence.

4.2 Results
The results are shown in Figures 3a-f. Figure 3a refers to
judgements when there is no eyebrow movement at all.
Obviously the distribution of judgements varies with both
subject group and word in the sentence. This could be related to
phonetic information in the auditory modality since the
intonational default synthesis used here put a weak focal accent
on the first and the last word in a sentence. This could explain
the many votes for the first and the last word, ”pappa” and
”Putte” in Figure 3a. However, it may well be related to
prominence expectations. In experiments where subjects are
asked to rate prominence on words in written sentences, nouns
tend to get higher ratings than verbs [6]. This is supported by
our data, since ”stör” has the default interpretation of a noun
and p/Piper the default interpretation of a verb in experiment 1,
while ”fiskar” is always a verb in these contexts. The non-
Swedish subjects seem to behave slightly differently in this
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experiment, since no prominence votes are given to ”fiskar” and
”p/Piper”.
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Figure 3a. Prominence responses in percent for each word for
the stimulus with no eyebrow movement. Subjects are grouped

as all, Swedish (sw) and foreign (fo).
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Figure 3b. Prominence responses in percent for each word for
the stimulus with eyebrow movement on “pappa”.
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Figure 3c. Prominence responses in percent for each word for
the stimulus with eyebrow movement on “fiskar”.
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Figure 3d. Prominence responses in percent for each word for
the stimulus with eyebrow movement on “stör”. Subjects are

grouped as all, Swedish (sw) and foreign (fo).

eyebrows raised on "p/Piper"

0

20

40

60

80

100

pappa fiskar stör p/Piper putte

%
 p

ro
m

in
en

ce

all

sw

fo

Figure 3e. Prominence responses in percent for each word for
the stimulus with eyebrow movement on “p/Piper”.
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Figure 3f. Prominence responses in percent for each word for the
stimulus with eyebrow movement on “Putte”.
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5. DISCUSSION
5.1. Prominence
The results of the prominence experiment indicate that eyebrow
raising can function as a perceptual cue to word prominence
independent of acoustic cues and lower face visual cues. In the
absence of strong acoustic cues to prominence, the eyebrows
may serve as an F0 surrogate or they may signal prominence in
their own right. While there was no systematic manipulation of
the acoustic cues in this experiment, a certain interplay between
the acoustic and visual cues can be inferred from the results. As
mentioned above, a weak acoustic focal accent in the default
synthesis falls on the final word ”Putte”. Eyebrow raising on this
word (Figure 3f) produces the greatest prominence response in
both listener groups. This could be a cumulative effect of both
acoustic and visual cues, although compared to the results where
the eyebrows were raised on the other nouns, this effect is not
great.

In an integrative model of visual speech perception [7],
eyebrow raising should signal prominence when there is no
direct conflict with acoustic cues. In the case of “fiskar” (Figures
3a and 3c) the lack of specific acoustic cues for focus and the
linguistic bias between nouns and verbs as mentioned above,
could account for the absence of prominence response for
“fiskar”. Further experimentation where strong acoustic focal
accents are coupled to and paired against eyebrow movement
could provide more data on this subject.

It is interesting to note that the foreign subjects in all cases
responded more consistently to the eyebrow cues for
prominence. This might be due to the relatively complex
stress/tone/focus signaling in terms of F0 in Swedish and the
subjects’ non-native competence. It could be speculated that the
eyebrow motion is a more universal cue for prominence.

5.2. Phrasing
Given the increased perceived prominence related to eyebrow
movements, we could have expected more differentiated results
in the phrasing experiment. This, however, would depend on the
interrelationship between accentuation and phrasing, where
increased prominence on ”fiskar” would serve as a phrase-final
signal resulting in an increase in responses ”boundary after
fiskar”, while more prominence on ”p/Piper” would serve as a
phrase-initial signal and result in an increase in responses
”boundary after stör”. Since eyebrow movement did not result in
a high vote for prominence on “fiskar” it is not surprising that
boundary after “fiskar” did not increase. There was, however, a
slight increase in “boundary after stör” responses among the
Swedish listeners where eyebrow movement occurred on
“p/Piper” (Figure 2).

The relationship between cues for prominence and phrase
boundaries is not unproblematic [3]. The use of eyebrow
movement to signal phrasing may involve more complex
movement related to coherence within a phrase rather than
simply as a phrase delimiter. It may also be the case that
eyebrow raising is not an effective independent cue for phrasing,
perhaps because of the more complex nature of different
phrasing cues.

6. CONCLUDING REMARKS
This paper presents evidence that eyebrow movement can serve
as an independent cue to prominence. Some interplay between
visual and acoustic cues to prominence and between visual cues
and word class/prominence expectation are also seen in the
results. Eyebrow raising as a cue to phrase boundaries was not
shown to be effective as an independent cue in the context of the
ambiguous sentence. Further work on the interplay between
eyebrow raising as a cue to prominence and eyebrow movement
as a visual signal of speaker expression, mood and attitude will
benefit the further development of visual synthesis methods for
interactive animated agents in e. g. spoken dialogue systems.

REFERENCES
[1] Beskow, J. 1995. Rule-based Visual Speech Synthesis In
Proceedings of Eurospeech '95, Madrid, Spain.

[2] Beskow, J. 1997. Animation of Talking Agents, In
Proceedings of AVSP'97, ESCA Workshop on Audio-Visual
Speech Processing, Rhodes, Greece.

[3] Bruce, G., Granström, B. and House, D. 1992. Prosodic
phrasing in Swedish speech synthsis. In Bailly, G., C. Benoit,
and T.R. Sawallis (eds.), Talking Machines: Theories, Models,
and Designs, 113-125. Amsterdam: North Holland.

[4] Cavé, C., Guaïtella, I., Bertrand, R., Santi, S., Harlay, F. &
Espesser, R. 1996. About the relationship between eyebrow
movements and F0 variations. In Bunnell, H.T. and W. Idsardi
(eds.), Proceedings ICSLP 96, 2175-2178, Philadelphia, PA,
USA.

[5] Cohen, M. M., & Massaro, D. W. 1993. Modeling
coarticulation in synthetic visual speech. In N. M. Thalmann &
D. Thalmann (eds.) Models and Techniques in Computer
Animation. 139-156, Tokyo: Springer-Verlag.

[6] Fant, G. & Kruckenberg, A. 1989. Preliminaries to the study
of Swedish prose reading and reading style. STL-QPSR 2/1989,
1-80.

[7] Massaro, D. W. 1998. Perceiving Talking Faces: From
Speech Perception to a Behavioral Principle. Cambridge, MA:
MIT Press.

[8] Neely, K. K. 1956. Effects of visual factors on intelligibility
of speech. Journal of the Acoustical Society of America, 28,
1276-1277.

[9] Sjölander, K., Beskow, J., Gustafson, J., Levin, E., Carlson,
R. & Granström, B. 1998. Web-based educational tools for
speech technology, In Proceedings of ICSLP'98, Sydney,
Australia.

page 658 ICPhS99          San Francisco



FACTORS AFFECTING THE OCCURRENCE AND DURATION OF
SENTENCE-MEDIAL PAUSES IN JAPANESE TEXT READING

Hiroya Fujisaki,SumioOhno,andSeiji Yamada
Science University of Tokyo, Noda, Japan

ABSTRACT
Pausesplay importantroles for the intelligibility andnaturalness
of speech.Their occurrenceanddurationin text readingareinflu-
encedby syntacticstructuresof thetextaswell asby physiological
constraintsof respirationon thepartof thespeaker. In contrastto
sentence-andparagraph-finalpauses,sentence-medialpausesare
influencedby anumberof factors.Analysisof Japanesenewstext
readingandof thesyntacticstructuresof thetext indicatedthatthe
mainfactorsare: phrasetype,phraselength,anddistancebetween
the currentphraseand its dependentcounterpart. Experimental
formulaewere derived both for the rate of occurrenceand for
thedurationof a pauseat a syntacticboundary, to serveasrules
for pauseinsertion in text-to-speechsynthesis. The resultsof
predictionby theseruleswerein goodagreementwith thepauses
actuallyobservedin thespeechmaterialstudied.

1. INTRODUCTION
Previousstudiesby thepresentauthorsaswell asby others[1-3]
have shown that pausesoccur in speechgenerallyat syntactic
boundaries.Their occurrenceis unconditionalat certainbound-
ariessuchasbetweensentences,but is moreor lessarbitrary at
other boundaries. Their duration tendsto be longer at the end
of larger syntacticunits, but has statisticalvariations. Pauses
serveto facilitate comprehensionon the part of the listener, and
allow the speakerto inspirewhennecessary. A goodspeakeris
generallycapableof fulfiling thesetwo requirements. Finding
the characteristicsof pausesand the rules/strategiesof their in-
sertionis thereforenecessaryto ensurenaturalnessand easeof
comprehensionin text-to-speechsynthesis.

Thepresentpaperdescribesour efforts towardanalysisand
classificationof thetypesof pauses,theirdurationalcharacteristics
and the rate of occurrence. At first, pausesin text readingare
classifiedbroadlyinto threecategorieson thebasisof thelocations
wherethey occur: 1) betweenparagraphs,2) betweensentences,
and3) within a sentence.Pausesof the third categoryarefurther
subdividedinto finer categoriesaccordingto thesyntacticrole of
uninterruptedsentencesegments(henceforth‘phrases’for short)
thatimmediatelyprecedethem. Thesephrasesareto beregarded
ascandidatesfor theinsertionof pausesin speechproduction.The
rateof occurrenceof a pauseat theendof eachof the‘candidate’
phrasetypes,calculatedonthebasisof syntacticanalysisof thetext
usedfor reading,providesa datafor thestatisticalrules/strategies
for pauseinsertionin text-to-speechsynthesis.

2. A BROAD CLASSIFICATION OF PAUSES
IN TEXT READING

A text generallyhasa hierarchicalstructureconsistingof para-
graphs,which consistsof sentencescontainingphrases. In text
reading,pausesarealwaysinsertedbetweenparagraphs,aswell as
betweensentenceswithin eachparagraph,while theyareinserted
moreor lessarbitrarilybetweenphraseswithin asentence.Thusa
speakermaychooseto inserta pauseata deepsyntacticboundary
suchastheonebetweenasubordinateclauseandamainclause,or
at a locationnecessaryto disambiguatea syntacticambiguity, or
if the precedinguninterruptedsentencesegmentis too long, or if
he/sheis simplyoutof breath.This leadsto anaturalclassification
of pausesin text readinginto thefollowing threebroadcategories:

1) Pausesbetweenparagraphs(P1)
2) Pausesbetweensentencesin aparagraph(P2)
3) Pauseswithin a sentence(P3)

Statisticalcharacteristicsof thesethreecategoriesof pauseshave
beenreportedelsewhere[4].

Fromthepointof viewof speechsynthesisfromtext,insertion
of P1 and P2 is quite straightforward,while that of P3 has to
be basedon the analysisof characteristics/structuresof the text.
Thereforewewill focusonP3(henceforthsentence-medialpauses)
in therestof thepaper.

3. THE SPEECH MATERIAL AND METHOD OF
ANALYSIS

For the purposeof investigatingvarious factorsaffecting pause
insertion in text reading, we adoptedthe text of radio news,
whereeachpieceof newsconstitutesasingleparagraphcontaining
severalsentences,andthesentencesareratherlong. Thespeaker
wasa nativemalespeakerof the commonJapanese,andthe text
wasreadtentimesat anaveragespeechrateof 8.3morae/s.

In order to let the speakerdecidewhere and how long he
shouldpause,no punctuationmarkswereprovided,but a space
wasinsertedat the endof eachsentence,and the beginningof a
paragraphwas indicatedby indentation. The speechsignalwas
digitized at 10kHz with 16-bit precision. Pauseswere detected
andtheir durationsweremeasuredautomaticallyusingthresholds
in short-timepowercalculatedat 10msintervalsusinga 25.6ms
window. The resultswerevisually checkedandalignedwith the
text to ensurehighaccuracy.

Ontheotherhand,syntacticanalysisof thetextwasconducted
to find out the relationshipbetweentheobservedsentence-medial
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pausesandthesyntacticcharacteristicsandstructuresof thesen-
tences.Therelationshipwasthenusedto examineall thesyntactic
boundariesthatcanbecandidatesfor thelocationof pauseoccur-
rence,allowingoneto calculatetherateof occurrenceof pausesat
agivensyntacticboundary.

4. FACTORS AFFECTING OCCURRENCE OF
SENTENCE-MEDIAL PAUSES

Preliminaryanalysishasindicatedthatthefollowing threearethe
mainfactorsaffectingtheoccurrenceof sentence-medialpauses.

(F1) Syntactic type of the phrase that immediately precedes
a syntactic boundary

Fromthepointof viewof pauseoccurrence,non-finalphrases
canbe classifiedinto the following four types: (A) verb phrase,
(B) subjectphrase,(C) object/adverbphrase,and (D) adjective
phrase.Conjunctiveadverbsaretreatedseparatelybecauseof their
distinctivecharacteristics.

(F2) Phrase length
Thelength

�
of anuninterruptedphraseis to beexpressedby

thenumberof morae.

(F3) Distance between the current phrase and its dependent
counterpart

Thesyntacticdistance� is to berepresentedby thenumberof
‘bunsetsu’ phrasesthatexistin-between.

5. RATE OF OCCURRENCE OF SENTENCE-MEDIAL
PAUSES

5.1. Effects of Individual Factors
Figures1 (a) to (c) respectivelyindicatethe effectsof the three
factors(F1, F2, andF3) upontherateof occurrenceof sentence-
medial pauses,indicating that all three factors have significant
effects. The rate of occurrenceis seento be almost linearly
dependentonboth

�
and� .
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Figure1. Effectsof threefactorsupontherateof occurrenceof pauses,(a) Effect of phrasetype,(b) Effectof phraselength
�
(in

mora), and(c) Effectof distance� (in bunsetsu) betweenthecurrentphraseandits dependentcounterpart.

5.2. Experimental Formula for Rate of Occurrence of Pauses
For eachof thefour phrasetypes,therateof occurrenceof pauses
is almost0 for small valuesof

�
and � , increasesalmostlinearly

with
�

and � until it reaches1. Thusthe linearportionof thedata
canbeapproximatedby a linearfunctionof

�
and� . For instance,

therateof occurrence��� of apauseaftera phraseof TypeC (i.e.,
an object/adverbphrase)can be approximatedby the following
equation:

�����
	 ���� � �����
for 0 �� � �� 23 (1)

and 0 �� ���� 3�
Coefficients	 ,


, and

�
canthenbedeterminedby minimizing

the meansquarederror over the rangesof
�

and � specifiedin
Equation(1). Since� � is a probability, its valuehasto bewithin
therange(0, 1). Thusthefollowing equationis obtained.

� � � Min � Max� 0� 03
���

0� 23��� 1� 36
�

0� � 1 ��� � 2�
Figure 2 illustrates the data points and the approximate

Equation(2) representedby hatchedplanes. Table 1 lists the
equationsfor all thefour phrasetypes.

5.3. Evaluation of Prediction by the Experimental Formulae
Theequationswereusedasexperimentalformulaefor predicting
the rateof occurrenceof a sentence-medialpauseat eachof the
bunsetsu boundaries,andthepredictedvalueswerecomparedwith
the actual ratesof occurrence. Figure 3 showsthe cumulative
percentageof casesthat thepredictedvaluesarewithin the range
givenby theabscissa.Theerrorsof predictionarewithin � 10%
in about75%of all thebunsetsu boundaries.
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Table1. Equationsfor approximatingthe rateof occurrenceof
pausesat the endof eachphrasetype,obtainedby themethodof
leastmeansquarederror.
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6. PAUSE DURATION
6.1. Effects of Individual Factors
Figures4 (a)to (c) respectivelyindicatetheeffectsof thethreefac-
torsuponthemeandurationof sentence-medialpauses.Although
theireffectsarenotsolargeasin thecaseof rateof occurrence,the
threefactorsareseento haveconsistenteffectson pauseduration.
In fact, themeanpausedurationis seento increaseapproximately
linearly with

�
and � , suggestingthat the sameapproachcan be

adoptedto quantify their contributions,as in the caseof rate of
occurrence.

6.2. Experimental Formula for Pause Duration
For eachof the four phrasetypes,the meanpausedurationwas
approximatedby a linearfunctionof

�
and� overthewholeranges

of
�
and� foundin thedata.Thecoefficientswerethendetermined

by minimizing the meansquarederror. For example,the mean
pauseduration) " (in second) afterphrasesof TypeA canbegiven
by thefollowing Equation(3):

) " � 0� 008
���

0� 013� �
0� 271� � 3�
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Figure5illustratesthedatapointsandtheapproximateEquation(3)
representedby a hatchedplane. Table 2 lists the experimental
equationsfor meanpausedurationsfor all the four phrasetypes,
where) " , )*' , )+� , and ) ( representmeanpausedurationsafter
phrasesof TypeA, TypeB, TypeC, andTypeD, respectively.

6.3. Evaluation of Prediction by the Experimental Formulae
Theexperimentalequationswereusedtopredictthemeanduration
of a sentence-medialpauseat eachof the bunsetsu boundaries,
and the predictedvalueswere comparedwith the actual pause
duration. Figure6 showsthecumulativepercentageof casesthat
thepredictedvaluesof pausedurationarewithin the rangegiven
by theabscissa.Theerrorsof predictionarewithin 100msin about
75% of all the sentence-medialpausesactually observedin the
speechmaterial.

Table2. Equationsfor approximatingthemeanpauseduration(in
second) occurringaftereachphrasetype,obtainedby themethod
of leastmeansquarederror.
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error in meanpauseduration is below the value shownon the
abscissa.

7. SUMMARY
This paperhas describedthe resultsof a part of our on-going
researchon theanalysisandmodelingof thehumanprocessesin-
volvedin theproductionandperceptionof temporalcharacteristics
of speech,andhasfocusedon theprocessof insertionof sentence-
medialpausesin Japanesetextreading.Boththerateof occurrence
andthe durationof pauseswere found to be influencedby three
mainfactors.Experimentalformulaewereobtainedto predictthe
rateof occurrenceof apauseatagivensyntacticboundaryaswell
astheexpectedvalueof pauseduration. Theresultsof prediction
showedthat both the rateof occurrenceof pausesandthe mean
pauseduration,predictedby theseformulae,arein goodagreement
with thosefoundin actualtext reading.

Needlesstosay,muchworkhastobedonein ordertoestablish
acompletesetof rules/strategiesfor pauseinsertion.Furtherstudy
is in progresstofindouttheinfluencesof suchfactorsastheoverall
speechrate, speakingstyle, text type and speaker, aswell as to
evaluatethenaturalnessof prosodygeneratedby rulesderivedby
themethoddescribedin this paper.
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SPEECH RATE AS A REFLECTION OF VARIANCE AND INVARIANCE IN
CONCEPTUAL PLANNING IN STORYTELLING

Janice Fon
The Ohio State University, USA

ABSTRACT

This study investigates conceptual planning and cognitive
rhythm as they may be reflected in speech rate fluctuation.
According to the hierarchy principle, speech rate is slower when
higher level planning is at work and faster when the planning is
complete. Two four-frame comic strips were used to elicit
speech. Speech rate was calculated in terms of syllables per
second and a low-pass smoothing filter was used to reduce the
impact of idiosyncratic fluctuation contributed by individual
syllables. Results showed that most speakers were sensitive to
story structures, although their narration strategies varied.
Speakers aimed for planning units that accommodated story part
boundaries. A solely clause-based planning strategy is not
preferred.

1.  INTRODUCTION
Speech rate differs not only from person to person, but also from
time to time within the same person’s speech. Previous studies
have related speech rate with different functions. Some have
claimed that speech rate is an indicator of memory span [1, 2, 3,
4]. Children and elderly people tend to have slower speech rates
than younger adults because they have shorter memory spans.
Higher speech rates are also more detrimental to perception for
them for the same reason. Others have linked speech rate with
syntactic [5, 6, 7, 8] or prosodic structures [9, 10]. Speech rate
becomes progressively slower at syntactic/prosodic boundaries
and hesitation pause is sensitive to syntactic complexity.
Another viewpoint is to link speech rate with communication
and conceptual planning [11, 12, 13]. Planned speeches are
more fluent and pause-free than extemporaneous ones. When
misunderstanding occurs, speakers can consciously monitor and
alter speech rate in order to aid communication.

According to Henderson et al. [14] and Beattie [15, 16, 17],
speech comes in alternating cycles of hesitant and fluent phases.
In the hesitant state, speakers are preoccupied with goal
elaboration and information retrieval, or macroplanning, and
pause time is much longer than phonation time. On the other
hand, during the fluent phase, speakers execute their plans made
in the hesitant phase and pausing is due primarily to
microplanning, or lexical item selection. As a result, phonation
time is much longer than pause time. A temporal cycle consists
of a hesitant (planning) phase and a fluent (executing) phase. In
general, more conceptual coherence exists within a cycle than
across different cycles. When speakers shift to a new topic,
another elaboration cycle will start.

The hierarchy principle proposed by Berger and diBattista
[11] and Berger et al. [12] claims that higher level planning such

as the structure and sequencing of message content has higher
demands and priorities on cognitive resources than lower level
activities, such as the demands of speech motor control and
coordination. According to this principle, resources are less
available for speech motor planning during the conceptual
planning stage since the latter takes up a large amount of
cognitive resources. Any other level of planning is thus thwarted
to a certain extent during this stage. On the other hand, in the
execution stage, more cognitive resources are available for
motor-phonetic planning.

In this study, we focus on speech rate and its link to
conceptual planning. If speech rate is a reflection of memory
span and processing load on cognitive capacity [3, 13], and if
speech rate has lower priority in sharing cognitive resources as
the hierarchy principle claims [11, 12], then it should reflect
how planning is laid out during speech. In other words, the
prediction is that speech is slower when the talker is forming
concepts but faster when concepts are being verbalized.

2. METHOD
1.1.  Subjects
Five female and five male subjects participated in this study, all
of whom were students from National Taiwan University. Their
ages ranged from 20 to 25 years old at the time of recording.

1.2. Materials
In order to elicit speech, two four-frame comic strips of different
structures with no printed dialogues were chosen from
Shuangxiangpao, a very famous comic series in Taiwan. Comic
1 is of an AAAB structure and there is a high correlation
between frame boundaries and the progression of story plots
[IMAGE 0430.JPG]. Comic 2 is more of an ABCD structure and
the relationship between frame boundaries and story plots is not
as clear-cut.

1.3 Procedure and Measurement
Subjects were seated in a quiet room and were given the

comic strips. They were told to study the comic strip and retell
the story afterwards. Recordings were made individually with a
SONY TCM-5000EV recorder and a SONY ECM-G3M super-
directional microphone. Transcriptions were done afterwards

The unit of rate calculation was set at the syllable level
rather than the conventional sentential level since real-time rate
monitoring is desired. Duration of each syllable was determined
by both the waveform and the spectrogram on CSL KAY4300.
Afterwards, the inverse of the duration of each syllable was
taken to calculate the speech rate (syll/sec). Pauses and
nonlinguistic utterances were treated as individual units and
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were included in rate calculation since they might be indicators
of conceptual planning and their existence might also contribute
to rate perception. Therefore, their durations were also measured
and their inverses were taken in order to calculate their
contribution to rate.

By taking the inverse of each linguistic and nonlinguistic
unit, we have included a tremendous amount of idiosyncratic
fluctuation contributed by individual syllables. Since what we
are interested in is the general trend of the speech rate, a low-
pass smoothing was done on the syllable-by-syllable speech rate
measure. The assumption is that “intrinsic” segmental effects on
the syllable rate will fluctuate more rapidly than effects of
alternation between the slower speech rate during intervals of
high cognitive load during conceptual planning and the faster
speech rate during intervals of low cognitive load during speech
execution. Smoothing was done by an FFT inverse filter for each
set of speech rate data. A cutoff frequency of .3 Hz was chosen
to filter out high frequency fluctuations.

3. RESULT
3.1. Summary Measures
Table 1 shows the summary measures of both narrations. For all
three measures, the result of three 2 (comic) × 2 (order) mixed
factorial designs showed no significant main effect of comic
type. The order of the comic strip given is not significant, either.
However, there is a high correlation between average rates of
the two comic strips (r = .88, p < .05), indicating that the overall
speaking rate of the speakers are fairly stable across different
trials.

syllable (no.) duration (sec.) avg. rate (syll/sec)
I II I II I II

mean 183.3 148.2 38.32 32.43 4.91 4.86
Table 1: Summary measures.

3.2. Fluency Measures
Fluency was measured in terms of pauses. Two kinds of pauses
were distinguished—unfilled (silent) pause and filled pause.
Four kinds of filled pauses were counted—en, e, ei, and m.
Table 2 shows the fluency measures in terms of percentages. A 2
(comic) × 2 (pause type) × 2 (order) mixed factorial design
showed that there was a significant main effect of pause type on
the percentage of time spent [F (1, 8) = 60.35, p < .05, η È2 = .88].
However, comic type does not impose any significant effect,
indicating that fluency level was constant across trials. Order
does not have any significant effect.

unfilled pause (%) filled pause (%)
I II I II

mean 29.97 26.27 1.61 1.78
Table 2: Fluency measures.

3.3. Rate Cycles
Based on the hierarchy principle, planning can be determined by
speaking rate alternations. Figure 1 is an example of this for
LZH’s narration for Comic 2.

Speaking Rate Cycle: LZH
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Figure 1: Planning cycle alternation in terms of speaking rate
alternation after smoothing for subject LZH in Comic 2

Table 3 shows the summary of the number of rate cycles on
average and the mean duration of the cycles. A 2 (comic) × 2
(order) mixed factorial design showed that no significant main
effect of comic type and order exist. Both comic strips elicited
about the same number of rate cycles. A paired correlation
showed that there is a significant medium correlation between
the number of cycles and total percentage of pause in Comic 2,
but not in Comic 1 (r = .67, p < .05). In other words, the more
hesitant one is in narration, the more cycles one has to make.

cycles (no.) mean duration (sec.)
I II I II

mean 9.60 8.50 3.99 3.78
Table 3: Rate cycles.

3.4. Narration Strategy
3.4.1. Comic 1.  Since different people have different ways of
describing the comic strip, only the story parts that were
mentioned by all the subjects were considered indispensable and
analyzed accordingly. Table 4 shows what the story parts (P)
are. Notice that both P1 and P2 pertain to the first frame. All the
other descriptions have a one-to-one correlation with the
frames—P3 with Frame 2, P4 with Frame 3, and P5 with Frame
4. Most of the subjects used a narration strategy that is more or
less chronologically ordered, except for LJS and ZZH. They
used a narration strategy that combined the first three frames
together instead of describing them in a chronological order.

mean duration (sec.)
P1 couple getting married 5.02
P2 first sign holder 5.88
P3 second sign holder 3.63
P4 third sign holder 4.04
P5 pastor’s word 4.86

Table 4: Description in Comic 1 and its mean duration.

Table 4 shows on average how much time subjects spent on
each of the five essential parts of the narration. The statistics of
LJS and ZZH were not included in the calculation of mean due
to their apparent different narration strategies. Since P2 to P4
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constituted a repeating theme of people showing the couple
signs, asking them to reconsider the marriage, a decreasing
amount of time allotment is expected. A within-subject single-
factor design showed that there was a near significant main
effect of repeating story parts on the time spent [F (1.77, 12.42)
= 3.62, p = .06]. The effect size was large, ωÈ2 = .23 [19]. This
suggests that a main effect of repeating story parts is probably
present, but our experiment here did not have significant power
to detect it. A post hoc pairwise comparison after Bonferroni
adjustment showed that there was a near significant difference
between P2, and P3 (p = .05).

3.4.2. Comic 2. Table 5 shows the essential story parts of Comic
2. All of the subjects mentioned the four parts. It seems that the
four parts corresponded neatly to the setting-problem-solution-
result sequence. P1 and P2 refer to the first frame. P3 refers to
both the second and the third whereas P4 refers to the last frame.
Unlike Comic 1, there is no clear one-to-one correlation between
frames and story parts.

mean duration (sec.)
P1 the clinic 7.00
P2 no business 2.25
P3 change sign 4.84
P4 husband pulling wives/good business 7.80

Table 5: Description in Comic 2 and its mean duration.

Table 5 shows on average how much time subjects spent on
each of the essential parts. The general trend seems to be that P4

tended to be the longest where as P2 the shortest. A single factor
within-subject design shows that there is a significant main
effect of story parts on duration [F (2.33, 20.93) = 7.31. p < .05,
ωÈ2 = .19]. Post hoc comparison after Bonferroni adjustment also
showed that subjects allotted more time to P4 (result) than P2

(problem) and P3 (solution). More time was given to the setting
(P1) than the problem (P2) (p < .05).
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Figure 2: An illustration of the relationship between rate cycles
and story parts, from LCX, Comic 1.

3.5. Narration Strategy vs. Rate Cycles
There are two ways a story part can be correlated with a rate
cycle. It can either be subsumed within a rate cycle, or it can

straddle between two or more cycles. Figure 2 demonstrates how
the rate cycles and the story parts can correlate with each other.
This is from subject LCX in her narration for Comic 1. Notice
that P2, P3, and P4 are each within one speaking rate alternation
cycle, whereas P1 and P5 straddle between more than one cycles.
LCX used 4 cycles to finished P1 and 1.5 cycles for P5.

Many factors can affect the correlation between story parts
and rate cycles. Table 6 shows the six potential non-grammatical
causes for a cycle to end. Among the six types, hesitation is the
most frequent. Also, there were more instances of hesitation in
Comic 2 than in Comic 1. On average, the indispensable story
parts in Comic 1 took 1.48 cycles to finish and those in Comic 2
took 1.90. A paired t-test showed that the effect of comic strip
type was near significant [t (9) = –2.10, p = .065].

hesitation repetition speech error
I II I II I II

no. 10 27 0 3 2 3
self-correction lexical selection laughter

I II I II I II
no. 2 0 5 0 0 3

Table 6: Summary of the instances caused by non-grammatical
factors for ending a cycle.

Aside from the cycles influenced by non-linguistic factors,
there is a one-to-one correspondence between story parts and
rate cycles. In fact, 46 out of 51 story part instances showed this
correspondence.

4. DISCUSSION
Speech rate has been considered as a reflection of memory span
[1, 2, 3, 4]. The larger the memory span, the faster the speech
rate. This is evidenced by the fact that the correlation between
the average speech rate of the two narratives within the same
subject is as high as r = .88, as shown in Table 1. In other
words, the average speech rate is fairly constant for each speaker
across tasks. This would be true if speech rate is a reflection of
memory span since one would not expect the memory span of a
subject to show much variation. The average speech rate for a
narrative is 4.84 syll/sec in this study, and most subjects were
within the range of 4 – 5 syll/sec. Therefore, we would conclude
that such a rate is representative of narration speech rate in
Mandarin. Speakers with rate as fast as 7 syll/sec are possible
(as in the case of XYL), but rare.

The fluency measure also seems to be held constant across
different tasks. Most speakers have a certain constant proportion
of speech that is dedicated to pauses, filled or unfilled. On
average, 30% of the total utterance time spent in pauses is
representative of this type of narration.

The assumption that speech rate reflects the size of the
memory span could not explain well why rate cycles exist. If
speech rate is only a reflection of the memory span, then
fluctuations of speech rate should mean changes in the memory
span, which is very unlikely, since most narratives elicited were
only about 30 – 40 sec., a very short time period for memory
spans to fluctuate in such a great degree.

However, if speech rate is a reflection of both memory span
and processing load on cognitive capacity [3, 6, 13], then such a
fluctuation would be indicative of how people plan. The heavier
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the processing load, the less likely it is for speakers to talk at a
fast speed [11, 12]. This assumption could explain why there is
a medium correlation of r = .67 between fluency measures and
number of rate cycles. In other words, given the same story, the
more uncertain one is about what he speaks, the more processing
cycles one has to make.

Most subjects showed an influence of the story structure in
their narration. As indicated before, Comic 1 is of an AAAB
structure whereas Comic 2 is ABCD. If speakers were sensitive
to the story structure, one would expect that certain verbal or
non-verbal indications of the repeating scenes could be found in
narration of Comic 1, but not in Comic 2. LJS and ZZH made
the most overt indications. They combined the first three frames
together, and described them as a group. The others also allotted
a decreasing amount of time in various degrees to the first three
frames of Comic 1, indicating that not as much planning time
was needed for a repeating theme.

Comic 1 had a clearer one-to-one relationship between
frames and story parts whereas in Comic 2, the relationship is
not as straightforward. If frame-story part correspondence could
aid speakers in planning their story, then one would expect
subjects to show more uncertainty in Comic 2. Although there
did not seem to be any difference in fluency measures (Table 2),
more instances of hesitations were detected in Comic 2 (Table
6)

The correspondence between a story part and a rate cycle is
intriguing. If speech rate is a reflection of cognitive load, then
fluctuation of speech rate can act as an approximate index
showing how the cognitive load varies and thus how people
plan. After filtering out all the non-linguistic factors, we found
that in most cases, subjects tended to have a one-to-one
correspondence between story parts and rate cycles. It seems that
speakers aim for planning their narration with regards to
complete discourse units.

5. CONCLUSION
In this study, the fluctuating pattern of speech rate in story
narration is examined using different comic strips. Subjects
were sensitive to different comic types. This is reflected through
various ways, overt or covert. Generally speaking, invariance
does not lie in the absolute speed, or the ‘optimal’ speed of each
speaker. Instead, invariance of speed lies in the fluctuating
patterns and its correlation with story parts. Most speakers used
a strategy so that there is a one-to-one relationship between rate
cycles and story parts, although exceptions do occur. Therefore,
it is suggested that speakers would aim for planning their speech
to accommodate the story parts. However, when higher level
planning is not feasible, they would fall back on lower level
units such as clauses. Hesitation and speech errors would occur
when even this level of planning is corrupted. If speakers show a
high correlation between rate cycles and story parts, it would be
very likely for listeners to also use such a cue in processing
incoming signals. Further studies are needed in order to examine
the relationship between temporal cycles and perception.
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ABSTRACT 

This study examines the articulatory correlates of a prosodic 
entity, the Accentual Phrase (AP), based on a linguistic model of 
French prosody. The AP, features an initial high tone Hi, or the 
peak of the ‘accent secondaire’, a final high tone H*, also called 
the peak of the ‘accent primaire’, and two low L tones preceding 
them. Several sentences containing four-syllables target words 
(APs), were recorded using EMA. Position of the word in the 
sentence was varied and different speaking conditions were 
elicited. Displacement, peak velocity and movement duration are 
analyzed for the vertical position of the tongue-middle. The 
results suggest that LHi could be related to hyper-articulation of 
the first or second syllable, and LH* to even stronger hyper- 
articulation of the last syllable. When contrastive emphasis is 
present on the AP, the initial hyper-articulation can become as 
strong as, and even stronger than, the final one. 

1. INTRODUCTION 
Recent articulatory studies of French prosody at the supraglottal 
level (e.g. [l]) have dealt with stress in general without 
consideration of the prosodic structure. Their conclusion is that 
stressed syllables generally show greater jaw displacement, 
duration and peak velocities, but not always. This lack of 
regularity could be due to the fact that different phenomena 
(‘accents primaires’ , ‘secondaires’) are examined together. The 
aim of this paper is to examine the articulatory correlates of a 
prosodic entity based on a linguistic model of French prosody. 

Fougeron & Jun [2,3] proposed a model of French 
intonation where the lowest tonally-defined level in the prosodic 
hierarchy is the Accentual Phrase (AP). The AP roughly 
corresponds to Vaissiere’s [4] ‘prosodic word’, Mertens’s [SJ 
‘Intonation Group’ or Rossi’s [6] ‘Intoneme Mineur’. It has the 
underlying tonal representation /LHi LH*/, with an initial high 
tone Hi (also described as the peak of the ‘accent secondaire’, 
Pasdeloup [7]), a final high tone H*, realized on the phrase-final 
full syllable (peak of the ‘accent primaire’), and two low L tones 
realized on the syllable preceding the H-toned syllable. The 
present study investigates the articulatory characteristics of the 
AP as defined tonally by Fougeron and Jun. 

2. METHOD 
2.1. Speech material 
The corpus consists of several read sentences, containing 4- 
syllable target words, where the AP is expected to occur. There 
are debates about the variation in the location of the ‘accent 
secondaire’ (LHi). One possibility to consider is that LHi gets 
anchored loosely at the left edge, so that variation in locale is just 

an artifact of tone alignment for unassociated accents. Hi is 
therefore expected to occur on one of the first two syllables of the 
target words, and H* on the last syllable. 

The articulatory characteristics of the 4 syllables in the 
target words are analyzed and compared as a function of their 
positions within the word. The expectation is to match the tonal 
peaks on syllables 1 (or 2) and 4. The corpus was designed so 
that acoustic and articulatory analyses were made easier. That is, 
to facilitate FO tracking, only sonorants were used, and to have 
clear tongue movements, syllables containing vowels /i/ and /a/, 
which correspond to extreme tongue displacements in the 
horizontal and vertical dimensions, were selected. The following 
target words were chosen: “l’anonymat” (/la-no-ni-ma/, 
anonymity), “l’anomala” (/la-no-ma-la/, beetle), “l’elimine” (/le- 
li-mi-ne/, eliminated), “l’illumine” (/li-ly-mi-ne/, crank). The 
choice of the syllables to be compared was based on the need for 
similar phonetic contexts in order to have similar coarticulation 
phenomena. Coarticulation affects the articulatory realization of a 
given syllable and could alter the AP articulatory characteristics. 
The following comparisons were thus carried out: 

/ma/ as 03 in /la-no-ma-la/ and 04 in /la-no-ni-ma/. 
/la/ as 01 and 04 in /la-no-ma-la/. 
/li/ as 01 in /li-ly-mi-ie/ and OFin /le-li-mi-ne/. 
Position of the target word in the sentence was also varied 

(initial, central, final), like for instance : 
‘L’illuminee a allume neanmoins le monument.’ (Initial). 
(The crank has nevertheless lighted the monument.) 
‘11 a humilie l’illuminee en l’eloignant.’ (Central). 
(He humiliated the crank by moving her away.) 
‘L’aumonier a neanmoins eloigne l’illuminee.’ (Final). 
(The chaplain has nevertheless moved the crank away.) 

In the first set of recordings, called the natural set, all the 
sentences were pronounced under 3 conditions: normaL - where 
the instruction was to read the sentence at a comfortable rate and 
articulation - , clear - where the instruction was to be clear to the 
listener, dearest - be even clearer. 

In the second set, called the emphasis set, we tried to elicit 
contrastive emphasis on the target word. Before each recording, a 
sentence was played to the subject, where the target word had 
been replaced by a wrong 4-syllable word. The subjects had to 
correct the sentence, placing contrastive emphasis on the target 
word. As the productions were supposed to be clear enough, 
there wasn’t any variation on the level of clarity, but instead, 
each sentence was pronounced with 3 rates: slow, normal, fast. 

In the third set, called the isolated set, the target words were 
pronounced, in isolation, first naturally, and then in response to 
the experimenter asking for clarity (“what ?“). 
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2.2. Subjects and recordings 
Simultaneous acoustic and articulatory recordings were collected 
in a sound booth, using EMA (Carstens AGlOO), for 2 native 
speakers of French, one female, one male. Five pellets were 
glued midsagittally to the apex, middle and dorsum of the tongue, 
and to the lower and upper incisors. The EMA data were sampled 
at 500Hz, the acoustic data at 16000Hz. In addition to the 
corpus, a calibration recording allowed us to trace the palate. 

In order to correct the data for rotation in the midsagittal 
plane, the angle between the rear part of the palate traces and the 
horizontal axis was measured. All articulatory traces were rotated 
by this angle so that the new x-axis corresponds to the speaker’s 
horizontal dimension and the y-axis to the vertical dimension. 
The articulatory data were then low-pass filtered, and normalized 
by the reference pellet to correct for head movements. Velocity 
and acceleration traces were obtained from the recorded position 
traces using a finite difference method. 

3. RESULTS AND DISCUSSION 
3.1. FO contours 
We first checked that the FO contours followed the pattern 
described by Fougeron & Jun. As shown in figure 1, for the 
production of the AP /lilymine/ in the natural set, in initial 
position and in the normal condition, the /LHi LH*/ contour is 
observed, with the first L aligned with the first syllable [li], Hi 
roughly aligned with [ly], the second L with [mi] and H* with the 
last syllable [le]. Similar contours were observed for the other 
target words in initial position, with variations in the exact 
alignment of the Hi peak and in the height of the H* peak. 

250 - 

R 
3200- 
2 

150- 

100’ ’ ’ I’ ’ ’ ’ I I I I 
0.5 1 1.5 2 2.5 3 

Duration (s) 

4000 I , I I 

0 
O5 # Ii ‘ly mi nds5 2 2.5 3 

Duration (s) 

Figure 1. FO trace and spectrogram for the sentence “L’illuminke 
a allurn neanmoins le monument.“, normal condition. 

3.2. Tongue movements 
The second (clearer) productions of the target words in the 
isolated set were used to assess the tongue and jaw positions for 
/i/ and /a/. As expected, the articulation of /a/ corresponds to low 
tongue and jaw vertical positions and rear horizontal positions, 
whereas the articulation of /i/ corresponds to high vertical 
positions and front horizontal positions. 

Among the 8 traces (horizontal and vertical positions of the 
tongue -apex, -middle and -dorsum and of the lower incisor), the 
vertical position of the tongue-middle showed the most 
variations. It was thus chosen as the representative articulator. As 

checked on the isolated set, the clearer /a/s feature lower tongue- 
middle vertical positions, the clearer /i/s higher positions. 

For each of the studied syllables (/ma/, /la/, /li/, and /ni/), the 
tongue-middle vertical position at the time the vowel was fully 
reached, the peak velocity of the movement from the consonant 
to the vowel, and the duration of the syllable were measured, 
using hand-labeled events. The spectrogram of the acoustic 
signal, as well as velocity and acceleration traces, were used to 
mark these events. As shown in figure 2 for [b-no-ma-la], the 
beginning and end of the syllable were marked using the 
spectrogram (and listening to the signal) and gave the duration of 
the syllable. The tongue-middle minimum (respectively 
maximum) vertical position for /a/ (resp. /i/) was measured using 
zero-crossing of the velocity trace. The peak velocity was 
measured using zero-crossing of the acceleration trace. 
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Figure 2. Articulatory labels for the first syllable of [lanomala] in 
‘Elle annihilait l’anomala en l’kloignant’. Top panel: tongue- 

middle vertical position (in mm), second panel: velocity (mm/s), 
third panel: acceleration (mm/s2). 

3.2.1. Natural set. Results of the articulation of the target 
words in the natural set are first analyzed. Figure 3 presents the 
comparison of the articulatory characteristics of /ma/ as the third 
(ma3) vs. fourth (ma4) syllable in the word. The syllable duration 
as a function of clarity is given in the top panel for the three 
positions in the sentence: initial (ma3i or ma4i), central (ma3c, 
ma4c) and final (ma3f, ma4f). The recordings of ma3f and ma4i 
are not available. In the normal condition, the differences in 
duration are not very marked. However, the mean duration for 
ma4 is longer than that for ma3. In the clear condition, the mean 
duration is higher in ma4 than ma3. In the clearest condition, the 
two groups are better separated, with ma4 always higher than 
ma3 whatever the position (but some data are missing). The 
subjects were not given any rate instruction in this set, they chose 
their own comfortable rate, given the clarity instruction. The 
differences in durations could therefore be due to differences in 
rate. However, the analyzed speaker was consistent in her 
adopted rates, and the separation between ma4 and ma3 could 
not be due to variations in rate. 

The minimum tongue-middle vertical position for /ma/ is 
given in the middle panel of figure 3. In the normal condition, 
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ma4 tends to feature a lower tongue position (a higher could not be an artifact of rate. In the clearest condition, tongue- 
displacement) than ma3. As the condition gets clearer, the middle position is lower in la4 than lal. But in the other 
separation between the tongue positions in ma4 and ma3 gets conditions, the positions for la1 and la4 are less distinguishable. 
even more marked. There is no clear pattern for peak velocity. 

A similar pattern is displayed for the peak velocity in the 
bottom panel: it is higher in ma4 than ma3, and the difference 
between ma4 and ma3 gets larger as the condition gets clearer. 

300 r 0 lilf 

The increase in tongue displacement, duration and peak 
velocity can all be linked to the subject’s effort to reach the 
appropriate tongue configuration and make the acoustic outcome 
more salient. We will refer to this conjunction of increases (see 
e.g. [S]) as hyper-articulation. The LH* tonal contour, aligned 
with the penultimate and final syllables, could correspond in the 
articulatory domain to a hypo-articulated (or normally- 
articulated) penultimate and a hyper-articulated final syllables. 

E li$fc $ 0 lilf 

.E 1% 1 200 li2f 8 IHi: 
2 

I 
0 lilf 

li2i 8 Ii& l i2c ii IiS 
3 h li2i X  

I 
normal 

I 
clear 

I 
clearest 

300 - 
z 
z- 
.g 200 - 
5 
0’ 

ma4c X  
ma4c X  ma4f X  
ma4f X  

0 ma3i 0 
ma4c 6 ma 

;;j[ 
ma4i 

ma3S: 
5 ma3c 

m&f t 0 ma3f 

100’ I I I 
normal clear 

RI&Z @  “” ma4i Q  ma3k 

ma41 M  

I I 
normal clear 

clearest 

0 ma3c 
0 ma3i 

ma4c x 
ma4f y 

clearest 

ma4f x 

LL - normal clear clearest 

Figure 3. Duration, Tongue-middle vertical position (mm) 
and Peak Velocity for ma3 and ma4 (see text). 

Figure 4 shows the measures for /li/ as the first (lil) vs. 
second (li2) syllable in the word. As concerns syllable duration, 
there is no clear separation of lil and li2, even in the clearest 
condition: lil is not generally longer than li2 (nor the reverse). 
As concerns tongue-middle vertical position, lil tends to display 
more extreme (higher) positions than li2, but there are cases 
where Ii2 and lil positions are similar. The peak velocities are 
rather weak, as the movement from /l/ to /i/ does not involve a 
large displacement. Although li2 seems to feature higher peak 
velocities, the differences are not large and there are exceptions. 

The LHi tonal contour, whose alignment with the first two 
syllables is debated, seems to correspond to a more hyper- 
articulated first syllable and a relatively less articulated second 
syllable. But the difference is very subtle and some second 
syllables could even be more articulated than the first syllable. 
This irregularity could be a mirror of the loose tonal alignment. 

The ‘accent secondaire’ is often described as tonally weaker 
than the ‘primaire’ (as in figure 1). However, there are speaking 
conditions (e.g. insistance) where the ‘secondaire’ becomes 
preponderant. The next analysis compares both accents in the 
articulatory domain. Figure 5 shows the measures for /la/ as the 
first (lal) vs. last (la4) syllable in the same word. The articulation 
of la1 is generally slower than la4 (there is a single exception). 
Both syllables belonging to the same word, duration differences 
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Figure 4. Articulatory pattern for lil and li2 (see text). 

I 

Therefore, the last syllable is generally more articulated than 
the first but not markedly in the normal and clear conditions. It 
seems that the accent on the first syllable (which could 
correspond to an ‘accent secondaire’) is weaker but often 
comparable to that on the last (‘accent primaire’). However, a 
further comparison between the second and the last syllables 
would be necessary to draw any conclusion on the relative 
articulatory strengths of the accents ‘primaire’ and ‘secondaire’ , 
since the latter can be aligned with the second syllable. 
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Figure 5. Articulatory pattern for la1 and la4 (see text). 

I 

3.2.2. Emphasis set. Contrastive emphasis is expected to make 
the observed articulatory pattern more salient (see [8], [9], [ lo]). 
Similar measurements were thus carried out for the emphasis set. 
Figure 6 shows the analysis of ma3 and ma4 under emphasis. The 
articulatory pattern conforms to our expectation: it resembles that 
in fig. 3, but with clearer differences between ma3 and ma4. 
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Figure 6. Pattern for ma3  and  ma4 in the emphasis set (see text). 

stronger than the LHi contour. Similarly, the hyper-art iculation 
observed on  the last syllable is stronger than that on  the first 
syllable. However,  when emphasis is present on  the AP, the 
initial hyper-art iculation can become as strong as, and  even 
stronger than, the final one.  An extension of the present corpus is 
considered to better descr ibe the al ignment of the articulatory 
correlates of LHi with the first two syllables in the AP. 

300 - la4i X  
z la4c 

E200 - la4i: 8 lajk Q  M  la4f x 
z la4i X  la4f 
‘T= I& hh lalf tf lali 
E  
O’lOO- 8  ML 

I I I  

fast normal slow 

la4i: x 
0 lalc 

la4f 8 lalf 
I& ilj I$ 0 lali 
la4f 

a, 
=2- 
P  
?O- 

0 lalf Mi 8 IalC 
I I  la4c >;< 

fast normal slow 

Results for lil and  li2 show the same trend (see figure 7): lil F 

E120- 
la4f X  

is even better articulated than li2. 
0 lalf 

-8100 - 
8 

0 lalf Q IaIl 
0 lilt 

z 80 : I:p la4f 8 I :‘c 1  I$lE 6 lali 
=300 - 0 lilf 
G. Ii% 3E Y 60- MF St la& %  
5 iz la4i X  

*z 200 - li2f ’ 
li2c 8  IlIE 

I  I  I 
li2i R  lili a 40 

fast normal slow 

2 Ii% 8 Ii& Figure 8. Pattern for la1 and  la4 in the emphasis set (see text). . . li2i X  
100 I71 Y I I  

fast normal slow 
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c  li2c X  
I 

fast 

li2c X  

I 
normal 

I 
slow 

li2f X  

li2i X  

#Jijf 
fast 

li2c X  
Mf 8 lili 

8 iF 

normal 

li2i X  
li2f X  

li2c fij IiIb 
Ilf 

slow 

Figure 7. Pattern for lil and  li2 in the emphasis set (see text). 

However  the tendency for la4 to be  more articulated than la1 
is not made  more salient by  the presence of emphasis.  Instead, as  
shown in f igure 8, lil is more often better articulated than li4. It 
seems therefore that the use of emphasis on  the target word 
reinforced the accent  on  the first syllable which became as strong 
as, and  sometimes stronger than, the accent  on  the last syllable. 
The  so-cal led ‘accent  secondaire’ can therefore, under  emphasis,  
become the prime. This could be  related to the ‘accent  
d’insistance’ descr ibed at the beginning of French words in some 
speaking styles (broadcast ing or public speakers,  see [ 111).  

4. CONCLUSION 
This preliminary study suggests some articulatory correlates 

for the tonally-defined Accentual Phrase in French. The  ‘accent  
secondaire’ , or LHi, could be  related to hyper-art iculation 
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(extension of the tongue displacement, increase in durat ion and  
peak  velocity) of the first or second syllable of the AP, and  the 
‘accent  primaire’ , or LH*, to a  hyper-art iculation of the last 
syllable in the AP. The LH* contour has  often been  descr ibed as 
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The syllable as a linguistic unit has been the object of much
dispute. Even when there is agreement about the number of
syllables in a linguistic word, or string of words, spoken
distinctly and in isolation, a great number of diverse algorithms
has been proposed for syllabification in different languages. A
phonetically oriented investigation has started in order to study,
from a cross-language perspective, syllabification in spoken
Standard Swedish, Greek and French. After having tested six
different syllabification algorithms for Standard Swedish in a
pilot study, a speech sample of 2001 syllables from two speakers
was analysed into syllables by applying the principles of
Maximal Onset, Phonotactic Syllable Constraints within the
domain of prosodic phrases. This was done independently of
morphological boundaries or any sonority hierarchy.

1. INTRODUCTION AND AIM
It is currently understood that prosodic features have a very high
significance for the listener. They are fundamental to fast lexical
access [1]. One important aspect of identifying elements of
meaning (be it root morphemes, derivational or inflectional
morphemes, words of various kinds or phrases) is their coding
into segments, syllables and larger linguistic units like prosodic
phrases. In the bottom-up process, acoustic cues in the speech
signal are used by the listener in order to decode words.

The aim of this study is twofold: First, in an exploratory
investigation, to test various rules for syllabification in Swedish
which have been posited in the litterature, and second to apply a
new syllabification algorithm, determined as a result of the test
procedure, to a sample of spoken Standard Swedish and to
analyse the results thoroughly. The analysis will include
distributional data and duration measurements. Due to the
contrastive frame work of the project, the investigation is carried
out with a view to a larger cross-language study including Greek
and French.

2. SOME REMARKS ON THE NOTION ”SYLLABLE”
The starting point chosen for this investigation is the fact that
Swedish learners of French as a foreign language have
demonstrably greater difficulties in understanding spoken French
than spoken English or German. When trying to find an
explanation for this imbalance of linguistic behaviour, the way of
coding words into the speech wave provides a useful point of
departure. There is a remarkable difference in syllabification of
words into syllables between French, on the one hand, and the
Germanic languages English and German, on the other. The most
striking difference is the presence of the two phonological
processes ”enchaînement” and ”liaison” in French resulting in a

form of resyllabfication not to be found in the Germanic
languages. It is generally assumed that the domain for
syllabification in French is the rhythmical group (groupe
rythmique) whereas in the Germanic languages the word is used
as the domain.

Contrary to the general opinion in the literature, it could be
asked if the phenomenon of enchaînement, e.g. the syllabification
of segments into syllables starting with a consonant, typical of
French, exists in Germanic languages, too. This seems to be the
case in Swedish when the word beginning with a vowel appears
unstressed in a sentence context. For instance:

(1a) ”Karl vill ära  en ‘hjälte ...
(Karl wants to honour a hero ...)

(1b) ”Karl vill lära  en ‘hjälte ...
(Karl wants to teach a hero ...)

(1a’) karl - vi- lä - ra- en - hjäl- te

(1b’) karl - vi - lä- ra - en - hjäl- te ...

The first word has focus accent marked ”, the last one has only
word accent marked ‘. The syllables in between are unstressed.

3. SWEDISH SYLLABLES
Swedish, as a Germanic language, has a rather complex syllable
structure, although there are languages with an even more
complex structure. It is necessary to make a distinction between
syllables that are morphemes by themselves and syllables that are
part of polysyllabic morphemes or words. A review of different
syllabification principles for Swedish is to be found in [2].

It is not surprising to find that, in Swedish, as in other
languages, there is no generally agreed upon principle for
syllablification. In Swedish, the matter is more complicated than,
for example, in French because Swedish has the prosodic
features of quantity (phonologically distinct segment length with
its characteristic temporal pattern of complementary length) and
accent (word stress).

4. THE INVESTIGATION
As has been shown, there is no unanimous principle for
syllabification in Swedish to be found in the literature. Therefore,
before analysing a larger corpus, it was felt necessary to
systematically study the effect of various syllabification
algorithms. This was done in a methodological study using a
small part of the total corpus [3]. The results of the pilot study
constituted the basis for determining a satisfying syllabification
algorithm for Swedish to be applied to the large corpus. The
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expectation was not to find a perfect algorithm but rather to gain
new and deeper insights in the problem of syllabification,
especially from a contrastive persepctive. A comprehensive
description of the investigation is to be found in [2]. Taking all
this into consideration, the following algorihtm was chosen for
the analysis fo the larger corpus in the main study:

Maximal Onset
Phonotactic Constraints
Splitting of Long Consonant (following stressed short
vowel)

The main study contained 2,001 syllables, 999 for the female and
1002 for the male speaker. The total duration of the speech
samples was 9 minutes and 19 seconds.

5. RESULTS
All results are presented for each speaker individually and pooled
for both speakers as well. This is done in order to show the
individual behaviour. The following aspects are dealt with: the
occurrences of the two syllable types open vs closed, the various
syllable structures, and the duration of syllables according to

syllable type, syllable structure, effect of stress and phrase
boundaries.

5.1. Occurrences/number of syllables
The female speaker had 62% open and 38% closed syllables, the
male speaker had 56% open and 44% closed syllables,
respectively. Pooled there were 59% open and 41% closed
syllables in the Swedish material. The different syllable
structures and their distribution for each speaker individually and
the percentage pooled for both speakers are shown in Table 1.

Table 1 shows very clearly that in this corpus two syllable
structures dominate (indicated in bold face). Among the open
syllables (59% in total), the structure /CV/ accounts for 40%,
among the closed syllables (41% in total), the structure /CVC/
accounts for 23% of all syllables. The rest of the syllable
structures amount to a few percent only. Many structures appear
only a few times in the material. this is, of course, a consequence
of the relatively small corpus analysed.

Table 1. The different syllable structures and their distribution for each speaker individually and the percentage pooled for both
speakers.

Syllable Speaker
structure Male (n=1002) Female (n=999) Pooled (n=2001)

number n % number n % number n %

OPEN: 563 56.2 620 62.1 1183 59.1
V 55 5.5 64 6.4 119 6
VV 10 1.0 21 2.1 31 2
CV 383 38.2 424 42.4 807 40
CVV 50 5.0 59 5.9 109 5
CCV 50 5.0 34 3.4 84 4
CCVV 14 1.4 18 1.8 32 2
CCCV 1 0.1 0 0 1 0

CLOSED: 439 43.8 379 37.9 818 40.9
VC 53 5.3 30 3.0 83 4
VCC 5 0.5 1 0.1 6 0
VCCC 0 0 1 0.1 1 0
VVC 2 0.2 3 0.3 5 0
VVCC 1 0.1 1 0.1 2 0
CVC 243 24.3 226 22.6 469 23
CVCC 35 3.5 39 3.9 74 4
CVCCC 1 0.1 1 0.1 2 0
CVVC 31 3.1 29 2.9 60 3
CVVCC 4 0.4 3 0.3 7 0
CCVC 30 3.0 32 3.2 62 3
CCVCC 10 1.0 3 0.3 13 1
CCCVC 0 0 1 0.1 1 0
CCCVCC 1 0.1 0 0 1 0
CCVVC 13 1.3 5 0.5 18 1
C 7 0.7 4 0.4 11 1
CC 3 0.3 0 0 3 0
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5.2. Durations
Means and standard deviations of syllables durations for each
speaker and pooled for both speakers are calculated. Durations
of syllable types and syllable structures are given for different
aspects: syllable type (open/closed), syllable structure, effect of
different levels of stress and of phrase boundaries (see [3].

6. SYLLABIFICATION ALGORITHM (CONVENTIONS
AND RULES)

Based on the results of the pilot study, and the results of the
main study, a new test algorithm is defined. It is based on the
principle of Maximal Onset favouring open syllabels, the
Splitting of long consonants and on Phontocatic Syllable
Constraints within the domain of the prosodic phrase. It differs
only in one rule from the algorithm applied in the main study in
that it takes care of the remaining elements /C/ and /CC/. They
are to be found before a phrase boundary, the limit of the
domain of the syllabification algorithm. It consists of two parts:
the pre-conditions (input string and conventions) and the
syllabification rules. They, in turn, consist of the basic
syllabification rule proper and three admjustment rules.

6.1. Pre-conditions
Input structure: string of phonological symbols (segmental and
prosodic):

V, C two segmental categories: V = vowel, C = consonant
| minor (weak) phrase boundary
|| major (strong) phrase boundary

Direction of application: left-to-right (parallel to production)

Knowledge of phonotactic constraints

6.2. Syllabification rules
Rule 1. Insert a syllable boundary (.): after each
vowel.

Rule 2. Adjust to the following structural conditions:

2.1 Long consonants: split the long /C:/ into two C,
the first one becomes coda.

2.2 Consonant cluster: move syllable boundary to
the right as phonotactic 

constraints permit.
2.3 Isolated consonants or clusters (left overs):

adjoin to the left (delete syllable 
boundary inserted according to Rule 1).

The working of the algorithm is illustrated in two examples
below (| denotes phrase boundary, SAMPA transcription)).

Example 1

orthography genom engelsmännen

labelling
(phonetic
transcription)

CV -layer

Rule 1 (insertion
of
syllable
boundary)

Adjustments:
Rule 2.1 (Long
C)
Rule 2.2
(Phonotactics)

Rule 2.3 (Left
overs)

Syllabification

(by the Englishmen)

[ j en Om E N: El s mEn:En]

| CVCVC VCCVCCCVCCVC |

| CV.CV.C V.CCV.CCCV.CCV.C |

| CV.CV.C V.CCV.CCCV.CCV.C |
| CV.CV.C VC.CVCC.CVC.CV.C |

| CV.CV.C VC.CVCC.CVC.CVC |

[ je. nO. m  EN.NEl s. mEn. nE n ]

Example 2:

orthography

labelling
(phonetic
transcription)

CV -layer
(input structure)

Rule 1 (insertion
of
syllable
boundary)

Adjustments:
Rule 2.1 (Long
C)
Rule 2.2
(Phonotactics)
Rule 2.3 (Left
overs)

Syllabification

det är en ganska traditionsrik sport
(this is a rather traditional sport)

[ de: Eng a~s k athr a d i �u:n s r

i: ks p O � ]

|
CVVVCCVCCVCCVCVCVVCCCVVCC
CVC |

|
CVV.V.CCV.CCV.CCV.CV.CVV.CCCV
V.CCCV.C |

(void)
|
CVV.VC.CV.CCV.CCV.CV.CVVCC.CV
VC.CCV.C |
|
CVV.VC.CV.CCV.CCV.CV.CVVCC.CV
VC.CCVC |

[ de: .EN. ga~.s ka .thra .d i .�u:n s .r i: k.s
p O � ]
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It should be noted that no word boundaries nor a (phonetically
motivated) sonority hierarchy are needed.

7. DISCUSSION
According to the algorithm applied, on the average, 59% of the
total number of syllables were categorized as open and 41% as
closed syllables. This is clearly a different finding compared to
the percentages given in the literature. [4] gives 37% for open
syllables in German and 40% in English. In spite of this, there
seems to exist a clear difference with respect to the distribution
of open and closed syllables in these Germanic languages and
French. In the calculation by [5] where word boundaries and
the sonority hierarchy are ignored, the percentages are 82%
open and 18% closed syllables. In her study, the domain for
syllabification was also the prosodic phrase and not the word.

This investigation has shown that a clear distinction has to
be made between phonological syllables on the word level, i.e.
in the lexical domain, and phonetic syllables in running speech,
unscripted as in the present investigation or read aloud. If a
universal stand point is taken, syllabification algorithms can be
described as follows: There is a fundamental part that applies
to all languages, namely the Maximal Onset Principle which
operates in the domain of prosodic phrases. It results in open
syllables only . Such an algorithm works very well if the
language does not have any aggravating or intervening
phonological features. Those can be the special status of a
segment, e.g. the /s/ in French in relation to other consonants,
or prosodic features like stress and quantity. Upon this basic
part of the syllabification algorithm, language specific rules are
added that take into consideration the special features of the
language in question. For Swedish, for instance, the quantity
pattern of complementary length in the sequences of stressed
vowel and following consonant /’V:C/ vs /’VC:/ calls for a
special rule. The solution chosen in this investigation is to split
the long consonant into two single ones.

However, this algorithm still contains some problems. An
old problem concerns the treatment of long consonants. The
velar nasal (in medial and final morpheme position only and
always long), when it becomes the onset consonant after
splitting a long /C:/, is not accepted as onset. It violates the
phonotactic rules according to which the velar nasal is only
allowed following a stressed short vowel. Splitting a long
voiceless stop in word medial position where it, contrary to its
pre-stress position, is unaspirated leads to an onset with an
unaspirated stop. However, in the absence of any better
solution at the moment, we have to accept these problems for
the time being. At the same time, we have to continue our work
for better solutions and, hopefully, this report will contribute to
a vivid discussion.

Where the prosodic decoding of words/lexical elements in
fluent speech is concerned, two hypotheses can be put forward
which may reflect the fundamental differences between
languages like French, on the one hand, and Germanic
languages like Swedish, English or German, on the other:
Speech recognition in the Germanic languages relies more on

acoustic (word) cues. Preference is given to the bottom-up
processing. In French (and other Romance languages, maybe
except e.g. Italian) speech recognition, due to the lack of
acoustic word cues, relies more on the linguistic/pragmatic
context. Preference is given to top-down processing.

����	
���������
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ABSTRACT
This study investigates how segmental articulation is affected by
the position of a segment in a prosodic constituent in French.
Linguopalatal contact, nasal flow or frequency of glottalization
are compared for various segments placed in four different
prosodic positions: Intonational Phrase-initial, Accentual Phrase-
initial, Word-initial and Syllable-initial.  Results show that
segments initial in higher prosodic domains tend to have more
linguopalatal contact, higher frequency of glottalization or lower
nasal flow than segments initial in lower domains.  Although the
observed effects can vary in magnitude depending on the
articulator, the speaker or the segment observed, these regular
articulatory variations tend to reflect the prosodic encoding of
utterances into constituents of various levels.

1. INTRODUCTION
While the segmental and suprasegmental aspects of speech have
been most often studied separately, it becomes more and more
obvious that these two aspects are closely connected.  The study
presented here aims to better understand this relationship by
examining whether the segmental articulation of speech
segments is affected by the prosodic organization of the sentence
in which these segments are produced.

Most of the studies concerned with articulatory variations
depending on prosodic factors have focused either on the
difference between accented and unaccented segments or on the
differences between initial and final position in a word or
syllable [see 7 for a review].  Studies of the later kind are
mainly concerned with finding some articulatory correlates of
syllable- or word-boundaries and with the identification of a
phonetic unit corresponding to the syllable or word.  For
example, compared to medial or final position, segments in
initial position in these lower constituents have been found to
have a higher degree of linguopalatal constriction [14, 2], a
higher velum position [1, 11], or a larger glottal opening [4].
More recently, a few studies have shown that the articulation of
initial segments also varies in higher level prosodic constituents
[13, 9, 5, 6, 10].  Interestingly, these studies show that the
articulation of initial segments varies depending on the prosodic
level of the constituent.  Hence, as shown for final lengthening
[15], articulatory variations in initial position seem to reflect the
hierarchical organization of prosodic constituents in
distinguishing several levels of boundaries.

The work presented here summarizes some of the results of
a comprehensive study of segmental articulatory variation
determined by prosodic phrasing in French [7].  It extends the
results found in other languages by examining different types of
segments, articulators and prosodic constituents.

2. METHOD
Five consonants, varying in place and mode of articulation, /t, n,
k, l, s/ and two vowels /i, A)/ have been studied.  These segments
have been placed in initial position of 4 different prosodic
constituents: a syllable (S), a lexical word (W), an accentual
phrase (AP), an intonational phrase (IP).  Table I gives an
example of the sentences used for the test segment /n/.  In order
to verify that the segment had been produced at the intended
prosodic position, a transcription was done a posteriori with the
following criteria: presence of a pause before the test segment (+
or Ø), lengthening of the preceding vowel (++, +, 0),
demarcative function of the preceding tone (major boundary
(%%), minor (%), not demarcative (Ø)).  The coding used is
illustrated in Table 1.  All the test segments were produced with
a low tone and were placed around the 5th syllable of the
sentences.

pause lengthening V1 boundary tone
1- IPi : + ++ %%

La pauvre Tata. Nadia et Paul n’arriveront que demain.
(Poor Aunti, Nadia and Paul will arrive only tomorrow.)

2- APi : Ø + %
Tonton, Tata, Nadia et Paul arriveront demain ...

(Uncle, Aunti, Nadia and Paul will arrive tomorrow...)
3- Wi : Ø 0 Ø

Tonton Paul et Tata Nadia arriveront demain par le train.
(Uncle Paul and Aunti Nadia will arrive tomorrow ...)

4- Si : Ø 0 Ø
Tonton Paul et Tata Annabelle arriveront demain ...

(Uncle Paul and Aunti Annabelle will arrive tomorrow...)

Table I: Criteria used for the prosodic coding. Example of
sentences in which the test segment /n/ (in bold) is placed in
initial position in an Intonational Phrase (IPi), an Accentual

Phrase (APi), a Word (Wi) and a Syllable (Si).

Articulatory variations depending on prosodic position are
assessed in terms of (1) linguopalatal contact (as measure with
electropalatography, Kay Palatometer) for all the consonants and
/i/, (2) amount of nasal airflow (measured with a Rothenberg
mask) for the nasals (/n/ & /A)/), and (3) frequency of
glottalization for /i/.

Except for the nasal flow analysis, for which 4 Parisian
French speakers have been studied, the remaining analyses
include two speakers (A and B, the author).  For these speakers
a pseudo-palate covered with 96 electrodes has been made with
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a special layout extending the electrode coverage to the front of
the mouth in order to capture dental articulation.

In general,  20 repetitions of each prosodic position have
been recorded except for /l/ (10 rep.) and /k, i/ (15 rep.).
Comparison between prosodic position was tested with an
ANOVA and post-hoc Fisher PLSD tests (with a 95% level).  In
the following presentation, a prosodic position is considered
significantly different if it is different from all the other
positions.

3. RESULTS
3.1 Lingual articulation of consonants
Variation in the lingual articulation of consonants depending on
their prosodic position was measured in terms of amount of
linguopalatal contact (% of electrode contacted) and distribution
of the contact over the palate.  These measurements have been
taken at the point where the contact is maximal during the
consonantal constriction.

Results show that the amount of linguopalatal of the three
stops /t, n, k/ vary depending on the position of the consonant.
The amount of linguopalatal contact of initial segments tends to
increase progressively from the lowest constituent (Si) to the
highest constituent (IPi).  Figure 1 illustrate this variation for
speaker A.

20
30
40
50
60
70
80 /n/ /t/ /k/

Si Wi APi IPi Si Wi APi IPiSi Wi APi IPi

%

Figure 1: Amount of linguopalatal contact for the stops /n/, /t/, et
/k/ in the different prosodic positions examined.  Results for

speaker A.

For /n/, this increase of linguopalatal contact allow to
distinguish significantly the 4 positions considered for the 2
speakers (Si<Wi<APi<IPi).  For /t/, only 3 positions are
distinguished by the progressive increase of linguopalatal
contact.  Speaker A does not show a distinction between
Syllable and Word levels (Si/Wi<APi<IPi) and for speaker B,
the Word level is not distinct from either S or AP (Si<APi<IPi).
For /k/, only Wi, APi and IPi positions are examined. For
speaker B, all these 3 positions are distinguished by the amount
of linguopalatal contact, while for speaker A there is only a two
ways distinction between Wi/APi and IPi.  The difference
between Wi and APi follows the same trend with a greater
amount of contact in APi but the difference is marginally
significant (p=.05).

For the 3 stops, the increase of linguopalatal contact in
initial position of higher level constituents is reflected by a
widening of the surface of occlusion, toward the back of the
palate for the front stops /t, n/ and toward the front part of the
palate for the back stop /k/.

Articulation of the lateral /l/ shows a similar variation
depending on prosodic position.  A central region and 2 lateral
regions have been defined on the palate and are illustrated on
Figure 2.  For the 2 speakers, the amount of linguopalatal
contact differentiate a sub-lexical level (Si), a lexical level (Wi)
and a supra-lexical level (APi/IPi).  This distinction follow the
trend observed for the other stops: an increase of contact in
higher constituents.  By examining lateral contact, one can
observed for the 2 speakers an increase of contact on the side of
the lateral opening (right/white for speaker A in figure 2)
accompanied by a decrease of contact on the side where the
tongue is anchored (left/black for speaker A).  As a result, /l/s
has a smaller asymmetry of tongue contact in initial position of
higher constituents along with a widening of the central contact.

20
30
40
50
60
70
80 central 

region
lateral 
regions

Si Wi APi IPi Si Wi APi IPi

%

Figure 2: Amount of linguopalatal contact for /l/ in the
central region (gray) and lateral regions (right: white, left:

black).  Results for speaker A.

The articulation of the fricative /s/ is comparatively less
affected by prosodic position.  Observations are restricted to the
anterior region where the fricative groove is located (figure 3).
For the 2 speakers, some variations can be observed but the
tendency is less clear than that of other consonants.  Excluding
the Si position, there is an increase of contact from Wi to
APi/IPi for speaker A, and from Wi/APi to IPi for speaker B.
Contact in Si position is quite large and varies depending on the
speaker.  The small effect of prosodic position on /s/ could be
explained by the fact that this consonant is less subject to
articulatory variation in general.

20
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70
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Si Wi APi IPi Si Wi APi IPi

%

Figure 3: Amount of linguopalatal contact for /s/ in the
anterior region depending on prosodic position.

3.2. Velic articulation of nasals
The amount of nasal flow depending on prosodic position has
been observed for the nasal consonant /n/ and the nasal vowel
/ã/.  Measurements have been made at the point of maximal
flow in the segment.  Nasal flow is considered here as an
indirect measurement of velum height although the relation
between the two is not so direct.
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For both nasal segments, there seem to be a tendency for
nasal flow to decrease from initial position in lower constituent
to initial position in higher constituent.  However, the variation
is less striking than that of lingual articulation.  Results vary
depending on the speakers, the contexts (/ana/ and /ini/
sequences are studied) and the segments (/n/, /ã/).  For /n/, there
is a common pattern for 3 of the 4 speakers: a significant
diminution of nasal flow in IP initial position compare to lower
constituents.  Some speakers show some distinction between
intermediate constituents but not always in the two vowel
contexts.  For /ã/, there is a diminution of nasal flow for 2 of the
4 speakers and no variation for the others.  For these 2 speakers,
one shows a gradual diminution between 3 positions
(Wi>APi>IPi), while the other presents only a two-way
distinction (Wi>APi/IPi).  Therefore, only the diminution from
Wi to IPi is common to these speakers.

3.3. Lingual and glottal articulation of /i/
The amount of linguopalatal contact during the articulation of
the closed vowel /i/ has been measured at the point of maximal
contact.  Only 3 positions are compared: Wi, APi, IPi.

As shown for the consonants, the lingual articulation of the
vowel varies depending on prosodic position.  The trend of the
variation is similar to that of the consonants, but a smaller
number of positions are distinguished this way.  For the 2
speakers there is an increase of contact in supra-lexical levels
(APi/IPi) compare to the lexical level (Wi) (see figure 4).

Along with this variation differentiating the word level
from higher levels, there is a distinction in glottal articulation.
The frequency of glottalization at the onset or during the vowel
has been determined acoustically.  Results show that, in this
data, /i/ is never glottalized in Word-initial position while it is
frequently glottalized in initial position of higher phrasal
constituents.  Depending on the speakers, the frequency of
glottalization in the higher constituents is progressive (speaker
B) or specific to a position (APi for speaker A).

Wi APi IPi

%

20

40

60

80 Spk. BSpk. A

Wi APi IPi

0%

75%

0%

56%

100%

20%

Wi APi IPi Wi APi IPi

Spk. BSpk. A

Figure 4: On the left, amount of linguopalatal contact for /i/ (spk
A&B) and on the right, frequency of glottalization of the vowel

depending on prosodic position.

4. DISCUSSION AND CONCLUSION
As it has been observed in the literature for word and syllable,
segments initial in higher level constituents have particular
articulatory characteristics.  The articulatory variations observed
allow distinctions within initial position in several prosodic
constituents as well as distinctions within position in one
constituent, since an initial segment in a lower constituent (e.g.
a word) is also medial in a higher constituent (e.g. an AP).

The articulatory variations observed follow a general
tendency: what ever the nature of the variation, its magnitude
tends to increase from initial position in a lower constituent to
initial position in a higher constituent.  As a consequence, these
variations reflect the hierarchical organization of prosodic
constituents (i.e. of boundaries strength).  However, as shown in
the results presented here, there is a large amount of variation in
the observed trend depending on segments, articulators,
speakers and constituents.  This is illustrated in table II for
linguopalatal contact.

Prosodic position affects clearly the articulation of the stops
and the lateral observed, and to a smaller extent the vowels.  On
the contrary, the lingual articulation of fricative seems to be less
affected by prosodic position.  As said earlier, this finding is not
surprising and may reflect the smaller overall variability of this
consonant.  The results for nasal flow are also less clear than
that of linguopalatal contact.  It is difficult, however, to know
whether this reflects a smaller variability of the velic
articulation (nasal flow being an indirect measure of velum
height) or whether this is due to the technique used
(aerodynamic data being known to be quite variable).

Another factor of variability is the speaker.  In the nasal
flow data, this is reflected in the behavior of one speaker for /n/
and two speakers for /A)/ who do not follow the tendency of the
others.  For linguopalatal contact, it can be seen in table II that,
although the two speakers make several distinction between the
prosodic positions, there is only 3 cases where the speakers
share exactly the same distinctions (for /n/, /l/, and /i/).

Contact Spk. A Spk. B
/n/ Si<*Wi<*APi<*IPi Si<*Wi<*APi<*IPi
/t/ Si-Wi<*APi<*IPi Si<*APi<*IPi
/k/ Wi-APi<*IPi Wi<*APi<*IPi
/l/ Si<*Wi<*APi-IPi Si<*Wi<*APi-IPi

asymmetry Si-Wi>*APi>*IPi Si-Wi>*APi-IPi
/s/ Wi<*APi-IPi Wi-APi<*IPi-Si
/i/ Wi<*APi-IPi Wi<*APi-IPi

Table II: summary of the results observed in the EPG
experiment depending on segments and speakers. <* means

"significantly greater than".

The testing of several prosodic levels in this study has
shown that, while regular distinctions are made between initial
positions in  several constituents, all the constituents are not
always distinguished this way.  For linguopalatal contact for
example, the variations observed in initial position allow to
differentiate at least 2 levels of constituents for /s/ and /i/ and at
the most 4 (out of 4) constituents for /n/.  The most robust
distinction is made between the most extreme constituents in the
hierarchy (IP and Si-Wi).

The word level does not appear to be clearly different from
either Si or APi in our data.  This fact has to be interpreted with
caution, since the definition of "word" in our corpus is lexical.
It is possible that what I considered as a Wi position in a
sequence like "Tata Nadia" does not correspond to an initial
position in a prosodic word (whose definition remains to be
defined for French).
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The variability found in the amount and nature of the
constituents differentiated by articulatory variation is congruent
with the results observed in other studies (see [10] for English,
Korean and Taiwanese).  It is also the case that variations
depending on position in word or syllable like positional
allophones are not always realized by speakers.  This fact
suggests that prosodically-induced articulatory variations are
optional.  This leads to the question of whether these variations
are intentionally produced by the speakers or whether they are
side effects of other prosodic variation.  A comparison with
segmental duration has shown that variations observed in the
articulatory parameters studied are only weakly correlated to
lengthening of the segments (but see Keating et al. 98 for a
different result for Korean).  In addition, the effect can not be
reduced to variations in pausing or intonation contour in this
study (see Fougeron 98 for more details).

Another puzzling question relates to the physiological
nature of the mechanism involved in these articulatory
modifications.  The variations observed for lingual articulation
in French follow the same trend than those observed in English
[6, 3], Korean and Taiwanese [10]: an increased lingual
constriction in higher constituents.  The reduction of nasal flow
is similar to that observed in Estonian [8] and comparable to the
raising of the velum in word-initial position in English [11, 16].
The increased frequency of glottalization at the beginning of
higher constituent was also observed in English [13, 5].  Most of
these articulatory variations are similar to the characteristics
commonly described for "strong" or "fortis" segments [e.g. in
French 12] and "strengthened articulation" [15].  While the term
remains to be accurately defined from an articulatory point of
view, phrasal articulatory variations observed in initial position
may be interpreted as "articulatory strengthening".

The signaling of prosodic boundary is undoubtedly multi-
parametric. Acoustic cues provided by final lengthening and
melodic contours may be the most robust and the most important
for the perception of phrasing.  However, this study in French
confirms the fact that the prosodic phrasing of an utterance is
also reflected in the articulation of initial segments.  The
relevance of this finding on perception and its linguistic function
remain to be explored.
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ABSTRACT
Casual speech phenomena can pose striking challenges to our
understanding of speech production, articulatory-to-acoustic
mapping, speech perception, and indeed the nature of abstract
underlying representations and phonological processes.  We
focus here on cases of /D/ which have been assimilated, at least in
part, to a preceding /l/ in utterances like steal those.  Acoustic
analysis shows that the /D/ may become sonorant and lateral, but
that it still retains its dental place of articulation.  Perception data
indicate that when this type of /D/ is heard without the original
source of the sonorant and lateral features, listeners hear /D/ as /l/,
whereas in context they hear it as /D/. Such powerful perceptual
recovery processes suggests that this and other examples of
assimilation Ð examples relevant to the phonetic and
phonological sciences Ð will only be discovered by careful
attention to the acoustic consequences of assimilation.

1. INTRODUCTION
1.1.  Background
The goals of the phonetic and phonological sciences include,
among others, discovering the nature of underlying forms of
phonological units, describing the variety of output forms of
those units, and explaining how it is talkers and listeners move to

and from underlying representations and output forms.  Generally
speaking, it seems that just what ÒcountsÓ as appropriate data
varies quite a bit from one scientist to the next.  However, there
are certainly well-recognized tendencies, with ÒphoneticiansÓ, as
opposed to ÒphonologistsÓ often concentrating on more
microscopic details of the output Ð details that sometimes can
only be  fully described, or even noticed, with the aid of
technology (spectrograms, waveforms, etc).  ÒPhonologistsÓ have
largely restricted their data sets to what can be heard by the ear,
and transcribed by IPA symbols.  Important discoveries have
been made by both types of scientists, but recent developments
(for example in some forms of  Optimality Theory) are exciting
in their promise of especially fruitful investigations by
collaborations of phoneticians and phonologists.

In our own work, we have become particularly intrigued by
patterns of partial assimilation and deletion in casual speech.  As
has been shown (see [2]), such processes can lead to radical
differences between underlying and surface forms.  Especially
interesting to us is the prospect that (1) at least some examples of
casual speech processes might lend themselves to exactly the
types of description and explanation appropriate for such well-
known cases as voicing assimilation for word-final plurals in

                        steal LoewÕs                  Assimilated steal those        Non-Assimilated steal those                see those

Figure 1.  Spectrograms of phrases extracted from HeÕd __________books, from Talker FT1 (female).

page 679 ICPhS99          San Francisco



English, and yet (2) some of these very examples from casual
speech are probably not going to be discovered Òby earÓ.  For
example, elsewhere [2] we describe the partial assimilation of
English /D/ to a preceding /n/ in utterances like win those.
Acoustic and perceptual analyses show that the /D/ assimilates to
the nasality of the preceding /n/, but listeners hear it as a /D/.

1.2.  Assimilation of /D/ to preceding /l/
To further study such partial assimilation we have begun a

set of production, acoustic, and perception studies of what
happens when word-initial /D/ is preceded by a word-final /l/ in
English utterances like steal those, as shown in Figure 1.  The
left-most utterance in Figure 1 is steal LoewÕs and the right-most
utterance is see those.  The entire intervocalic [l-l] region of steal
LoewÕs appears to be sonorant, as would be expected.  On the
other hand, the intervocalic [D] region of see those appears to be
non-sonorant.  There is very little energy in the low frequencies,
F2 dies out during the consonant region, and some frication is
noticeable prior to release of the /D/.  In addition, F2 is higher at
release of /D/ in see those than it is at release of the /l/ of steal
LoewÕs.  This F2 difference is expected on the assumption that /D/
is made with a more fronted tongue body than is /l/.  In the first
example of steal those (second utterance from the left), the entire
intervocalic consonant appears to be sonorant, much as it is in
steal LoewÕs.  This is consistent with the  tongue sides still being
in a lateral position when the tongue tip constriction of  the  /D/ of
steal those is formed.  Evidence that the tongue, except for the
sides being down, is still dental for the /D/, comes from the fact
that F2 is a bit higher at the release of this lateralized /D/ than it is
for release of an /l/. The other example of steal those (third
utterance), does not appear to have been lateralized, at least not
enough to become very sonorant.  The remainder of this paper
reports on more detailed investigation of the acoustics and
perception of lateralized /D/.

2. EXPERIMENTS
2.1  Speech Material.
Eight talkers read several sets of short sentences. Set 1 included 9
sentences such as HeÕd steal those books, HeÕd call those books,
HeÕd see those books, etc.  Thus, the 9 sentences varied from
each other with respect to the verb (steal, call, see, hide, loath,
loan, save, stash, fear) which preceded the word those.  Talkers
were instructed to read in a fluent manner, and to put contrastive
stress on the verb.  Talkers read several randomizations of Set 1
sentences, then several randomizations of Set 2 sentences.  Set 2
differed from Set 1 with respect to the word that preceded books;
in Set 1 it had been those; in Set 2 it was LoewÕs.  Thus Set 2
included HeÕd steal LoewÕs books, HeÕd call LoewÕs books, etc.
Talkers were graduate students in speech-language pathology.

We inspected several tokens of various utterances from each
talker by displaying relevant spectrograms and listening to
various portions of the utterances.  Since we were primarily
interested in the perception, acoustics, and articulation of
contextually-lateralized /D/, we focused our attention on 4 talkers
(FT1, FT2, FT3, and MT1) who appeared to  produce at least
some /D/ tokens which were lateralized.  From these 4 talkers we

selected a total of 60 sentences and stored them in separate
computer files.  Table 1 shows the number of tokens of each type
of utterance.  Most of the call those and steal those tokens were
selected because the /D/ seemed to be at least somewhat
lateralized, but we also deliberately included a few tokens which
did not appear to be very lateralized.  It was not possible to
include a representative token from each talker for every type of
utterance, but each talker did contribute at least some /l/-those
and /l/-LoewÕs utterances.

Type N = Type N=
call those 9 call LoewÕs 6
steal those 12 steal LoewÕs 6
hide those 5 hide LoewÕs 4
loath those 5 loath LoewÕs 2
see those 4 see LoewÕs 7
Total 35 25
Table 1.  Numbers of specific types of utterances used

2.2 Perception Study
2.2.1. Method.  Our primary goal in the Perception study was to
find out how listeners heard tokens of lateralized those (HeÕd call
those books and HeÕd steal those books) under two listening
conditions.  Condition 1 would be when listeners heard those
extracted from its original preceding context; Condition 2 would
be when listeners heard those in its original, full context.  Two
test tapes were constructed.  Test 1 consisted of truncated
versions of each of the 60 utterances.  Truncated versions were
created by using a waveform editor in conjunction with on-screen
spectrograms and power spectra.  First, the release of the /D/ for
the those items and the /l/ for the LoewÕs items was identified.
From the release times, a start cursor was set 25 ms prior to
release, and an end cursor was set at the end of the /s/ in books.
The portion of the utterance between the start and end cursors
was extracted and saved as a new separate computer file.  The
extraction process included a gradual amplitude tapering on and
off of the first and last 5 ms of the  files, to reduce artificially
induced transients.  These extracted utterances are referred to as
Òout-of-contextÓ.  Test Tape 1 consisted of two randomizations of
the 60 out-of-context utterances, recorded in blocks of 10.  The
interstimulus interval (ISI) was 4 seconds, and the  interblock
interval (IBI) was 8 seconds.  A longer pause occurred between
the two randomizations. Test Tape 2 consisted of two
randomizations of the 60 full (Òin-contextÓ) utterances.

Ten1 speech-language pathology students served as listeners.
Listeners heard Test Tape 1 first.  They were given written
instructions that they would hear short phrases.  For each phrase,
they were asked to judge whether the talker said those books or
LoewÕs books, and indicate their judgements by circling one of
four choices [Th  Th  L  L] on an answer sheet.  The capitalized
choices indicated more confidence in their answer, the small-
letter answers less confidence. (For the purposes of this paper, we
are collapsing [T h  and Th] responses together into those
responses and [L  and L] responses together into LoewÕs
responses.)   Listeners were given a short practice set to
familiarize them with the task and pacing of the utterances, and
then they proceeded to respond to the items on Test 1.  After
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completing Test Tape 1, they were given a brief break, and then
they responded to utterances on Test Tape 2.  For Test Tape 2,
they were given written instructions indicating what the possible
sentences were, and again asked to monitor for the phrases those
books and LoewÕs books.

2.2.2.  Results of Perception Study.  Our primary interest is in
how listeners heard the target those in the utterances call those
and steal those, and the relevant data are discussed here.  First,
however, we briefly consider the responses to the other stimuli.
As expected, listeners generally heard LoewÕs as beginning with
an /l/, both when they listened to out-of-context and in-context
versions of LoewÕs.  Overall, LoewÕs was heard as LoewÕs 94.8%
of the time it was presented. Of the small number of perceptions
of  LoewÕs as those, the majority (30/52) came from 3 tokens of
see LoewÕs, all spoken by the same talker (MT1). Similarly,
tokens of  those that had NOT been preceded by call or steal
were almost always (98.9%) heard as those, with no apparent
effect of being heard in- or out-of-context.

We now turn to the results for the call those and steal those
utterances.  When listeners heard the out-of-context versions of
these items, they rarely (17.6%) reported hearing those, but
instead heard LoewÕs.  However, when the same utterances were
heard in-context, listeners reported hearing those most of the time
(94.5%).  Every listener showed this pattern, as indicated in
Figure 2, which shows data for each listener for the two listening
conditions, collapsed across tokens.

Furthermore, almost every token of those was more likely to
be heard as LoewÕs out-of-context, and as those in-context.  This
pattern can be seen in Figure 3, which shows data from every
token in both listening conditions, collapsed across listeners.
Note, however, that there were some token effects.  For example,
the those from one of the tokens of steal those, spoken by FS1
and listed as Steal 7 in Figure 3, was heard as those 55% of the
time in the out-of-context condition.  Some of these token effects
were not surprising, as we had deliberately included a few tokens
of for which we thought the /D/ was not very lateralized.  In fact,
Steal 7, is the Ônon-assimilatedÕ token shown in Figure 1.

2.2.3. Discussion of Perception Results.  These perception
results confirm our own impression about cases of /D/ which
partially assimilate to  a preceding word-final /l/.  Out of context,
it is often heard as /l/, presumably because it has acquired at least
some production and acoustic characteristics of a true /l/.  The
fact that these assimilated, ÒlateralizedÓ /D/s can be heard as  /D/
when they are presented in context suggests they have retained at
least some of the production and perception qualities of  a true
/D/. In the next section, we discuss two acoustic measures which
suggest that indeed many of the  /D /s in this study were
assimilated to a preceding /l/, but that the assimilation was only
partial.  In Section 3, we further address the issue of the dual
perception of  partially assimilated  /D/s.
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Figure 2.  Individual listener data from call  those 
and  steal those  utterances, indicating perception
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(grey bars).

0

25

50

75

100
P

er
ce

nt
 t

ho
se

 r
es

po
ns

es

C
al

l 
1

C
al

l 
2

C
al

l 
3

C
al

l 
4

C
al

l 
5

C
al

l 
6

C
al

l 
7

C
al

l 
8

C
al

l 
9

S
te

al
 1

S
te

al
 2

S
te

al
 3

S
te

al
 4

S
te

al
 5

S
te

al
 6

S
te

al
 7

S
te

al
 8

S
te

al
 9

S
te

al
 1

0
S

te
al

 1
1

S
te

al
 1

2

Item Type and #
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in-context (black bars) and out-of-context (grey bars).

2.3. Acoustic Study
2.3.1.  Sonority Measures and Results. One indication of the
degree of sonority in a consonantal constriction is the amplitude
in the low frequencies, with a larger amplitude indicating greater
sonority [1, 3].  To account for variations in speaking amplitude,
this parameter must be compared to some indicator of amplitude
elsewhere in the utterance, generally a neighboring vowel.  We
measured the amplitude of the F1 prominence just before release
of the each those and each LoewÕs.   To obtain pre-release
measures, we obtained a power spectrum with a short (6.5-ms)
window centered 15 ms prior to release.  We then obtained 14
additional power spectra, moving in 1 ms increments towards
release.  These spectra were then averaged, and F1 amplitude in
dB was measured from a display of the average spectra.  The F1
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vowel amplitudes were obtained in the same manner, but with the
first spectra centered 20 ms after release and calculated every ms
for 20 ms.  We then subtracted the pre-release amplitude value
from the vowel amplitude measure.  The resulting Òdifference-
dBÓ value was expected to be large for non-sonorous consonants,
as they have weak amplitude prior to release, but small for
sonorant consonants, as they have relative large amplitudes in the
low frequency regions, prior to release.

The difference-dB values are shown in Figure 4 for those
and LoewÕs, as a function of whether or not they were preceded
by a word-final /l/. As expected, the difference-dB values were
quite low (avg. = 6.4 dB) for LoewÕs, regardless of the preceding
consonant type.  In contrast, the average difference-dB value for
those , when it was preceded by see, hide, and loath  was
considerable higher (23.7 dB).  However, when those was
preceded by a word-final /l/, the difference dB value was on
average much lower (11 dB), closer to the  value obtained for
LoewÕs.   [Due to space limitations here, variability within tokens
of LoewÕs and within tokens of those, and correlation with
perception, will be more fully discussed at the  Conference, and
in future written versions of this work.]
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Figure 4.  Relative sonority near release of initial
consonant of Loew's and those.

2.3.2. F2 measures and results.  We expected that if underlying
/D/ retains something of its dental articulation, the tongue body
would be in a higher, more front position at the release of those,
even if was lateralized/sonorized, than it would be  in LoewÕs.  If
this were true, we might find that articulatory pattern reflected in
F2 frequency at the release of the consonants.  F2 frequency was
measured by performing a DFT on a short (6.5) ms window
centered at the release of each those and LoewÕs.

Figure 5 displays F2 values for those and LoewÕs, shown
separately for targets preceded by word-final /l/ as opposed to
when they were preceded by other segments.  Within each of the
groupings, the F2 value at the release of those is higher than it is
for LoewÕs.    As might be expected if /D/ of those coarticulates
with a preceding /l/, the difference between F2 for those vs.
LoewÕs is smaller just in case those words were preceded by /l/.

3.  DISCUSSION AND CONCLUSION
The results of the acoustic analyses on selected tokens of /D/

preceded by word-final /l/ show that in this environment /D/ can

take on the sonorant (and presumably, lateral) characteristics of
the preceding /l/.  In such cases,  /D/ retains at least some aspects
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Figure 5.  F2 at the release of Loew's  and  those.

of its normal production, and is apparently produced with a more
fronted tongue body than is a true /l/. ÒCoproductionÓ models of
speech would suggest that while the talkerÕs articulators are
producing the /D/, other articulators (or portions of articulators)
are still in positions used for the preceding /l/.  The perception
results show that listeners can appropriately disentangle these
context effects, as long as they have the context to work with.
They treat lateralized/sonorized /D/ as if it had not lost some of its
canonical properties (e.g., obstruency).  However, if the context
is artificially removed, listeners canÕt ÒblameÓ the presence of a
lateral tongue body on a neighboring segment, and therefore
assume it is ÒpartÓ of the /D/ itself.  Faced with such an illegal (in
English) segment, they appear to resolve it in favor of the /l/.

Precisely because listeners seem to recover underlying /D/ in
normal in-context listening conditions, it seems unlikely that its
assimilation to a preceding /l/ would be noticed by most listeners,
even those with good training in auditory phonetics.  If this is
true, and if it is true that we want to be able to describe and
model the full range of essentially feature-changing assimilation,
then we need to look to the acoustic signal to discover some of
the  relevant data.
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NOTES
1. An 11th listenerÕs data are not included.  While her performance on the
those items was the same as the other listeners, her LoewÕs data were very
odd.
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SLOPPINESS IN UTTERING STOCK PHRASES

Sieb G. Nooteboom
Utrecht institute of Linguistics, OTS, Utrecht University, the Netherlands

ABSTRACT
In spontaneous speech stock phrases like idioms and clichés are
very frequent. It is a reasonable assumption that uttering such
stock phrases is more routine than uttering new expressions.
The main assumption tested here is that, due to this routine-like
character, the production of stock phrases is less closely
monitored for speech errors than the production of new
expressions. This assumption was tested against a collection of
Dutch speech errors. For each error the intended word string
was reconstructed and its stockphrasiness subjectively estimated
by two linguist observers on a scale from 1 - 10. Statistical
analysis convincingly showed among other things that speech
errors have a greater chance to remain uncorrected in stock
phrases than in new expressions. It is concluded that stock
phrases are monitored less closely than new expressions.

1. INTRODUCTION
Imagine you go to a furniture shop and buy an elegant modern
new bookshelf for your study. You pay, and the bookshelf, being
quite big, is to be delivered. When it finally comes, it comes in
many parts, to be assembled by yourself, with the nuts and bolts
provided, according to a plan on paper that is also provided. You
are confronted with a task that is entirely new to you. In such a
situation you will find yourself paying close attention to every
action, each time comparing the result of the action with the
plan, making many mistakes, and correcting each mistake as
soon as you see it. Now imagine that you did not buy a single
bookshelf but ten of them. When you finally assemble the tenth
bookshelf the job has turned routine. You know exactly what to
do, you have to pay less or even no attention to the plan, and
there is much less chance of your making a mistake. But note
that if now you nevertheless do make a mistake, the chances are
that you will not immediately notice. You go on with the job and
only find out about your error when the last part turns out to be
the wrong one.

When performing a new task, we monitor our actions
closely, such that each error being made has a high probability
of being observed and corrected immediately. When we perform
a routine task, we do not pay much attention to it. This causes a
rare error to probably go unnoticed. Of course, speaking is a
highly routine task. We may thus expect that errors of speech
often go unnoticed. An analysis of Meringer’s corpus showed
that on average 64% of the errors are corrected [6]. But note
that, even in speaking our mother tongue, speaking is not always
and in all respects equally routine. Producing speech messages
that have never been produced before very likely is much less
routine than producing often used expressions such as clichés,
idioms, proverbs, and other stock phrases. It has been suggested
by Jackendoff [2, 3] that there are many thousands of stock

phrases in a language such as English, and the same is very
likely true of other languages. If we define an idiom as a word
combination having a meaning that  cannot be predicted from
the meanings of the constituent words, many thousands may be
an underestimate. In everyday speech of many speakers, clichés
and idioms appear to be at least as common as new expressions.
We expect that these new expressions are generally more closely
monitored than stock phrases. From this we may expect errors in
new expressions to be more frequent and to have a higher
probability of being observed and corrected than errors in stock
phrases. During the latter the speaker’s attention to her or his
output speech will be at a lower level, because errors are
relatively rare. Thus speech errors will more easily pass
unnoticed. This expectation will be tested against a corpus of
speech errors in Dutch.

2.  SPEECH ERRORS AND STOCK PHRASES
2.1. The corpus
Our  corpus  of Dutch speech errors contains 2455 errors in
Dutch spontaneous speech, collected some twenty to fifteen
years ago in the Phonetics Department of Utrecht University [8].
For our purposes it is important to note that the collectors, all
staff members of the Phonetics Department, were instructed to
write down each error with its correction, if it was corrected.

2.2. Paradigmatic and syntagmatic speech  errors
When classifying speech errors we can distinguish between
paradigmatic and syntagmatic speech errors [7]. An example of a
paradigmatic error is when someone says “a verbal outfit”
instead of “a verbal output”, where the confusion between two
similar words cannot be traced to another element in the
speaker’s message. Examples of syntagmatic errors are
transpositions like “teep a cape” instead of  “keep a tape”,
where two elements in the same message are interchanged,
anticipations like “alsho share” instead of “also share”, where
an element comes earlier than it should, often replacing another
element, and perseverations like “John gave the boy” being
spoken as “John gave the goy”, where an element is mistakenly
repeated (all examples taken from [1]).

In syntagmatic speech errors we distinguish between
the “source” of the speech error, i.e. the position where a
particular element should have been, and the “target”, i.e. the
position where a misplaced element ends up. Here we will
concentrate on syntagmatic errors, because paradigmatic speech
errors generally involve only a single word, and we have no way
of knowing how much of the embedding string should be taken
into account when assessing whether this error occurred in a
stock phrase. In syntagmatic errors we know that at least we
should take the string of words including both source and target.
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Of the 2455 errors in our corpus, there were 1085 syntagmatic
errors. We will concentrate on these.

2.3. Length: the distance between source and target
A word string is a stock phrase if this word string is at least
partly lexicalized, on its way to being turned into a single,
complex lexical element. Although admittedly from time to time
new words are created in the act of speaking, most words we
encounter in spontaneous speech were already lexical elements.
Therefore we exclude from this investigation all speech errors in
which source and target belong to the same word. This leaves us
with 839 speech errors in our corpus, the smallest distance being
two, viz. source plus target, the greatest distance being 10, viz.
source plus target plus eight intermediate words. It is reasonable
to expect that the probability of a word string forming a close-
knit unit on its way towards lexicalization is greater for two than
for 10 consecutive words. Generally we expect this probability
to decrease with distance:
Prediction 1
The probability of a word string forming a stock phrase
decreases with its length
This prediction may seem so self-evident that it is nearly trivial.
However, as we will see later, it is not self-evident that we can
easily assess the probability that a particular word string is a
stock phrase. Therefore, if prediction 1 is borne out, this will be
taken as validation for our method of assessing the probability
for word strings to be stock phrases.

2.4. Direction: anticipations, perseverations, and
transpositions
In a transposition, first an element is anticipated replacing
another element, and then  this other element is moved to the
position of the anticipated element, as exemplified by “to cut the
knife with the salami” instead of “to cut the salami with the
knife” [1]. When a speaker is in the middle of making such a
transposition he or she may observe the error being made, stop
and retrace the utterance for correction. So the overt error would
then be “To cut the knife with....to cut the salami with the
knife”. Such a speech error would have been classified as an
anticipation-with-correction in our corpus, as in many other
corpuses. Therefore, as observed in [6], many anticipations may
have originated as impending transpositions corrected after the
first and before the second part of the error. If this is correct, one
would expect to find that in collections of speech errors
anticipations are far more often corrected than transpositions.
This because many of the corrected transpositions are classified
as anticipations. And likewise one would expect a higher
percentage of anticipations to be corrected than perseverations,
because the class of corrected anticipations is increased with
corrected transpositions, and there is no such increase for
perseverations. This is confirmed by the data from Meringer’s
corpus as shown in [6]. In the present context, it is assumed that
the probability of a speech error being corrected is greater for
new expressions than for stock phrases. Thus, if an impending
transposition is taking place in a new expression, the chances
are that the error will be classified as a corrected anticipation. If,
however, the impending transposition is being made in a stock

phrase, it is likely that the error will be classified as a
transposition. The consequence for a collection of speech errors
will be that anticipations will have a relatively low and
transpositions will have a relatively high probability of occurring
in a stock phrase (prediction 2).  Another consequence will be
that the difference in stockphrasiness between corrected and
uncorrected errors is greater for anticipations than for
perseverations and transpositions (prediction 3).

Prediction 2
Transpositions will have a greater average stockphrasiness
than anticipations and perseverations.
Prediction 3
The difference in stockphrasiness between corrected and
uncorrected errors is greater for transpositions than for
perseverations and transpositions.

2.5. Level: lexical and phonological speech errors
When classifying syntagmatic errors we have reasons to keep
apart lexical and phonological errors. Levelt [4] assumes that in
speech production there are separate modules for grammatical
encoding, where lexical elements are selected according to the
intended meaning and syntactic building procedures, and
phonological encoding, where lexical elements are spelled out
in terms of phonemes. The validity of this distinction in level of
encoding is confirmed by the fact that in lexical errors source
and target always belong to the same syntactic class, whereas
phonological errors are not in this way constrained  [6]. It is a
priori not quite clear how level of encoding would affect the
chance of a speech error occurring in a stock phrase, or, for that
matter, the chance of a speech error to be corrected. For this
reason phonological and lexical errors are kept apart in the
further analysis.

2.6. Correction: sloppiness in stock phrases
The main assumption underlying this paper is that, due to their
routine-like character, stock phrases like proverbs, idioms, and
clichés are monitored less closely for speech errors, than new
expressions.  In a corpus of speech errors this will result in
uncorrected speech errors having a higher average degree of
stockphrasiness than corrected speech errors. This leads to our
last and most important prediction.
Prediction 4
Stockphrasiness is greater for uncorrected than for
corrected speech errors.

2.7. Testing the predictions.
There are four predictions to be tested, relating the
stockphrasiness of a word string to (1) its length, (2) its
direction (anticipation vs perseveration vs transposition),  (3)
the distrib-ution of corrections over its direction,  and, last but
not least (4) to its being corrected or not.

These predictions could be easily tested against our
corpus of speech errors if only for each expression in which a
speech error occurred we had a measure for the probability of
this expression being in a stock phrase or in a new expression.
This was solved in the following way. All 839 syntagmatic
speech errors in the Utrecht corpus where source and target were
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in different words, were corrected back to their intended form.
All material preceding the first and following the last word
involved in the error was removed. Thus “cut the knife with the
salami” would have been turned into “salami with the knife”,
“to teep a cape” into “keep a tape”. In this way a list of 839
word strings was obtained without any sign of a speech error.
This list was given to two linguist subjects with the instruction
to assign to each word string a scale value on a scale from 1 -
10. Scale values indicated the subjective probability for each
word string that it formed (part of) a stock phrase or rather was
a new expression in the mind of the speaker, 10 meaning
certainty that the word string formed a fixed expression in the
mind of the speaker, 1 meaning certainty that the expression was
new when the speaker uttered it. Expressions like “good
morning” “it’s crystal clear”, “believe it or not” would get a
high scale value, expressions like “the first president of
England” or “apple in your milk” a very low scale value. The
scorers were to take into account the possibility that expressions
that were new to most native speakers, might be fixed
expressions for those who had made the errors. As most
speakers had been staff members of the Phonetics Department,
expressions like “formant bandwidth” and “vowel triangle”
were considered fixed expressions. Table 1 gives the average
scale values, broken down for LEVEL (lexical vs phonological),
DIRECTION (anticipations vs perseverations vs transpositions),
and CORRECTION (corrected vs incorrected).  Note that the
distribution of corrections very strongly suggests that a great
many impending transpositions are classified as corrected
anticipations (transpositions: 69% corrections, perseverations
29%,  transpositions: 21%).

The data summarized in Table I were submitted to an
analysis of variance with repeated measures within observers,
with LENGTH as covariate,  and CORRECTION, DIRECTION,

and LEVEL as fixed factors. Results of the analysis are
summarized in Table 2.

 -From our first prediction we expect a significant
correlation between LENGTH and the estimated probability for
each word string of being a stock phrase. This is what is found (r
= 0.26; p < 0.0000001). Apparently the subjective scale values
are not completely wild, and show the intended relation with the
stockphrasiness of  the word strings.

-From our second prediction, stating that
transpositions should have a higher probability of having
occurred in a stock phrase than anticipations and perseverations,
we expect a main effect of DIRECTION.  This is  also  borne
out (anticipations: 3.9, perseverations 3.04, transpositions 4.5; p
< 0.00006).

-Our third prediction, viz. that the difference in
stockphrasiness is greater for anticipations than for
perseverations and transpositions leads us to expect a significant
interaction between DIRECTION and CORRECTION. Although
the data in Table I clearly suggest such an interaction, this was
not corroborated by the statistical analysis (CORRECTION ×
DIRECTION:  p < 0.103).  This  lack  of a  significant
interaction is probably related to the highly unbalanced design of
the analysis. We expect that in a similar analysis of much larger
collections of speech errors the predicted interaction will be
found.

-Finally the fourth and main prediction, stating that
generally uncorrected speech errors have a higher
stockphrasiness than corrected speech errors, is convincingly
confirmed by a main effect of CORRECTION  (p < 0.0000025).
Table 2 shows no significant main effect of level. Therefore
these data give us no reason to suppose that there is a difference
in stockphrasiness between lexical and phonological errors.
Also,

DIRECTION: anticipations perseverations transpositions
    CORRECTION:
LEVEL:

-corr +corr ∆ -corr +corr ∆ -corr +corr ∆

phonological 4.71
n=276
l=2.72

3.73
n=576
l=2.78

+0.98 3.09
n=184
l=2.87

2.69
n=80
l=2.89

+0.4 4.42
n=128
l=2.83

4.31
n=42
l=2.57

+0.11

lexical 3.65
n=30
l=3.8

2.60
n=100
l=3.94

+1.05 (2.71)
(n=14)
(l=3.7)

(5.00)
(n=4)
(l=3)

(-2.29) 4.75
n=76
l=3.19

4.47
n=14
l=3.67

+0.28

Table 1. Mean subjective estimates on a scale from 1 - 10 of the probability that a word string is a stock phrase. These values are
given separately for word strings involved in phonological or lexical errors (LEVEL), for anticipations, perseverations, and
transpositions (DIRECTION), and for uncorrected and corrected speech errors (CORRECTION). The difference between these two
values is given under ∆. Lexical perseverations were too few to be included. n gives the number of judgements. Each word string was
judged by two observers, so the  number of speech errors per cell is n/2. l gives the average length of word strings measured in words.
Note that these values cannot be generalized, because the great number of speech errors within one word are excluded.

df F p <
LENGTH (r = 0.26) 1 72.10 0.00001
CORRECTION 1 22.30 0.00001
DIRECTION 2 9.80 0.00006
LEVEL 1 0.05 0.82
CORRECTION × DIRECTION 2 2.27 0.103

page 685 ICPhS99          San Francisco



CORRECTION × LEVEL 1 0.68 0.41
DIRECTION × LEVEL 2 2.50 0.08
CORRECTION × DIRECTION × LEVEL 2 0.74 0.48
residuals 1662

Table 2. Summary of the results of an analysis of variance with repeated measures within observers, with LENGTH as covariate,  and
CORRECTION, DIRECTION, and LEVEL as fixed factors. Due to the lack of balance in the design, the effect of observer could not be
analysed.
there is no significant interaction between CORRECTION and
LEVEL. Apparently the amount of attention involved in
monitoring for speech errors varies with stockphrasiness in the
same way for lexical and phonological errors. This suggests that
monitoring for errors is controlled by the same level of
awareness on both levels of encoding.

3. DISCUSSION AND CONCLUSIONS
The mental lexicon of a language user contains a great many
stock phrases, more or less lexicalized verbal expressions such
as proverbs, idioms, collocations and clichés, together with their
conceptual, morphosyntactic and lexical structure [2, 3]. On first
reflection it may seem reasonable to assume that during the
production of complex lexicalized expressions, there is less need
of mental computation and mental search than during the
production of free expressions. One might think that stock
phrases are stored in the mental lexicon more or less as frozen
structures, and retrieved from this lexicon as wholes needing
very little further computation before articulation. However, the
very fact that we find both lexical and phonological errors in
stock phrases, and that the kinds of errors are not different from
those we find in free expressions, convincingly shows that much
computation is going on, both on the grammatical and the
phonological level, in preparing stock phrases for articulation.

Apparently, the difference between free expressions
and stock phrases is not that there is no mental computation in
stock phrases and much computation in free expressions. Rather,
mental computation in stock phrases follows well-trodden paths,
is more automatized, and therefore can be rapid and smooth,
whereas mental computation in free expressions is less
automatic, has to find new ways, and therefore may be more
error-prone and less smooth. This assumption leads to a number
of expectations concerning differences between fixed
expressions or stock phrases on the one hand and free or new
expressions on the other hand. Among other things one would
expect speakers to pay less attention to their speech and rely
more on  routine in producing stock phrases than in producing
free expressions. This expectation leads to some quantitative
predictions about collections of speech errors. These predictions,
the most important of which is that uncorrected speech errors
have a higher degree of stockphrasiness than corrected speech
errors, have been tested in the current analysis of a collection of
Dutch speech errors. The outcome of this analysis strongly
confirms the assumption that stock phrases are monitored for
errors less closely than new expressions.

The analysis also confirms an earlier suggestion [6]
that many corrected anticipations have originated as impending
transpositions, which were observed and corrected after the first
and before the second part of the transposition. As one would
expect, the percentage of corrections is very much lower for

transpositions (21%) than for anticipations (69%), and than for
perseverations (29%). This also implies that he distribution of
overt speech errors, showing the great majority of speech errors
to be anticipations, does not correspond to the distribution of
covert speech errors, in which apparently the numbers of
anticipations, perseverations and transpositions are much more
equal. This is in line again with our main assumption, viz. that
stock phrases are less closely monitored for speech errors than
new expressions.

From the present analysis it also follows that the
amount of attention speakers spend on  monitoring for speech
errors varies in the same way with stockphrasiness for lexical
and for phonological errors. This suggests that there is only one
single level of awareness for errors, applied to both grammatical
and phonological errors.

  If indeed stock phrases are produced more
automatically than new expressions, one would also expect stock
phrases to show fewer hesitations, greater  look-ahead, more
fluent prosody, and fewer speech errors than free expressions.
Such predictions are yet to be tested (but see 9, 10) .
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Production strategies in German spontaneous speech:
definite and indefinite articles
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ABSTRACT

This study examines the sentence-level phonetics of function words in of the speech signal.
spontaneous speech. Data from a corpus of spontaneous speech offer
insight into the phonetic variability of the German definite and
indefinite articles. Three issues are addressed: a) glottal activity at the
onset of the indefinite articles; b) approximation, nasalisation and This section presents two topics: laryngeal activity at the onset of the
fricativisation of the initial /d/ in the definite articles; c) assimilation vowel, and realisations of the final nasals, in particular their
and deletion of final nasals in both types of articles. An attempt is assimilation of place to following sounds.
made to relate these phenomena. The findings for spontaneous speech
are compared to those for a corpus of read speech. The results broaden
traditional accounts of the phonetics of these items and shed light on
the relation of spontaneous and read speech.

1. INTRODUCTION
Function words such as the definite and indefinite article are ideal
objects for the study of sentence-level phonetics since they occur
frequently, and, being mostly unstressed, are prone to connected
speech phenomena.

Traditional word-level accounts of the phonetics of function
words prevail in pronunciation dictionaries. For example, the Duden
pronunciation dictionary’s blanket rule assigns a glottal stop to all
initial vowels [1]. The Großes Wörterbuch der deutschen Aussprache
[2] adopts a more differentiated approach, acknowledging that the
glottal stop is frequently replaced by a so-called ‘soft onset’ in
unstressed syllables not following a pause; however, it does not specify
the phonetic nature of that type of onset

By contrast with [3], which examines read speech and inter alia
the influence of stress on glottalisation in German, this study
addresses spontaneous speech and is limited to unstressed tokens,
since the number of stressed function words is small.

2. METHOD
This study is based on the Kiel Corpus of Spontaneous Speech as
published on CDROM [4, 5, 6]; it examines 112 dialogues between read 31 (5) 94 (16) 286 (49) 176 (31) 587
32 speakers. [7] and [8] describe the gathering and processing of the
corpus by means of a calendar scenario, in which subjects
communicate via headsets with the aim of arranging appointments.

The speakers (18 male, 14 female) are 20 to 60 years old, with an
average of 34 years. The bulk of the speakers (27) comes from the
northern part of Germany (Schleswig-Holstein, Lower Saxony, and
Hamburg), and all subjects speak a northern variant of standard
German which cannot easily be ascribed to a specific region.

Read speech data derive from the Kiel Corpus of Read Speech
[9], which features 53 speakers (27 male, 26 female) different from
those of the spontaneous corpus, but comparable as to age, language
area, and standard variant. See [3] for a detailed description of the
composition of the read corpus.

Pattern-matching tools were used to search the database for the
items of interest (cf. [10]). This gives an overview of phonetic
phenomena captured by the labelling, and is complemented by a

narrow phonetic transcription of a representative subset of the
retrieved tokens, based on an auditory and instrumental investigation

3. RESULTS
3.1. The indefinite articles

3.1.1. Glottal activity at the onset of the vowel. Canonically, initial
vowels are preceded by a glottal stop, represented in the transcription
by the label Q. Where speakers do not produce a glottal stop, the label
is marked deleted (Q-). The label -q stands for creaky voice. There are
four possible combinations of labels: Q for a glottal stop only, Q -q for
a glottal stop with laryngealisation of the following vowel, Q- -q for
creak without a glottal stop, and Q- for absence of glottal stop and
creak.

Although the labels give a good general idea about glottal
activity, they do not specify the whole range of phonetic phenomena
that can be observed. For example, the label for a glottal stop Q does
not always represent a ‘neat’ glottal stop: it may mark a leaky closure,
where a slight opening at the posterior parts of the vocal folds seems
to allow some air to escape, resulting in glottal friction filtered by
supraglottal resonances. -q not only covers creak, but may also mark
a harsh voice quality at the beginning of the vowel. Q-, standing for
absence of any glottal reflex, may mark realisations where there is
nevertheless an auditory impression of an interruption, which might
be created by breathy voice.

Q Q -q Q- -q Q- total

spont. 6 (2) 77 (21) 210 (57) 73 (20) 366

Table 1. Absolute and relative frequencies (%) of the glottal
combinations in unstressed productions of the indefinite articles

for both spontaneous and read speech.

Table 1 shows the frequencies of the four glottal combinations
for unstressed productions of the indefinite articles in spontaneous
and read speech. A chi-squared test showed the difference between
the patterns for spontaneous and read speech to be significant at the
0.1% level.

In both speaking styles, the most frequent combination is creak
without glottal stop (Q- -q). But whereas in read speech absence of
any glottal reflex (Q-) is the next most frequent, in spontaneous
speech glottal stop with creak (Q -q) ranks second, closely followed
by absence of any glottal reflex (Q-). The main difference between
the two speaking styles is in cases without a glottal stop (Q-): creak
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is more common in spontaneous than in read speech. Summing the produced with a single alveolar nasal, i.e. the nasal portion is not
two combinations with -q, creak is more common in spontaneous than
in read speech (78 vs 65%). Cases with glottal stop (Q and Q -q) have
roughly the same frequencies in spontaneous and read speech (23 vs
21%), so that for spontaneous speech a glottal reflex is marked in more
cases. Spontaneous speech might be expected to display greater
reduction than read speech, and the higher incidence of a glottal reflex
in spontaneous speech seems to contradict this expectation. An
explanation of this apparent contradiction may lie in the high level of
disfluency phenomena in spontaneous speech: a glottal reflex is more
likely after pauses, breathing, and other disfluencies typical of
spontaneous speech.

Figure 1. Percentage of the two combinations without glottal stop
for the unstressed indefinite articles (ein*) and other unstressed

function words with n > 100 for all 32 speakers (n indicating the

number of tokens for which the vowel has not been marked
deleted).

Figure 1 relates glottal activity in the indefinite article (ein, eine,
einen, einem, eines) to that in other unstressed function words with an
initial vowel which occur at least 100 times in the corpus. For all
except uns, ich, and es, creak (Q- -q) is the most frequent realisation, fricatives or replacement by a nasal after alveolar nasals. Table 2
and for all items, glottal stop on its own (Q) the least frequent (with its shows the frequencies of the different types of production of der, die,
share ranging from 0.4% for Ihnen to 7% for und). Absence of a das, dem, and den for spontaneous and read speech. d -h designates
glottal reflex (Q-) is common; in aber, auch, auf, Ihnen, im, in, oder, the standard case in which there is a released alveolar plosive. d marks
um, und it is the second most frequent realisation, while it is narrowly
outnumbered by Q -q in am and ein*.

Absence of a glottal reflex is more frequent than creak in uns,
ich, and es. ich and es often appear enclitically with modal verbs, and
uns is frequently encliticised in the pronominal sequence wir uns. This
enclitic position differs from that of the indefinite articles and e.g.
conjunctions (oder, und) or prepositions (am, auf, im, in, um), which
occur in proclitic rather than enclitic position. Enclitic position seems
to favour absence of a glottal reflex.

3.1.2. Productions of final nasals. Connected speech phenomena
affect final nasals in two ways, characterised here as internal and
external. The internal type occurs in einen and einem, where two
nasals can mutually influence one another. Einen is frequently

perceived as a geminate. This contraction is marked in 44% of cases
in spontaneous speech (52 out of 119) and in 36% of cases in read
speech (32 out of 89). Einem is most frequently realised without
schwa in the second syllable, and with a bilabial instead of an alveolar
nasal. The absence of the schwa is a prerequisite for the alveolar
being assimilated in place to the following bilabial. The resulting nasal
portion may sometimes be perceived as a geminate, and sometimes as
a single sound. The existence of productions with [n]-schwa-[m] and
with [nm] makes it possible heuristically to establish the line of
reduction shown in note 1), of which the last two steps are the most
frequent ones, occurring in 80% of cases in spontaneous speech (43
out of 54), and in 39% of cases in read speech (22 out of 57). This
internal type of reduction is clearly more frequent for spontaneous
than for read speech, especially for einem.

In the external type of phenomena, the following word
influences the nasal in ein, einen, and einem. A typical example is ein
being produced with a velar nasal when it precedes a velar, or with a
bilabial nasal when it precedes a bilabial. The same articulations are
also found for some tokens of einen in these contexts. Einem is in two
cases produced with an alveolar nasal followed immediately by a velar
nasal.

A further possibility is the nasalisation of the vowel preceding
the canonical nasal, while the nasal itself is not realised. This occurs
twice, for spontaneous as well as for read speech, before words
beginning with a nasal.

In spontaneous speech, these external phenomena occur in 6%
of productions of ein, einen, and einem (18 out of 281). They are
slightly more frequent in read speech (9%, 31 out of 330); however,
18 of these 31 cases derive from readings of only 4 sentences.

3.2. The definite articles
In this section, we present phenomena connected with the initial /d/
of the definite articles and with the final nasals in den and dem.

3.2.1. The phonetics of the initial /d/. The initial alveolar plosive in
the definite article is produced in three main ways. The most typical
involves reduction from the canonical released plosive via an easily
segmentable approximant to a minimal alveolar gesture and ultimately
elision. The other directions are fricativisation following alveolar

cases where no release has been labelled, and mostly refers to alveolar
approximants. d- refers to cases without a segmentable reflex of the
alveolar plosive. Nasalisation is symbolised by d-n, and fricativisation
by d-z or d-s, where z refers to a voiced and s to a voiceless alveolar
fricative. Other less frequent productions are grouped together in the
last column.

To turn first to spontaneous speech, the production involving a
plosive and its release is clearly most common (it occurs on average
in 80% of cases). The most frequent reduced form is approximation
(d is used for 10% of the tokens).

d -h d d- d-n d-sz other total
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der 327 33 3 41 1 3 408
(80) (8) (1) (10) (0) (1)

374 29 6 12 2 13 436
(86) (7) (1) (3) (0) (3)

die 259 15 4 8 0 1 287
(90) (5) (1) (3) (0) (0)

309 22 1 2 8 8 350
(88) (6) (0) (1) (2) (2)

das 757 166 29 41 19 14 1026
(74) (16) (3) (4) (2) (1)

62 21 0 0 1 1 85
(73) (25) (0) (0) (1) (1)

dem 217 8 4 18 0 1 248
(88) (3) (2) (7) (0) (0)

49 2 0 1 0 0 52
(94) (4) (0) (2) (0) (0)

den 544 47 13 38 1 3 646
(84) (7) (2) (6) (0) (0)

103 27 3 6 1 1 140
(73) (19) (2) (4) (1) (1)

total (84) (10) (1) (2) (1) (2) 1063

2104 269 53 146 21 22
(80) (10) (2) (6) (1) (1)

2615

897 101 10 21 10 23

Table 2. Absolute and relative frequencies (%) of different
correlates of initial /d/ in unstressed der, die, das, dem, den for
spontaneous (top row for each item) and read speech (bottom

row).

An extreme case of gesture reduction is found in a production of
noch über den, where the correlates of den are contained in a
nasalised schwa and a drop in F1 between the preceding vowel and the
schwa. This drop seems to serve as a cue to the presence of a laminal
gesture (g071a019, cf. note 2)).

In one case a progressive assimilation of the place of articulation
is observed. The initial /d/ is produced as a velar plosive after the velar
plosive in Dienstag, den (g094a012). In German, progressive
assimilation most often occurs in canonical plosive-schwa-nasal
sequences where the schwa is not realised and the following nasal
adopts the place of articulation of the plosive. Whereas these
assimilations occur within words, the present case is unusual in that
the assimilation crosses word- and phrase-boundaries.

The initial element of the definite article may be nasalised
following a nasal segment. Such nasalisation may cooccur with an
approximant articulation, or with complete oral closure resulting in [n].
An alveolar nasal (d-n) is marked in about 6% of cases. Furthermore,
the replacement of the alveolar plosive by a nasal depends on the word
class of the preceding item: it seems only to follow prepositions. The
high rate of nasalisation for der (10%) results from the frequent
occurrence of in der in the corpus. However, certain speakers (e.g.
KAK) never produce a nasal stop instead of the oral one in in der
sequences. Rather than being an automatic process, nasalisation is
controlled by the speaker.

Fricativisation, where an alveolar fricative appears instead of a
plosive, is conditioned by a preceding alveolar fricative, and is
comparatively frequent for das. The alveolar fricative in which this
item ends can regressively influence the articulation of the onset,
which creates ideal conditions for fricativisation when additional
alveolar friction is present before the onset.

The items discussed so far can have grammatical functions other
than that of definite article, i.e. demonstrative and relative pronoun.
In the absence of a reliable parser to assign grammatical function to
a large number of tokens, the assigning was carried out manually for
the subset of 6 speakers. For der, die, dem, and den, the vast majority
of the tokens are definite articles (96, 92, 100, and 99%, respectively).
Extrapolating these results to the larger corpora, it seems justified to
talk about definite articles when referring to these items. The picture
for das, however, is different: in 83% of cases it is used as a
demonstrative pronoun (‘that’), which accounts for the large number
of tokens in spontaneous speech in comparison to the small number
in the read corpus where the item is mainly used as an article.

When comparing the findings for spontaneous speech with those
for read speech, the most important difference is that in the latter,
there are more standard productions involving a plosive and its
release, and fewer nasals instead of alveolar plosives.

3.2.2. Productions of final nasals. As for the forms of the indefinite
article ending in a nasal (cf. 3.1.2.), the final nasals in den and dem
can undergo assimilation of place and deletion. For den in
spontaneous speech, there are 29 cases of assimilation of place. In 16
tokens there is a velar nasal before words beginning with velar, and
in 13 productions the nasal is bilabial in bilabial contexts. Before
alveolar nasals, the final nasal in den is either replaced by nasalisation
of the preceding vowel (7 tokens) or completely dropped (9 tokens).
Summing the above productions, connected speech phenomena affect
the final nasal in 45 out of 646 tokens (7%). For read speech, 13 out
of 140 tokens (9%) display symbolical modifications of the final
nasals, with ten examples of articulation of place, and 3 tokens
involving deletion of the nasal or nasalisation of the preceding vowel
as a replacement for the contoid nasal articulation.

For dem in spontaneous speech, there are 11 out of 140 tokens
(8%) involving modification of the final nasal, all of which are
assimilations of place. In one token, there is a velar instead of a
bilabial nasal, and in the remaining ten cases an alveolar nasal has
been labelled. Some of the latter cases, however, are ambiguous in
that it is not clear whether there is an assimilation of place, or whether
the word used is actually den (cf. e.g. Mittwoch, dem
neunundzwanzigsten, which might as well be Mittwoch, den
neunundzwanzigsten (g072a016); both meaning ‘Wednesday, the
twenty-ninth’). No case of assimilation or deletion of the final nasal
in dem was found in the 52 read tokens.

4. CONCLUSIONS
The findings suggest that traditional accounts of the phonetics of
function words are at best incomplete, and in the case of glottalisation
in connection with initial vowels, are inadequate. In both spontaneous
and read speech, vowel onset is marked by creak rather than glottal
closure (in accordance with [3]). Indeed, a glottal stop without creaky
voice is actually the least common realisation. As for the definite
article, the traditional description of an alveolar plosive as the standard
variant is indeed accurate, but has to be complemented with the
variants involving approximation, nasalisation, and fricativisation.

For the indefinite articles in spontaneous speech, there is a
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connection between glottal activity at the onset of the vowel and
phenomena induced by following articulations in the final nasals. In
only 11% (2 out of 18) of these cases of assimilation and reduction
does the token contain a glottal stop. The glottal stop is thus less
frequent than for all tokens of the indefinite article in spontaneous
speech (23%, cf. Table 1). The picture for read speech is rather
different: 8 out of 31 cases (26 percent) of assimilation and reduction
of the final nasal are produced with a glottal stop. This is even slightly
more than the 21 percent of all tokens involving a glottal stop (note
there is no pause before the tokens, which could explain the frequency
of the glottal stop). In spontaneous speech there is thus a tendency for
assimilation and reduction of the final nasals to be connected with the
‘loss’ of initial glottal stops, while this tendency does not exist in read
speech. In other words, spontaneous speech exhibits greater
homogeneity than read speech in the degree of different connected
speech phenomena within the same word. So far, this finding only
holds for the indefinite article; the /d/ in the definite article does not
display more reduced correlates in connection with reduced forms of
the final nasals.

We have shown that there is more laryngeal activity in
spontaneous productions of the indefinite articles than in read ones
because of the disfluencies of spontaneous speech, which impede the
stronger form of reduction (absence of glottal reflex) found more
frequently in read speech. On the other hand, approximants and nasals
for /d/ in the definite articles are more frequent in spontaneous than in
read speech. There is thus no simple relation between the speaking
situation and the frequency of connected speech phenomena.
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ABSTRACT

This paperdescribesa new approachto acoustic-phoneticmod-
elling, the HiddenDynamicModel (HDM), which explicitly ac-
counts for coarticulationand transitionsbetweenneighbouring
phonetic-segments.Inspiredby the fact thatspeechis really pro-
ducedby anunderlyingdynamicsystem,theHDM learns,from la-
belledspeechdata,amappingfrom ahiddendynamicspacewhere
simpledynamicpropertiesexist, to thesurfaceacousticrepresen-
tation.
In this hiddenspace,eachphoneis representedby a singletarget
vector. A simplefilter is thedynamicsystemthat interpolatesbe-
tweenthesetargets.A trainablenon-linearmappingin theform of
a multi-layerperceptron(MLP) mapsthis hiddendynamictrajec-
tory to anacousticpattern.
By producingsyntheticacousticpatternsusingtheHDM, weshow
how it capturesthedynamicstructureof speech,evenwith sucha
economicparameterisation.We alsoinvestigatethepropertiesof
thelearnedhiddenspace,andtheeffect of varying its dimension-
ality.

1. INTRODUCTION

Much of the complexity and indirectnessof the relationshipbe-
tweentheacousticpatternsof speechandthelinguistic structures
thatthey representis causedby context-sensitivity [1].
Conventional large vocabulary continuous automatic speech
recognitionsystemsmodelspeechpatternsasa sequenceof sta-
tionary segments(albeit with differential features). Variousef-
fects, including phonologicalvariation and hard coarticulation,
are dealt with by dividing the contexts of eachoccurrenceof a
phonemeinto equivalenceclasses(using context decisiontrees)
andmodellingthesecontextualvariantsseparately(usingmixtures
of Gaussiancomponents).While this maybea reasonableproce-
durefor sometypesof phonologicalvariation,it is anextravagant
approachto coarticulation,andignoressomewell-known proper-
tiesof realhumanspeech,with theresultthatvery largeamounts
of training materialarerequiredif the systemis to performwell
with a large vocabulary and a variety of speakers and speaking
styles.
The type of systemthat we have beenworking towardswould
modelthe relationshipbetweenphonemesequencesandacoustic
patternsin two majorsteps:phonologicalrulesfor theeffectsthat
areusuallydescribedin termsof segmentalreorganisation(e.g.as-
similation,elision),anda physically-motivatedacoustic-phonetic
modelthatdealsnaturallywith coarticulation(in principleinclud-
ing anticipatoryeffectsacrossseveralsegments).
In thework reportedherewe limit ourselvesto traditionalsequen-

tial segmentalphonology, andwepresenta new candidatefor just
theacoustic-phoneticcomponent,thatwe call a HiddenDynamic
Model.

2. ALTERNATIVES TO THE HMM

Therehave beenseveralattemptsto find usefulalternativesto the
frame-by-framefinite-stateHMM systemswith stationaryoutput
distributions within eachstate. Someapproachestreat a whole
acousticsegmentasa unit, wherethe segmentmay be a smaller
unit thanaphone.In astaticsegmentalmodel[2] [3] a ‘target’ for
asegmentis drawn from adistribution,theneachframehasadevi-
ationfrom this target,asspecifiedby a seconddistribution. There
have beenseveral elaborationsin which a non-stationarytrajec-
tory (in acousticspace)hasparametersdrawn from distributions
characteristicof thesegmentlabel[4] [5].
Anotherapproachis to concentrateoncoarticulationbetweenseg-
ments,ratherthannon-stationaritywithin segments. The classic
Haskinswork leadingto locustheoryledto speechsynthesismeth-
odsin which formanttrajectorieswereconstructedusingrulesof
coarticulation[6]. Early attemptsto adaptsuchsynthesismodels
for speechrecognitionpurposesinclude [7], in which the target
formant frequenciesandamplitudeswereadjustedautomatically
to optimizea matchto formantparametersestimatedfrom natural
speech.Therehavealsobeenattemptsto uselocustheorydirectly
in HMM systems[8].
In 1991RaimoBakispresentedaverygeneralmodelwith targets,
linear dynamicsandnon-linearoutputmapping[9]. The system
describedin this papercanbeseenasa specialcaseof theBakis
model.
Most attemptsat dynamicmodelshave useda linearmappingbe-
tweenthespacein which thedynamicshappensandtheacoustic
observations[4]. Ourapproachis similar to thatof Blackburn[10]
in thatwe usean MLP, but we usea singleMLP andour hidden
dynamicsystemis muchsimpler(yetquitepowerful).

3. THE HDM

The HDM presentedhereconsistsof two separatecomponents
which togethermodel the relationshipbetweenphonesequences
andspectra.Thefirst component,drivenby asequenceof phones,
producesa continuoustrajectory in a hidden, ‘phonetic’ space.
The secondcomponent,a staticnon-linearmapping,mapseach
sampleof this hiddentrajectoryinto the correspondingacoustic
pattern.
The resulting system(Figure 1) is rather similar to a classic
speech-synthesis-by-rulesystemsuchas [6] (that converts from
phonesequencesto formant patternsand thenceto waveforms),
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except:
� Targetsandtransitionsaremoreabstractthanformantfre-

quenciesandamplitudes� The output is an acousticpattern(eg smoothedspectro-
gram)� Randomnessis built in (seebelow)� Everythingis learnable

To turnthis into astochasticmodel,to takeaccountof thevariabil-
ity of speech(andthedefectsof themodel),wecanintroduceran-
domvariablesin variousplaces.Possibilitiesincludesegmenttim-
ing, per-segmenttarget distributions,per-frametarget variations,
timeconstants,andacousticpattern‘noise’.
Thesimplestis to treatthewholeof theproductionprocessasde-
terministicuntil theacousticoutputis produced,with simpleGaus-
sian‘noise’ addedto this acousticpatternto modelthevariability.
Thisgivesusthesimpletypeof HDM describedin thispaper.

4. THE HDM AS A TRAINABLE SPEECH SYNTHESISER

TheHiddenDynamicModeldescribestheway in whichanacous-
tic patternis producedfrom a sequenceof phoneswith givendu-
rations.Thestructureof theHDM is shown in Figure1.
For eachphoneclassthereis a singletargetvectorwhich defines
a point in the hiddenspace. For eachphonesegmentin the se-
quence,the respective target appliesfor the durationof that seg-
ment,resultingin thetargetsequence,

���
, shown in Figure1 (� is

the time index). This is typically multidimensional,but a single
dimensionis shown herefor simplicity.
Notethatthesymbolswecall ‘phones’herearesupposedto corre-
spondto acousticsegmentswith onetarget– diphthongsandsome
setsof allophonesneedmorethanonetarget.
Thetargetsequenceis smoothedto producea trajectoryin hidden
dynamicspace,� � . The target learningmethodcan be applied
to a wide variety of smoothingfunctions. The filter usedfor the
smoothingin this paperis a second-ordersymmetrical(forward-
backward) low-passfilter, whosesingletime-constantparameter,� � , is alsodeterminedby thephoneclass.In themultidimensional
case,thereis a differenttime-constantfor eachdimensionof the
hiddendynamicspace(the motivation for this will be described
later).
The hiddendynamictrajectoryis mappedto the surfaceacoustic
form, � � , by amultidimensionalnon-linearmapping,hereamulti-
layerperceptron(MLP). A singleMLP is usedfor all phones,and
sothis mappingdefinesthehiddendynamicspace.This mapping
canbe consideredanalogousto the mappingbetweenvocal tract
shapesandspeechsounds,althoughweintendit to belearnedonly
from theacousticdata(asdescribedshortly),andnot restrictit to
any suchpredeterminedform.
Training of the HDM (describedin [11]) can be carriedout by
comparingtraining datawith the syntheticspeechpatternspro-
ducedby the HDM. All the HDM parametersare optimizedby
gradientdescentto improve thisfit.
Figure2 shows hiddendynamictrajectoriesandsyntheticacous-
tic patternsproducedat variousstagesin sucha gradientdescent
learningprocedure.The trainingdatais an 11 secondconnected
vowel utterancewhichhasbeenmanuallysegmentedandlabelled
with six phoneclasses(onereferringto silence).The MLP used
in the HDM herehas40 units in onehiddenlayer, andthe time
constantparametersarefixedduringtraining.
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Figure1: CalculatinganacousticerrorusingtheHiddenDynamic
Model. Derivativesof this error arebackpropagatedto the MLP
weightsandthetargetvectors.

5. THE HIDDEN SPACE

Becauseall the time constantparametersareequalin the HDM
describedin theprevioussection,thehiddendynamicspacecanbe
anarbitrarylineartransformof these� parametersto givethesame
results. In Figure3(a), the � � trajectorieshave beenoffset and
scaledto show thatthey closelyresembletheformantfrequencies
(on awarpedfrequency scale).
The hiddendynamictrajectoryis plottedin the original unscaled
hiddenspacein Figure3(b). The verticesof this trajectorycor-
respondto the phonetargets,andbecausethe vowels have been
producedquiteslowly in this utterance,thetrajectoryapproaches
very closeto the target for eachvowel. It can be seenthat the
x-axiscorrespondsto �
	 , while they-axiscorrespondsto ��� .
Alsoof interesthereis thewayin whichthehiddendynamicmodel
encodesthe silence‘phone’ in the hiddenrepresentation,using
a undefinedregion of formantspacewhere � � is below � 	 . Of
course,in generalit wouldbemoreappropriateto increasethedi-
mensionalityof thehiddenspacesothatamplitudecouldbecome
anindependentparameter.

6. IMPORTANCE OF NON-LINEARITY

Usinga linearmappingin placeof theMLP in theHDM is equiv-
alentto usingthesimpletransitionsgivenby thedynamicsystem,
but operatingdirectly in theacousticdomain.Simple,monotonic
transitionsin thespectraldomainareinsufficient to producereal-
istic speechpatterns,evenfor vowel-vowel transitions[12].
This can be confirmedby consideringa normal [ai] transition
where the secondformant sweepsup from about 1100Hz to
2300Hz. If a frequency bandsomewherebetweenthesetwo fre-
quenciesis considered,thentheamplitudewill increaseasthefor-
mantentersthe frequency band,anddecreaseagainas it leaves
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(a)

(b)

(c)

(d)

Figure2: Thetrainingacousticpattern � (a), andthehiddendy-
namictrajectory � � andsyntheticspeech� � at differentpointsin
thetrainingprocedure:(b) at initialisation,(c) after11 iterations,
and(d) after32 iterations.Thespectrogramsshown havebeende-
rived from the 12th orderMFCC representationusedfor � � and
 � .

it. This non-monotonictransitioncannotbe producedusingjust
two target vectors(for the [a] and[i]), andtarget-directedlinear
dynamics.
Figure4 shows syntheticspeechproducedfrom an HDM, which
hasbeentrainedwith the sametraining dataasin Section4, but
usesa linearmappingin placeof theMLP usedin Section4. As
expected,thelinearsystemis unableto reproduceconvincingcon-
nectedformanttransitionslike thoseseenin Figure2(d),andsim-
ply cross-fadesbetweenspectrumshapes.This demonstratesthe
importanceof thenon-linearmappingin modellingthedynamics
of thespeechpattern.

7. DYNAMICS

Detailsof thetime-varyingsymmetricalsmoothingthatconstitutes
thedynamicpartof theHDM canbefoundin [11]. Figure5 shows
examplesof trajectorieswhich canbegeneratedusingsucha ver-
satiledynamicsystem.Thesymmetrical(non-causal)natureof the
filter allows usto useintuitive segmentboundaries,placedwithin
thetransitionasopposedto precedingit.
The per-segmenttime-constantscanalsobe thoughtof as target
importanceweights,variancesassociatedwith the targets,or the
strengthof influenceof the targetson the trajectory. Figure 5
shows that by varying the time-constantfor a segment, the tra-
jectorycaneitherapproachthethetargetclosely, or almostignore
it.
Wechosethisformof dynamicssothatit wouldbeusefulfor some
aspectsof consonantgestures.For example,in theproductionof
a bilabial consonantsuchasthevoicedstop,/b/, themostimpor-

(a)
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[i] [e]
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[u]
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Figure 3: The syntheticspectrogram((a) top) and the two hid-
den dynamicparameters((a) bottom and (b)). In this case,the
HDM hasdiscovered the formant frequencieson a warpedfre-
quency scale.

tantarticulatoryactionis to make a closureat thelips. Theshape
of theremainderof thevocal tract,suchasthetongueposition,is
determinedmainly by thecontext in this case[13]. Accordingto
the ‘critical articulator’ theory[14], the productionof othercon-
sonantsis similar, with the consonantinfluencingusuallyonly a
local regionof thevocaltract.This is in contrastto thewayvowel
soundsspecifyanoverall shapeto thevocaltract.
Althoughthehiddenrepresentationof theHDM is anabstracthid-
denspace,which is derived only from the datausedto train the
HDM, the time constantparameters,��� , at leastgive it theflexi-
bility to synthesizethesortof trajectoriesthatwe believe occurin
articulatoryspace.

8. DIMENSIONALITY OF THE HIDDEN SPACE

Thetwo-dimensionalhiddenspaceusedfor theexperimentshown
in Figure2 is clearlyinsufficient for speechin general,althoughit
is notclearwhatorderis required.
We couldpostulatethatoneparameteris necessaryfor eachplace
position,or eachformantfrequency, with perhapsextraparameters
for amplitude,etc.A principledapproachwouldbeto trainHDMs
with different hidden-spacedimensionalities,and selectthe one
which generalizesthe best. A similar methodcould be usedto
determinethenecessarycomplexity of theMLP.
Figure6 shows theapproximationof thetrainingdatausedin Fig-
ure2 usingaHDM with one,two andthreeparametersin thehid-
denrepresentation.While theHDM is clearlyunableto reproduce

Figure 4: Syntheticspeechproducedby an HDM with using a
linearmappinginsteadof anMLP. TheHDM herehasbeentrained
usingthesamematerialasin Figure2.
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Figure6: Syntheticspeechproducedby an HDM with using(a)
one,(b) two, and(c) threedimensionsin the hiddenspace.The
HDM heretrainedusingthesamematerialasin Figure2.

speechpatternswith asinglehiddendimension,thereis little extra
to begained(for thissimplevowel data)in usingmorethattwo pa-
rameters.Of course,for speechin general,weexpectthatagreater
hiddenspacedimensionalitywill berequired.In thework reported
in [15] we typically used6.

9. CONCLUSIONS AND FUTURE WORK

We think thatthesimple,flexible structuredescribedherehaspo-
tentialfor capturingimportantaspectsof therelationshipbetween
phoneticlabelsandacousticpatterns,with potentialapplicationsin
speechscience,synthesisandrecognition.Becauseit is sosimple,
therearealsomany possibilitiesfor extendingit.
As mentionedpreviously, it maybepossibleto enhancethemodel
by allowing stochasticvariationin not only theacousticobserva-
tions,but alsothe targetvaluesfor a given segment. Ideally this
variationcouldalsobemultimodalto accommodatedistinctlydif-
ferenttargetvaluesfor thesame‘phone’.
At presentwe rely on handsegmentations(or thoseprovided by
a conventionalASR system).We arekeento introducea method
of automaticallyadjustingsegmentboundaries.Becauseof the
continuousnatureof the hiddenspace,dynamicprogrammingis
not applicableto HDMs, but several possibilitiesfor sub-optimal
alignmentsearchexist.
Becauseof the economicalparameterisation,thereare somein-
terestingpossibilitiesfor dealingwith speaker differences. For
instancewe can hope that most of the variation in the setsof
target vectorsfor different speakers will be included in a low-
dimensional‘speaker space’,in which speaker adaptationcanbe
attempted[7] [16].

Wehavesomehopeof extendingthemodelto becompatiblewith
modernphonologicaltheoriesbasedon overlappingfeatures,as
proposedby Deng[17].
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ABSTRACT

Previous studies of the supralaryngeal correlates of prosodic
accentuation in English have shown both an increase in the
paradigmatic contrast between phonetic segments and a
magnification of the syntagmatic contrast between abutting
consonants and vowels in accented words. We analysed tongue
and lip movement data from four Australian English talkers in
dialogues that elicited accented and deaccented productions of
trochaic /bVb«/ words. The results showed greater lip aperture
magnitudes and peak velocities in the opening and closing
gestures of the initial /bV/ syllables and in the opening gestures
of the final weak /b«/ syllables. The distance of the rhythmically
strong vowels to the centre of the vowel space was generally
greater for accented words in both tongue position and formant
spaces. The results suggest an enhanced syntagmatic contrast
between vowels and consonants in both strong and weak
syllables and a marginally greater paradigmatic contrast
between the vowel targets in strong syllables.

1.  INTRODUCTION
In all languages, one of the functions of prosody is to convey
variations in relative prominence among elements in an
utterance, and in English, one kind of prominence variation is
achieved by marking some words as accented. This accentual
marking is characterised by pitch changes that can be accounted
for phonologically by the association of one of a number of pitch
accents to the syllable that bears primary lexical stress – that is,
the rhythmically strongest syllable of the accented word. These
pitch changes are especially marked when the accented word is
in nuclear accented position because of the juxtaposition of the
pitch accent with the following phrase boundary tones.

The results of various studies are consistent with a long-
standing idea that accented syllables are marked not just
intonationally, but also by being louder and longer than
unaccented ones [1]. The evidence comes not only from acoustic
and psychophysical  analyses of the accented/unaccented
contrast [2,3], but also from kinematic investigations.  For
example, there are a number of studies (e.g., [4-6]) that have
shown lower jaw positions and a more open vocal tract in
accented syllables with open vowel nuclei: the vowel is
therefore likely to be louder absolutely because of the greater
radiation of acoustic energy from the more open vocal tract over
a longer interval of loudness summation [7]. These kinds of data
underlie the model of accent as sonority expansion developed in
Beckman, Edwards and Fletcher [8]. In this model, vowels as a
class have inherently higher ‘sonority’ than consonants (i.e.
inherently more acoustic energy concentrated in
psychophysically effective frequency regions), but accented
vowels are even more sonorous.  In an analysis of the accent
contrast in high vowels, Harrington, Fletcher and Beckman [9]

extended this theory by emphasising the greater sonority rise
from a tautosyllabic consonant to a following  vowel in accented
syllables. They pointed out that the consonant’s inherently lower
sonority is also exaggerated under accent (e.g. the jaw is higher
in a [b] before an accented vowel), and suggested that the
resulting greater sonority rise from the consonant to the vowel
may also be a clearer cue to the beginning of the accented
syllable (which in English is often also the edge of the word).

The theory that some of the tautosyllabic consonants and
vowel features are exaggerated in opposite directions in
accented words can be thought of as a syntagmatic
enhancement, because a  vowel in an accented syllable is
presumed to be exaggerated along some dimensions in relation
to the consonant that precedes it. The theory in de Jong [11] on
the other hand, which is based on Lindblom’s hypoarticulate-
hyperarticulate (H&H) continuum of speech production [12], is
founded more directly on enhancing the paradigmatic contrasts
between phonetic segments. For example, de Jong has shown
that vowel durational differences that are relevant to the voicing
distinction in postvocalic stops are magnified in ‘stressed’
syllables [10]. In a separate study, he also showed that the back
vowel [U]is more retracted in nuclear accented position thereby
increasing its articulatory distance from the other vowels of the
language [11].

In the present study, we investigated further the
syntagmatic and paradigmatic enhancements in accented words
by examining whether certain articulatory transitions between
consonants and vowels are magnified (the syntagmatic theory),
and by analysing whether there is an expansion  of the
articulatory vowel space (the paradigmatic theory) in accented
words. Since accent serves to highlight a word relative to other
words of an utterance, we decided to look beyond the
rhythmically strong syllable that is the target of the intonational
event, to see whether there are observable effects on a
neighbouring unstressed syllable within the target accented
words.

2. METHOD
2.1 Talkers and materials.
Four talkers of Australian English (2 female, 2 male), with no
known speech or hearing deficiencies participated in the
experiment. (One of the subjects, SP,  is also an author of this
paper; the other subjects had no training in phonetics).  The
talkers’ accents were intermediate between Cultivated
Australian, which bears the greatest resemblance to British
English Received Pronunciation, and General Australian, which
is spoken by the majority of the population (see [13] for further
details on the acoustic characteristics of Australian English
vowels). The speech materials were dialogues constructed to
induce nuclear accented or deaccented renderings of nine target
bisyllabic words, which provided different phonetic contexts for
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the accented-deaccented contrast.  One of the dialogues is shown
below.  The underlined words are nuclear accented; any word
following the nuclear accented word is deaccented:

A. This is Hector Beeber.
B. Do you have a nameplate for him? What is his
name?
A. His name is Hector Beeber.
B. How shall we write the first part?
A. Well, we can have Hector Beeber. Or Doctor
Beeber.

Care was taken in constructing the dialogue to ensure that the
target words that differed in their accentual pattern were in an
equivalent phrasal position. The other eight dialogues were
identical except for the target word, which varied in the vowel
nucleus of the strong syllable (tense high, lax high, or tense low
– e.g. ‘beeber/bibber/barber’) and in its consonantal context
(bilabial, alveolar, velar – e.g., ‘beeber/deeder/geeger’). There
were 12 repetitions of each dialogue resulting in  12 (dialogue
repetitions) x 9 (target word types) = 108 dialogues (i.e., 216
accented and 216 deaccented word tokens per talker).  An
attending experimenter (a phonetician with considerable ear
training in English prosody) verified that each dialogue token
had been produced with the intended accentuation pattern and
prosodic phrasing, or asked the subject to repeat the dialogue if
there were any errors. The present study is restricted to an
analysis of the three bilabial contexts. Australian English is non-
rhotic and the strong vowel nuclei in ‘beeber/bibber/barber’
have qualities close to  [i: I �:] respectively [13].

2.2. Recording conditions
Subjects were recorded in a sound-treated room in the Speech
Hearing and Language Research Centre, Macquarie University,
using the MOVETRACK magnetometer system. Transducer
coils were attached to various articulatory landmarks to record
four sets of vertical and horizontal positions.  The first coil was
placed at a fixed 1.75 cm back from the tip of the tongue. The
three remaining transducers were then placed at the midpoint of
the upper and lower lips on the vermilion border and on the chin
(to register jaw position). The x- and y-axis values of the
receiver coils were measured relative to fixed transmitters
mounted on a helmet behind and above the head. Since the
helmet was in a fixed position on the head, and since the
transmitters were fixed on the helmet, there was no need to
correct the data further for head movements. Prior to any further
analysis, all the kinematic data were rotated such that the
horizontal (X) axis was parallel to the occlusal plane for each
subject. The rotations to reposition the X axis in this way ranged
between 16o (JP) and 11o (SP) in an anticlockwise direction.

2.3 Digitisation, segmentation, acoustic labelling.
The acoustic and kinematic data were digitized directly to a
SUN workstation at 20 kHz and 500 Hz respectively. The
ESPS/Waves+ system was used for acoustic segmentation and
labelling and to compute the formant frequencies. The first four
formant centre frequencies and their bandwidths were

automatically tracked using the default settings (12th order LPC
analysis, cosine window, 49 ms frame size, and 39 ms frame
shift). The automatically tracked formants were checked for
accuracy and hand corrections were made. The acoustic
segmentation and labelling consisted of marking the phonetic
boundaries and labels within each target word. The acoustic
vowel target was also marked at the second formant, or
occasionally the third formant, frequency maximum in the tense
and lax high front vowels  and at the F1 maximum in the open
vowels. All subsequent graphical and statistical analyses,
including some kinematic labeling, were carried out using the
EMU system for speech database analysis [15].

2.4 Data extraction and analysis.
An estimated lip aperture trajectory was obtained by subtracting
the displacements of the transducer attached to the lower lip
from that attached to the upper lip. The resulting trajectory,
together with the four kinematic marks that were placed on each
token (at the minima associated with the two [b] segments and
the lip aperture maxima associated with the strong vowel and
final schwa), are shown in Fig. 1.

Fig. 1. A lip aperture trajectory for a ‘beeber’ token showing the
three intervals /bV/, /Vb/ /b«/. The three absolute magnitudes
that are associated with these intervals respectively are given by
|B – A|, |C – B|, and |D – C|. The acoustic segments and
boundaries are shown at the top of the display.

We calculated  the absolute magnitude values of lip aperture
change for each of the three intervals shown in Fig. 1. (These
intervals will henceforth be referred to as  /bV/, /Vb/, and /b«/ ).
We also calculated the peak-velocity values from the first
differenced lip aperture movement data for these same three
intervals.

Tongue X and Y position values were extracted at the acoustic
vowel target of  [i: I �:] in ‘beeber/bibber/barber’ respectively.
For each talker separately, we calculated the mean tongue X and
mean tongue Y values across these tongue X-Y vowel target
data to give us the centroid of this two-dimensional space. We
then calculated the Euclidean distance from the tongue X-Y
target values to this centroid. We also extracted F1 and F2
formant frequency values at the acoustic vowel target in the
same data and calculated the Euclidean distances from the
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acoustic vowel target to the formant centroid in an analogous
way. This procedure follows that of Wright [14] in his acoustic
analysis of vowels in low and high frequency words.

3. RESULTS
For both the syntagmatic and paradigmatic analyses, we applied
an ANOVA separately to the data for each of the four talkers
with Word-type  (‘beeber’, ‘bibber’, ‘barber’) and Accent
(‘accented’, ‘deaccented’) as the independent variables. For the
syntagmatic analysis, the dependent variables are the six
kinematic parameterisations discussed in 2.4.1 which are the
magnitudes and peak velocities over the /bV/, /Vb/, and /b«/
intervals. For the paradigmatic analysis, the dependent variables
are the Euclidean distances from the vowel target to the centroid
in (i) the tongue X-Y space and (ii) the F1 x F2 formant space
as discussed in 2.4.2. As expected, the main effect for Word-
type was significant in all cases and will not be reported on
further. When there were significant interactions on the Accent
parameter, post-hoc pairwise t-tests (one-tailed) were performed
on each word separately, using a Bonferroni alpha-adjusted p
value.

3.1 Syntagmatic analysis.
A summary of the statistical results is shown in Table 1. For the
word-initial stressed /bV/ interval, the lip aperture magnitude
was significantly greater in accented words for JP
(F(1,135)=72.9, p < 0.01), for MJ (F(1,134)=29.6 p<0.01), for
SP (F(1,138)=97.7 p<0.01), and for TK (F(1,138)=55.9
p<0.01). There were significant interactions for JP, SP, and TK.
Post-hoc t-tests showed that the magnitudes were significantly
greater for accented words on all three word-types for JP and
TK, but only on ‘beeber’ and ‘barber’ for SP. Peak-velocity of
lip aperture chance over this opening movement was
significantly greater in accented words for JP (F(1,135)=24.5,
p<0.01), for MJ (F(1,134)=30.2, p<0.01), for SP
(F(1,138)=12.0, p<0.01), and for TK (F(1,138)=88.9, p<0.01).
There were significant interactions for all four subjects. Post-
hoc t-tests showed a significantly greater peak velocity for
accented words on all three word types (JP, TK), for ‘beeber’
and ‘bibber’ (MJ), and only for ‘ barber’ (SP).

For the following /Vb/ interval, the lip aperture magnitude
was significantly greater in accented words for JP
(F(1,135)=42.8 p<0.01), for MJ (F(1,134)=26.7 p=.000), for SP
(F(1,138)=132.8 p<0.01), and for TK (F(1,138)=16.7 p<0.01).
There were significant interactions for two subjects and post-
hoc t-tests showed significantly greater lip aperture magnitudes
in accented ‘beeber’ and ‘barber’ for JP, and in all three word
types for SP. These /Vb/ lip aperture closing gestures have a
peak velocity minimum which was significantly lower in
accented words for JP (F(1,135)=38.9, p<0.01), for MJ
(F(1,134)=18.3, p<0.01), for SP (F(1,138)=130.9, p<0.01), and
for TK (F(1,138)=34.5, p<0.01). There were interactions for two
subjects and post-hoc t-tests showed a significantly lower peak
velocity for ‘barber’ only (JP) and for all three word types (SP).

For the opening movement into the word-final weak /b«/
syllable, again the lip aperture magnitude was significantly
greater in accented words for all four subjects and there were no

interactions. The details are as follows: JP: F(1,135)=6.9,
p=.010; MJ: F(1,134)=31.9, p<0.01; SP: F(1,138)=81.6, p<0.01;
TK: F(1,138)=12.0,  p<0.01. In the /b«/ interval, the lip aperture
peak velocity has a maximum value, and this was significantly
greater for all four subjects in accented words and there were no
interactions. The details are as follows. JP: F(1,135)=16.0
p<0.01; MJ: F(1,134)=24.9, p<0.01; SP: F(1,138)=82.7, p<0.01;
TK: F(1,138)=62.3, p<0.01.

/bV/ /Vb/ /b«/Subj.

mag. p-v. mag. p-v. mag. p-v.
JP ALL ALL i: �: �: ALL ALL

MJ ALL i: I ALL ALL ALL ALL

SP i: �: �: ALL ALL ALL ALL

TK ALL ALL ALL ALL ALL ALL
Table 1. A summary of the magnitude (mag.) and peak-velocity
(p-v.) results over the three intervals /bV/, /Vb/, /b«/ shown
separately for the four subjects. A cell marked ALL means that
there were significant differences between accented and
deaccented categories  for all word types. A cell marked with
any of [i: I �:] means there were significant differences between
accented and deaccented words in the expected direction for
‘beeber/bibber/barber’ respectively.

3.2 Paradigmatic analysis.
A summary of the results is presented in Table 2. In the tongue
X-Y space, the Euclidean distances from the vowel target
position to the centroid were significantly greater in accented
words for all four subjects. The details are as follows. JP:
F(1,135)=14.9, p < 0.01; MJ: F(1, 134)=21.6, p < 0.01; SP:
F(1,138)=146.9, p < 0.01; TK: F(1,138)=11.6, p < 0.01. There
were significant interactions for three subjects and post-hoc t-
tests showed significantly greater distances to the centroid in
‘bibber’ and ‘barber’ for MJ, in all three words for SP, and in
‘barber’ only for TK.

Subject Tongue X-Y F1 x F2
JP ALL i: I
MJ I �: i: I
SP ALL ALL
TK �: NS

Table 2. A summary of the statistical analyses on the Euclidean
distances in the tongue X-Y (left) and formant (right) spaces. A
cell marked ALL means that there were significant differences
between accented and deaccented categories  for all word types.
A cell marked with any of [i: I �:] means that there were
significant differences for ‘beeber/bibber/barber’ respectively.

In the formant space, the Euclidean distances from the
vowel target to the centroid of that space were significantly
greater for three subjects and non-significant for TK. There were
interactions for those three subjects that had significant main
effects. Post-hoc t-tests showed significantly greater formant
distances to the centroid in accented words on ‘beeber’ and
bibber’ only (JP and MJ) and in all three word types (SP).
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4. DISCUSSION
The analysis of transition magnitudes and velocities in the
accented syllable confirms that there was a consistent
syntagmatic effect: the difference in lip aperture value between
the vowel and each of the two adjacent consonants was
significantly greater in the accented syllable for all four talkers,
and for many or all of the three vowel types. Because our corpus
of materials included three different vowels in the target
syllable, we were able to show that these effects are not limited
to low vowels. Because we looked at all of the opening and
closing movements in the disyllabic target words in our corpus,
we also were able to see that the effect of accent on
supralaryngeal articulation is not localized to the accented
syllable. Both syllables in the word showed larger, faster
transitions into the vowel. This is reminiscent of Maekawa’s
results showing an expansion of the vowel space in phrases
under focus in standard Japanese [16], a language in which pitch
accent placement is not constrained by rhythmic prominence or
information focus in the ways that have led phoneticians to
apply the term ‘stress’ to the intonational highlighting of words
in English, Dutch, and German. However, because the
unstressed syllable followed rather than preceded the target
stressed syllable, we cannot tell whether the domain of the
effect is the accented word as a whole, or whether it is limited to
the weak sister syllable in the same stress foot as the accented
strong syllable.

In addition to these syntagmatic effects, we also looked at a
paradigmatic one. Because we looked at both tongue position
and formant values, we were able to show that the distance to
the centre of the vowel space is increased for rhythmically
strong vowels in accented words relative to their deaccented
counterparts in both an articulatory and an acoustic vowel space.
This expansion of the vowel space suggests an enhancement of
the vowel paradigmatic contrast: since accented vowel tokens
are generally further away from the centre of the vowel space, it
is likely that they are also more distance from, and less
confusable with, each other in accented words.

In summary, our study provides clear evidence that
consonants and vowels are syntagmatically enhanced relative to
each other in both strong and weak syllables,  and that  the
vowel space is adjusted in such a way that the paradigmatic
contrast between contrasting vowels is also magnified. We are
currently extending this study to an analysis of a greater range of
vowel contrasts beyond the two long and one short vowel
analysed in this study, as well as to an investigation of whether
there are articulatory adjustments to schwa vowels in accented
words when they occur in word-initial, as well as word-final
position.
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PATTERNS OF ASSIMILATION NASALITY IN ENGLISH
AS A FUNCTION OF VOWEL HEIGHT

Anne Putnam Rochet and Bernard L. Rochet
University of Alberta, Edmonton, AB, Canada

ABSTRACT
Assimilation nasality patterns for high, mid and low vowels
were studied in two dialects of North American English
(Canadian & southeastern American). Native speakers (n=24)
produced CVC, NVC, CVN and NVN tokens. The vowel portion
of each oral and nasal acoustical signal was transduced by a
Nasometer, digitized, and the degree of nasalance established
as:  % nasalance = nasal rms/(nasal + oral rms) x 100. The high
vowels in both dialects exhibited significantly more
assimilation nasality than lower vowels in all nasal contexts.
In addition, anticipatory nasalization was significantly more
extensive than carry-over nasalization for all speakers and all
vowels, and significantly more so for the southeastern
American speakers than those who spoke Canadian English.

1. INTRODUCTION
The assimilation of nasality onto vowels spoken in the
context of nasal consonants has been documented by research
using various methods (aeromechanical, acoustical, biomech-
anical, perceptual) [8, 2, 6, 7, 1, 4].  Previous research on
French and English using acoustical analog recording and
digital analysis techniques has suggested that differences in
degree of assimilation nasality exist among vowels as a
function of tongue height, with high vowels exhibiting a
higher degree of assimilation nasality than low vowels [6].
The present experiment used similar techniques to quantify and
compare assimilation nasality patterns in two dialects of
English as a function of vowel height.

2. PROCEDURES
2.1. Subjects/Speech Sample
Subjects were 24 adults, 9 native speakers of southeastern
American  English (SAE) and 15 of western Canadian English
(CE),  with  normal hearing, voice qualities and articulation
patterns. They read aloud words in which high, mid and low
English vowels were embedded in the contexts CVC, NVC,
CVN and NVN, where V = one of the target vowels, C = a non-
nasal obstruent and N = /m/ or /n/. Each word was produced as
the terminal item in a carrier phrase, e.g., "A half    keen   . "

2.2. Data Collection/Analysis
The oral and nasal acoustical signals corresponding to
subjects' productions of the test words were transduced
separately by means of a Nasometer (model 6200; Kay
Elemetrics, Inc.). The Nasometer microphone signals were
recorded simultaneously on separate channels of a two-channel
analog recorder, low-pass filtered at 4.8 kHz and digitized at 10
kHz/12 bit resolution via CSpeech [5]. The vowel portion of
the oral and nasal components of each digitized signal was
isolated, converted to an rms value, and the degree of nasalance
computed by comparing rms amplitudes of corresponding oral
and nasal data across the duration of the vowel in 5 ms steps,
according to the formula: % nasalance = nasal rms/(nasal + oral

rms) x 100. Data analysis focussed on two dependent measures
as a function of vowel height: (1) degree of nasal resonance,
using 50% nasalance as an arbitrary threshold, and (2)
percentage of the vowel with nasalance values above 50%.
Analyses of variance and t-tests were used for within- and
between-dialect comparisons.

3. RESULTS
3.1  CVC context
This context served as the control (i.e., non-nasal)
environment for degree of nasalance in the utterance sample.
Figure 1 illustrates the percentage of CVC cases without
significant nasalance (i.e., <50%).  In both dialects, the
nasalance levels for the large majority of vowels in this
context never exceeded the arbitrary threshold.  Among the
tokens on which the nasalance level did exceed the threshold,
the high vowels exhibited the most cases (7% in SAE & 4% in
CE), and the mid vowels exhibited the fewest (1% in both
dialects).
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3.2  NVC context
Figure 2 illustrates the degree of nasalance above 50% in this

0

20

40

60

80

100

N
as

al
an

ce
 l

ev
el

low mid highVowel

Figure 2. Nasalance level in NVC context

CESAE

page 699 ICPhS99          San Francisco



carry-over assimilation nasality context. The high vowels
exhibit significantly higher levels of nasalance than the mid
or low vowels in both dialects [p<.0001].  The difference in
degree of nasalance between the mid and low vowels is not
significant in either dialect.

With respect to the percentage of the vowel nasalized
in the NVC context, two patterns were observed, which are
schematized in Figure 3.  In pattern 1, only the portion of the
vowel adjacent to the nasal consonant was nasalized (i.e., with
nasalance >50%).  In pattern 2, the entire vowel was nasalized.

Figure 3. NVC hypothetical nasalization patterns

In SAE, 86% of the tokens followed pattern 1, and
14% followed pattern 2.  Of the latter, 94% were high vowels.
In CE, 71% followed pattern 1, and 29% followed pattern 2.  Of
the latter, 94% were high vowels.

Figure 4 shows the percentage of the vowel affected
by carry-over nasality in SAE and CE.  In both dialects, the
percentage of the vowel duration that is nasalized i s
significantly higher for high vowels [p<.0001 for CE; p<.01
for SAE] than for mid and low vowels.
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Figure 4. Percentage of vowel nasalized
 in NVC context
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3.3.  CVN context
Figure 5 illustrates the degree of nasalance above 50% in this
anticipatory assimilation nasality context.  The high vowels
exhibit significantly higher levels of nasalance than the mid
or low vowels in both dialects, although this difference i s
more distinct for the CE sample  [p<.0001 for CE; p<.01 for
SAE].  The difference in degree of nasalance between the mid
and low vowels is not significant in either dialect.
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With respect to the percentage of the vowel nasalized
in the CVN context, two patterns were observed, which are
schematized in Figure 6.  In pattern 1, only the portion of the
vowel adjacent to the nasal consonant was nasalized (i.e., with
nasalance >50%).  In pattern 2, the entire vowel was nasalized.

Figure 6. CVN hypothetical nasalization patterns.

For SAE, 25% of the tokens followed pattern 1, and
75% showed nasalization of the entire vowel.  Of the latter,
94% were high vowels.  In CE, 35% of the tokens followed
pattern 1, and 65% showed nasalization of the entire vowel.
Of the latter, 72% were high vowels.

Figure 7 represents the percentage of the vowel
affected by anticipatory nasality in CE and SAE.
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A significantly higher portion of the vowel is nasalized for
high vowels than for mid and low vowels in CE [p<.0001]. The
differences observed for anticipatory nasalization among the
high, mid and low vowels in SAE are not significant.

3.4  NVN context
Figure 8 ilustrates the degree of nasalance above 50% in this
context in which the vowel is influenced by nasal consonants
at both ends.  The high vowels exhibit significantly higher
levels of nasalance than the mid or low vowels in both
dialects, although this difference is more robust for the CE
sample [p<.0001 for CE; p<.05 for SAE].  The difference in
degree of nasalance between the mid and low vowels is not
significant in either dialect.
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With respect to the percentage of the vowel nasalized
in the NVN context, two patterns were observed, which are
schematized in Figure 9.  In pattern 1, only the portions of the
vowel adjacent to the initial and the final nasal consonant were
characterized by a nasalance level higher than 50%.  In pattern
2, the entire vowel was characterized by nasalance above 50%.

Figure 9. NVN hypothetical nasalization patterns.

In SAE, 87% of the NVN tokens followed pattern 2 ;
that is, their vowels were nasalized throughout.  Only 13%
followed pattern 1, and of these 71% were low and 29% were
high.  In CE, 68% of the tokens were nasalized throughout.
Thirty-two percent followed pattern 1, and of these, 38% were
low, 39% mid, and 23% high.  

4. DISCUSSION
4.1.  CVC context
Figure 1 illustrates that most of the vowels in the CVC context
never exceeded the arbitrary nasalance level of 50% in either
dialect. This outcome is consistent with expectations for this
non-nasal context and agrees with the results of earlier
research on this phenomenon, using similar techniques and
instrumentation [6]. The very small number of cases in which
vowel nasalance exceeded 50% in this context suggests that
this threshold is a reasonable one for experimental studies of
this type.

4.2. NVC context
In this context, the large majority of vowels in both dialects
exhibited carry-over nasalization that tapered off across the
duration of the vowel (Figure 3, pattern 1). The high vowels,
however, were inclined to exhibit carry-over nasalization for
their entire duration and accounted for almost all the cases in
which pattern 2 occurred in the NVC context. The high vowels
also stand out in both dialects with respect to the degree of
nasalance they exhibited (Figure 2) and the percentage of their
duration nasalized (Figure 4). Although these differences
between the high vowels and the mid and low vowels are
significant in both dialects, the high vowelsÕ prominence i s
more noticeable for CE, especially with respect to the
percentage of the vowel nasalized (Figure 4).

4.3. CVN context
In this context, the influence of the nasal consonant caused the
majority of vowels in both dialects to exhibit levels of
anticipatory nasalization above 50% across their entire
duration (Figure 6, pattern 2). Only a minority of vowels
exhibited pattern 1, in which anticipatory nasalization
increased across the duration of the vowel. The tendency for
the high vowels to exhibit higher levels of nasalance than the
low and mid vowels (Figure 5) and to be nasalized across a
larger percentage of their duration (Figure 7) was significant
only in the CE sample. The high vowels of the SAE sample
certainly exhibited anticipatory nasalization for most of their
duration, but the tendency for all the vowels to be saturated
with anticipatory assimilation nasality was so extensive in
SAE that it masked any differences among high, mid and low
vowels.

4.4. Carry-over (NVC) versus Anticipatory (CVN)
nasalization patterns
Figures 4 and 7 compare the percentage of the vowel nasalized
in both dialects for the NVC and CVN contexts, respectively.
In both dialects, anticipatory assimilation nasality is more
extensive than carry-over assimilation nasality.  It also
appears that assimilation nasality is generally more pervasive
in SAE than in CE, regardless of the vowel, with the notable
exception of high vowels in NVC tokens, where CE exhibits
much higher nasalization than SAE.  

4.5 NVN context
In this context, most of the vowels in the samples for both
dialects were nasalized throughout (Figure 9, pattern 2).  This
was especially noticeable in SAE (87% of tokens) compared to
CE (63% of tokens).  This likely reflects the SAE dialect's
tendency toward generous assimilation nasality patterns,
especially in anticipation of a nasal consonant.  The
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alternative nasalization pattern in this context (Figure 9 ,
pattern 1) exhibits nasalance that is above threshold at each
end of the vowel and dips below threshold during the vowel's
mid-portion. In both dialects, the majority of tokens in which
this pattern was observed included low and mid vowels.  The
high vowels were least likely to exhibit this pattern.

4.6 Nasalance patterns and vowel height
The high vowels in the speech samples of these two dialects of
English exhibited significantly higher nasalance levels than
mid or low vowels in the NVC, CVN and NVN contexts.  As
well, the percentage of the vowel nasalized was always more
extensive in the high vowels than in the mid or low, with the
exception of the SAE sample in the CVN context, where
distinctions among the vowels, regardless of height, were
masked by almost pervasive anticipatory assimilation
nasality.  The higher levels and longer durations of
assimilation nasality observed for high vowels in both
dialects can be interpreted in terms of vocal tract impedance.
The measurement of nasalance via the acoustical sampling
method and equation used here is a function of the relative
impedances of the oral and nasal cavities during vowel
production.  Nasalance values tend to be high when oral
impedance is relatively high (as during the production of high
vowels), and lower when oral impedance is relatively low (as
during the production of mid and low vowels).  Oral tract
configurations that influence oral impedance ultimately
influence the oral component of the nasalance equation and its
outcome. For high vowels, then, where oral impedance is high
(because of high tongue and close mandible positions), the
oral energy component of the equation [nasalance = nasal
rms/(nasal + oral rms)] would be reduced, and the resulting
nasalance value increased (assuming no change in nasal
energy) [7]. This rationale is also consistent with spectral and
perceptual analyses of nasal coupling on vowels of different
heights.  The spectral envelopes of high vowels are markedly
affected by small nasal coupling, whereas vowels with a more
open tract configuration are much less affected by small
degrees of coupling [2]. This observation agrees with
listeners' judgements that the amount of nasal coupling
necessary for the perceptual identification of nasalization i s
almost three times as much for low vowels as for high ones
[4].

5. CONCLUSIONS
These results, coupled with those of previous studies using
similar acoustical instrumentation and analyses, attest to the
robustness of the relationship between the extent of
nasalization and vowel height.  Such results encourage further
exploration of this relationship in other dialects and
languages. If it is truly a passive phenomenon associated with
relative acoustical impedances, it may prove to be universal in
the assimilation nasality patterns of vowels in the context of
nasal consonants.

In addition, such results inform the clinical practice
of speech-language pathology. Diagnostic methods based on
acoustical and perceptual measures must control for phonetic
context in speech samples obtained from persons suspected of
having resonance disorders, if clinicians are to distinguish
signs of assimilation nasality reliably from hypernasal
resonance and make valid diagnostic decisions.  

Further study of this relationship also would be useful
to reconcile these results based on acoustical analyses with
those of other studies that have used biomechanical [1] or
aeromechanical [8] methods to investigate the behavior of the
velopharynx during vowel production in the context of nasal
consonants, and with the body of experimental work on the
perceptual reality of this phenomenon, which remains
somewhat ambiguous [3].

Finally, these findings should be kept in mind in any
attempt to resolve the apparent contradictions that have been
observed in historical studies that link nasal vowel formation
and evolution with vowel height [3].
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ABSTRACT 

This paper presents preliminary results on difference li- 
men for articulatory parameters. An articulatory based 
speech synthesizer, TRACTTALK, is utilized to gen- 
erate speech stimuli. Each time only one articulatory 
parameter is altered by a small amount. The synthetic 
speech is then randomized and presented to a group of 
listeners in the AB form. As expected, the results show 
that not all small changes in articulatory parameters 
are perceptually noticeable. The observed perceptual 
limen for articulatory parameters is comparable to that 
for acoustic parameters. The results have been used to 
guide the parameter optimization step in a voice mimic 
system. It is hoped that these results can also be use- 
ful for understanding required accuracies when coding 
or storing articulatory paramet 
vocal-tract imaging data. 

)ers, and when processing 

1. INTRODUCTION 

Various speech processing technologies necessitate pa- 
rameterization of the speech waveform. Cepstrum co- 
efficients (including their derivatives and variants) are 
to date commonly used in speech and speaker recogni- 
tion. Renewed efforts have recently been made to use 
more compact description of speech information with 
the help of articulatory-based speech synthesizers. Of- 
ten the articulatory parameters are estimated by means 
of the analysis-by-synthesis technique or the voice mim- 
icking system [l, 2, 31. More specifically, the mimic 
system utilizes an articulatory-based speech synthesizer 
to generate synthetic speech, which moment by mo- 
ment is adapted to arbitrary speech input, see Figure 1. 
The perceptually-weighted spectral difference between 
the input and synthesized speech is minimized by op- 
timizing the underlying articulatory parameters until 
the difference is driven below a predetermined thresh- 
old. The optimization is in general a complex and time- 
consuming task because the mapping from acoustics to 
vocal-tract configurations is known to be not unique and 
nonlinear. 

In order to help optimize articulatory parameters, 
this paper attempts to determine their perceptual li- 
men such that incremental search steps can be rea- 
sonably chosen. First, an articulatory speech syn- 
thesizer, TRACTTALK, is described in some detail. 
TRACTTALK simulates the vocal tract based on prin- 
ciples of linear acoustics, and incorporates many known 
features such as wall impedance, surface losses, radi- 
ation impedance, sinus piriformis, nasal sinuses, sym- 
metry/asymmetry of the nasal tracks, and interac- 
tion between the voice source and the vocal tract. 
TRACTTALK also provides parametric models for de- 
scribing the vocal tract area function in terms of the 
minimum area, its location, the lip opening, the velum 
opening, the tongue tip elevation, and the overall length 
of the vocal tract. 

Sounds are synthesized with one varying parameter 
at a time. In this paper, three parameters are studied: 
(1) the vocal tract minimum area, (2) its location, and 
(3) the lip opening. The resultant sounds are then ran- 
domized and presented in the AB form to a group of 
graduate students. The students are asked to decide if 
they have heard the same sound or different. The re- 
sults show that the perceptual limen for a parameter is 
not fixed. Rather it depends upon its initial value and 
the value of other (fixed) parameters. For instance, the 
front vowels are more sensitive to change in the posi- 
tion of the minimum vocal tract opening than the back 
vowels are. When converting to formant frequency, it is 
found that the limen observed here is roughly compara- 
ble with that of [4]. 

This paper is organized as follows. A description of 
the articulatory speech synthesizer, TRACTTALK, is 
given in Section 2. Experimental results are discussed 
in Section 3. A summary is provided in Section 4. 

2. ARTICULATORY SYNTHESIZER: 
TRACTTALK 

Figure 1 depicts the block diagram of voice mimicking. 
From Figure 1, it is seen that speech can be represented 
with different descriptions, from text through articu- 
lation to acoustics. An articulatory description offers 
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Figure 1: Block diagram of adaptive voice mimic. 

an intermediate and effective solution. An articulation- 
based synthesizer has the potential to allow for a greater 
flexibility in adjusting for individual speaker types and 
speaking style, more convenience and effectiveness in 
specifying and interpolating control parameters, inclu- 
sion of the interaction between the voice source and the 
load of the vocal tract, and improved sound quality. 
Compared to acoustic parameters, articulatory parame- 
ters generally vary continuously at slower rates. On the 
other hand, a text level description is still too ambi- 
tious to handle because it further requires a complex 
conversion from text input to articulatory controls. 

A comprehensive articulatory speech synthesizer is 
very important to the success of voice mimicking sys- 
tems. The synthesizer we have used is the one devel- 
oped at KTH and at Rutgers, TRACTTALK [5, 6, 31. 
The features of TRACTTALK include: 

l all major components of the speech-producing sys- 
tem, such as the tracheal tubes, larynx, pharyngeal 
cavities, oral chambers and nasal passages 

l radiation impedance at the radiation ports (such as 
the lips, the nostrils) 

a the nasal sinuses and the asymmetry of the nasal 
passages 

l the surface losses (viscous loss and heat conduction 
loss) 

l the wall impedance and sound radiation from the 
yielding walls 

l for fricative sounds, the specification of the friction- 
source location 

l inner radiation when the cross-sectional area 
changes abruptly between contiguous sections 

t 

A0 

I 

cm 

I1 I I I I I I I I I I I I I II 
0  3  6  

Vocal cords 

Figure 2: An example of the vocal tract area function 
generated by TRACTTALK. 

l the sinus piriformis 
a increase in the length of the air passage due to an 

extremely displaced tongue body 

Furthermore, TRACTTALK includes a vocal-tract 
area model controlled by a few articulatory parame- 
ters (the minimum vocal-tract area, its location, the 
lip opening, the velum opening, the tongue tip eleva- 
tion, and others). It also enables the simulation of the 
acoustic interaction between articulation and phona- 
tion [5]. 

TRACTTALK simulates the vocal tract acoustics 
in the frequency domain. This technique is now well 
established. The reader is referred to Fant [7] and Lin [5] 
for more details about basic principles of the vocal-tract 
modeling. From the frequency-domain simulation, the 
transfer function, H(w), between the radiation port(s) 
and the exciting source(s) can be derived. 

In order to synthesize speech output the transfer 
function, H(w), needs to be converted to the impulse 
response, the time domain equivalent. There are sev- 
eral ways to perform the conversion, for example, the 
inverse Fourier transform [2]. In TRACTTALK, H(w) 
is first decomposed into the zero part and the pole part. 
Normal modes of H(w) are then calculated. The de- 
composition ensures that the calculation of poles is not 
contaminated by adjacent zeros, and vice versa. The 
next step is to determine residues at the poles and H(w) 
can consequently be represented by a partial fraction ex- 
pansion series. It is sufficient to only include the first 
few terms of the expansion within a given range of fre- 
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quency. Five terms are often attained for vowel sounds. 
- Each term in the series actually corresponds to a for- 

mant generator and can be specified with a second-order 
digital filter [S]: 

yn(i) = ~*z(i)-a~=x(i-l)+b~*y~(i-l)-ba~Y~(i-2) (1) 

where the subscript n stands for formant index. y(i> 
denotes the output and x(i) denotes the input. 

The sum of the output from individual formant gen- 
erators forms the total output: 

N 

y(i) = x Y&l (2) 
n=l 

or in other words, formants are connected in parallel. 

3. EXPERIMENTAL RESULTS 

3.1 Set-up 
To determine the difference limen for articulatory para- 
meters, TRACTTALK is used to generate speech stim- 
uli. In this paper, only three parameters are examined 
for the production of vowels. They are the minimum 
area of the vocal tract (A,), its location (X,), and the 
lip opening (Lo/Ao). These three parameters are de- 
fined in Figure 2. Other parameters are introduced to 
cope with more complex vocal tract configurations and 
are usually set to default constants. The overall vocal 
tract length in the following experiments is set to 17.5 
cm. 

Two types of glottal excitation are provided in 
TRACTTALK. One is the LF model, and it is noninter- 
active. The other type is an interactive glottal source 
which takes into account the nonlinear effects between 
the vocal tract load and the glottal source. In the exper- 
iments described below, the noninteractive LF model is 
used as the input x of Eq. (1). The values of LF pa- 
rameters are taken from the result of inverse filtering 
an adult male speech. It should be noted that the LF 
model simulates the derivative of the glottal flow, and 
hence already incorporates a differentiator. 

Several anchor positions are chosen, and the three 
articulatory parameters are perturbed in the vicinity 
of the anchors. In this paper, we only consider three 
anchors of X, = 4,8, and 11 cm. A, and lo/A0 are each 
fixed to two values to produce three combinations. X, 
is slightly altered in a step of 0.3 cm to cover a dynamic 
range of about It2.0 cm from the anchor. 

Synthetic speech for each chosen vocal tract config- 
uration is then generated. The stimuli are randomized 
and presented in the AB form to a group of graduate 
students (7 males and 5 females). The subjects have 

to make a forced decision whether a pair of two vowels 
sound the same or differently. 

3.2 Results 
The listening results are plotted in Figure 3. The solid 
curves are for female, 
and the dashed curves 

the dotted curves are for male, 
are for th .e pooled resul .ts. It 

is seen that in most cases the difference between the 
three curves are small. 0 denotes that no subjects dis- 
criminate the paired sound stimuli, and 100% denotes 
of course that all subjects discriminate the stimuli. 

Figure 3 shows that the back vowels (larger X, 
values) are less sensitive to changes in X, than the 
front vowels. The sensitivity of front vowels increases 
slightly when A, decreases. The increased sensitivity 
at X, = 4 cnz may be due to the fact that it is next 
to the location of the maximum Fz and Fs proxim- 
ity [7]. Around this location both Fs and F3 change 
substantially as a function of X,. The smaller A, is, 
the more apparent change in Fz and F3. As a result, a 
slight change in X, can be more easily detected. In ad- 
dition, increased lip rounding also causes F2 and F3 to 
change more substantially as X, varies around the prox- 
imity. This increased discriminability is clearly seen in 
the middle panel. It is also noted that the cavity-mode 
affiliation changes when passing the maximum F-J and 
Fs proximity. Such changes may have additionally con- 
tributed to the increased discriminability for X, = 4 cm 
because of changes in bandwidths. 

Furthermore, Figure 3 shows that in all cases ex- 
amined human speakers are not able to to discrimi- 
nate a change of -+0.3 cnz in X,. For X, = 8 cm and 
x, = 11 cm, a change of rt0.6 cm in X, does not war- 
rant a noticeable difference perceptually. 

We have also examined corresponding changes in 
formant frequencies (not shown here). It is found that 
the results are roughly comparable to the just noticeable 
difference for the acoustic parameters reported in [4]. 

4. SUMMARY 

In the above, we have described an articulatory speech 
synthesizer, TRACTTALK. The synthesizer is used to 
generate speech stimuli to experimentally determine the 
difference limen for articulatory parameters. We have 
shown discrimination curves for vowel-likes configura- 
tions for three anchors of X, under three combinations 
of A, and Zo/Ao. The results have been reported and 
discussed in Section 3.2. 

It is important to note that this study uses sus- 
tained sounds. It has been shown, in the case of 
pitch perception, the differential threshold increases in 
a dynamic 
tal source 

situation PI. -u se of an interactive glot- 
may also modify the discrimination curves 
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Figure 3: Just noticeable difference for X,. Top: 
A = 0.65 cm2 and lo/A0 = 0.25 cm-‘; Middle: A, = 
0.65 cm2 and Zo/Ao = 1.0 cm-‘; Bottom: A, = 1.2 cm2 
and In/A n = 0.25 CT-&. 

slightly. Nonetheless’ sustained sounds establish the 
lower bound of just noticeable difference and there is 
no need to require a description accuracy or “fidelity 
criteria” below that bound. The described experiments 
can be extended to other dimensions of the articulatory 
space. 

We have successfully used the presented results to 
guide the design of the codebook relating articulatory 
parameters and acoustics characteristics. The codebook 
is for selection of an initial vocal tract shape for iterative 
voice mimicking. We have also used the results to guide 
the optimization step of our voice mimic system. It is 
hoped that the results can be utilized to interprete the 
quanta1 theory of speech production [lo]. 
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ABSTRACT

An automatic system, Rasta-PLP and Recurrent Neural
Network based, for classifying vowels, fricatives and nasals
from TIMIT has been built up. A new philosophy based on the
idea to use a short piece of the available signal was
implemented in the preprocessing phase. This allowed to save
memory space and computational time. On the testing data, the
results gave the 98.5% of correct classification for vowels and
fricatives, and the 97% of correct classification for nasals.
These results are significant considering that they have been
obtained using only 30 msec of the signal available.

1. INTRODUCTION
The aim of the research on automatic speech recognition is to
build up simple  recognizers yielding credible performance.
Two fundamental problems must be faced: 1) the encoding of
speech signal before to attempt its recognition, 2) the signal
classification. The starting point for both the problems is what
kind of speech segment we want to recognize. In the case of
large vocabulary, recognition must definitely rely on phoneme
or phoneme-like sub-units. The attraction is that if accurate
identification of vowels and consonants could be made, the
recognition of words and sentences could be resolved
automatically.
In the area of phoneme encoding the problem is that there is
indeed very little information in the waveform that can be
immediately used for recognition. This is mainly due to the
mixture of what depends on the speech content together with
what depends on the speaker or on the prosody (speed and
intonation). Several analyses in the frequency domain that
allow to some extent, to  separate speech content from
irrelevant information have been proposed, such as filter bank
analysis, smoothed spectrum, cepstral analysis, linear
prediction coding [1]. PLP and RASTA-PLP [2, 3], analyses
also have been introduced to improve the behavior of speech
recognition systems over phonemes. These algorithms related
to physiological observation on speech hearing and, at the
moment, they seems to better capture relevant information
from small speech segments such as phonemes. However, the
parameters of these algorithms generally use default values,
which are the same for all the phonemes without taking into
account the different nature of such segments. This results in
acoustic parameters whose robustness depend on the
preprocessing parameters.
In the area of phonemes classification new tools have been
introduced, such as neural networks [4,5,6] and they were
justified by their potential of providing  massive parallelism,
adaptation and new algorithmic approaches to the problem. The
initial studies demonstrated that MLP (Multilayer Perceptron),

with time delay units, provide excellent discrimination on
smaller samples of pre-segmented words (consonants and
vowels) which are otherwise hard to discriminate. However, to
obtain such results they used elaborated network architecture
and a specific set of data (based on utterances produced by a
small number of speakers). Other attempts to realize similar
performance using different databases (like TIMIT) and even
phonetic units (like vowels) which are much easier to
discriminate did not give the same results [1,8].
The present work approaches the phoneme recognition problem
using data extracted from the multi-speaker continuous TIMIT
database. It exploits (for the encoding problem) a modified
version of the Rasta-PLP preprocessing algorithm and (for the
classification problem) a neural classification approach based
on a  Recurrent Neural Network architecture. Moreover, it also
exploits the knowledge of the acoustic and perceptual features
which characterize speech segments such phonemes  (at
moment we are considering vowels, fricatives, and nasals).
Combining these aspects, the classification percentages
obtained (on the testing data) are better than those reported  in
the previous works of Zue [9],  Bengio [10],  Flammia [11],
Esposito et al.  [12, 13]. These authors also tried to recognize
consonants extracted from TIMIT, obtaining the recognition
percentages of 65%, 70%, 75% and 90% respectively. These
results were obtained with different and sometimes complex
procedures. The present work aims to improve these previous
classification performances. The reported experiments are
performed on  fricative and nasal consonants and on a subset of
American English vowels. Moreover, it aims to reduce the
memory space necessary for storing the preprocessed data and
the computational learning time.

2. THE SPEECH DATA STRUCTURE
The English phonemes used to train and test the net were
extract from TIMIT database. This database is composed of
English sentences produced by speakers from different
demographic regions of US. Each speaker read ten different
English sentences. Each sentence was labeled phonemes by
phonemes. Our data are extract from such sentences. The
sentences are different from one speaker to another. A total of
253 speakers (181 males and 72 females ) produced the data
used to train and test  the net. The speakers belonged to
different US region (dr1-dr2-dr3 in TIMIT) and consequently
showed different dialectal influences. The size of the training,
validation, and testing sets is reported in Table1 for each
phoneme.

3. THE PREPROCESSING PHASE
The speech signal was processed using the Rasta-PLP
algorithm[6].  PLP analysis uses concept from psychophysics
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Fricatives #[dh] #[f] #[sh] #[z] #[v] #[s]
Training 969 780 739 1233 680 2587

Validation 208 165 158 265 145 554
Testing 208 165 158 265 145 554
Vowels #[iy] #[ae] #[ao] #[ux] #[ax] #[axr]
Training 2028 1168 811 527 1071 1018

Validation 676 389 269 175 357 339
Testing 676 389 269 175 357 339

Nasals #[n] #[m]
Training 2050 1156

Validation 684 384
Testing 684 384

Table1. Size of the training, validation and testing sets.

of hearing in order to derive an estimate of the auditory spectrum.
Rasta-PLP adds a spectral band-pass operation to PLP analysis in
order to obtain acoustic features, which are robust to
distortions.Some parameter values of this algorithm where
modified  in order to capture some acoustic features of the
phonemes. Indeed, the speech signal was sampled at 16 kHz
instead of 20 kHz as in the original algorithm, weighted by a
Hamming window 10 msec long (20 msec in the original
analysis) and each succeeding frame of a phonetic segment
overlaps with the preceding frame by 5 msec (10 msec
originally). This analysis provided nine acoustic features (8
coefficients plus gain) at the rate of 100 frames/sec. A novelty
based on the following considerations  was introduced in the
preprocessing phase: the vocal tract is a time varying  system
producing a non-stationary signal, speech signal need to be
analyzed on a short-time window, the duration of which is
defined by the time constants of the articulatory apparatus (order
10-20 msec). This means that 20 or 30 msec of signal should
contain enough acoustic information about the speech segment
under examination. Therefore, only 30 msec of the signal
available was used as input to the net. Moreover, the net
performance was tested on two set of data: those obtained from
the first 30 msec of the speech signal and those obtained from the
central 30 msec of the speech signal. The aim was to test which
part of the signal contains more information on the phoneme
identity.

4. THE RECURRENT NEURAL NETWORK
ARCHITECTURE

To perform the classification task, we used a Recurrent Neural
Network [14, 15] which have turned out to capture the
relationships among sequences of acoustical events under
translation in the time of signal window that is being examined.
The network architecture consisted of an input layer (of 54 units),
a hidden layer (consisting of 48 units for fricatives, 50 units for
vowels, and 16 units for nasals) and an output layer (of 6 units
for vowels and fricatives, and 2 units for nasals).  The output
layer was connected back to the hidden layer. The network was
trained using an on-line back-propagation algorithm for partial
recurrent networks included in the SNNS neural network package
[17].

5. CLASSIFICATION  EXPERIMENTS
A set of experiments was carried out in order to test how the net
performances could be affected by quality of the data. To this
aim the net was trained once with data obtained through the
preprocessing of  the first 30 msec of the signal and once again
with data obtained from the preprocessing of the central 30 msec
of the speech signal. Five simulations were performed for each
set of data using the same network architecture. The averaged
results are reported below for each class of phonemes under
examination.

5.1. Experiment 1: fricative’s classification.
The first experiment was carried out on the fricatives [dh, f, sh, z,
v, s]. The net was first trained using as input the acoustic vector
resulting from the preprocessing of the first 30 msec of the signal
and then using the acoustic vector resulting from the
preprocessing of the central 30 msec of the speech signal . The
data were preprocessed using a window length of 10 msec and an
overlapping step of 5 msec. Table 2 reports the experiment
results on the training, the validation,  and the testing data. The
results reported are the averaged percentages over 5 simulations.
The standard deviation is also reported.
The results reported in Table 2 are very good when the data are
obtained from the initial 30 msec of the speech signal. The net
performs better than the TDNN reported by Waibel [5,6,7] and
by Esposito et al. [12, 13] and better than the Gamma MLP
network reported by Lawrence et al. [16]. However, when the
central 30 msec of the speech signal are used,  the  phonemes [z]
and [v] are confused. Since the net parameter and the network
architecture were the same, this different behavior could be
attributed to the differences existing in the data. The central 30
msec of these fricatives do not contain enough information to
allow the net to generalize.

5.2. Experiment 2: vowel’s  classification.
The second experiment was carried out on a subset of the
American English vowels. The vowel are: [iy] as in the word
beet,  [ae] as in the word bat, [ao] as in the word bought, [ux] as
in the word toot, [ax] as in the word about, [axr] as in the word
butter. Table 3 reports the results on the training, the validation,
and the testing data. The results reported are the averaged
percentages over 5 simulations. The standard deviation is also
reported.
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In the case of vowels the best results are obtained when the set of
data are extracted from the central 30 msec of the speech signal.
In such case, the net generalizes very well  and the classification
performances are very good either on the training, the validation,
and the testing set. When the set of data extracted from the first

30 msec of signal is used, the net is unable to learn all the vowels
and in particular the vowel [ux] which is mostly confused with
the vowel [iy]. This result is expected since the vowels [iy] and
[ux] are very similar, expecially at the vowel onset.

Results obtained on the first 30 msec of the speech signal
Training [dh] [f] [sh] [z] [v] [s]
99.6%
0.01

99.35%
0.03

98.5%
0.15

99.5%
0.07

99.9%
0

99.7%
0

99.95%
0.01

Validation [dh] [f] [sh] [z] [v] [s]
98%
0.12

97.8%
0.41

92%
0.9

98.8%
0

98%
0

98%
0.3

99.3%
0.2

Testing [dh] [f] [sh] [z] [v] [s]
98.5%

0.3
98.7%

1.8
96%
0.33

97%
0.28

98%
0

99.3%
0

99.3%
0.09

Results obtained on the central 30 msec of the speech signal
Training [dh] [f] [sh] [z] [v] [s]

99.7%
0.01

99.5%
0.05

98.8%
0.15

99.8%
0

99.8%
0

99.7%
0

99.8%
0

Validation [dh] [f] [sh] [z] [v] [s]
72%
0.17

100%
0

94%
1.4

98.7%
0

0%
0

0%
0

99.6%
0

Testing [dh] [f] [sh] [z] [v] [s]
72%
0.21

100%
0

95.8%
0.6

97.5%
0

1%
1,13

0%
0

99.6%
0

Table 2. Averaged net classification performance (for fricatives) on the training, validation, and testing data. The net was trained for
1300 epochs in all the five simulations and for both the set of data. Also reported is the standard deviation.

Results obtained on thefirst 30 msec of the speech signal
Training [iy] [ae] [ao] [ux] [ax] [axr]

91%
0.08

99.8%
0

99%
0.12

99.6%
0

1.5%
0.52

98.5%
0.55

97.2%
0.38

Validation [iy] [ae] [ao] [ux] [ax] [axr]
96.9%

3.2
97.2%
2.86

99.2%
0

98.65%
0.2

82%
37

98.9%
1.25

97.6
0.20

Testing [iy] [ae] [ao] [ux] [ax] [axr]
97.7%
0.42

100%
0

99%
0.1

98.6%
0.3

99.6%
0.3

96%
2.6

91.46%
0.58

Results obtained on the central 30 msec of the speech signal
Training [iy] [ae] [ao] [ux] [ax] [axr]
99.6%
0.07

100%
0

99.8%
0.04

99.6%
0

99.6%
0.19

99.5%
0.11

98.3%
0.52

Validation [iy] [ae] [ao] [ux] [ax] [axr]
99.4%
0.04

100%
0

99.7%
0.20

99%
0.20

99%
0

99%
0.15

99%
0.13

Testing [iy] [ae] [ao] [ux] [ax] [axr]
98.4%
0.28

100%
0

99.7%
0

99%
0.16

100%
0

95.3%
1.83

96%
0.44

Table 3. Averaged net  classification performances (for vowels) on the training, validation, and  testing data . The net was trained for
1350 epochs in all the five simulations and for both the set of data. Also reported is the standard deviation.

5.3. Experiment 3: nasal’s classification.
The third experiment was carried out in order to test the net
classification performances for [m,n]. Table 4 reports the results
on the training, validation,  and testing data. The results reported
are the averaged percentages over 5 simulations. The standard
deviation is also reported.

The best network performances are obtained on the data extracted
from the first 30 msec of the speech signal suggesting that for
nasals, as for fricatives the part of the speech signal that contains
more information on the identity of the consonants is the onset.
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6. DISCUSSION AND CONCLUSION
This study introduces a simple and efficient methodology for
classifying complex phonemes such as vowels, fricatives and
nasals. It also suggests that it is possible to reduces the amount of
useful data to obtain good classification’s performances.
Furthermore, this reduction allows to save memory space and the
computational time required to train and test the network. From
an acoustic point of view it is interesting to note that the
experiments performed suggested that the spectral features which
bring information on the phonemes identity can be extracted from
a small piece of the speech signal (the first 30 msec for fricatives
and nasals, the central 30 msec for vowels). This is very
important for applications, since  an algorithm which  is able to
extract features from speech segments  can works better on a

Results obtained on the first 30 msec of the
speech signal

Training [n] [m]
97%
0.7

98%
1

94%
0.04

Validation [n] [m]
97%
0.92

99%
0.12

93.3%
1.37

Testing [n] [m]
97%
0.48

99.7%
0.72

91%
0.96

Results obtained on the central 30 msec of
the speech signal

Training [n] [m]
97%
0.5

99%
0.9

94%
0.26

Validation [n] [m]
82.4%
10.6

99%
0.06

53%
29.56

Testing [n] [m]
90%
10.5

93%
9

84%
15.8

Table 4. Averaged net classification performances (for nasals) on
the training, validation, and testing data. The net was trained for
364 epochs in all the five simulations and for both the set of data.

Also reported is the standard deviation.

small piece of signal instead of a longer one.  Moreover, the
preprocessing of only 30 msec of signal avoids  to the algorithm
to extract acoustical features which can belong to adjacent
phonemes. The suggested network architecture allows a better
generalization of the problem, and a big  improvement of the
classification perfomances with respect previous results reported
in literature [ 5, 6, 7, 9, 10, 11, 12, 13, 16].
Considering the database from which the phonemes’ features
were extracted and the variability present in the data (since the
speakers comes from different USA regions) the performances
obtained are particularly good and can only slightly  be improved
in a future work.

In fact, the results on  the testing data gave the 98.5% of correct
classification for vowels and fricatives, and the 97% of correct
classification for nasals. Classification experiments using other
phonemes, such as stops, affricates and the entire set of English
vowels will be object of a future work.
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ABSTRACT

We describe a new model of CASA labelling which assigns to
each time-frequency region a probability "clean" enough to feed
a multistream recogniser only adapted to clean data. This
labelling process is based on the harmonicity of the speech.
The probability is evaluated according to a SNR-feature
mapping and the choice of a SNR decision threshold. This
allows an extension of a previous method [1] based on the
binary detection of noisy time-frequency regions, followed by
partial recognition of clean regions. The labelling process i s
adapted to a new multistream recognition approach [5], since
the previous probabilities serve to weight the streams'
posteriors.     

1. INTRODUCTION
We propose to label the time-frequency representation after an
analysis of primitive features of the speech, such as
harmonicity or binaural cues. First, the CASA (Computational
Auditory Scene Analysis, see [9]) approach is based on the
definition of multiple representations of the signal allowing the
extraction of this fine information. This is the representational
aspect of CASA. But one main hypothesis grounding the
development of CASA models is based on Gestalt principles
(this is a particular interpretation of these principles): both
segregation and grouping of characteristics belonging to
different sources are supported by an auditory processing step
preceding further stages such as phonetic identification. The
natural robustness of human perception is entirely attributed to
a low/intermediate level of processing able to perform the
auditory scene analysis by itself. However, we assume that : ( 1 )
A crude application of Gestalt ruled-based principles has never
shown results with real world signals; (2)  the integrative role
of Gestalt for the human perception of the speech is doubtful
[8]. In order to find a compromise useful for performing robust
speech recognition on the basis of the first (representational)
CASA principle we want to preserve, we propose to weaken this
function attributed to the auditory step:
The auditory level is able to extract information which is not
well integrated in the input time-frequency representation,
thanks to its representational properties, but we assume it is not
able to produce the grouping of phonetic features by itself.

Therefore, our goal is not to model the whole auditory
organisation process and the segregation of concurrent sources
(speech+noise or multiple speech) without appealing to the
phonetic levels, as most of the CASA models do. We limit the
task to the robust identification of speech, at the word level in
our simulations, embedded in non stationary noise.

Here, the role we assign to the auditory analysis step is to
differentiate components of a target speech and interfering
components as noise. TF is the reference representation and a
labelling process is performed in parallel (Fig.1). This is based
on a second representation of the same signal. The TF "acoustic
information" is addressed to the recognition module together
with the labelling information (Fig. 1, arrow 2). This is an
improvement of a classical solution (Fig. 1, arrow 1) that
consists in enhancing the features specific to the target source
(i.e., to perform speech enhancement) or segregating
interfering sources before recognition (i.e., as most of the
CASA models of source segregation do). In Figure 1, the ASR
module includes a statistical recognition model which works at
the phonemic level and produces posteriors P(qk|X), qk the set
of phonemes, for each time-frame. The time-frames have a
duration corresponding to the average phoneme duration, and
they are parameterised in order to feed the recognition module
with acoustic vectors.

TIME-FREQ

LABELLING

ASRDATA

1 2

Figure 1 : Principle of CASA labelling. The input of the
recognition process (ASR) is a time-frequency representation of
the speech data. A labelling process compatible with this
representation is performed in parallel. These estimates could be
used in order to produce an enhancement of the speech directly
(1)  or can be addressed to the recognition step (2) , as we
propose here.

First, the acoustic vectors feeding such a statistical
recognition model are produced by an appropriate pre-
processing of the time-frequency (TF) representation. For
example, the RASTA-PLP pre-processing technique [6]
integrates TF in time, as well as in frequency, in order to
represent the formant trajectories well. Let us remark that, in
current ASR models, this well-integrated TF representation i s
the only source of information used to perform acoustic-
phonetic decoding. The obvious drawback of this integration i s
the loss of fine spectro-temporal information which is a
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potential source of robustness of speech signals. Here, the
CASA labelling step extracts information which is not currently
used by the speech recognition model.

Secondly, the ASR module is adapted to integrate this
labelling information. Three existing techniques, including a
statistical recognition model, are compatible with this
principle: (1)  partial recognition [4], (2)  multistream
recognition [3] and (3)  model decomposition. We will only
discuss (1) and (2) , since they are adapted to be fed by the
labelling information produced from our SNR-feature mapping.
We will show that they are closely related to the nature of this
labelling information.

To progress towards a realistic CASA modelling framework
applied to robust speech recognition, we propose to follow the
same route taken forty years ago for phonetic identification,
when the stochastic characteristics of phonetic features were
taken into account. Hence, the speech signal we hear and see in
the real world is not deterministic, and the low level features are
also variable. Therefore, the probabilistic CASA modelling
style we defend will be compatible with phonetic recognition
models, based on the same principles. So, we will develop this
new approach in a common CASA/ASR framework in which the
signal detection theory and the concept of data reliability have
an important place. Low level characteristics which are not
engaged in the speech recognition process can be analysed in
order to extract information about the SNR, and then to label
speech data to be recognised.

2. HOW TO ESTIMATE THE SNR ?
The goal of the labelling is to inform the recognition module
about the data reliability for the recognition task. Since
obtaining a fine SNR estimation is a difficult problem, a
simplified task consists in localising noisy and clean time-
frequency regions. The feasibility of such a detector was
assumed by the missing data theory [4], which shows how to
recognise the signals from partial information after detection.
The ideal front-end of partial recognition evaluates Boolean
masks: TF regions are labelled 0 for noise or 1 for clean data.
The authors [4] performed a local measure of the SNR, having
noise and signal available separately. Then, they labelled these
data according to a threshold. Failures at the detection level are
not taken into account. We propose to label the TF regions
defined as subband time-frames automatically, and to take into
account the characteristics of this labelling level.

2.1 A measure of harmonicity
This measure is based on a new representation of the same
signal, developed in parallel with TF. After a bark-scaled
filterbank analysis, a harmonic signal appears as a series of
spectral peaks in the low frequency domain (resolved
harmonics). The harmonics produce beats when they are not
resolved, in the high frequency domain. The condition to get a
beating envelope after band-pass filtering is to have at least two
harmonics passing through the filter. If we cut the whole
frequency domain in four equivalent subbands, this condition i s
easily fulfilled, and the evaluation of the degree of harmonicity
of one signal can be based on the same temporal analysis. This
allows a homogeneous processing within TF.

The "degree of harmonicity" is analysed after demodulation.
This is based on half-wave rectification and trapezoidal
bandpass filtering  [0, 90, 350, 1000]Hz in the pitch domain.
Then, we perform a cross-correlation of the envelope also
bounded by the pitch domain. A similar algorithm is classically
used in CASA models or in engineering applications to evaluate
the pitch within several frequency channels. Following the
Gestalt principle of coherence by similarity, the goal of most of
the CASA models is then to group spectral components
according to the coherence of their fundamental frequency. But
we interpret the cross-correlogram differently: we do not extract
the fundamental frequency, but a reliability measure. So, the
parameter which is evaluated from the autocorrelogram is not
the abscissa value of the first maximum taken within the pitch
range [90, 350]Hz, but its normalised amplitude value. This
index, the so-called R1/R0, depends on the harmonicity of the
signal and decreases when the signal is corrupted by noise.

2.2 A SNR threshold
Therefore, a decision process about the reliability of the signal
can be based on this observable R=R1/R0. A signal will be
considered as reliable if it is "sufficiently" clean to be well pre-
processed and recognised. In other words, the signal is reliable
if the SNR exceeds a threshold. The reason is, above this
threshold, the speech features are not masked by the presence of
noise, and a pattern matching technique can be applied. The
recognition module is trained with clean speech and its output i s
reliable only if the SNR is high. If the signal is a priori
harmonic, the set-up of a R threshold value seems to be
satisfactory for differentiating the clean signal from the
corrupted signal, or the (non harmonic) noise. In fact, this
simple method leads to bad results when it is applied locally in
TF regions (hence, we choose a threshold value per subband in
this case). This motivates the development of a more
sophisticated technique in order to get information about the
hidden SNR parameter from the observable R: the SNR-feature
mapping (here, the "feature" is R). Such a mapping of the
relation between observable speech features and the SNR has
been proposed by [10] in order to recover an estimate of the
SNR from noisy data. In our application, the mapping allows to
substitute a SNR threshold for the previous R1/R0 decision
threshold, and then to evaluate the probability of being above
this SNR threshold from the observable R. We will see that the
relationship between these parameters is non-linear. The SNR
threshold Ti is fixed, for each subband i=1..4, according the
degradation of the recognition performance.

2.3 Method of SNR-feature mapping
The goal is to acquire a statistical description of the
relationship between the SNR and the observable parameter R.
During the mapping step, the SNR is the controlled parameter,
whereas it is the hidden variable during use. To build this
statistical representation, white noise is added to a part of
Numbers95 (100 sentences of the training set), silence
excluded. This is repeated by varying the global SNR from -21
to 39dB. The same number of frames is included in this statistic
for each local level of SNRi. A 2D counting histogram is built
for each subband separately. The two axes are: (1)  the effective
SNRi  in each TF region (2)  the Ri estimate. It counts the
number of frames observed for each (SNRi,Ri) levels. A
conditional probability distribution P(SNRi|Ri) is derived from
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this histogram, and then a cumulative density function, in
which a new "threshold axis" replaces the SNRi axis (Fig.2).
Finally, the function Mi which is extracted non-linearly relates
the observable Ri and the probability Pi to be above a given
local SNRi threshold Ti:
Pi=Mi(Ri)=P(SNRi>Ti | Ri)
This function (Fig. 3) is a slice of the previous c.d.f.. The Ti
values are deduced from simulations of subband recognition
performance: this is the point where the degradation of
performance reaches 10%. With the current subband recognition
model, we found Ti = [12, 9, 9, 9]dB.
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Figure 2 : The c.d.f. of subband 3.

−0.2 0 0.2 0.4 0.6 0.8 1 1.2
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

R i

P
 i

M1
M2
M3
M4

Figure 3 : The four Mi(Ri) functions.
3. A LINK BETWEEN PARTIAL AND MULTISTREAM

RECOGNITION
The current work is an extension of a previous demonstration
[1] which was based on the missing data approach. Strictly
speaking, we performed a marginal partial recognition using the
multistream technique, but this model was not realistic for
applications: this was limited to the corruption of one subband,
stationary or not. Each subband roughly carries a formant

trajectory, so, when a subband is deleted, recognition remains
feasible thanks to the spectral redundancy due to multiple
trajectories. But we also remarked that this is limited by the
noise detection performances. In this sense, one of our
"improvement proposals" was to build a probabilistic model of
labelling; i.e., a local estimate of P(label 0) and P(label 1).
These estimates Pi are now available thanks to the SNR-feature
mapping. These carry more information than a single Boolean
mask, but the problem is to make use of this continuous
information. The solution we adopt is based on the multistream
technique.

The aim of the multistream technique is to perform multiple
stream recognition in parallel, since this is not too
combinatorial, and then to fuse the estimates. As proposed by
[7], this allows a better estimate of the posteriors thanks to ( 1 )
the control of the merging process, (2)  a possible integration
of weights or of a heuristic choice of the better streams. The
"full combination" method [5] is a recent development of the
multistream theory that uses a criterion for choosing the values
of the weights, and then performs an additive fusion of
estimates. Let Cj be the event "j is the stream which carries all
the clean speech data". Then the probability P(Cj|X) defines the
weight assigned to each stream j=0..15. This stream level
probability is derived from the previous subband probability Pi
to carry clean data:

P(Cj | X)= Pi¸
iÎSj

(1-Pi')¸
i'ÎSj

in which Sj is the set of subbands included in the stream j, with
label(iÎSj)=1. The Boolean mask B(j) associated to a stream j i s
the binary value of the integer j. Finally, it calculates a
weighted average of all streams' posteriors:

P(qk | X)= P(qk | X,Cj)·
j=0

15

Å P(Cj | X) P(qk | Xj)·
j=0

15

This was interpreted by the authors [5] as a posterior weighting
favouring the cleanest streams relative to the others, i.e. the
weighting remains a function of the data reliability only. Two
remarks allow us to well relate this multistream method to the
partial recognition technique:

(I) The approximation P(qk | Xj,Cj)ÅP(qk | X,Cj) means
that noisy subbands do not carry phonetic information. These
two terms are equal only for one stream, when Cj is true.
Otherwise, this is an approximation. There are two cases: ( 1 )
Cj is false, but the stream j does not include a noisy subband;
this is the aim of marginal partial recognition in using clean
data only [4]; (2) the noise degrades the evaluation of the
posteriors; it is supposed to flatten the distribution of
posteriors P(qk|Xj). Hence, the weights P(Cj|X) lower the
influence of these terms.
(II) If we consider the local noise detector to be imperfect, and
only able to deliver a probabilistic labelling, it turns out that
the same weights represent the reliability of a Boolean
labelling process. Therefore, an optimisation of the partial
recognition method taking into account the reliability of masks
B(j) will consist in averaging each possible marginal
recognition of the full acoustic vector (here, the 16
combinations) by the probability of occurrence of the
corresponding mask B(j), also given by  P(Cj|X). Therefore,
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when the partial recognition is performed with a multistream
method, this exactly corresponds to the previous "full
combination" version of multistream recognition.

4. MODEL DESIGN AND TESTING
4.1 A multistream recogniser
Recognition is implemented with the STRUT software package.
We cut the frequency domain into four bands with little overlap
[216 778]Hz, [707 1631]Hz, [1262 2709]Hz, [2121 3769]Hz.
Four subband recognisers MLP(i) are trained with these
subbands. Their input includes RASTA-PLP features, energy, 1st
and 2nd derivatives. Here, the fusion of the outputs P(qk|Xi) of
each MLP(i) is performed for each time frame in order to evaluate
the posteriors P(qk|Xj) for each of the 15 streams. The
posteriors of the void stream j=0 correspond to the priors P(qk).
Since these four subband recognisers work independently, the
fusion is effected by a product which is corrected to take into
account the number of subbands included in the stream [5]. This
is a reduction of the computationally intensive use of the
effective set of MLP(Sj). So, the recognition estimates are
initially evaluated locally in TF, as well as the reliability
estimates, and then grouped to derive the stream estimates.
Their TF windows are fully synchronous and compatible. We
remark that the "covariance" information is lost in both levels.

4.2 Implementation and testing
During the recognition stage, each of the MLP(i) produces,
frame by frame, a vector of 33 values. These are good estimates
of posterior probabilities; i.e., probabilities of the current
acoustic vector Xi being a member of each of the 33 phonetic
classes. Training and test procedures are carried out using
Numbers95. This is a set of 15000 sentences produced by 1132
speakers and transmitted by telephone, only including numbers.
This is sampled at 8KHz. A HMM is built for each word, also
including probability of transition between the phonetic states,
to select the best word candidate within a limited dictionary and
to correct it. Performance is expressed in WER (Word Error
Rate). The coupling of the two steps, CASA labelling and
Multistream recognition, is achieved with a forward architecture
as shown Fig.1. The frame duration is 125ms, sliding by steps
of 12.5ms. Labelling and recognition are established  for the
center frame of 25ms.

A rectangular band of noise is centred in each of the
subbands previously defined. We establish statistics of the WER
(Tab. 1) which show a strong improvement relatively to the
fullband RASTA-PLP. The model WER is near the result for
partial recognition of the 3 clean subbands (given condition),
and this is better than the blind condition. The gain cannot then
be attributed to the averaging itself.

N s b Clean 1 2 3 4
F u l l 1 1 7 3 8 1 7 5 7 1
G i v e n - 2 3 2 6 3 0 1 7
B l i n d 1 5 3 0 3 8 3 5 2 3
M o d e l 1 6 2 5 3 3 3 2 1 8

Table 1 : % WER statistics over the test database (100
sentences from Numbers95) with stationary noise (9 dB, 300 Hz
bandwidth, centred on non overlapped regions); Nsb: Noisy
subband; Full: fullband RASTA-PLP; Given: partial recognition

on 3 subbands with Nsb excluded; Blind: multistream model with
constant weight 1/16; Model: set-up as described in the text.

5. CONCLUSION
These results show that the CASA labelling step differentiates
clean and noisy regions of TF well on the basis of the
harmonicity of the speech signal. Moreover, the coupling with
a multistream model is a promising way to tackle wideband/non
stationary noises, since (1)  the full acoustic vector is taken
into account at the recognition level, and  (2) the labelling
process is local. The principle of SNR-feature mapping, here
based on harmonicity analysis, can be generalised to other
primitive features. Similarly, the function relating the
reliability of the signal and the Interaural-time-difference (ITD)
has been built [2]. This allows two speakers (and then mixtures
of harmonic sounds) to be differentiated according to their
different azimuth localisations. These independent probability
measures will be easily merged since SNR thresholds Ti are
shared and the TF regions will be compatible. We expect a
cumulative improvement of speech recognition from these
independent CASA labelling processes.
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SPEECH RECOGNITION WITH PHONOLOGICAL FEATURES
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ABSTRACT
The FUL (featurally underspecified lexicon) model of automatic
speech recognition is based on the representation of words in the
lexicon with underspecified distinctive features. The speech signal
is converted from the waveform into an online spectral
representation made up of formants and a few parameters describing
the overall spectral shape. These LPC and spectral parameters are
converted into distinctive phonological features which, in turn, are
compared with all entries in the lexicon. No classification into
segments, syllables, or spectral templates is used for the selection of
words from the lexicon. Comparison of signal features with those
stored in the lexicon uses a ternary system of matching, no-
mismatching, and mismatching features. Matching features increase
the scoring for potential word candidates, no-mismatching features
do not exclude candidates and only mismatching features lead to the
rejection of word candidates. The word candidates are expanded to
include word hypotheses, even without further acoustic evidence,
and are used in the phonological and syntactic parsing that operates
in parallel with the acoustic front-end.

1. THEORY
The speech signal of the same phonetic segment varies across
dialects and speakers — within speakers in certain segmental and
prosodic contexts, and even for the same speaker and context with
repetition, speaking rate, emotional state, microphones, etc. Not
surprisingly, speech recognition with simple spectral template
matching has failed consistently. Any variation in the signal leads to
variation of the spectra that are compared to the stored templates.
Only statistical approaches like Hidden Markov Models based on
large training sets have led to acceptable results, but are still
speaker and transmission-line dependent or operate only with a
restricted vocabulary, syntax, and semantics.

Human listeners seem to be unconcerned by adverse acoustical
conditions and are able to resolve a wide range of variations like
assimilations and deletions with apparent ease. Ambiguities in the
signal, whether they come from random noise or whether they are
linguistic in nature, like cliticizations of words or assimilations are
the norm rather than the exception in natural language. Human
listeners, however, appear not to be worried by adverse acoustic
conditions and indeed, handle “variations” in the signal with ease.
Language comprehension experiments [1, 2] have shown that

listeners extract certain acoustic characteristics reliably but do not
match acoustic details with the lexicon. Rather, the experimental
results are best explained with the assumption that lexical access
involves mapping the acoustic signal to an underspecified featural
representation.

For example, the assimilation of a coronal sound (e.g. /n/) to a
following labial place of articulation (like [b] in “Where could Mr.
Bean be?”) often results in the production of a labial (i.e. “Bea[m]
be”). The reverse is not true, that is, a labial sound does not
assimilate to a coronal place of articulation (i.e., “la[m]e duck” does
not become “la[n]e duck”). Simple articulatory mechanics cannot
account for such behaviour because an articulatory assimilation
would operate in both directions. An explanation can be given by
assuming that coronal sounds are underspecified for place, whereas
labial and dorsals are not: the labial place of articulation spreads to
the preceding coronal sound (if the language has regressive
assimilation) because that sound is not specified for place. On the
other hand, the specification of a labial place prevents the place
features of an adjacent sound from overriding this information.
Consequently, coronal sounds can become labial (or dorsal), but
labial (or dorsal) sound cannot change their place.

This explanation is straightforward for speech production, but
what about speech perception? How can a realisation of “gree[m]” in
a labial context (like “bag”) or “gree[N]” in a dorsal context (like
“grass”) lead to the access of the word “green” in the lexicon?
Normally, “gree[m]” and “gree[N]” are nonwords in English. And,
at the same time, how should a mechanism be constructed to allow
the activation of the word “bean” as well as “beam” if the acoustic
input is “bea[m]”, when “bean” is a word of the language? Human
listeners handle these asymmetries (and many other assimilatory
effects) within and across words without noticing it, as reaction-time
experiments have shown [4]. The solution to these seemingly
contradictory requirements can be obtained (i) by assuming an
underspecified representation in the lexicon, where certain features
(like the place feature [coronal]) are not stored in the lexicon (in
speech production, segments with unspecified place are generated
with the feature coronal by default) and (ii) by postulating a ternary
matching logic in the signal-to-lexical mapping.
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2. SYSTEM DESCRIPTION
Fig.1 displays the general layout of the FUL system. The speech
signal is converted into distinctive phonological features. The
conversion operates speaker-independently and without prior
training. This module is described in [3]. Once the features are
extracted the system never re-evaluates the acoustic signal, i.e. there
is no close phonetic investigation of the signal to verify or falsify
word hypotheses. The extracted features are compared with the
stored feature sets of the 50000 base form word lexicon whenever
the set of computed features changes. This lexicon contains
segmental, morphological, semantic, and other information for each
word, but for the comparison with the information computed from
the acoustic front-end only their representation by phonological
features is used. That is, a word like “bean” is represented with
three slots of feature sets:

b i n
[cons] [vocalic] [cons]
[labial] [nasal]
[voice]

[high]

This comparison between the features from the signal and the
features stored in the lexicon uses a ternary logic that is described in
§2.1. This process handles within and across word assimilations and
can deal with a certain number of dialectal variants. The entire word
is activated as a possible candidate if the feature sets of the initial
part of a word do not mismatch with the feature sets computed from
the signal. Furthermore, morphosyntactic variants of the activated
words are generated by rule without acoustic evidence. This process
can handle certain reductions and deletions that are common in
fluent speech. Additionally, the initial part of a word obtains a
higher weighting than the later parts (compounds are mostly stored
as individual words with an appropriate marker).

To repeat, acoustic evidence is transformed into a set of speaker
independent distinctive features that activate word candidates.
These word candidates generate word hypotheses without specific
acoustic evidence. The subsequent extracted sets of distinctive
features reject mismatching word candidates and hypotheses. In
addition, if the sequence of already processed feature sets complies
with at least one complete word candidate, another set of new word
candidates is activated.

All word hypotheses together with their stored linguistic
information are fed into the syntactic and phonological parser that
uses additional prosodic and other information. The other
information sources are not used to find word candidates in the
lexicon but are used to exclude unlikely candidates on a higher level
of processing. These ‘higher’ level modules of the system operate in
parallel with the acoustic front-end and lexical access. That is, the
system does not wait until a possible word is recognised by the
acoustic front-end, but operates with incomplete acoustic
information. These ‘higher’ levels of processing are not described in
this paper, which restricts itself to the description of the matching
process and the word hypotheses formation.
2.1. The matching procedure

The distinctive features extracted from the speech signal are
compared to those sets stored in the lexicon. The feature sets are
computed every millisecond from the signal and are compared to the
lexicon whenever the computed feature set changes. (The
construction of the signal-to-feature conversion ensures that
individual features change synchronously, i.e., transitional states
from feature set ‘A’ to feature set ‘B’ are removed by this logic; see
[3] for details.) The matching logic generates match, no mismatch,
and mismatch conditions that are explained below.

The match condition can only occur if both the signal and the
lexicon have the same features. This condition is used for scoring
the word candidates and includes a correction formula to account for
feature sets of different sizes.

Mismatch occurs if the signal and the lexicon have contradictory
features. A mismatch excludes a word from the list of possible word
candidates. Mismatching features can be either contradictory in both
directions (e.g. [high] and [low] mismatch, independent of which is
extracted from the signal and which is stored in the lexicon) or they
can be underspecified in the lexicon but are extracted from the
signal. For example, any one of the place features [labial], [dorsal],
or [coronal] can be extracted from the signal, but only [labial] and
[dorsal] are stored in the lexicon. If the feature [coronal] is extracted
from the signal then it mismatches with the features [labial] and
[dorsal]; for example, if the features extracted from the signal
conform to the sequence of segments [bin] then the word candidate
/bim/ (“beam”) is rejected, as laid out in §1. The other way round,

fea tures  extr act ed from the s ignal  at  one ins tance i n t ime

fea tures  stor ed
in the  lexi con

/m/

/n/

rej ected

candida te

[cons ] [corona l][nasa l]

[cons ] [labi al][nasa l]
ma tch mismatchma tch

ma tch no  mismatch
[cons ] [nasa l]

ma tch

• • • • • • • • •

fea tures  extr act ed from the s ignal  at  one ins tance i n t ime

fea tures  stor ed
in the  lexi con

/m/

/n/

/s/

candida te

rej ected

candida te

[cons ] [labi al][nasa l]

[cons ] [labi al][nasa l]
ma tch ma tchma tch

ma tch no  mismatch
[cons ] [nasa l]

ma tch

ma tch no  mismatchmismatch
[cons ] [st riden t]

• • • • • • • • •
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the signal feature [labial] does not mismatch with an underspecified
coronal sound; that is, the signal [grim] does not deactivate /grin/
(“green”).

A no mismatch situation occurs (i) if no feature is extracted from
the signal that is stored in the lexicon, or (ii) if a feature is extracted
from the signal that is not stored in the lexicon. Case (i), when no
feature is computed from the signal but features are available in the
lexicon, does not lead to a rejection of candidates. The signal simply
does not contradict a candidate, but neither does the matching score
of a candidate increase. Case (ii) is exactly the case for lexical
features like [coronal] or [abrupt], neither of which are stored in the
lexicon. If a place feature like [labial] or [dorsal] is extracted from
the signal, it does not mismatch with a coronal sound in the lexicon.
Coronals get a lower score than the labials (or dorsals), which obtain
a match, but coronals are not excluded. They remain active as
assimilatory variants.

The system counts the number of matching features for each
frame, i.e., each time a feature set computed from the signal has
changed. The scoring of the consecutive frames gives the word score
and its ranking in the list of possible candidates. Feature sets at the
beginning of a (stored) word gain a higher weighting than non-initial
feature sets; the weight is computed by an exponential decaying
function. The set of all word candidates is the lexical cohort that is
used to generate word hypotheses.

2.2. The lexical cohort
The features that are extracted from the signal are compared to all
entries in the lexicon, as soon as they are available. No segmentation
or grouping into syllable units is performed. All word candidates
that match with the initial feature set are activated, together with
their phonological, morphological, syntactic, and other information.
That is, an initial feature set [consonantal] [labial] [nasal] activates
not only all words beginning with an [m] but also words beginning
with [n], [p] and others (with a ranking of [m] > [n] [p] [pf] > [b] [f]
> [t] [v] > [d]). The consecutively incoming feature sets deactivate
word candidates from the cohort that have mismatching feature sets.
In other words, the system overgenerates possible word candidates
but does not include impossible word candidates. The rationale
behind this mechanism is to include possible variants of sounds (e.g.
the vowel /a/ could be pronounced as an [æ] or even as /e/) but to
exclude variants that will not occur (e.g. the vowel /a/ is never
produced as an [i]).

The activated word candidates that fulfill the acoustic criteria of
the signal also generate possible morphosyntactic variants without
having acoustic evidence for them. For example, the feature
sequence that is appropriate to activate the word “fang” (catch) in
German also activates the word forms “fange 1.PRES.SG.” (catch),
“fangen 1.PRES.PL.” (catch), and even the separable verbs such as
“an-fangen” (to begin) or “um-fangen” (to encircle). These words
are used to generate syntactic phrase hypotheses without waiting for
further acoustic evidence. For example, the acoustic information that
conforms to the (partial) phrase “ich fang” (I catch IMP.) (which is
not grammatical) also generates the sentence hypotheses “ich fange”
(I catch 1.PRES.SG.) and “ich fange an” (I start 1.PRES.SG.), among
others. This has many advantages. For instance, many word final
morphological markers in running speech are not pronounced. The
three German phrases “Fang an! IMP.SG.” (start!), “Ich fang[@] an.
1.PRES.SG.” (I begin.) and “Wir fang[@n] an. 1.PRES.PL.” (We
begin.) are usually all pronounced [...faN@n] without any acoustic
evidence for the [@] or [@n].1 The recognition system does not need
to look for any acoustic trace in the signal for a schwa of

“fange/fangen”; rather it generates these word hypotheses from the
available acoustic data. Consequently, these forms of reductions and
deletions are handled by the system without storing variants in the
lexicon.

In sum, the FUL (featurally underspecified lexicon) model of
automatic speech recognition has the following crucial
characteristics. The lexicon consists of words or rather morphemes
whose phonological representation is underspecified. Each word has
an unique phonological representation - i.e. no word-variants are
listed. The speech signal is converted from the waveform into an
online spectral representation made up of formants and a few
parameters describing the overall spectral shape. These LPC and
spectral parameters are converted into distinctive phonological
features which, in turn, are directly compared with all entries in the
lexicon. No classification into segments, syllables, or spectral
templates is used for the selection of words from the lexicon. A
ternary matching procedure constrains the list of word candidates
which are fed directly into the phonological and syntactic parser.
Matching features increase the scoring for potential word
candidates, no-mismatching features do not exclude candidates, and
only mismatching features lead to the rejection of word candidates.
The word candidates are expanded to include word hypotheses, even
without complete acoustic evidence. These are fed to the
phonological and syntactic parser which operates in parallel with the
acoustic front-end. The system is speaker independent and to a large
extent independent of microphone and transmission line conditions.
No training is required, and last but not the least, the system is
adaptable to other languages when the lexical representations are
based on their phonological systems.
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NOTES
1. This behaviour is actually predicted by an underspecified
representation: the schwa has no features other than [dorsal] and the
/n/ is [consonantal] and [nasal] – these two features blend with the
preceding /N/, which is [consonantal][nasal][dorsal], i.e. no
information about features is lost by this assimilation. On the other
hand, an /s/ following the /N/ as in “du fäng[s]t an” (you start) is not
deleted; the feature [strident] of the /s/ does clash with the feature
[nasal] of the /N/ and, hence, cannot merge with the preceding
sound.
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ABSTRACT

By mapping acoustic parameters onto phonetic features, it is
possible to explicitly address the linguistic information in the
signal. For the experiments presented in this paper, we mapped
cepstral parameters onto two sets of phonetic features, one
based on the IPA chart and the other on SPE. As a result, the
phoneme identification rates in a hidden Markov modelling
framework increase from 15.6% for the cepstral parameters to
42.3% and 31.7% for the IPA and SPE features, respectively.
Furthermore, for phonetic features the resulting confusions
between phonemes are often less severe from a phonetic point of
view. The theoretical implications of the differences are
addressed.

1.  INTRODUCTION
In most current automatic speech recognition (ASR) systems, the
acoustic signal is recognised on the basis of hidden Markov
models (HMM’s) in conjunction with a lexicon and a language
model. It is well-known that if the top-down restrictions of
lexicon and language model are not used and acoustic-phonetic
decoding is done with the HMM’s alone, phone accuracy is
generally relatively low. The goal behind our work is to improve
the speech recognition results (i.e. decrease the word error rate,
WER) by improving the phone accuracy.

Several articles have recently appeared in which the
microphone signal is preprocessed in order to optimise the
extraction of linguistic information in the signal, e.g. [1,2,4,5].
In [4,5] it was shown that the use of linguistic information can
lead to a substantial improvement in the phone accuracy. The
identification of pre-segmented intervocalic consonants in a
hidden Markov modelling system was shown to improve from
13.2 to 52.0% by mapping the spectral representation of the
signal onto IPA-based features by means of a Kohonen network.

Given these encouraging results, we decided to pursue this
approach further. We extended the phonemes studied from only
intervocalic consonants in [4,5] to all consonants and vowels.
Furthermore, besides the IPA features (which were used in
[4,5]) we also employed SPE features for the experiments
described in the current paper. Within an HMM framework, we
shall compare phoneme identification rates for cepstral
parameters, IPA features and SPE features.

2. MATERIAL AND METHOD

2.1. Material
The speech material consisted of English, German, Italian and
Dutch read passages from the Eurom0 database (2 male and 2
female speakers per language, 2 – 3.5 minutes per speaker).
Eurom0 is manually segmented and labelled with SAMPA
symbols. For the current experiment some of the labels had to
be adapted. The reason is that some phonemes (represented by
the same SAMPA symbol) have very different acoustic

realisations. For example, the Italian /r/ is an apical tap or trill,
while the English /r/ is a (post-)alveolar approximant.

Further, our system requires that the closure phase of
plosives and affricates be labelled separately from the rest of the
sound, so that additional labels had to be invented ([p0] and [b0]
were used to label all voiceless and voiced closures,
respectively). A full description of the names of the labels used
in this paper are described in [6]. The label names for vowels
follow the normal SAMPA conventions, except /{/, which had to
be replaced by /AE/ to be accepted by HTK as a possible label
(also, numbers are not allowed at the beginning of a label
name); /Uschwa/ indicates the Dutch rounded central vowel,
which sounds much like a stressed /@/.

2.2. Input Data to HMM
Three different sets of input data were used in our hidden
Markov modelling experiments. They are described below.

2.2.1. Acoustic Parameters
For our baseline experiment, 26 acoustic parameters were
computed from the 16 kHz microphone signal using HTK [7]
(with a 15-ms Hamming window, a step size of 5 ms and pre-
emphasis of 0.97): 12 mel-frequency cepstral coefficients
(MFCC's), energy and the corresponding 13 delta parameters.

2.2.2. Phonetic Features: IPA & SPE
In a second experiment 19 IPA-based features were used (see
Table 1), as in [4,5,6]. We shall refer to this experiment as the
IPA experiment. The first 13 IPA features in Table 1 are only
used for consonants, the last 5 only for vowels, while the feature
[voiced] is used for both consonants and vowels.

IPA
labial, dental, alveolar, palatal, velar, uvular, glottal,
plosive, fricative, nasal, lateral, approximant, trill,
voiced, mid, open, front, central, rounded

SPE
consonantal, syllabic, nasal,sonorant, low, high, central,
back, rounded, anterior, coronal, continuant, voiced,
lateral, strident, tense

Table 1. IPA and SPE features used in the experiments

SPE-based features (see Table 1) were used in a third
experiment, the SPE experiment. All 16 SPE features are used
for both consonants and vowels.

All segments in our speech material were labelled with the
corresponding IPA and SPE features. The features have a value
1 for “present”, -1 for “not present” and 0 for “not relevant”.
The zero value was used for all vocalic features in the
specification of consonants (and vice versa) in IPA, while in
SPE all features are fully specified (-1 or 1).

2.3. Kohonen Networks
The phonetic features mentioned above were calculated from the
acoustic parameters by means of Kohonen networks [3]. Two
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parallel 50 x 50 Kohonen networks are used for this acoustic-
phonetic mapping. The first network is trained on the 13 static
parameters (12 MFCC's and energy); the second is trained on
the 13 corresponding delta parameters. Thus, the first Kohonen
network models static information in the acoustic signal, while
the second network models dynamic information (although this
is not explicitly addressed in this paper).

The training phase of the Kohonen networks consists of
three parts. (1) First, the Kohonen networks are allowed to self-
organise on the basis of the acoustic parameters in all frames.
The result is a so-called phonotopic map. (2) In the second step,
the same acoustic parameters are fed into the networks again.
The winner-takes-all principle is applied. Thus, for each frame
the corresponding phonetic features are assigned to the most
active neuron. (3) Finally, for each neuron average phonetic
feature values are computed.

During mapping phonetic features are calculated in the
following way. The acoustic parameters of one frame are fed
into the Kohonen network. Then a weighted sum is calculated of
the average phonetic feature values of the winning (i.e. most
active) neuron and its K-nearest neighbours.

2.4. Identification and Evaluation
Each of the three feature sets was used to train hidden Markov
models (HMM’s), which in turn were applied to identify
segments. The same material was used for training and
identification.

For each of the phones, a 3-state left-to-right HMM is
trained with a single probability density function per state; no
states are allowed to be skipped. In total, 53 different HMM’s
were trained, 32 for consonants and 21 for vowels. Some of the
consonantal HMM’s represent subphonemic units. For plosives
and affricates separate models are trained for the closure phases,
one HMM for voiced and one for voiceless closures (with labels
[b0] and [p0], respectively; see also section 2.1).

The 53 HMMs do not represent the recognition units.
During recognition an allophone dictionary is used consisting of
56 units (35 consonants + 21 vowels). In this dictionary the
plosives and affricates contain an optional closure symbol.

For evaluation, allophones are pooled into phoneme
categories, since only phonemic distinctions are relevant to
distinguish between words in the lexicon (not used here, see
section 1). More specifically, Italian [r] ([ralv]), English [¨]

([rret]) and German [{] ([Ruvu]) are pooled into one /r/; also,
dental [t] ([tden], in Italian) was pooled into one /t/ class with
alveolar [t]. Thus, 53 phonemic units (32 consonants and 21
vowels) are discerned during evaluation.

In order to evaluate our results we always started by
calculating a confusion matrix. On the basis of this confusion
matrix two evaluation scores were obtained:

(1) Ident = total of all correct identification numbers / total
number of classes to be identified

(2) ACIS = total of all correct identification percentages / total
number of classes to be identified

The correct identification rate (Ident) is simply the sum of the
numbers on the diagonal divided by the sum of all numbers in

the confusion matrix. For computing the average correct
identification score (ACIS, cf. [6]), we first normalise each row
in the confusion matrix: each number in a row is divided by the
sum of the numbers in that row (see e.g. Tables 3a and b). The
resulting numbers on the diagonal indicate the percentage of
correctly identified segments for that class. ACIS is then
calculated by summing the precentage numbers on the diagonal,
and dividing it by the number of classes. Thus, the difference
between Ident and ACIS is that ACIS compensates for the
number of occurrences of each phoneme.

3.  RESULTS
In this section, we shall present the results from our three
experiments. Acoustic parameters are compared with phonetic
features in section 3.1; in section 3.2 the results for the two
phonetic feature sets are compared.

3.1. Acoustic Parameters versus Phonetic Features
The phoneme identification rate for the baseline experiment
with acoustic parameters is 15.6%, i.e. 15.6% of the phonemes
is identified correctly. Acoustic-phonetic mapping raises the
phoneme identification rate to 42.3% for IPA features and
31.7% for SPE features. In both cases, the improvement is
substantial.

Comparing the confusion matrices from the three
experiments (which are available in files 0697_01.GIF,
0697_02.GIF and 0697_3.GIF in the CD-ROM version of these
proceedings), it becomes clear that phones are identified better
in the mapping experiments if they occur in all languages. The
more language-specific phones are often identied more
successfully in the baseline system (in particular, /tden, g, p0f,
T, C, D, Z, rret, w, Y, V, 2 Uschwa, 3, AE, A, V, 6/) than in
both mapping systems. Their effect on the overall phoneme
identification is small, however, since the number of realisations
for these phones is less than average for the overall corpus (in
part because they are language-specific). The deterioration of
phoneme identification results for more language-specific
phones is an inherent disadvantage of focussing on more
abstract, linguistic properties of the signal, which is achieved at
the expense of the redundancy which is characteristic of the
acoustic signal.

The fact that the variability in the acoustic parameters is
retained in the baseline experiment, instead of replacing it by
more homogeneous phonetic features, also shows itself in the
confusion results. In general, the confusions between phonemes
are more severe from a phonetic point of view in the baseline
experiment than in the mapping experiments. As an example,
let us consider labial consonants. Labiality clearly has different
acoustic properties in plosives than it has in the nasal /m/, for
example. The greater variation in the acoustic parameters,
which form the input to hidden Markov modelling in the
baseline experiment, makes it much more likely that confusions
occur – also with non-labials – than if we map all the different
acoustic realisations of consonants onto the same feature
[labial]. If the varying acoustic parameter values for labial
phones are mapped onto a phonetic feature [labial], labials are
more likely to be confused among themselves than with other
places of articulation. For a further phonetic discussion of the
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effects of acoustic-phonetic mapping, the reader is referred to
[4,6].

3.2. Two Phonetic Feature Sets
The phoneme identification results in the two mapping
experiments are 42.3% for the IPA features and 31.7% for the
SPE features (see Table 2), as was already mentioned above. Of
course, with 16 SPE features versus 19 IPA features, one can
argue that the information load on the features is lower in IPA.
On the other hand, all 16 SPE features are used for both vowels
and consonants, whereas only 6 of the IPA features are used to
describe vowels, and 14 are used to disinguish among the
consonants, with an overlap in the feature [voiced], which is
used for both vowels and consonants (see section 2.2.2).

There is also a difference in overlap between the features.
In IPA, the sounds are defined along three largely independent
axes (place, manner and voicing). There is only partial
independence between the features, because some places of
articulation (e.g. palatal) only occur for certain manner classes
(fricatives or approximants). The same interdependence exists
for example between voicing and manner (e.g. nasals are always
phonemically voiced in the four languages). In the SPE feature
set, the same feature is often used for different types of
phonemes, for instance the feature specification [-coronal] is
used to define both labial and velar consonants, and most
features which are used in SPE to distinguish between different
vowels are also used to distinguish consonants. This makes it
easier for vowels and consonants to be confused when SPE
features are used than if we map onto IPA features.

IPA SPE Explanation
42.3 31.7 Ident for 53 phonemes
81.3 83.5 Ident: V identified as V
87.9 82.5 Ident: C identified as C
35.8 31.3 Ident for the vowels only
53.4 53.0 ACIS for the vowels only
44.4 36.8 Ident for consonants only
53.0 47.1 ACIS for consonants only
53.6 43.0 Ident for cons. place of art.
72.8 65.8 ACIS for cons. place of art.

Table 2. Ident and ACIS values for various experiments

Although after separately pooling all vowels and all
consonants there is no difference in the classification of vowels
(81.3% correct class identification for IPA features; 83.5%
correct for SPE features), there is a stronger tendency for
consonants to be identified as vowels in the SPE experiment. In
the IPA experiment, only 12.1% of the consonants are identified
as vowels, against 17.5% in the SPE experiment. This supports
our hypothesis that feature sharing across phoneme classes, as is
the case in SPE (where some features are used to differentiate
between subclasses within both consonants and vowels)
increases the scope for confusions.

If we look at the identification of vowels separately, the
correct phoneme identification rates (Ident) are 35.82 (IPA) and
31.26 (SPE), respectively. This can be explained by the better
identification of the most frequent vowels /@, e, a, i/ in the IPA

experiment. If we compensate for the number of occurrences of
the vowels (by the using ACIS), this difference disappears. For
linguistic interpretation, we prefer the ACIS to an identification
rate, because it better reflects how well each of the phonemes is
identified (of course, for applications, the average number of
realisations phonemes is very important). In the IPA experiment,
ACIS is 53.4%, while a value of 53.0% is obtained in the SPE
experiment. The similar vowel identification in the two
experiments was expected, since the phonetic features which are
used to describe the distinctions between the vowels are very
similar (see Table 1).

With an ACIS of 53.0% (overal consonant identification
rate: 44.4%), the consonants are identified better with IPA
features than when SPE features are used (ACIS: 47.1%; overall
consonant identification rate 36.8%).

Generalising the data across consonantal place of
articulation, we find that in the IPA experiment, the ACIS for
consonantal place of articulation is 72.8% (Ident: 53.6%). In the
SPE experiment, the ACIS is only 65.8% (Ident: 43.0%). If we
compare the confusions between place-of-articulation categories,
as shown in figures 3a and 3b1, we see that dentals are far more
often identified as alveolar, uvulars as velar, and glottal
consonants as velar in the SPE than in the IPA experiment.
These confusions are for consonant classes which have identical
values for the [coronal] and [anterior] values. Labials are more
often identified as velars in the SPE experiment than in the IPA
experiment; they also share their values for [coronal], as well as
for [stridency]. The greater number of confusions between
alveolars and velars can be partially explained by their sharing
of [stridency]. We suggest that the explanation for the greater
number of place confusions in the SPE experiment lies in
feature sharing. When we consider the different places of
articulation in the IPA feature set, we can see that all places of
articulation are equally confusable, since they always differ in
one category. Comparing this to SPE, a different relationship
between the different places of articulation is implied. Since the
place of articulation for consonants is described by a more
complex relationship between different feature values than is
the case for the IPA features set, more fine-grained distinctions
in the relations between the different places of articulation are
possible than when IPA features are used. For example, /s/ and
/S/ differ in the features [anterior], whereas /s/ and /x/ differ in
the features [anterior], [coronal] and [back]. This results in a
higher confusability between the consonants.

                                                            
1 The ACIS was derived from this figure by dividing the number for each

correct place of articulation by 100 minus the percentage of deletions in
the row, summing the outcomes and dividing it by the number of places
of articulation (8). This was done, so as to partially correct for
consonants which were misidentified as vowels, which appear in the
column ”Del”. To get the true ACIS value for this experiment, it should
be rerun with consonants only.
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lab den alv alp pal vel uvu glo DEL n
lab 58 11 14 0 0 6 0 1 9 2524
den 5 83 9 2 0 1 0 0 1 371
alv 12 3 57 5 1 6 1 0 14 6933
a1p 0 0 6 91 2 0 0 0 1 320
pal 4 0 7 1 66 1 0 0 21 319
vel 17 7 11 1 0 61 0 0 3 982
uvu 9 1 3 0 0 10 41 0 34 290
glo 10 4 6 0 3 2 0 52 24 102
INS 20 3 36 0 27 3 9 1 1 1285
Table. 3a. Consonant confusion percentages and number of

realisations in the IPA experiment; all data pooled
for place of articulation

lab den alv alp pal vel uvu glo DEL n
lab 38 10 18 1 1 15 1 1 16 2524
den 6 67 20 3 0 1 0 0 3 371
alv 13 5 45 4 1 11 1 0 20 6933
a1p 0 1 6 90 1 0 0 0 1 320
pal 2 1 5 1 59 2 0 0 31 319
vel 12 5 11 1 0 68 0 0 3 982
uvu 8 1 4 0 0 16 28 1 42 290
glo 8 0 5 0 4 14 1 49 20 102
INS 25 2 30 0 21 5 13 2 2 1261
Table 3b. Consonant confusion percentages and number of

realisations in the SPE experiment; all data pooled
for place of articulation

4. DISCUSSION
In this paper, we have presented an approach to ASR in which
linguistic information is extracted from the acoustic signal by
acoustic-phonetic mapping. The advantages and disadvantages
of acoustic-phonetic mapping on phoneme identification were
discussed in section 3.1. It is clear from our experiments that the
different feature definitions which can be chosen to represent
the linguistic properties of the phonemes have important
implications for possible confusions and therefore for the overall
phoneme identification results (section 3.2).

The results from our experiments show that Kohonen
networks combine several advantages in performing acoustic-
phonetic mapping.

First, the phonetic features only reflect those properties of
the acoustic signal which are relevant for the distinction
between phonemes, and they have a clear linguistic
interpretation. Furthermore, when phonetic features are used the
resulting confusions among the phonemes are generally less
severe from a phonetic point of view and much more systematic,
compared to the confusions obtained with cepstral parameters.

Second, the acoustic-phonetic mapping can map different
acoustic realisations of a phoneme (allophones) onto the same
phonetic features. For instance, different allophones of [l], like
clear and dark [l], which can occur in different positions in the
syllable, for instance in British English, and partially devoiced
versus fully voiced [l] which occur after voiceless plosives and
in most other contexts, respectively, can be represented in

different parts of the phonotopic map, while at the same time
the neurons which model their acoustic properties emit very
similar average phonetic feature values. Thus, acoustically
heterogeneous realisations of phonemes are replaced by more
homogeneous phonetic feature vectors at the input to hidden
Markov modelling.

Third, the acoustic-phonetic mapping can be performed
automatically and is fast, so that it can be implemented in
existing real-time ASR systems.

A disadvantage of Kohonen networks is that they must be
trained on segmented and labelled material. However, this has
to be done only once. Up till now we have used manually
segmented and labelled material. We intend to investigate
whether it is possible to use automatically segmented and
labelled material. The restriction that manually segmented and
labelled data must be used to train the Kohonen networks is not
so severe, if we consider that our experiments show that it is
possible to generalise these networks across languages, so that
already available manually segmented and labelled material
from several languages may be used for training.

Our experiments show that Kohonen networks are very
advantageous for pre-processing the acoustic parameters. If
Kohonen networks are used to map acoustic parameters onto
phonetic features, phone accuracy is increased. However, the
current experiments have some limitations: training and test
data are the same, and we have not checked whether the
increases in phone accuracy also lead to reductions in word error
rates when a lexicon and language model are used during
recognition. Experiments are now underway to evaluate whether
the improved phone accuracy obtained by acoustic-phonetic
mapping also decreases the word error rate for a complete ASR
system with a lexicon and a language model.
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ABSTRACT
In this paper, the performance of an automatic transcription tool is
evaluated. The transcription tool is a continuous speech recognizer
(CSR) which can be used to select pronunciation variants (i.e. detect
insertions and deletions of phones). The performance of the CSR
was compared to a reference transcription based on the judgments
of expert listeners. We investigated to what extent the degree of
agreement between the listeners and the CSR was affected by
employing various sets of phone models (PMs). Overall, the PMs
perform more similarly to the listeners when pronunciation variation
is modeled. However, the various sets of PMs lead to different
results for insertion and deletion processes. Furthermore, we found
that to a certain degree, word error rates can be used to predict
which set of PMs to use in the transcription tool.

1. INTRODUCTION
In [1] we reported on an experiment in which the performance of an
automatic transcription tool was evaluated. The transcription tool is
a continuous speech recognizer (CSR) which can be used to detect
whether a phone is present or not (deletions and insertions of
phones). It was shown that the CSR=s performance is comparable to
that of expert linguists who carried out the same task, i.e. to
determine whether a phone was present or not in 467 cases. On
average, the degree of agreement between the CSR and the listeners
was only slightly lower than that between listeners, but comparisons
with a reference transcription revealed that the machine=s degree of
performance was within the range of the linguists=. This means that
the automatic tool proposed in [1] can effectively be used to obtain
phonetic transcriptions of deletion and insertion processes.

It should be noted that, in the experiments in [1] we simply
employed the CSR which we use in our pronunciation variation
research [2] without trying to optimize it so as to make the CSR=s
transcriptions more similar to the human transcriptions. However,
it is likely that properties of the CSR, like the speech material used
for training, the procedure used to calculate the phone models (PMs)
and the internal parameters of the CSR all influence the choice of
variants on the part of the CSR.

For example, if the speech material used for training contains
much variation in pronunciation and the lexicon contains only one
baseline transcription for each word, then some of the transcriptions
will be incorrect, e.g. a phone is present in the transcription but has
not been realized. This type of mismatch between speech signal and
transcription leads to contaminated PMs. Subsequently, the
contamination can lead to errors in recognition. Therefore, it is
important to minimize the mismatch between the acoustic signal and
the transcriptions. One of the approaches we use to minimize the
mismatch in the training corpus is by modeling pronunciation
variation [2].

Another way of obtaining models which are less contaminated

is to train PMs on read speech. It is well known that the extent of
variation in spontaneous speech is larger than in read speech. So, for
read speech there will be fewer mismatches between the speech
signal and the transcriptions. Thus, it is to be expected that PMs
which are trained on read speech will be less contaminated than
those trained on spontaneous speech.

One can imagine that PMs with varying degrees of
contamination may cause the CSR to select different pronunciation
variants. As a consequence, the degree of agreement between the
CSR and the reference transcription may vary as a function of the
PMs employed. The purpose of the present study is to investigate to
what extent the degree of agreement between the listeners and the
CSR is affected by various sets of PMs.

Furthermore, if the agreement between CSR and listeners is
affected by the various sets of PMs, it would be efficient to have a
method to estimate how well the PMs will perform beforehand. In
a normal situation, judgments given by listeners will not be available
(and if they are it defeats the purpose of an automatic transcription
tool) whereas different sets of PMs may very well be available. The
easiest way of measuring the PMs= performance is by carrying out
a standard recognition task. Therefore, we investigated whether
word error rates (WER) can predict the degree of agreement
between man and machine in selecting pronunciation variants.

This paper is organized as follows, in section 2, the method we
used to investigate the performance of different sets of PMs is
described. In section 3.1, we will show how different sets of PMs
affect the degree of agreement between man and machine. Next, we
will concentrate on the degree of agreement between different sets
of PMs and the listeners for a number of phonological processes
separately (section 3.2). Following on that, the results which indicate
whether agreement between man and machine can be predicted on
the basis of WER will be given (section 3.3). Finally, in section 4,
we will discuss the implications of the results.

2. METHOD & MATERIAL
2.1. Speech Material
The phonological processes under investigation concern insertions
and deletions of phones. Pronunciation variants were generated using
the following five phonological rules: /n/-deletion, /r/-deletion, /t/-
deletion, /@/-deletion and /@/-insertion (SAMPA-notation is used
throughout this paper). The speech material used in the experiments
was selected from the VIOS database, which contains a large
number of telephone calls recorded with the on-line version of a
spoken dialogue system called OVIS [3]. OVIS is employed to
automate part of an existing Dutch public transport information
service. The speech material consists of interactions between man
and machine.

From the VIOS corpus, 186 utterances were selected, which
contain 379 words with relevant contexts for one or two rules to
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apply. For 88 words, the conditions for rule application were met
for two rules simultaneously and thus four pronunciation variants
were generated. For the other 291 words only one condition of rule
application was relevant and two variants were generated.
Consequently, the total number of instances in which a rule could be
applied is 467.

2.2. Experiments
The listeners and the CSR carried out the same task, i.e. deciding
which variant best matched the word that had been realized in the
spoken utterances for the 379 words (forced choice). For 88 words,
four variants were present, as mentioned above. For each of these
words two binary scores were obtained, i.e. for each of the two
underlying rules it was determined whether it was applied (1) or not
(0). For each of the remaining 291 words with two variants one
binary score was obtained. Thus, 467 binary scores were obtained
for each listener and for the CSR.

2.3. CSR
2.3.1. Characteristics. The CSR uses phone models (continuous
density hidden Markov models (HMMs)), language models (unigram
and bigram), and a lexicon. The HMMs consist of three segments
of two identical states, one of which can be skipped. In total 38
HMMs were trained. For each of the phonemes /l/ and /r/ two
models were trained, a distinction was made between prevocalic (/l/
and /r/) and postvocalic position (/L/ and /R/). One model was
trained for non-speech sounds, and for each of the other 33
phonemes. In addition, a silence model consisting of a one state
HMM was employed. For more details on the characteristics of the
CSR see [3].

2.3.2. Lexica. Two different lexica were used for training the
various sets of PMs: a baseline lexicon and a multiple pronunciation
lexicon. The baseline lexicon contains one transcription for each
word which was automatically generated using a Text-to-Speech
system for Dutch [4]. The multiple pronunciation lexicon was
automatically generated by applying the set of phonological rules
listed in section 2.1. to the transcriptions in the baseline lexicon. The
rules were applied to all words in the lexicon wherever it was
possible and in no specific order. All of the generated variants were
added to the baseline lexicon, thus creating the multiple
pronunciation lexicon.

2.3.3. Forced Recognition. For the automatic transcription task, the
CSR is used in forced recognition mode, which means that the
recognizer does not choose between all the words in the lexicon, but
only between the different pronunciation variants of the same word
that are present in the multiple pronunciation lexicon. Forced
recognition is imposed through the language model (LM). For each
utterance, the LM is derived on the basis of 100,000 repetitions of
the same utterance. This means that it is virtually impossible for the
CSR to choose other words than those present in the utterance. In
this way, the CSR determines for each of the 379 words which of
the present variants best matches the actual realization.

The training corpus is re-transcribed by carrying out forced
recognition using the lexicon with multiple pronunciation variants.
The chosen variants are then included in the training corpus. In this
way, an updated transcription of the corpus is obtained which
includes pronunciation variation. The updated transcriptions are then
used to retrain the PMs.

Our training material, selected from the VIOS database,
consisted of 25,104 utterances (81,090 words). The test material,
which is used to test the different sets of PMs (section 3.3),
consisted of 6,267 utterances (21,106 words).

2.3.4. Phone Models. As we explained in the introduction, we
expect that the degree of contamination in the type of PMs used for
performing forced recognition will influence which pronunciation
variant is chosen. To investigate this, we trained the following five
sets of PMs.
1. Baseline PMs: no pronunciation variation modeled, trained on

VIOS material (spontaneous speech).
2. FP-model: baseline PMs with an extra model for filled pauses.

Filled pauses in the baseline system are transcribed as /@m/ and
/@/ thus causing the PM for /@/ to be contaminated by filled
pauses. We trained a new model, /@=/, for all filled pauses to
minimize contamination of the PM for /@/.

3. Pronunciation variation PMs: PMs in which pronunciation
variation was modeled by training them on updated
transcriptions, as explained above.

4. Optimized PMs: a combination of the previous two sets of PMs:
pronunciation variation and an extra model for filled pauses.

5. Polyphone PMs: no pronunciation variation modeled, trained on
Polyphone [5], a corpus which contains read speech.

2.4. Evaluation
For our evaluation we used reference transcriptions which were
based on the judgments of the nine listeners in [1]. The reference
transcriptions were made by using different degrees of strictness: ì
a majority of at least 5 out of 9, í 6 out of 9, î 7 out of 9, ï 8 out
of 9 and, eventually, by taking only those cases in which ð all nine
listeners agree.

Furthermore, the results are presented using Cohen=s κ which is
a measure of agreement in which a correction for chance agreement
is made [6]:
 κ = (Po-Pc) / (1-Pc)

Po = observed proportion of agreement
Pc = proportion of agreement on the basis of chance
-1 # κ # 1

The reason we decided to use κ instead of percentage agreement is
that the 0/1 distribution differs for the various rules. Due to these
differences in the 0/1 distribution, the chance agreement for the
various rules may differ. Consequently, the rules cannot simply be
compared with one other unless a correction for chance agreement
is made. Qualifications for different values of κ are: .00 - .20 slight,
.21 - .40 fair, .41 - .60 moderate, .61 - .80 substantial and .81 -
1.00 almost perfect [6].

3. RESULTS
In order to determine whether the performance of the CSR is
influenced by using different sets of PMs, two comparisons between
man and machine were made. First, we calculated the overall
agreement for each of the sets of PMs with the listeners (section
3.1.). Second, we looked at agreement between the listeners and the
PMs for each of the rules separately (section 3.2.). Finally, we also
wanted to know whether the performance of a set of PMs in a forced
recognition task could be predicted on the basis of recognition
results. These results are presented in section 3.3.

3.1. Agreement for all Rules with Reference Transcription
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In Figure 1, the κ values for the various sets of PMs compared to
the five different reference transcriptions are shown. It can be seen
that for all of the sets of PMs the κ values increase as the reference
transcription becomes stricter.

Figure 1 also shows that both approaches to minimizing the
contamination in the PMs have a positive effect on agreement with
the reference transcriptions. First of all, by adding a separate model
for filled pauses and modeling pronunciation variation by using five
phonological rules both lead to a higher degree of agreement with
the listeners than the baseline PMs do. Moreover, the optimized set
of PMs, which is the combination of adding a model for filled
pauses and modeling pronunciation variation, leads to even higher
κ values. Secondly, training PMs on read speech instead of
spontaneous speech also leads to a higher degree of agreement with
the reference transcription compared to the baseline.
3.2. Agreement for Different Rules
In the previous section, we compared the performance of the

different sets of PMs to the reference transcription with all the rules
pooled together. In Figure 2, the agreement is shown for the five
phonological rules separately. Only the results of agreement with
reference transcription type Ú (6 out of 9) are shown here.

Figure 2 shows that the κ values for the four deletion rules
roughly stay the same for the different sets of PMs, whereas for the
/@/-insertion rule there is a gradual increase when going from  PMs
1 to  PMs 4. Thus, the gradual increase in κ values seen in Figure
1 when going from PMs 1 to PMs 4, is mainly a result of the
increase in κ values for the /@/-insertion rule.

Figure 2 shows that the PMs are affected more by modeling
pronunciation variation for the /@/-insertion rule than the other
rules. The obvious difference here is that the first four processes are
all deletion processes whereas the last process is a process of
insertion. The difference between these processes lies in the specific
PMs that are contaminated during training of the baseline PMs.
Table 1 shows examples for both processes (the contaminated phones
highlighted). For deletion processes it is the PM for the phone which

is deleted which is contaminated, whereas for an insertion process
the PMs of the phones surrounding the phone which is inserted are
contaminated. Furthermore, the process of /@/-insertion also causes
post-vocalic /L/ and /R/ to become pre-vocalic /l/ and /r/. This may
possibly also influence the results found for /@/-insertion, and this
will be investigated in further detail in the near future.

baseline pron. var.

/@/-deletion  /la:t@r@/ /la:tr@/

/@-insertion /dELft/ /dEl@ft/

Table 1: Examples of application of the rules for /@/-deletion and
/@/-insertion with phones which cause contamination in the set of

baseline PMs highlighted.

The combination of modeling pronunciation variation and adding
an extra model for filled pauses, as far as /@/-insertion is
concerned, is clearly the most obvious improvement. However, why

additionally adding a model for filled pauses is beneficial to the CSR
for /@/-insertion and not for /@/-deletion is not quite clear.

On the whole, we found that the nine listeners tend to say that
a /@/ is present in more cases than the machine, i.e. the CSR
chooses more /@/-deletion and less /@/-insertion (especially for
baseline PMs) than the listeners do. This can partly be explained by
the fact that listeners use information from context, transitions etc.
to base their judgments on. Furthermore, it is very difficult for
listeners to judge whether or not a /@/ is present in the words for
which /@/-insertion and /@/-deletion can occur, because they can
always still (imagine they) hear part of the /@/. As for the PMs,
they are monophones with no explicit context modeling. Therefore,
it may be better to use context dependent PMs instead of context
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independent PMs.

3.3 Recognition Performance of Phone Models
It would be most efficient to estimate beforehand what type of PMs
should be used for a task such as the one described here. To find out
if this is possible we carried out a number of recognition tests. We
carried out standard recognition tests on our test material (VIOS)
and calculated the best sentence word error rates (WER =
((S+D+I)/N)*100) for each set of PMs. The lexicon which was
employed was the multiple pronunciation lexicon which was used for
all of the tests with the different PMs. The results obtained are
shown in column 2 of Table 2.

PM WER κ (6/9)

baseline 12.44 .55

FP-model 12.30 .58

pron. var. 12.22 .60

optimized 12.01 .64

polyphone 18.06 .61

Table 2: WERs for different types of PMs and κ for a reference
transcription based on at least 6 of 9 listeners agreeing.

Table 2 shows that WERs decrease and the κ values increase as
the PMs become less contaminated. The only exception is the set of
polyphone PMs. The WER on the VIOS test set is significantly
higher for this set of PMs than for all other sets whereas κ is almost
the highest. This is not surprising as for polyphone there is a
mismatch between training and test material, whereas for the other
sets of PMs this is not the case.

4. CONCLUSIONS
From the results in Figure 1 it is clear that using different PMs in
a forced recognition task leads to different results. Minimizing the
contamination in the PMs leads to PMs which show a higher degree
of agreement with listeners. However, this is not the case for each
of the rules separately. Figure 2 showed that minimizing the
contamination in the PMs does not have a pronounced effect on the
performance of the forced recognition for the deletion processes
whereas it certainly has an effect for the process of /@/-insertion.

The WERs obtained by performing a normal recognition on an
independent test set give an indication as to how well the PMs will
perform in a forced recognition test, as long as there is no mismatch
between training and test material.

Furthermore, we can conclude that the type of training material
employed to train a set of PMs affects the performance of the PMs
in a forced recognition test, as well as in a normal recognition test.
We found that PMs trained on read speech and tested on spontaneous
speech perform substantially worse than PMs trained on the same
type of spontaneous speech in a standard recognition task. However,
in a forced recognition task these PMs outperform most of the PMs
trained on spontaneous speech.
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HINDI SYLLABIFICATION

Manjari Ohala
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ABSTRACT
Results are presented from an experiment conducted to see how
native speakers of Hindi syllabify various intervocalic consonant
clusters. Twenty-one native speakers of Hindi were asked to
repeat the “first part” or the “last part” of a word twice for 19
selected test words. The results showed a preference for VC-CV
syllabification for two-consonant clusters and a VC-CCV
preference for three-consonant clusters. The sonority value of
segments did not play a role and the ‘onset-first’ principle was
only partially supported. The VC-CCV syllabification preference
for three-consonant clusters for all cases would not have been
predicted by recent proposals of Optimality Theory. The results
also lend support to the notion that mental grammars of adults
are partially shaped by literacy.

1. INTRODUCTION.
I report on how native speakers syllabify various intervocalic
two- and three-consonant clusters in Hindi. (Results for
intervocalic single consonants are reported in [6].)  The results
shed light not only the (psychological) sound pattern of Hindi
but also on aspects of recent “universal” theories of
syllabification. Is syllabification sensitive to the sonority value
of segments and does it follow the ‘onset first’ principle which
states that other things being equal, choose onsets of following
syllables over codas of preceding ones [2]? Is it in accord with
the syllabification proposals of Optimality Theory [1, 10]?
Finally, the results have relevance to the issue of the influence
of literacy on phonological awareness [3, 5].

1.1 The Hindi Syllable
As documented by Ohala [6] native Hindi monosyllabic

words permit up to two consonants initially with C1 consisting
of a stop, nasal, or fricative and C2 a glide. In final position they
permit two-consonant clusters of either a fricative followed by a
stop or a nasal followed by a homorganic stop or fricative. Loan
words (many of them in common use) also permit initial and
final three-consonant clusters and permit many more consonant
types to participate in such clusters.

2. METHODOLOGY.
The experimental method was that of Fallows [4] where subjects
were asked to repeat a word given by the experimenter, saying
the first (or last) part of the word twice (see below).
Subjects: Twenty-one 30-60 year-old literate native speakers of
Standard Hindi residing in Delhi, India, were interviewed
individually. Although earlier experiments [8] showed the
desirability of using illiterate or preliterate subjects in order to
control for orthographic influence on subjects' responses, this
proved to be impractical since the majority of them could not
grasp the concept of “last part of the word”. The concept of
segmenting monomorphemic but polysyllabic words into parts
appears to be a literacy-induced skill [3, 5].
Stimuli: Twenty test words were used (see Appendix), all of

which are common existing words exhibiting intervocalic
consonant clusters. (The appendix only lists 19 words because
one of the intervocalic three-consonant cluster words was
mispronounced by a number of subjects and thus was excluded
from further analysis.) Of the words with two-consonant
clusters, 4 contained geminates, 4 homorganic nasal + stop
clusters and the remaining 8 involved different consonant types
(stop + fricative, fricative + stop, stop/fricative + sonorant)
representing different sonority contours.  Four words with
intervocalic three-consonant clusters were also included (but, as
just mentioned, only three analyzed). Unless otherwise noted,
the words were all monomorphemic. Stress is not a variable in
syllabification in Hindi. Also, the existence of word stress in
Hindi is disputed [7].
Procedure:  The experiment was divided into two parts. First
the subjects were asked to repeat the first part of the given word
twice. "Part" was not defined for the subjects but exemplified by
using a compound word such as [gaj gú«r] 'cow+house, cowshed'
(from [gaj] ‘cow’ + [gú«r] ‘house’. They were instructed to
transform this to [gaj gaj gú«r]. Then they were asked to
perform another task not related to the present study.
Subsequently they were asked to repeat the last part of the word
twice, e.g., [gaj gú«r gú«r]. Of course in the actual test the
stimuli were not compounds but rather monomorphemic words
(with a few exceptions to be discussed below). The term
‘syllable’ was never used.

3. RESULTS AND DISCUSSION.
If some segment was not included either in repeating the
first part of the word or in repeating the last part of the
word, i.e., it was not parsed with either syllable, it was
counted as a deletion and not included in computing the
results. The responses were tabulated then as to whether
the intervocalic consonants were assigned to the first or
the second syllable. If a consonant was included with the
first part of the word and also with the second, it was
considered to be ambisyllabic. Responses that did not fall
into any of these types were disregarded. In general the
sonority value of segments did not play a role in subjects'
responses and will therefore only be mentioned where it
was relevant.

3.1. Intervocalic two-consonant clusters.
For all but one of the two-consonant words the candidate
syllabifications, VC-CV, V-CCV, and VCC-V, all obeyed the
phonotactic constraints. The exception was [t�Saplus] where the
VCC-V (i.e., -pl) does not occur in existing words (although -bl
does). All the words were monomorphemic with the exception of
[sIski] 'sob' which is /sIs«k + i/ 'sob v. + nominalizing suffix'.
The results indicate that the morphemic constituency of this
word did not play a role in subjects' responses. Table 1 gives the
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results and the statistical analysis.

Table 1. Syllabification of [t�Saplus]-type words.
VC-CV V-CCV VCC-V Ambisyllabic
77 10 0 10

χ2 = 151.4, df = 3, p<<.001

For the majority of such words (which I will refer to as [t�Saplus]-
type words) the overwhelming response was the VC-CV
syllabification with a probability of .78. The VC-CV preference
was exhibited regardless of whether the cluster exists as a
possible onset and regardless of the onset first principle. For
example [t�Saplus] could have been syllabified [t�Sa - plus] since
[pl-] occurs as an onset in existing words and would also have
been dictated by the onset first principle. However only two out
of 21 subjects chose this response.

There were some two-consonant cluster words where C2
was the glide [j] that did not follow the above VC-CV response
pattern. I refer to these as [Vidja]-type words. Unlike the
[t�Saplus]-type words they had a rather low ratio of VC-CV
responses: .08, as shown in Table 2.

The results given in Table 2 are based on two words with
the [j] glide (#7 and 8 of the Appendix).

Table 2. Syllabification of the [VIdja]-type words.
VC-CV V-CCV VCC-V Ambisyllabic
23 3 1 7

χ2 = 31.9, df = 3, p <<.001

What might explain this behavior? One possibility is that there
is something special about [j] in C2 position.  At the present
time I have no insights to offer on this. The results from some
earlier experiments [8] rule out the possibility that glides in
general are special. That experiment involved both [V] and [j]
and the glide [V] followed the same VC-CV preference as the
words in Table 2. Thus it is only clusters with [j] that show the
V-CCV preference.

The second possibility for the low number of VC-CV
responses to the [VIdja]-type words could be orthographic
influence. In the Devanagari writing system the sequences
pronounced as medial clusters in the [t�Saplus]-type words can be
represented in two ways. In the first way, the first consonant in
such clusters can be represented with a full symbol which stands
for a consonant followed by a schwa (i.e. C«) since Devanagari
is a quasi-syllabary. This schwa would not be pronounced
because the spelling-to-sound rules would delete it (thus
yielding medial CC). In the second way the first consonant can
be written with a half symbol attached to the next consonant
thus overtly marking a cluster. Dictionaries list which of these
two alternatives is prescribed. One does, however, find some
variation in native speakers' writings since the average Hindi
speaker has the same type of insecurities regarding spelling as
the average English speaker.  Of the 6 such words used in the
experiment (#1-6 in the Appendix) [s«sta] is written using the
second alternative, i.e., with the first consonant of the medial

cluster written with a half symbol; [kIsm«t] can be written either
way [11]; and the remaining 4 use the first alternative. For the
words written using the first alternative, if orthography was an
influencing factor, it would dictate against the V-CCV
syllabification because the above mentioned schwa-deletion rule
only applies morpheme medially, not initially. (Although the -
CC is not really morpheme initial, making it syllable initial
gives it initial status.) Thus it is possible to attribute to
orthographic influence the paucity of V-CCV syllabification for
these words (only 10 out of a possible 99; see Table 1).
Similarly the total lack of VCC-V responses can also be
attributed to orthographic influence. Orthographically the '-V'
would have to be treated as if it were morpheme initial and thus
meriting a full vowel symbol rather than the vowel-diacritics
with which these words are written. Perhaps the strongest case
for orthographic influence can be made on the basis of subjects'
responses to [VIdja] 'knowledge' and [agja] 'permission' which
involve a very special symbol for the -dj- and -gj- clusters, i.e.,
one unique to these clusters. This could explain the rather few
VC-CV syllabifications and the preponderance of V-CCV ones.
However, the situation is not so simple. Subjects' responses for
[s«sta] go against orthography which would predict V-CCV
syllabification since the word is written using the second
alternative and st- is a legal onset; only 4 subjects chose this
whereas the near unanimous response was VC-CV. Of course
one could control for orthographic influence by using illiterate
subjects but, as mentioned earlier, this did not prove feasible.

3.2 Intervocalic homorganic nasal plus stop clusters.
Is the syllabification for such cluster VC-CV, V-CCV, or

VCC-V?
At the phonetic level Hindi has the following nasals [m],

[n], [÷], [ø], [N]. Based on the usual procedures of contrast and
complementary distribution /m/ and /n/ would be judged to be
phonemes and, in fact, occur quite freely.  The other nasals for
the most part only occur before homorganic consonants. (The
status of [N] is somewhat controversial, see [6] for details.) The
only time [÷], [ø], or [N] occur independently is in reciting
Devanagari, a quasi-syllabary, which, following the Sanskrit
orthography, has separate symbols for all five nasals. Thus in
recitation one would say [k« ], [kH« ], [g« ], [gú« ], [N« ] and
similarly for the other places of articulation. Four words with the
dental, bilabial, velar, and retroflex homorganic nasal plus stop
clusters were included in the experiment (#9-12 in the
Appendix). These words could be analyzed as monomorphemic
or bimorphemic with a morpheme boundary before the final
vowel. However even if they were treated as bimorphemic, it did
not influence the responses; only 7 responses (out of 60) were
VCC-V ( syllabification predicted by a VCC + V morphemic
analysis).   Table 3 presents the results.

Table 3. Syllabification of N + stop words
VC-CV V-CCV VCC-V Ambisyllabic
42 4 7 7

χ2 = 61.67, df = 3, p< .001
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Thus the majority of responses again favor the VC-CV
syllabification with a probability of .70. Phonotactic and/or
pronunciation constraints of Hindi would rule out the V-CCV
alternative since homorganic nasal plus stop clusters do not
occur (and are difficult for subjects to pronounce)
morpheme/syllable initially. Therefore the VC-CV
syllabification is in accord with the onset first principle. In
pronouncing the homorganic nasals as syllable final and thus
separated from the following stop, [÷] was pronounced as [n]
(and thus this syllabification does not violate phonotactic
constraints) but [N] was retained as [N]. Perhaps [N] should be
treated as a special type of segment as proposed in [6] . On the
other hand, the fact that in giving a VC-CV response subjects
had to modify the pronunciation of part of a word, e.g. [÷ ] to
[n], is a weakness of the experimental paradigm.  None of the
syllabifications would be in accord with the orthographic
conventions. VC-CV, and V-CCV are bad for the representation
of the homorganic nasal and VCC-V is bad for the
representation of the '-V'. Thus here orthographic influence is
not an issue.

3.3. Intervocalic geminates.
Is the syllabification VC-CV, V-C:V, or VC:-V?
As mentioned earlier, four monomorphemic words with

intervocalic long consonants, usually called “geminates” were
included in the experiment (#13-16 in the Appendix).
Phonetically, geminates involve the closure held for a longer
period vis-à-vis their non-geminate counterparts, the ratio of the
geminate duration to non-geminate being 1.96:1 [9]. Thus
phonetically they are not really two separate consonants as the
term “geminate” would imply. The Devanagari orthography does
however represent them as two consonants (using a half symbol
for the first consonant and thus overtly marking a cluster).
Subjects’ treatment of these words is presented in Table 4. Of
the 32 responses that could have been classified as deletion only
one was a clear case (since there was no intervocalic consonant)
with the rest being ambiguous as to deletion or treating the
geminate as a single unit. In other words, the V-CV responses
could either be interpreted as deletion of the first consonant of
the geminate (if it is conceived of as two, as implied by the
orthography) or as an indication that the subjects were treating
geminates as single consonants (i.e., as V-C:V) but were having
to make them conform to pronunciation constraints by using
their singleton counterparts since geminates cannot be
pronounced in initial position. For example, responses such as
[g«-da] or [g«d-a] ‘mattress’ could be considered deletion or as
intended/psychological //g«-d:a// or //g«dù-a// with the medial
stop modified to a non-geminate to conform to pronunciation
constraints. Given this ambiguity no statistical test was applied.

Table 5.  Syllabification of geminates.
VC-CV V-CCV VCC-V Del Ambiguous
46 3 0 1 31

Since geminates neither start nor end morphemes, the V-C:V

syllabification as well as VC:-V would violate the phonotactic
constraints of Hindi. None of the subjects chose the latter and
only three chose the former.

For words involving geminates orthography has to be ruled
out as an influencing factor since it would have favored the VC:-
V response which none of the subjects chose. Thus the jury is
still out on whether geminates are represented in the native
speaker's mental grammar as two consonants or singletons.

Current phonological theory treats geminates as occupying
two units on the timing tier similar to consonant clusters but on
the melodic tier they are represented as singletons similar to
single consonants. Thus presumably either representation is
possible in a mental grammar. If it were the case that some
subjects consistently treated them as clusters and others as units,
one could say that this represents different mental grammars.
However, if the same subject varied giving cluster responses to
some words and singleton to others, as was the case for many
subjects in the present experiment, the above mentioned two-
tiered approach to geminates is not supported as being
psychologically real for native speakers of Hindi. Also, if indeed
the mental representation of geminates has these two faces one
might have predicted that subjects would give ambisyllabic
responses. However, as mentioned above, this is not what the
subjects chose.

3.4. Intervocalic three-consonant clusters.
Are intervocalic three-consonant clusters syllabified as

VC-CCV, VCC-CV, V-CCCV, or VCCC-V?
Table 5 presents the results for three such words (items

#17-19 in the Appendix). With the exception of [bIstra]
'bedding' (which could be analyzed as bimorphemic) all the
words were monomorphemic.

Table 5. Syllabification of 3-cons clusters
VC-CCV VCC-CV V-CCCV VCCC-V Ambisyllabi

c
33 4 4 0 8

χ2 = 14.06, df = 4, p<< .001.

The majority of subjects chose the VC-CCV syllabification (.67)
This syllabification is in conformity with the sonority hierarchy,
phonotactic constraints (the -CC in all these words is a
permissible onset), and for all the words except [bIstra] 'bedding'
it also conforms to the onset first principle. In the case of
[bIstra], str- is a possible onset (at least in loan words) and thus
V-CCCV would have been predicted by the onset first principle,
although it would not be a desirable onset according to Clements
[2] since st- does not progressively increase in sonority. This
preference for VC-CCV syllabification is similar to the VC-CV
syllabification preference shown for two consonant clusters
given above in section 3.1 in that it yields a closed first syllable.

As for the other syllabification possibilities, the VCCC-V
syllabification would be ruled out by the phonotactic constraints
as would V-CCCV for all the words except [bIstra] since, as
mentioned above, [str-] is a possible onset. None of the subjects
chose the former and there were only 4 responses to the latter
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type, and none of these were for [bIstra].  Finally, although the
VCC-CV syllabification does not violate any phonotactic
constraints and conforms to the sonority contour, it does not
obey onset first principle since [tr-, dr-, sn-] are all possible
onsets. This syllabification received only 4 responses. However,
one cannot invoke the onset first principle to account for the lack
of such responses here because as was mentioned earlier in 3.1
this principle did not play any role in subjects’ responses to two-
consonant clusters. Orthographic influence was not at play here.
For [d�Zjotsna] 'moonlight') none of the syllabifications would be
in accord with the orthographic conventions. For the other two
words orthographic convention would have dictated the VCC-
CV alternative which only four subjects chose.

Finally, it might be of interest to see how subjects’
responses obtained in this experimental study would be
accounted for by current formulations of Optimality Theory [1,
10]. For the VC-CV syllabification preference demonstrated by
the subjects one could say that in Hindi *COMPLEX, (consonant
clusters are not preferred at syllable edges) is ranked higher than
NO CODA, (syllables should end with vowels), thus leading to the
preference of VC-CV over V-CCV. But the V-CCV preference
for the word [VIdja] discussed in section 3.1 would remain
problematic. In the case of three-consonant clusters, regardless
of what syllabification one posits, the *COMPLEX constraint
would be violated since there would have to be a cluster at the
edge of the syllable. For a word such as [bIstra] one might have
predicted the preferred syllabification to be [bI-stra] since at
least the NO CODA constraint would not be violated, since [str-] is
a legal onset. Instead the subjects preferred [bIs-tra]. However,
if three-consonant clusters are considered to violate the
*COMPLEX constraint more drastically (i.e. if they merit two **)
then of course the form [bI-stra] would not be favored. That still
leaves [bIst-ra] and [bIs-tra] as contenders. Both violate the NO

CODA constraint and both would equally violate the *COMPLEX

constraint. Nor can the sonority hierarchy help since [tr-]
exhibits the appropriate increasing sonority for an onset and [-st]
the appropriate decreasing sonority. Venneman’s [12] syllable
“contact law” holds that syllable breaks favor decreasing
sonority and thus would select the desired [bIs-tra] over [bIst-ra]
but it would incorrectly select V-CCV syllabifications for a
number of the words with two-consonant clusters discussed in
section 3.1. Thus it too cannot be invoked here.

4. CONCLUSION.
The results show a VC-CV preference for intervocalic two-
consonant clusters including homorganic nasal + stop clusters.
Thus the onset first principle is only partially supported (since
for two-consonant clusters the subjects did not choose V-CCV).
The results do not provide definitive answers for the
syllabification of geminates or homorganic-nasal-plus-stop
clusters (in spite of the higher VC-CV responses for the latter)
because the experimental paradigm used runs into the problem
of pronounceability of syllable-initial NCV and C:V. Thus the
lower incidence of such syllabification could be an indication of
pronunciation constraints rather than representation in the
mental grammar. Although in examining subjects' responses,

orthographic influence could be ruled out in some of the cases,
in others it is still a factor to contend with. Perhaps one needs to
accept the possibility that the mental grammar of a literate adult
is partly shaped by literacy. Moreover, if indeed word
segmentation is a literacy dependent skill, then syllabification
could not be universal, i.e. innate.  Finally, additional
experimental paradigms more suitable for preliterate or illiterate
subjects need to be developed.
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APPENDIX: Test Words
1. [t�S«kla] ‘dough-rolling platter’ 11. [p«NkHa] ‘fan (n.)’

2. [t�Saplus] ‘flatterer 12. [ê«÷êa] ‘stick (n.)’

3. [s«sta] ‘cheap’ 13. [g«dùa] ‘mattress’

4. [kIsm«t] ‘fate’ 14. [r«sùi] ‘rope’

5. [sIski] ‘sob (n.)’ 15. [p«tùa] ‘leaf’

6. [ÿokri] ‘basket’ 16. [g«nùa] ‘sugarcane’

7. [VIdja] ‘knowledge’ 17. [bIstra] ‘bedding’

8. [agja] ‘permission’ 18. [s«ntra] ‘orange’

9. [g«nda] ‘dirty’ 19. [d�Zjotsna] ‘moonlight, proper
name’

10. [l«mba] ‘tall’
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ABSTRACT

This work explores the typological observation that syllables are
asymmetric in their treatment of onsets and codas; many languages
permit only onsets, few require codas, and none prohibit onsets. It
is theorized that phonetic and computational factors are responsi-
ble for these types of syllabic structures, and that optimal syllables
are those that enhance production and perception. This theory is in-
vestigated using connectionist models of word recognition and pro-
duction. Results indicate that certain consonant classes are more
easily perceived in CV syllables than in VC syllables, and that this
will lead to statistical preferences for these types of phoneme se-
quences within and across languages. These results are contrasted
with the more traditional view which posits innate symbolic mech-
anisms to account for phonological patterns.

1. INTRODUCTION
Formal syllable theory holds that words are not merely sequences
of phonemes, but are instead composed of hierarchically organized
units such as moras, syllables, feet and prosodic words [11]. The
complexity of these structures, and the fact that all languages seem
to be bound by similar constraints on them, might be interpreted as
suggesting that such abstract phonological units are components
of an innate linguistic endowment. This work explores an alterna-
tive theory of suprasegmental phonology, in which functional char-
acteristics of speech perception and production constrain possible
word forms, giving rise to abstract structures and the constraints
which act upon them.

There is an asymmetry in syllables, related to the status of on-
set and coda consonants. Beginning with Jakobson [5] it has been
observed that languages tend to impose stronger constraints on co-
das than they do on onsets. That is, many languages prohibit coda
consonants altogether (Hua, Fijian, Mazateco), and many others
strongly limit what consonants may occur in coda positions (e.g.,
Axininca Campa limits codas to nasals). In contrast, no language
prohibits onsets, and many require them (Klamath, Totonac, Ara-
bic).

This pattern has been captured in several different theoreti-
cal frameworks, most recently Optimality Theory (OT) [9], which
posits two general constraints governing the parsing of consonants
in syllables: ONS which states that syllables must have onsets, and
NO-CODA which prohibits codas. The degree to which a language
enforces a strict CV syllable structure is reflected in the rankings
of these two constraints relative to the class of Faithfulness con-
straints.

A different type of explanation for the asymmetrical charac-
ter of the syllable exists, however. It is possible that preferences
for onsets over codas hinges on the acoustic characteristics of pre-
and postvocalic consonants. For example, stop consonants have ar-

guably stronger acoustic cues if they immediately precede a vowel;
likewise, it is possible that other classes of consonants can be more
salient or discriminable in onsets, compared to codas. On this ac-
count, certain codas are dispreferred because the ability to use them
contrastively is deprecated compared to onsets.

This work investigates this hypothesis by testing the degree to
which the ability to discriminate consonant contrasts in onsets and
codas differ. However, it also expands on this perceptibility hy-
pothesis by investigating the degree to which these acoustic con-
straints will interact with constraints on speech production. As
we shall see, cognitive constraints on articulatory planning might
also affect the structure of syllables, by amplifying preferences for
certain syllable shapes, in an order to simplify the task of speech
production. The hypothesis is that the perceptionandproduction of
speech interact to constrain how a language’s phonological patterns
are learned, ultimately shaping sound patterns across languages.

This type of explanation is similar to other accounts of phono-
logical phenomena drawing upon perceptibility [12, 7, 3] and
speech production [1, 4, 13], suggesting that the ability to accu-
rately perceive and produce specific phonemes in specific contexts
plays a role in determining at least some phonological processes.
The present work addresses these types of issues within a some-
what different framework. Connectionist simulations are used in
order to examine the learning and processing of phonological pat-
terns. By teaching models to produce and perceive the relevant
types of patterns, we test hypotheses about the relative learnability
of certain types of patterns.

The first part of this paper explores the effect of syllabic posi-
tion on the acoustic cues of common consonant classes. A connec-
tionist simulation was used to model the recognition of CV and VC
syllables. It was hypothesized that if acoustic differences between
consonants in CV and VC syllables have a real impact on learning,
these differences would express themselves in the model’s perfor-
mance.

The second section investigates how these acoustic con-
straints carry over to languages that have more permissive sylla-
ble structure. A relatively simple model of speech production is
used to investigate how even languages which allow many syllable
forms exploit the aforementioned preferences for less marked syl-
lables. These preferences are amplified by the model in order to
better perform the difficult task of speech production; in so doing
the model develops behavior consistent with the notion of innate
syllabic constraints.

2. PERCEIVING SYLLABLES
In this section, we test the specific hypothesis that the preference
for onsets is due to acoustic factors. It is observed that the acoustic
cues for some types of consonants are diminished in coda posi-
tions. A survey of English reveals several instances of this, par-
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ticularly in obstruents. For example, stops are always released
when in onsets, resulting in bursts. In contrast, stops in codas are
occasionally unreleased, particularly word-finally and before an-
other stop, eliminating burst as a useful acoustic cue in these cases
[6]. Voicing can also be more difficult to distinguish in coda stops,
because of the tendency toward devoicing in non-prevocalic posi-
tions. Similarly, voiced fricatives can tend to be devoiced in coda
positions [2], diminishing the contrastiveness of voicing distinc-
tions in such cases. Admittedly, some languages might not follow
these phonetic tendencies. However, these processes seem to occur
across many languages, suggesting that there are real constraints
on the ability to produce certain acoustic distinctions in wordfinal
and non-prevocalic positions.

To test whether such differences will affect a consonant’s suit-
ability as an onset or coda, we trained two identical connectionist
models to identify either CV or VC syllables drawn from actual
speech samples. It was expected that resulting differences in the
models’ ability to learn to identify consonants in either onsets or
codas would reflect preferences in languages.

2.1. Model details
The syllable recognition task was implemented in a simple feed-
forward network, illustrated in Figure 1. Training stimuli were ob-
tained by extracting the desired syllables from the DARPA TIMIT
Acoustic-Phonetic Continuous Speech Corpus of spoken English.
The output of the model consisted of 28 nodes, each representing a
different vowel and consonant. The model’s task was thus to map
acoustic input to the identity of the phonemes making up this input.
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Figure 1: Network used in the first experiment.

Two input sets were used; the first consisted of 2,661 CV syl-
lables drawn from the TIMIT database. Consonants were stops (p,
t, k, b, d, g), fricatives (f,T, s, S, v, ð, z), nasals (m, n) and liq-
uids (l, r); vowels were from the set: (i,I, e, E, a æ,O, o, U, u, @).
There were 125 possible syllable types, representing most of the
possible combinations of CV syllables in set. 25 tokens of each
syllable type were selected at random, except in cases where fewer
instances were available, in which case all possible instances were
used. The second set was similar to the first, but consisted of 3,966
VC syllables from the TIMIT database, made up of the same con-
sonant and vowel types as the CV set. Care was taken to include

only VC sequences which did not occur before a vowel, assuring
us that the only consonants used in this set were codas, and not
onsets of the next syllable.

Training items were obtained by transforming raw waveforms
into fourteen 8 ms frames of 96 spectral coefficients (bandwidth:
31.25 Hz, frequency range: 0-3000 Hz) using a Fourier transform.
The result was a set of 1,344 spectral coefficients for each sylla-
ble in the training set Preliminary testing indicated that these pa-
rameters were not optimal for learning fricatives, due to the low
frequency cutoff. To offset this, a wider bandwidth (62.5 Hz) and
frequency range (0-6000) were used for obtaining training data for
syllables with fricatives.

Networks were trained over 200,000 training trials. Training
proceeded as follows: at the beginning of each training iteration,
a syllable was chosen at random from the training set, and pre-
sented to the model. Activation was propagated forward and the
resulting output was computed. The model was trained to pro-
duce the correct output using the backpropagation algorithm [10]
which compares the actual output to the desired output, and ad-
justs connection strengths in the network in order to minimize this
difference.

2.2. Results and Discussion

At the end of training, both network types were tested on their
respective training sets, in order to determine the extent to which
the models had learned the training phonemes. Figure 2 compares
the model’s ability to recognize the different phoneme classes in
the training sets. These results suggest that the model trained on
CV syllables did have an advantage in learning stops, fricatives and
nasals; no advantage was apparent for liquids in onsets.
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Figure 2: Results of the first experiment, indicating better identi-
fication of some consonant classes in CV positions, compared to
their VC counterparts.

The results of these simulations suggest that acoustic differ-
ences between certain consonants in onset and coda positions can
have an impact on learning phonemic contrasts. Speech perception
is a difficult task, due to the inherent variability and noisiness of
the speech signal, and thus it is not unreasonable to expect that lan-
guages will develop preferences for phoneme sequences that max-
imize phoneme discriminability (e.g., stops prevocalically), even
when other sequences are possible (e.g., stops non-prevocalically).
This would appear to explain why it is that languages enforcing
strict limitations on phoneme sequences will tend to prefer more
discriminable ones.
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Differences between the two sets are small, which is also con-
sistent with empirical data indicating that coda consonants are not
completely ruled out. The data instead suggest that small acous-
tic differences can have an impact on the distribution of syllable
structures across languages.

It is not our claim that onsets are universally more suitable
positions for all consonants. Our present results suggest the possi-
bility that some consonant types were less discriminable in codas
than others. However, we also note that languages which place lim-
itations on consonants in coda positions (such as Axininca Campa
and Japanese) also tend to neutralize contrast in this position, again
suggesting that discriminability plays a role in limiting how some
languages use codas. This theory also leaves open the possibil-
ity that some classes of consonants might be better suited to post-
vocalic positions, such as retroflexes in Austronesian languages
[12]. Nevertheless, because obstruents are the most highly attested
consonant type across languages [8], it is argued that this is the
source of the more generally-attested preference for onsets over
codas.

3. PRODUCING SPEECH
Many languages do not have strict CV syllable structure and in-
stead allow both onsets and codas. Nevertheless, speakers of these
languages show evidence of the same types of syllabic constraints.
For example, given the choice between the syllabic parses V.CVC
and VC.VC, English speakers will tend to choose the former over
the latter, even though both CVC and VC are admissible syllable
types. Moreover, speakers of such languages also seem to have
knowledge of hierarchical syllabic information, such as syllable
weight which allows them to assign stress or construct Feet and
Prosodic Words.

Such data suggest that acoustics alone are not sufficient to ex-
plain how language users acquire syllable structure. That is, even
speakers of languages which are not strongly constrained in the
choice of onsets over codas will nevertheless show knowledge of
suprasegmental structures. Since both CV and VC are legal syl-
lables in such languages, it is unclear how a learner of these lan-
guages will acquire a preference for one over the other. In this
section, we present a preliminary account of how these more com-
plex types of phenomena might arise in a functional mechanism.
On this account, abstract syllabic behavior is explained as the re-
sult of the interaction between constraints on articulatory planning
and perception.

To understand the role of speech production in the acquisition
of syllable structures, we again turn to connectionist models. In the
current simulation, the cognitive process of articulatory planning
is modeled by training a network to produce ordered sequences of
phonemes. The model was trained on a corpus of English syllables
of various forms, and then tested in order to ascertain how well it
had learned to produce the types of syllable shapes in the training
corpus.

An important observation about English is that while it allows
a variety of syllable shapes, there is a definite preference for syl-
lables beginning with consonants, over those beginning with vow-
els. For example, a count of syllable types in the CELEX database
showed that 45% of English words listed had at least one CV syl-
lable, while only 13% of words contained at least one VC syllable.

(This tendency appears to hold in other languages as well: 47% of
the Dutch words in CELEX contained CV syllables, compared to
14% with VC syllables).

The present simulation investigated how this trend toward
consonant-initial syllables might affect how speech production is
acquired. It was predicted that the nature of the production task
required the network to discover more abstract characteristics of
syllables – such as preferences for syllables with onsets, and prin-
ciples of rising and falling sonority – in order to fulfill the demands
of the task.

3.1. Model details
The cognitive aspects of speech production were simulated by
training a connectionist model to produce individual syllables as
series of consecutive phonemes. This was done by presenting a re-
current network with a set of phonemes as input (e.g., /blæk/), and
training it to output each phoneme in turn over a series of discrete
time steps (e.g., [b] - [l] - [æ] - [k]). The model architecture is
presented in Figure 3.
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Sequence of Phonemes
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Figure 3: Network used to simulate the planning of speech produc-
tion. The model was presented with group of phonemes as input,
and learned to produce the word as a sequence of phonemes on the
output.

The training set consisted of 3,122 monosyllabic English
words drawn from the American Heritage Dictionary; words were
encoded as phonemes which were themselves made up of phono-
logical features, such that each phoneme was expressed as a vector
of 18 binary bits representing “+” and “-” features. The training
frequency of each word was weighted based on the word’s log-
transformed frequency in the Wall Street Journal corpus.

3.2. Results and Discussion
At asymptote (200,000 training trials), the network had learned to
accurately produce each word in the training corpus. The model
was also tested before perfect performance was reached (after
50,000 training trials) in order to determine the types of syllables
the model had more difficulty learning to produce. This was done
by presenting the network will all the words in the training, and
noting those words on which the network produced errors (such as
incorrect or missing phonemes). Figure 4 plots the network’s mean
performance on several syllable shapes used in the training corpus.

These results indicate that the model was not performing iden-
tically on all syllable forms. Instead, it appears that the network
was better able to produce syllables with (C)CV shapes compared
to their VC(C) counterparts. This appears to be due to the statis-
tical preference for consonant-initial syllables in the training set;
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Figure 4: Results of the second experiment, indicating an asym-
metry in the model’s ability to produce consonant and vowel initial
syllables.

because the task of producing sequences of phonemes was some-
what difficult for the model, it developed internal representations
of syllabic structure permitting it to perform the task. For exam-
ple, the model carried with it specific expectations about whether
syllable tend to have onset. The result is that the model performed
more poorly on syllables that did not have onsets. This is in spite of
the fact that the model did not have direct access to the perceptual
characteristics of the words it was learning. It has acquired gen-
eralizations about syllable optimality based only on the statistical
nature of the input set.

4. CONCLUSION
The functional framework adopted in the present work holds that
phonological patterns can be transmitted lexically, rather than ge-
netically. That is, it hypothesizes that knowledge of abstract
phonological structure is not always necessary for learning phono-
logical principles. This is because the lexicons of languages are
shaped by phonetic and cognitive constraints, and therefore they
tend to contain important clues as to the nature of the underlying
phonological system.

We have explored how this might explain certain facts about
syllables, by raising the possibility that general principles of learn-
ing interact with facts about speech perception and production
to yield complex linguistic behavior. Connectionist networks are
well-suited to investigating this type of hypothesis, because they
allow us to implement tasks of perception and production within a
general learning system. Model performance is easily be assessed
and compared to empirical data.

The current work has dealt with a very small aspect of syllable
structure, namely the tendency for languages to prefer onsets and
to disprefer codas. We propose that acoustic factors tend to favor
the placement of some consonants in prevocalic positions, partic-
ularly obstruents. This tendency is not absolute - most languages
do not prohibit coda consonants altogether. However, it does yield
statistical preferences in lexicons, such that CV syllables will occur
more frequently in words than their VC. This statistical preference
is amplified by cognitive processes governing speech production,
in order to better perform the difficult task of speech production.
The result are languages which either prefer onsets over codas to
varying degrees, or disallow codas altogether.

The production model we present here might also account

for how syllable structures are used in the context of words. For
example, planning to produce sequences of more complex sylla-
bles might be more easily implemented if the sequences tend to
be more predictable. This is clearly the case in quantity-sensitive
languages, where the relative weight of a syllable can be predicted
based only on what is known about the preceding or following syl-
lable. That is, planning to produce a variety of syllable shapes
might be easier if general constraints are imposed on the order in
which these syllable shapes will tend to occur (e.g., the canonical
L-H of iambs).

The OT account mentioned in the introduction differs from
the present account, in that OT emphasizes the actions and inter-
actions of constraints like ONS and NO-CODA. Here the emphasis
has been placed on specifying the source of these constraints, and
the types of cognitive mechanisms which give rise to them. For
this reason, we propose that the present work should be viewed
as complementary, rather than contradictory to the more symbolic
OT approach. It further suggests that an important component of
constraints-based theories of language must be the search for an
understanding of the mechanisms which give rise to these con-
straints.
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THE NATURE OF VOCOIDS ASSOCIATED WITH SYLLABIC CONSONANTS
IN TASHLHIYT BERBER

John Coleman
University of Oxford, UK

ABSTRACT
Tashlhiyt Berber has entered the phonological folklore as an
unusual language in which any consonant can be syllabic, many
words consisting entirely of consonants. I shall argue for an
alternative analysis, according to which the epenthetic vowels
which frequently accompany syllabic consonants are the phonetic
realizations of syllable nuclei. Where no epenthetic vowel is
evident, it can be regarded as hidden by the following consonant,
according to a gestural overlap model. On this view, Tashlhiyt
syllable structure is a quite unmarked CV(C(C)), and
syllabification is unproblematic.

1.  INTRODUCTION
Many influential phonology texts (e.g. [9, 13]) repeat Dell and
Elmedlaoui’s analysis of Tashlhiyt [3], which holds that all
Tashlhiyt phonemes, even obstruents, are sometimes syllabic, and
that numerous words consist only of consonants (e.g. /V:B\PBVPBV/
‘and store them’). If that is correct, the cross-linguistic
syllabification algorithm of [8, 10], according to which syllable
nuclei are projections of vowels, is inapplicable to Tashlhiyt. [3]
also proposed a syllabification procedure in which relative, rather
than absolute, sonority plays the main part in locating syllable
nuclei. However, that procedure rather implausibly requires nine
iterative passes through each word. In this paper I shall present
evidence in support of an alternative proposal [2], according to
which syllabic consonants are phonologically analyzed as a
vowel+consonant sequence. In defence of this view I shall show
that in Mohamed Elmedlaoui’s speech, syllabic consonants are
frequently (but variably) spoken as vowel+consonant sequences.
I shall confirm Dell and Elmedlaoui’s claim [3, 4, 5] that the
quality of these vowels (which they call ‘transitional schwas’) is
predictable on the basis of the neighbouring consonants, and I
shall show that the openness of the next vowel is also a factor.
The vowels in question are thus epenthetic. I shall show that their
distribution is better accounted for by the hypothesis that they
occur to fill syllable nucleus positions that would otherwise be
empty than by the alternative proposal of [3, 4, 5].

The phonemes of Tashlhiyt are: voiceless stops
/V Vµ M M9 S S9/, voiced stops /D F Fµ I I9/, voiceless fricatives

/H U Uµ 5 5µ : :9 Ï J/, voiced fricatives /\ \µ = =µ ¯ ¯9/, nasals

/O P Pµ/, liquids /N Nµ T Tµ/, approximants /L Y µ/, and vowels

/K W C/. I shall accept the claim in [3] that /j/ and /w/ are not
separate phonemes, but non-nuclear variants of /i/ and /u/. A
word containing a pharyngealized phoneme exhibits
pharyngealization throughout, and has backer, slightly more open
vowel qualities. Labialization of velar and uvular obstruents is
usually contrastive (e.g. /KMVK/ ‘hot’ vs. /KM9VK/ ‘recall’)� /T/ is

pronounced as [4], >T], or >^], with brief vocoids before and
sometimes after the tap, and between the individual closures of
trills. Consonants may be contrastively geminate, even word-
initially (e.g. /VVI9I9C/ ‘be washing clothes’). Typically for an
Afroasiatic language, many words are formed by intercalating
independent vowel and consonant melodies, e.g. singular
/C5CM95/ ‘pile of stones’, plural /K5WMC5/. I shall refer to phonemic
/i/, /u/, and /a/ as ‘lexical vowels’ and to the so-called
‘transitional schwas’ as ‘epenthetic vowels’.

2. MATERIALS
2.1. Recordings
In the absence of a Tashlhiyt dictionary, an unsorted list of 555
words was collated from various papers. Each word was written
down in the frame sentence “ini za — yat tklit CFµPµKPµ” (‘please
say — again’), and the list of sentences was read aloud by two
native speakers.  The list was recorded twice by each speaker.
The specific questions to be investigated were not known at the
time of recording, so the database is unbalanced, aiming more for
breadth of coverage than numerous repeats. In each session, 311
words occurred only once, 218 words were spoken twice, 15
words were spoken three times and 11 words were spoken four
times, giving 895 tokens per session. The words in [3] were
recorded from two to four times by each speaker, so that words
containing syllabic consonants are well-represented in the
database. Due to constraints on research time, only data from one
session with one speaker, Prof. Elmedlaoui, is discussed below.
Since he is the principal informant for prior publications [3, 4,
5], it is hoped that this limitation of the present study will be
excused.

Digital audio recordings were made in a sound-treated booth
at Oxford University Phonetics Laboratory using an AKG C451E
microphone, an AKG B46E preamplifier, and a Sony DTC-1000
ES PRO DAT recorder at 48,000 samples/s. The recordings were
digitally transferred to the hard disk of a Silicon Graphics Indy
computer using Silicon Graphics DATman software, and down-
sampled to 16,000 samples/s. The sample resolution was 16 bits.
All subsequent waveform editing and acoustic analysis was
performed using Entropics waves speech processing software.

2.2. Acoustic Measurements
In each word containing syllabic consonants (429 tokens), the
following were measured: 1) duration of epenthetic vowels, 2)
duration of lexical vowels, 3) duration of syllabic consonants
(except /T/ and /Tµ/), 4) frequencies of the first three formants. F1–
F3 of some lexical vowels were also measured, not as a control,
but as indicators of the periphery of the speaker’s vowel space.
Epenthetic vowels were also impressionistically transcribed.
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3. DISTRIBUTION OF EPENTHETIC VOWELS
3.1 Method of Analysis
The database contained 929 sequences of two consonant
phonemes (dyads), the environment in which epenthetic vowels
may occur. Epenthetic vowels occurred in 368 (40%) of these.
The observed probability of epenthesis was calculated for every
dyad and for every pair of consonant classes listed in section 1.

Exceptions to Dell and Elmedlaoui’s model [5] and to mine
[2] were found, necessitating an analysis of their relative
correctness. Signal detection theory [11] was used to compare the
goodness-of-fit between the observed distribution of epenthetic
vowels and their expected occurrence according to the two
models. Each dyad was classified according to each model as
either a ‘hit’ (i.e. epenthesis occurred as expected), a ‘miss’
(epenthesis was not expected even though it occurred), a ‘false
alarm’ (epenthesis was expected but it did not occur), or a
‘correct rejection’ (epenthesis was not expected and did not
occur). Note that there are two different ways in which a model
can be wrong, and two ways in which it can be right. The hit rate
was expressed as the probability of occurrence and the false
alarm rate as the probability of non-occurrence, and these
probabilities translated into z-scores using the inverse z-
transform. The difference between z(hits) and z(false alarms), d’,
provides a measure of how well each model distinguishes
between the occurrence and non-occurrence of epenthetic
vowels. The higher d’, the better the model’s performance.

In Model A, epenthetic vowels were expected to occur
according to the account given in [5]: in brief, they are not
expected 1) between two voiceless consonants, 2) between
homorganic stops (including the two parts of a geminate), 3)
between a stop and a homorganic noncontinuant with a different
value for the feature [sonorant] (e.g. /tn/, /dn/, /tl/, /dl/), or 4)
after fricatives. Epenthetic vowels are expected to occur 1)
between two non-homorganic stops (including nasal stops),
especially if both are voiced, and 2) after liquids.

In Model B, epenthetic vowels are expected to occur 1) in a
syllable nucleus that is not filled by a lexical vowel, and 2) after
/r/. Syllable nuclei are expected to occur according to the
template CV(C(C)), where single-consonant codas are preferred
over empty codas and coda clusters, and the second coda
consonant may not be more sonorous than the first. For example,
the first syllable of /V:\PVPV/ is /VV:/ (where V denotes an empty

nucleus), not /VV:\/, because /z/ is more sonorous than /:/. The
second syllable is /zVn/, not /zVnt/, because single consonant
codas are preferred, whereas a consonant cluster is acceptable in
the coda of the third syllable, /tVnt/, because the final /t/ cannot
form a syllable by itself.

3.2. Results
The probability of epenthesis (compared case-by-case to absence
of epenthesis) was above chance before or after certain
consonants, e.g. p(epenthesis) = 0.68 before /l/, 0.79 before /Fµ/,

0.86 after /̄9/, 0.88 after /S9/ and 0.91 after /I9/. It only

exceeded 0.95 before /T/ and /Tµ/ and in the dyad /NI/. Epenthesis
occurred without variation only in dyads where the number of
instances was very small; these cases cannot be taken as evidence
of environments in which epenthesis is obligatory. In contrast,
there are some well-represented environments in which

epenthesis was never observed, i.e. before /H/, /5/ and /</, and
between two voiceless consonants (except in one instance of /qs/,
but the word-list spelling may have been wrong in this case).
Other than these, the probability of epenthesis was never below
0.05, though before /s/ it comes close (p = 0.07).

In the comparative evaluation of models, both performed
well. Model A predicted 75% of the 368 observed epenthetic
vowels, but also expected epenthesis in 41% of the cases in
which it did not occur, giving a d’ of 4.34. The false alarm rate of
Model B was similar, 43%, but the hit rate was higher, 89%,
yielding a better d’ of 4.74. Although the two scores are quite
close, Model B should be favoured on three counts: 1) its better
coverage at explaining occurring instances of epenthesis; 2) the
fact that its statement of where epenthesis is expected is much
more succinct than the list of separate cases given in [5]; 3)
epenthesis in empty syllable nuclei is paralleled in many other
languages [7, 12].

4. QUALITY OF EPENTHETIC VOWELS
4.1. Variation in Quality
[2] reports that a variety of epenthetic vowel qualities are found.
In this study, [+], [+ B], [G B], [(B], [4B], [$B], [£ A], [) A], [n], [� ], [�], [3],
[RB], [oB], [8], and [<] were recorded. The first three formant
frequencies were carefully estimated from a 14-pole discrete
Fourier transform of a portion of signal centred on the amplitude
peak of each epenthetic vowel and windowed with a 25.6 ms
Hanning window. Vowels for which estimation of F1 or F2
proved problematic were disregarded. Figure 1 is a scatter plot of
the F1 and F2 of epenthetic vowels. The allophones listed above
lie in overlapping clusters which fill the vowel space. A
distinction between a more open and a closer group of vowel
qualities is evident, however.
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Figure 1. Epenthetic vowel qualities.

In their reply to [2], Dell and Elmedlaoui suggest that these
variations in epenthetic vowel quality are due to a “requirement
that an articulator must follow the shortest possible path when
moving from one target to the next” [4, 5]. In other words,
epenthetic vowel quality is determined by the preceding and
following consonants. I shall call this the C–C model. If it is
correct, we would not expect to find any dyads separated by
different epenthetic vowels. In fact, some instances of dyads with
different epenthetic vowels do occur in my database, such as the
following. (None of these examples contains a pharyngealized
consonant which would affect the vowel qualities of the entire
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word.) Example (4) instantiates the F1 contrast of Figure 1.

1a) FTB Unrounded: F1 ≈ 390
 Hz, F2  ≈ 1510 Hz

VCLFTBV [F�5�V] ‘ear of

                         wheat’
  b) Rounded: F1 ≈ 410 Hz,

 F2 ≈ 1410 Hz
VWFTBV [F35�V] ‘life’ [n.f.]

2a) JOC Unrounded: F1 ≈ 360
 Hz, F2  ≈ 1700 Hz

VTINBV [I+ BNL] ‘you locked’

  b) Rounded: F1 ≈ 390 Hz,
 F2 ≈ 1225–1350 Hz

LWINB [I7N] ‘he hung’

3a) NUC Unrounded: F1 ≈ 390
 Hz, F2  ≈ 1550 Hz

VUBM=� ?TV ‘do’ [v.perf.2sg.]

  b) Rounded: F1 ≈ 390 Hz,
 F2 ≈ 1205–1350 Hz

LWM=7?T  ‘he stole’

4a) NUC Closer, fronter: F1 ≈
 390 Hz, F2  ≈ 1550 Hz

VUBM=� ?TV ‘do’ [v.perf.2sg.]

  b) Opener, backer: F1 ≈
 560 Hz, F2  ≈ 1290 Hz

CM=£?TMWT ‘blackbird’

4.2. Variation in F1
In order to determine whether the local consonantal context is
sufficient to explain the F1 variation of Figure 1, a General
Linear Model of epenthetic vowel F1 was constructed, with
preceding consonant place, following consonant place, preceding
consonant manner and following consonant manner as fixed
factors. Consonant manners were the same as the consonant
classes of section 1, and the place categories were labial, coronal,
dorsal (i.e. velars and uvulars), labiodorsal (i.e. labialized velars
and uvulars), and pharyngeal/laryngeal. Of these, preceding and
following manner were highly significant (p < 0.005; F(6,76) =
3.442 and F(6,76) = 7.409, respectively), preceding place was
significant (p < 0.05, F(4,76) = 2.904) and preceding place *
preceding manner was a highly significant interaction (p < 0.001,
F(8,76) = 3.631). Post hoc multiple comparisons using
Tamhane’s T2 test were conducted to identify the significant
manner distinctions. The largest difference is that the mean F1 of
epenthetic vowels is 76 Hz higher after voiced fricatives than
voiced stops. This is probably because the only voiced fricative
after which epenthesis frequently occurred is /±9/ and uvular
constrictions have a high F1 [12].

The mean F1 of epenthetic vowels was 42 Hz higher before
liquids than voiced stops or nasals. This may be because the most
frequent liquid, /r/, has the most open oral cavity of the sonorant
consonants (apart from /µ/, which did not occur after epenthesis).

The high incidence of /Tµ/ may also raise the mean F1 of liquids,
due to its pharyngeal constriction.

These results do not explain why different qualities are
sometimes found in the same consonantal context, nor why some
epenthetic vowels are quite open, as in (4), nor why the
difference in mean F1 of the two clusters in Figure 1 is 110 Hz.
An obvious alternative hypothesis is that neighbouring vowels
may also affect epenthetic vowel quality; that is, they may be
underspecified or “targetless schwas”, whose quality is
determined in part by neighbouring vowel gestures, as proposed
for English by [1]. I call this the V–V model. By this hypothesis,
the epenthetic >£@ LQ /CMT BMWT/ ‘blackbird’ is open because of the

open vowel of the preceding syllable, and the epenthetic [3] in

/VWFTBV/ ‘life’ and the epenthetic [7]’s in /LWINB/ ‘he hung’ and

/LWMTB/  ‘he stole’ are rounded because of the preceding /u/.
In order to test this hypothesis, a second GLM of epenthetic

vowel F1 was constructed with preceding and following vowel as
the fixed factors. /j/ and /w/ were counted as instances of /i/ and
/u/, respectively. In this model, only following vowel was found
to be a significant factor (p < 0.001, F(2,8) = 8.778). Post hoc
multiple comparisons using Tamhane’s T2 test showed that the
distinction between /a/ and /i/ was significant, with mean F1 27
Hz higher before /a/ than before /i/. This gives some support to
the idea that vowel context is influential, at least as far as the
feature [low] is concerned, but it is a relatively small effect
compared with neighbouring consonant manner, and does not
explain the four examples in the previous paragraph. A third
GLM was constructed which combined the significant factors of
the previous two models. In this case, following manner and
following vowel were the only significant factors (p < 0.001,
F(6,65) = 7.567 and p < 0.05, F(2,65) = 3.822, respectively):
preceding consonant manner drops out in this combined model.
Thus, the main influences on the F1 of epenthetic vowels are the
following consonant and the lowness of the following vowel.

4.3. Variation in F2
In order to understand F2 variation, two GLM’s were constructed
with the same fixed factors as for the F1 models, one
instantiating the C–C model, the other the V–V model. For the
latter, labialized dorsal obstruents were regarded as containing
/u/, because of the effect of labialized consonants on epenthetic
vowels, as we shall see. In the C–C model, all four factors were
significant, as well as the interaction between preceding and
following manner. Post hoc Tamhane tests showed that the mean
F2 of epenthetic vowels is significantly lower after voiced
fricatives than liquids (which are 231 Hz higher), voiced stops
(233 Hz higher), voiceless fricatives (238 Hz higher) and
voiceless stops (239 Hz higher). This is probably because the
only voiced fricative after which epenthesis frequently occurred
is /±9/. A few instances of preceding /±/ add to the general low
mean F2 of epenthetic vowels after voiced fricatives. The F2-
lowering effect of voiced fricatives was also evident when they
followed epenthetic vowels, in which F2 is on average 182 Hz
higher before liquids and 245 Hz higher before voiced stops.
Again, /±9/ and /±/ are mainly responsible.

Place of articulation of neighbouring consonants has a
strong effect on the F2 of epenthetic vowels. Mean F2 is 223 Hz
higher after coronals and labials than after labiodorsals, 307 Hz
higher after dorsals than labiodorsals, and 568 Hz higher after
pharyngeals and laryngeals than labiodorsals. We see evidence
here for a “gravity hierarchy”, with labiodorsals more grave than
dorsals, labials and coronals, and laryngeals and pharyngeals
least grave. The F2 lowering effect of labialized consonants and
dorsal consonants is expected from acoustic theory, and is also
seen in the influence of following consonant place: the mean F2
of epenthetic vowels is 225 Hz higher before coronals than
before labiodorsals, and 259 Hz higher before dorsals than
labiodorsals.

In the V–V model, preceding and following vowels were
highly significant (p < 0.001, F(2,8) = 23.783 and 14.359,
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respectively). This time, however, it is the distinction between
/u/, on the one hand, and /i/ and /a/, on the other, that is criterial.
The mean F2 of epenthetic vowels is 209 Hz lower after /u/
(including the labiality of labiodorsal consonants, recall) than
after /a/, and 224 Hz lower after /u/ than /i/. Likewise, mean F2 is
125 Hz lower before /u/ (or a labiodorsal consonant) than before
/i/ (or /j/).

4.4. Variation in F3
In the C–C model of F3, preceding consonant place and manner
and following consonant manner were significant. In the V–V
model, preceding vowel was significant. When those four factors
were combined, preceding manner remained highly significant (p
< 0.001, F(6,89) = 3.735) and following manner was also
significant (p < 0.05, F(6,89) = 2.822). With this selection of
factors, preceding consonant place and preceding vowel were not
significant, though preceding place * preceding manner,
preceding vowel * following manner, and preceding place *
following manner were also significant (p < 0.05). The effect of
preceding manner on F3 of epenthetic vowels is partly due to
fricatives, especially voiced fricatives (/±9/ and /\µ/ in particular).
Mean F3 of epenthetic vowels is 335 Hz higher after voiced
fricatives than after approximants (mainly /w/). F3 is relatively
low after the labialized consonants /S9/, /M9/, /I9/, /w/, and /:9/.

F3 is also low before labialized consonants, apart from /±9/.

Before the voiced fricatives /±9/, /±/, and /\/, F3 is relatively
high.

Vowel Mean duration (ms) N SD (ms)
/a/ 68 207 16
/u/ 65 79 17
/i/ 65 103 21
‘�’ 35 322 10

‘n’ 43 44 15

Table 1. Means and standard deviations of vowel durations.

5. DURATIONS OF EPENTHETIC VOWELS
The durations of epenthetic and lexical vowels were compared in
various ways. First, means and standard deviations of the three
lexical vowel categories, the closer epenthetic vowels [+], [+ B], [G B],

[) A], [� ], [�], [3], [RB], [8], and [<] (labelled ‘�’) and the more

open epenthetic vowels [(B], [4B], [$B], [£ A], [n], [oB], (labelled ‘n’)
were calculated (Table 1). Though ‘�’ and ‘n’ are shorter than
lexical vowels, their duration distributions overlap with those of
lexical vowels. A one-way analysis of variance of vowel duration
was conducted with the five vowel categories of Table 1 as the
independent variable. Post hoc Tamhane tests showed that the
mean durations of /a/, /u/ and /i/ were not significantly different
from each other, but they are all significantly different (at the
0.05 level) from ‘�’ and ‘n’, which are significantly different
from each other.

In 9% of words containing an epenthetic vowel and a lexical
vowel, epenthetic vowel duration is actually greater than lexical
vowel duration. Although they were not studied as closely as
epenthetic vowels, lexical vowels may be centralized, shorter and
lower in amplitude, sometimes making them more ‘reduced’ than

epenthetic vowels.
At their shortest (≤25ms), epenthetic vowels may not be

long enough to develop voicing and were not amenable to
spectral analysis. My hypothesis is that epenthetic vowels may be
eclipsed by adjacent consonants to a greater or lesser degree.
Where the degree of overlap is extensive, no appreciable vowel
remains. Observations of duration variation are consistent with
this idea, which thus allows for the apparent absence of any
nuclear vowel, giving rise to surface syllabic consonants.

Finally, variation in vowel duration does not explain the
variation in F1 noted earlier, as in a model in which epenthetic
vowels exhibit articulatory undershoot towards an open target:
duration and F1 are uncorrelated.

6. CONCLUSION
I have presented evidence from the speech of one Tashlhiyt
speaker in support of the following claims: 1) Epenthetic vowels
are better explained as the phonetic realization of syllable nuclei
unfilled by a lexical vowel than by reference to a list of various
kinds of C–C combinations. 2) Their quality is to some extent
predictable from preceding and following segmental context. 3)
However, two clusters of spectrally and durationally distinct
epenthetic vowels can be identified.  4) The separation of these
clusters is not fully explained by local segmental context.

ACKNOWLEDGMENTS
I am grateful to Jana Dankovic	ová for transferring the audio recordings
to disk and dividing them into files; to Mohamed Elmedlaoui for his
patience in making the recordings, as well as for engaging, together with
François Dell, in an exceptionally well-tempered debate.

REFERENCES
[1] Browman, C. P. and L. Goldstein. 1992. “Targetless” schwa: an
articulatory analysis. In Docherty, G. J. and D. R. Ladd (eds.), Papers in
Laboratory Phonology II: Gesture, Segment, Prosody. Cambridge: CUP.
[2] Coleman, J. 1996. Declarative syllabification in Tashlhit Berber. In
[6].
[3] Dell, F. and M. Elmedlaoui. 1985. Syllabic consonants and
syllabification in Imdlawn Tashlhiyt Berber. Journal of African
Languages and Linguistics, 7, 105–130.
[4] Dell, F. and M. Elmedlaoui. 1996. Nonsyllabic transitional vocoids in
Imdlawn Tashlhiyt Berber. In [6].
[5] Dell, F. and M. Elmedlaoui. 1996. On consonant releases in Imdlawn
Tashlhiyt Berber. Linguistics, 34, 357–395.
[6] Durand, J. and B. Laks (eds). 1996. Current Trends in Phonology:
Models and Methods. Vol. 1. Manchester: University of Salford.
[7] Itô, J. 1989. A prosodic theory of epenthesis. Natural Language and
Linguistic Theory, 7, 217–259.
[8] Kahn, D. 1996. Syllable-based generalizations in English phonology.
Bloomington: Indiana University Linguistics Club.
[9] Kenstowicz, M. 1994. Phonology in Generative Grammar. Oxford:
Blackwell.
[10] Levin, J. 1985. A metrical theory of syllabicity. MIT PhD
dissertation.
[11] MacMillan, N. A. and C. D. Creelman. 1991. Detection Theory: A
User’s Guide. Cambridge: CUP.
[12] McCarthy, J. J. 1984. The phonetics and phonology of Semitic
pharyngeals. In Keating, P. A. (ed.), Phonological Structure and
Phonetic Form: Papers in Laboratory Phonology III.  Cambridge: CUP.
[13] Prince, A. and P. Smolensky. 1993. Optimality Theory: Constraint
Interaction in Generative Grammar. Piscataway, NJ: Rutgers Centre for
Cognitive Science.

page 738 ICPhS99          San Francisco



Is the phonological encoding of English words syllabically structured?

Niels O. Schiller
Harvard University, Cambridge, USA

ABSTRACT
Four experiments are reported which investigate the
syllable priming effect in English [2]. In Experiment 1,
pictures had to be named. Visually masked letter
primes preceded the targets and either matched the
first syllable of the target picture's name or were one
segment shorter or longer than the target's first
syllable. Additionally, there was a neutral control
prime. Results showed that targets were named fastest
when the primes had the largest segmental overlap
with the target independent of syllable structure.
Experiment 2 replicated this result with word targets,
and in Experiment 3 target words were grouped into
pairs again yielding the same result. Experiment 4 is a
replication of Experiment 2 with a longer prime
exposure duration. These results contradict the syllable
priming hypothesis but support the alternative
segmental overlap hypothesis [13].

1. INTRODUCTION
Most psycholinguistic models agree that syllables play
an important role in speech perception and speech
production (for speech perception see [1] for speech
production see [2], [3], [4], [5]). Experimental
evidence for this view comes mainly from off-line
data. In metalinguistic tasks, for instance, syllables are
one of the linguistic units that are preferably
manipulated (see [6] for English and [7] for Dutch).
Furthermore, speech errors generally obey the syllable
position constraint, i.e., onsets exchange with onsets,
codas exchange with codas, etc. [8] (see [9] for a
critical review).

However, there are also some on-line tasks that
provided evidence for the use of syllables as
psycholinguistic processing units. [10] reported clear
syllabic effects in French speech perception. In a
syllable monitoring task participants were asked to
monitor either for a particular CV or a CVC syllable
(C stands for consonant, V for vowel). Auditory target
words either began with a CV or with a CVC syllable.
Their data showed that participants were faster to
monitor for pa in pa.lace than in pal.mier and they
were faster for pal in pal.mier than in pa.lace (dots
indicate syllable boundaries). Since their target words
could be grouped into pairs that shared the first three
segments, the effect may be explained by the
difference in syllable structure. This syllable match

effect was taken as evidence that the syllable plays an
important role in French speech comprehension.

2. EARLIER EXPERIMENTS
[11] found an equivalent of this syllable match effect
in speech production tasks using masked syllable
priming. They obtained reliable facilitation in picture,
word, and nonword naming when prime and target
overlapped in their first syllable relative to a condition
where they shared a string of segments of equal length
that was one segment shorter or longer than the first
syllable. However, this syllable priming effect
disappeared in lexical decision, i.e., a task that can be
performed without the output phonology of the target.
According to these authors, this is strong evidence that
the syllable is not only a functional processing unit in
French speech perception but also in production.

Recently, [12] found a syllable priming effect in
English word naming: Production of CVC targets was
significantly faster when preceded by CVC primes than
when preceded by a neutral prime. Compared to this
neutral prime, no facilitation was observed when
targets were preceded by CV primes. Targets that
included ambisyllabic consonants were equally
facilitated by CV and CVC primes, when compared to
a neutral control condition. Most importantly,
significant priming effects for CV targets only
occurred in the CV priming condition but not when
targets were preceded by CVC targets. The authors
concluded that the syllable also constitutes a unit of
speech production in English, just as in French. [13],
however, could not find such an effect in Dutch,
although English and Dutch are phonologically quite
similar. Both languages do not allow for short vowels
to appear in open syllables and both languages contain
ambisyllabic consonants. In Dutch, however, there was
no sign of a syllable priming effect in word and picture
naming across five experiments. In contrast, in all
experiments naming latencies were shortest when the
segmental overlap between prime and target was
largest. Therefore, the Dutch results were accounted
for by a segmental overlap hypothesis.

3. PRESENT EXPERIMENTS
The present paper re-examines the syllable priming
effect in English because there were some
shortcomings in the original study by [12]: First of all,
[12] did only carry out word naming experiments in
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English, but no picture naming. However, since words
can be read aloud by the application of grapheme-to-
phoneme conversion rules, the word form
representations in the mental lexicon do not have to be
accessed. In contrast, to name a picture, all relevant
stages of the speech production process presumably
have to be accessed [14]. Second, the materials were
not very well controlled: In the crucial Experiment 5,
fifteen of the 24 target words were pseudo-prefixed,
and the syllable boundary fell behind this pseudo-
prefix. Participants may have noticed the structural
relationship among the target words in this experiment.
And third, the design of the crucial experiment allowed
participants to engage in a strategy. Once participants
noticed that all target words in Experiment 5 started
with a CV syllable, they may have been able to use this
information strategically to trigger their articulatory
responses in the following way: Primes that are
compatible with the syllable structure of the targets,
i.e., CV primes, facilitated naming, whereas primes
that were incompatible (i.e., CVC) or neutral, did not
(for a more detailed discussion of this criticism see
[13], [15], [16]).

All experiments reported here employed the
masked priming technique. In this technique, a visually
masked prime is presented before the target (a word or
a picture) appears on a computer screen. The prime
exposure duration is very short which prevents subjects
from visually identifying the primes. Subjects are
required to name the target as soon as it appears on the
screen. Because subjects cannot identify the prime,
they are unable to produce any expectations about the
target after the prime has been presented. Therefore,
this technique is generally considered to reduce
strategic effects to a minimum.

3.1. Experiment 1
In Experiment 1, pictures had to be named. All 48
picture names corresponded to bisyllabic,
monomorphemic English words with lexical stress on
the first syllable. Three different types of targets were
used: Picture names starting with a CV syllable (e.g.,
PI.LOT), picture names that started with a CVC
syllable (e.g., PIC.NIC), and picture names that
contained an ambisyllabic consonant (CV[C];
ambisyllabic consonants appear between square
brackets, e.g., PI[LL]OW). Pictures were preceded by
visually masked letter primes that corresponded to the
first syllable (CV or CVC) of the picture name or were
one segment shorter or longer than its first syllable
(e.g., pi – PI.LOT or pil – PI.LOT; pi – PIC.NIC or pic
– PIC.NIC; pi – PI[LL]OW or pil – PI[LL]OW).
Additionally, a control prime (e.g., %&$ - PI.LOT;
%&$ - PIC.NIC; %&$ - PI[LL]OW) served as a
baseline condition. Primes were presented for 30 ms.
Figure 1 shows the sequencing and timing of the
stimuli on the screen. Participants were required to
name the target picture as soon as it appeared on the

computer screen. Naming latencies were measured
with a voice key.

The syllable priming hypothesis predicts
faster reaction times in the syllable match condition
than in the syllable mismatch condition. That is, the
picture of the PILOT, for instance, should be named
faster when preceded by "pi" than when preceded by
"pil". No facilitation is predicted for "pil", i.e.,
statistically this condition should not differ from the
baseline condition. The segmental overlap hypothesis,
on the contrary, predicts the shortest naming latencies
for the condition where prime and target have the
largest segmental overlap, i.e., for the CVC priming
condition. The syllabic structure of the target does not
play a role in this account.

The results of Experiment 1 showed that
naming latencies were shorter in the CVC priming
condition (596 ms) than in the CV priming condition
(609 ms) independent of the syllabic structure of the
target, i.e., there was no interaction between target
type and priming condition. Naming latencies were
longest in the neutral control condition (615 ms). The
difference between the CV and the CVC priming
condition was significant for all three target conditions
(for CV targets: p < .05 for both t values; for CVC
targets: p < .05 for both t values; for CV[C] targets: p
< .05 for both t values).

The results of Experiment 1 did not reveal
any sign of a syllable priming effect. Instead, the
obtained facilitation effects support the segmental
overlap hypothesis because the priming effects
increased with increased segmental overlap between
prime and target.

3.2. Experiment 2
Experiment 2 tested whether the segmental overlap
effect found in Experiment 1 could be replicated using
a different task, i.e., word naming. Since [12] applied
the word naming task in all of their experiments, it
may be the case that the syllable priming effect in
English is restricted to this task. The same targets that
were used in Experiment 1 as pictures were also used
in Experiment 2, but now there were presented as
printed words in the center of the screen. Target words
were preceded by the same visually masked primes as
in Experiment 1. Participants' task was to read the
words aloud as fast and as accurately as possible.

The results are similar to those obtained in
Experiment 1. The main effect of priming condition
was significant (p < .001 for both F values), but not the
interaction between target type and priming condition
indicating the lack of a syllable priming effect. Target
words preceeded by CVC primes were named fastest
(437 ms), followed by the CV priming condition (441
ms), and by the neutral control condition (449 ms).
Planned comparisons revealed that the difference
between the CV and the CVC priming condition was
significant (p < .05 for t1 and p < .10 for t2).
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type of
stimulus

syllable match
condition

syllable mismatch
condition

neutral control
condition

exposure duration on
the screen

forward mask ###### ###### ###### 500 ms

prime pic%%% pi%%%% %&$%%% 30 ms

backward mask ###### ###### ###### 15 ms

target PICNIC PICNIC PICNIC max. 2000 ms

Figure 1. Sequencing of the stimuli in the masked priming paradigm used in the experiments of this study. (In
Experiment 1, the targets were pictures, in Experiments 2-4 word targets were used. In Experiment 4, the prime

exposure duration was extended from 30 ms to 45 ms.)

The pattern of results is similar to the outcome of
Experiment 1. Again, there was no sign of a syllable
priming effect. Instead, the data support the segmental
overlap hypothesis. To further test the segmental
overlap hypothesis, Experiment 3 was carried out in
which all target words were grouped into pairs such
that they overlapped in the initial three segments. This
had the advantage that identical primes could be used
for the CV and the CVC targets.

3.3. Experiment 3
In Experiment 3, only CV and CVC targets were used.
All word targets could be grouped into pairs and
overlapped in the first three letters while being
different in syllable structure (e.g., SE.CRET –
SEC.TION). The method was comparable to the first
two experiments. The same result as in the previous
two experiments was obtained: Target words were
named slowest in the neutral control condition (472
ms). Both related primes facilitated the naming of the
targets, but the CVC primes (462 ms) did more so than
the CV primes (465 ms) (p < .10 for both t values).
This is additional support for the segmental overlap
hypothesis using a different set of materials and
different subjects.

However, the difference between the CV and the
CVC priming condition did not reach significance in
this experiment. This had probably to do with the
relatively small overall size of the priming effects in
the experiments reported so far. We never obtained
effects of similar magnitude as those reported by [12].
Therefore, in Experiment 4 prime exposure duration
was extended to 45 ms.

3.4. Experiment 4
The prime exposure duration in Experiments 1-3 was
very similar to the experiments reported in the [12]
study (30 ms). However, the magnitude of the effects
was much smaller in the present study than in the

original study. Therefore, Experiment 4 was added to
show that the size of the priming effect increases with
longer prime exposure duration. Primes were presented
for 45 ms. Presumably, this resulted in extended
processing of the primes and possibly in larger effects.
Tests of prime visibility showed that participants were
still not able to read the primes, and most participants
remained unaware of the presence of the primes.

Experiment 4 was completely identical to
Experiment 2 with the exception of the participants
and the prime exposure duration: While in Experiment
2 primes were presented for 30 ms, in Experiment 4
they were presented for 45 ms.

As predicted, the nature of the effects remained
the same, but the effect size increased. Participants
were faster in naming target words that were preceded
by CVC primes (430 ms) than in naming targets which
were preceded by CV primes (436 ms); the neutral
control condition yielded the longest naming latencies
(449 ms). These results contradict the syllable priming
hypothesis but are in line with the segmental overlap
hypothesis.

4. CONCLUSION
As predicted by the segmental overlap hypothesis, the
priming effects increased with an increased segmental
overlap between prime and target. This result was
consistently obtained across four experiments using
partially different materials, different tasks, and
different participants, indicating that the effect is not
artifactual. Furthermore, the results reported above are
in line with earlier experiments conducted in Dutch
[13]. In contrast, they are incompatible with the
syllable priming hypothesis. It may be concluded that
not syllables but only segments play a functional role
during phonological encoding in speech production in
English - just like in Dutch.

Levelt's (see [3], [4], [5]) model of speech
production can nicely account for this data pattern.
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This model does not assume the representation of
syllables in the word form lexicon. Rather, syllables
are created "on the fly" during phonological encoding.
The creation of syllables occurs at a relatively late
stage, namely when previously selected segments,
which are only marked for their serial position within a
morpheme, are associated with their corresponding
metrical frames. Since in the masked priming
paradigm the prime is presented before the target, it
may be hypothesized that this paradigm taps into an
early stage of phonological encoding of the target.
Presumably, only the segments of the target have been
selected at that stage, but the segments have not yet
been syllabified. Therefore, segmental priming effects
are obtained, but no syllabic effect. Schiller and Costa
(in preparation) are currently investigating whether a
syllabic priming effect may be obtained when a
masked prime is presented at a later point in time
relative to the presentation of the target picture. The
syllable priming effect in French [11] can be accounted
for as an input effect, given the syllabic match effects
found in French speech perception (see [13] for
details).

[17], [18], [19] implemented Levelt's model of
speech production as a computational model called
WEAVER (Word-form Encoding by Activation and
VERification). WEAVER computes the syllabification
of words during the process of phonological encoding.
In computer simulations, Roelofs (personal
communication) tested the effect of CV and CVC
primes that were phonologically related or unrelated to
CV and CVC targets. He obtained facilitation effects
for the related primes relative to the unrelated primes.
However, as in the experiments reported in this paper,
facilitation effects were larger with CVC than with CV
primes for both types of targets. There was no sign of a
syllable priming effect (see [13] for details). Thus, the
simulation results obtained from WEAVER are in line
with the empirical data from both the experiments in
Dutch and in English.
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SYLLABLE STRUCTURE OF TELUGU
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ABSTRACT

This paper sets out the paradox in Telugu syllable division that is
seen in the context of language use. While one set of data
demonstrates violation of the Sonority Sequencing Principle,
another set of rules suggests strongly an adherence to it. The
possibility that the violations of the Sonority Sequencing
Principle are the result of a no-coda principle operating in the
language is examined. A study of certain phonological processes
in the language suggests however, that a coda must be posited in
the language. It is suggested that the experimental responses and
language game phenomena are conditioned deeply by the
orthography of the language. It is also shown that when
judgement tasks rather than production tasks are performed,
different syllabic divisions, ones conforming to Sonority
Sequencing are accepted.

1. THE PARADOX
1.1. Violation of the Sonority Sequencing Principle
1.1.1. Experimental data. The Sonority Sequencing Principle
(SSP), for which evidence exists from a wide range of languages,
states that from the syllable peak there must be a decline in
sonority towards the edges [1]. This suggests that in the
demarcation of syllables, a curve must be visible in terms of the
sonority of the constituent elements. However, experimental
work done on Telugu shows a preference for syllable division
that violates the SSP. For example, in a syllable division task that
speakers of Telugu only1 were asked to do, consonants were
always placed with the following vowel. Thus, VCV was V-CV
and VCCV was V-CCV irrespective of the type of consonant(s)
involved. The only exception to this general trend were clusters
with the homorganic nasal. The unequivocal response for VNCV
was VN-CV [3]. Similarly, in a subsequent study in which
subjects were required to transpose syllables, an intervocalic
consonant was always associated with the following V as V-CV
and intervocalic clusters also with the following V as V-CCV.
The homorganic nasal always went with the preceding vowel
rather than the following one: VN-CV [4].2

These results were explained in terms of the script of the
language. Telugu has a syllabic writing system in which a
consonant and the vowel accompanying it are written using one
grapheme. All consonant clusters and the vowel following them
are also written as one grapheme. The homorganic nasal alone
has a separate symbol that is not marked for place of articulation.
It was shown that illiterates have difficulty in breaking up words
into sub-parts—i.e., syllables [3]. It was suggested that the
orthography impinges heavily on the analysis of a word [3, 4].
There was also ample evidence in the responses of the Telugu-

English biliterates who performed the syllable-transposition (and
also phoneme deletion) task that they were processing the Telugu
script rather than the sounds of the words involved. The divisions
that were given were a perfect replication of the way in which
sounds are represented in the writing system. It is in the case of
the homorganic nasal only that there is some freedom, from the
point of view of the script, for it to go either with the preceding
vowel, or the consonant and vowel that follow it. In this case, we
find that the nasal always goes with the preceding vowel. There
was also evidence that English was being processed in the Telugu
script. The overall conclusion of these studies is that the writing
system plays a very important role in Telugu speakers’ responses
in the experimental situation.

1.1.2.  Language game. Outside the experimental situation, some
evidence for the split of words into syllables comes from
language games. One language game involves inserting the
nonsense syllable [ka] before every ‘syllable.’ The same split
seen in the experimental situations described above is seen here
also: VCV is always ka-V-ka-CV and VCCV is always ka-V-ka-
CCV except with the homorganic nasal, where, the split is ka-
VN-ka-CV. All these instances of language use that involve
splitting up a word result in consonant clusters being clubbed
together. This results in the violation of the SSP since such
sequences as [rd�h], [nn], [ll], etc appear in the onset position.

1.2. Adherence to Sonority Sequencing
In this section we present evidence from prosody which shows
that knowledge of the sonority principle does exist for speakers
of the language. In poetic meters, syllable count is of great
importance. Meter in Telugu is stated in terms of the number and
weight of the syllables. Syllables are divided into guru ‘heavy’ or
laghu ‘light.’ Peculiarly, these rules are stated and taught in terms
of the orthography—such as the following statements:

(1)  An akSaram (or syllable or grapheme) is heavy if:
i) it contains a long vowel:  (C)VV--
ii) it is followed by a geminate: (C)V--CiCiV
iii) it is followed by a cluster: (C)V--CiCjV
iv) it is followed by a homorganic N: (C)V--N--CV
v) it is followed by a vowel-less C: CV--C
In other cases, the syllable is light.

[Note: The divisions given above indicate the sounds represented
by a single grapheme.]

This statement of heavy and light syllables is indicative of
the intuition that operates here. Clearly, the first consonant in a
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cluster is thought to be part of the preceding syllable rather than
the following. And, when there is more than one element
following the onset, whether it is two vowels (long vowel) or a
vowel and a consonant, the syllable is assumed to be heavy. This
suggests that a branching rime is required for a syllable to be
considered heavy. It does not matter how many consonants occur
in the onset position. In the word [pratibha] ‘fame’ for example,
the first syllable is light. This in turn suggests that the syllable
structure is not a flat structure but a hierarchical one and that this
hierarchical structure is onset-rime, not head-coda. The possible
structures are given in (2). Stating the rule of the ‘heaviness’ of a
syllable by means of (2a) or (2b) becomes complicated.
Assuming structure (2c) for the syllables yields the simplest
statement.  A heavy syllable is one with a branching rime. In this
kind of organization, the SSP is not violated.

(2)   a) Flat structure
         S

onset nucleus coda

       b) Hierarchical: head-coda
S

head coda

     onset nucleus

      c) Hierarchical: onset – rime
S

  onset       rime

nucleus    coda

1.3. The No-Coda Hypothesis
Although the facts in 1.1. were described in terms of the
orthography, it is entirely possible that another equally plausible
principle—one that prohibits codas is operational in the language.
Telugu does not permit consonants in the final position except
[m, y, w]. Of these, it may be assumed that only [m] is a genuine
coda and that [y] and [w] are the result of a phonetic rule of final
vowel deletion. Also, borrowings into the language always
require a final vowel epenthesis ([i] in the case of final palatal
consonants and [u] in all other cases: bench Æ[benc½i], ball Æ
[baalu] etc). It is possible therefore to claim that the results seen
in the preceding section are due to a general principle operating
in the language which disallows all consonants in the coda
position. Since [m] is allowed in the word-final position, it is also
permitted in the syllable-final position. Although the articulation
of the nasal depends upon the following obstruent in that it is
assimilated to the place of articulation, (for eg., [pan�d�i, ra0gu]
etc), when the word is split, it may be assumed that the nasal is
realized by default as [m].

This hypothesis relies on the general assumption that those
consonants that are permitted word-finally can be considered to
be legitimate syllable-final consonants. This also implies that

those consonants that are not permitted in the final position of
words are unacceptable as codas inside syllables.

Another point in favour of the no-coda hypothesis is that the
definitions of heavy and light syllables in (1) are drawn from
Sanskrit and are not originally Dravidian rules. Most clusters in
the language are seen in words that are of Sanskrit origin. In fact
it is claimed that the Dravidian syllable is CV [2].

Whether or not the no-coda principle is applicable in
Telugu, it is obvious that the responses in the experimental
situation and the language game data violate some principle or
other. If the no-coda hypothesis is correct, it implies that Telugu
permits consonant clusters in onset positions that violate the
sonority sequencing. On the other hand, if Telugu has codas in
the syllable, then there is no evidence for it in the word-final
positions. It is therefore necessary to go beyond mere word edges
to determine whether Telugu permits codas. A few phonological
phenomena are detailed in the following section.

2. ROOT STRUCTURE CONDITIONS
Verb roots in Telugu are bound morphemes. There are some verb
roots in Telugu that have alternate forms with and without a final
geminate [yy]. When the final consonant is not geminate, the
vowel preceding it is lengthened.

(3) i) weyy- ~ weey- ‘put’
     ii) c�eyy- ~ c�eey- ‘do’
    iii) muyy- ~ muuy- ‘close’
    iv) koyy- ~ kooy- ‘cut’

These can be explained if we assume that the roots constitute two
moras. The first of the geminate occupies the coda position and is
moraic. When this is deleted optionally, compensatory
lengthening of the preceding vowel fills the empty slot. The
weight of the syllable remains constant when there is a branching
rime, whether there is a long vowel or a short vowel and a coda.
Notice that this matches the principles of syllable weight in
prosody set out in (1). This also suggests that the syllable
structure should be the one in (2c). The final consonant that
remains unsyllabified in the root is syllabified when a suffix
attaches.

Another piece of evidence also involving compensatory
lengthening comes from [m]-final nouns. When nouns ending
with [m] are pluralized, the final consonant is deleted and the
preceding vowel lengthened.3  The deletion is triggered when an
inflectional affix attaches. Although this is a morphological
process, the lengthening is still within the root.

(4) i) kaSTam kaSTalu ‘difficulties’
     ii) naSTam naSTaalu ‘losses’
    iii) jiivi t �am jiivi t�aalu ‘lives’
    iv) kannam kannaalu ‘holes’

This process can also be explained if it is assumed that [m]
occupies the coda position and as a result of deletion of this
moraic coda, the other element in the rime lengthens and fills the
empty slot.4 It is seen that borrowings into Telugu from English
also exhibit the same phenomenon: [faaram] ~ [faaraalu] ‘forms.’

The third piece of evidence also comes from a root structure
regularity that seems to be common to all Dravidian languages.
Some words in Malayalam require an epenthetic vowel and it is
noticed that such words either have a long vowel or a geminate
consonant. This is reflected in borrowings from English as well

page 744 ICPhS99          San Francisco



[2]. In Telugu, the determination of words for which a final
epenthetic vowel is required is not absolutely clear. Nevertheless,
all monosyllabic words that are borrowed into the language
require an epenthetic vowel finally. In the process of borrowing,
if the original word contains a long vowel, the final consonant
remains single or ungeminated. On the other hand, if the
borrowing contains a short vowel, the final consonant is
geminated:

(5) a)  i. pennu ‘pen’
          ii. jaggu ‘jug’
         iii. bellu ‘bell’
         iv. kappu ‘cup’

     b)  i. Teepu ‘tape’
          ii. glaasu ‘glass’
         iii. blauzu ‘blouse’
         iv. baalu ‘ball’

This rule obviously comes from Dravidian, and can be explained
only if it is assumed that consonants belong in the coda position.
They are also moraic contributing to the weight of a syllable. On
the basis of these phonological phenomena I now claim that the
hypothesis that there is no coda in Telugu is untenable.

3. SYLLABIC SEGMENTATION:  JUDGEMENT TASK
If it is indeed true that there are codas in Telugu, the no-coda
hypothesis cannot be made use of to account for the language
game and the experimental data. This in turn suggests that the
orthography was playing a very important role in determining the
responses as stated earlier. However, it so happens that all the
experiments performed on Telugu earlier involved only
production. This did not give the subjects the choice of other
possibilities. That is, if the task of syllabic segmentation was
understood only as one that required them to manipulate the
written word, then they were left with only one choice. In the
experiment reported below the subjects were asked to judge the
segmentations given of individual words rather than perform the
syllabic segmentation themselves.

3.1. The Experiment
Twenty-four disyllabic nouns were given to ten adult speakers of
Telugu. The words were divided into four groups, each group
consisting of six words. The first group contained words that had
open syllables, the second group contained geminates medially,
the third contained other consonant clusters medially, while the
last group contained a homorganic nasal followed by an
obstruent. Three divisions were made of each word and the
subjects were asked to choose the most natural division. The
word akSaram was once again avoided since it refers normally to
the grapheme and there is no appropriate word for ‘syllable’ in
the language. The words were given in a random order. In the
case of all the clusters the words were split in the following three
ways:

(6) a) CVC-CV
      b) CVCC-V
      c) CV-CCV

Some examples of the words used and the divisions offered are
given below:

(7) a) Geminates: karra    ‘stick’  kar.ra; karr.a; ka.rra
ceppu   ‘slipper’  cep.pu; cepp.u; ce.ppu

      b) Clusters: bhakt�i   ‘devotion’  bhak.t�i; bhakt�.i; bha.kt�i
iDLi       ‘an eatable’ iD.Li; iDL.i; i.DLi

      c)  N+C gampa   ‘basket’  gam.pa; gamp.a; ga.mpa
ba n� �t�i      ‘ball’   ban�.t�i; ban� t�.i; ba.n�t �i

The words with open syllables were split in the following ways:

(8) a) CV(V)-CV
      b) CV(V)C-V
      c) C-V(V)CV

Some examples are given below:

(9) a) maNi ‘gem’ ma.Ni; maN.i; m.aNi
      b) pani ‘work’ pa.ni; pan.i; p.ani
      c) t �eene ‘honey’ t �ee.ne; t�een.e; t�.eene

The last option, although it does not reflect syllabic division,
served two functions. First, it was required so that an equal
number of divisions could be provided for all the types of words.
Second, it was a foil ensuring that at least at some level, the
syllable was the item that was perceived. That is, if anyone chose
that division, it would be a clear indication that they were not
thinking in terms of syllables. While explaining the task to the
subjects in the initial stages words with clusters were used. The
various divisions were not given in a set order but were varied
across the words while performing the experiment.

3.2. The Results
The responses of the subjects were classified according to the
type of syllabic division that was preferred. VCV structures were
predominantly V-CV (85%). There were some who preferred
VC-V (15%). Nobody chose to place the two vowels together
(the option stated in (8c) above). It is seen that the preference is
for open syllables.

For the geminates, the VC-CV responses were 38.33%, V-
CCV responses were 51.66%. 10% of the responses were VCC-
V.  The preference is to keep geminate clusters together.

For the other clusters, VC-CV responses constituted
58.33%, V-CCV responses were 36.66% while VCC-V responses
were only 5%. The preference is to split the consonants across
syllables and consequently accept a coda.

Finally, homorganic nasal and obstruent clusters were
predominantly split across syllables. The VN-C division
constitutes 93.33% of the total responses. V-NCV and VNC-V
each constitute 3.33% of the total responses.

4. DISCUSSION AND CONCLUSION
The results presented above suggest that there is a difference in
the kind of responses given based on whether a task is a
production task or a judgement task. When we compare these
results with those of the production task we see that there were
100% responses in favour of open syllables and also 100%
responses in favour of placing all consonant clusters together in
the following syllable (barring of course, the homorganic nasal).

What is of significance here is that the preferred option for
the clusters is to divide them across syllables. There is
approximately a 22% preference for this division over placing
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them together in one syllable. The preferred option for the
geminates however seems to be to retain them together in one
place. While the results in and of themselves may not be very
conclusive regarding which is the preference for clusters, they
attain significance in comparison with earlier studies. Even
though the subjects were all bi-literates there was a significant
difference in their performance between Telugu and English [4].
Here, the large number of responses that favoured a split in the
clusters indicates that other possibilities do exist for native
speakers of the language—possibilities that adhere more to the
sonority sequencing.  This difference in performance could
indicate that the task was not understood very well in the
experiments requiring production. This is a distinct possibility
given the difficulty in explaining what is required only by means
of examples and without using any words that suggest a
‘syllable.’

The preference for the homorganic nasal is still to place it
with the preceding syllable indicating that separating the other
clusters across syllables was not a mere arbitrary choice.

The issue that still needs to be debated is why native
speakers place clusters together when asked to separate words
into syllables in experimental situations. There are still responses
here that do not split clusters, and, in fact, the preference for the
geminates is to place them together. From the phonological point
of view, it might be that this preference is due to a greater
tolerance of plateaus within a syllable. In any case, as stated in
previous studies, the orthography seems to play an important role
in this matter [3, 4]. Notice that the principles of syllable weight
stated in (1) are all stated in terms of orthography. The influence
of the orthography is so strong that the phonological principles
behind these statements have been lost sight of. In fact, a
phonological description is not forthcoming from teachers of the
language either.5 I conclude therefore that the writing system has
a deep influence on the responses provided in the experimental
situations.

One of the implications of this study is that the presence or
absence of word-final consonants need not be a direct reflection
of syllable–final consonants. This is of course a controversial
statement. But notice that if this view is strictly adopted, then it
should apply to word-initial consonants and clusters as well. It is
seen in Telugu that many of the clusters that appear in initial
positions after the division of a word into sub-parts, are
unacceptable word-initial clusters, apart from being violations of
the SSP. If the no-coda principle is adopted to account for the
language game and the experimental data, a counter argument in
the opposite direction can also be provided. Since Telugu does
not permit many clusters in the initial position, the divisions
made under the special situations are not reflective of the syllable
structure of the language. Language games and experimental
situations are unique.

NOTES
1. This response was true of those who knew only Telugu. Those who
knew both English  and Telugu showed mixed responses.
2. In this study, the subjects were all biliterates—they knew both Telugu
and English. Yet their responses matched those of the Telugu-only group
of the first experiment.
3. The details are deliberately stated informally here. Several issues
regarding syllabification in Telugu must be examined in great detail. For
instance, issues such as whether mora assignment and syllabification are
independent of each other and whether roots are syllabified exhaustively
require examination.
4. It might be argued that [m]-final words also are the result of a final
vowel deletion. That is, [sukham] ‘happiness’ is derived by vowel

deletion from [sukhamu]. Consequently, when pluralization takes place,
the entire final syllable is replaced by the plural [–lu] to give [sukhaalu].
However, notice that this analysis also requires a rule of compensatory
lengthening. Besides it does not explain the alternate plural that exists
[sukhamulu]. I assume therefore that there are two forms of the same
word, one that is used in informal situations ([m]-final) and the other used
in formal situations ([u]-final).
5. There is a debate with regard to the cluster [ d�r] (where [r] is not
syllabic), as to whether the preceding syllable should be considered heavy
or light. This implies that in a word like [ ad�rucu] the syllable division is

either [ad�-ru-cu] or [a-d�ru-cu]. Now, as far as the sonority goes, both are
perfectly acceptable divisions and the controversy understandable. One of
the solutions provided for this controversy is that if  [ d�] is articulated

lightly, then the preceding syllable is light, if   [d�] is articulated heavily
then the preceding syllable is heavy. This is the only phonetic/
phonological explanation provided by Telugu scholars. Otherwise, most
people who are taught prosody, which is almost everyone, since it is
taught at the secondary level, are unable to state why the rules should be
what they are.
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SYLLABIFICATION IN BERBER:
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ABSTRACT
It has been claimed that in the Tashlhiyt variety of Berber,
spoken in the southern part of Morocco, all types of segments,
including unvoiced stops, may function as syllabic. This
interpretation is intrinsically dependent on how words are
analyzed into syllables. The main goal of this paper is to
investigate how native speakers regard these forms. An
experiment in which Tashlhiyt speakers matched words with
potentially syllabic consonants with words unambiguously
composed of one or two syllables was conducted. The
conditions for a consonant to function as the nucleus of a
syllable implied by the results are then discussed.

1.  INTRODUCTION
The domain where Berber languages (usually referred to as
'dialects') are spoken lies from the Mediterranean coast of
Africa to the southern Sahara. It includes several varieties, each
being composed of a cluster of (sub)dialects. The overall
grammatical pattern is common to all vernaculars,
notwithstanding significant lexical and phonological
differences. The Tashlhiyt variety, spoken in the southern part
of Morocco, has drawn particular attention from phonologists
for its admittance of complex consonant sequences and of
vowelless phonological words (see, for instance, Boukous [1]).
The way words should be analyzed into syllable constituents in
these cases is by no means trivial and depends on which
segments are identified as nuclear. Dell & Elmedlaoui [3]
raised the  question at the heart of the problem: "Are there
languages in which any segment can occur as a syllable
nucleus? One such language is the variety of Tashlhiyt Berber
spoken in Imdlawn (Morocco), where even a voiceless stop
may act as a syllabic nucleus". On the other hand Coleman [2]
interprets such segments in the framework of a model where
"syllabic consonants in Tashlhiyt are the coproduced realization
of phonological vowel  and consonant".

The first aim of this paper is to present the results of an
experiment in which native speakers (some illiterate) categorize
a set of words as formed of one or two syllables. Consequently
it is then possible to determine in which conditions a consonant
qualifies for being syllabic.

2. DATA AND METHODS
A recording was made of a Tashlhiyt native speaker from
Tafraout. A list of words and their French translation was first
agreed upon. Naima Louali then pinpointed each written French
item asking: 'OCII dYC' (what is it?). The answer was given in
Tashlhiyt. Two repetitions out of 6 were selected by the
informant himself to be used in the tests. Seven Tashlhiyt
speakers volunteered for an experiment which, they were said,
had to do with the music (as opposed to the content) of Berber

words.  They passed a preliminary test inolving only words
whose syllable nuclei are vowels to confirm that they fully
understood the task they were expected to perform. Table 1
shows the words used, which were presented in pairs. When the
expected answer, as shown in Figure 1, was given a smiling
face appeared on the screen whereas a crying face appeared for
a wrong answer.  All subjects successfully performed the
pretest. Five of them, who grew up in places dispersed over the
Tashlhiyt area (Tafraout, Tanalt, Massa, Tigwrar, Anezi)
performed both tests. Table 2 gives the 10 items contained in
the first test while table 3 displays the 20 items forming the
second test. For the first test the subjects were presented 45
pairs (each item being coupled with all others). Their task was
to type on pre-marked keys representing Yes (Music is similar)
or No (Music is different) answers. The task was similar for the
190 pairs presented in the second test.

HCF VCOCTV KHMC VCLWIC UKP
HCF n n n y
VCOCTV y n n
KHMC n n
VCLWIC n
UKP
Figure 1.  Expected judgments of similarity in the pre-test

Table1. Corpus for the pre-test
VCOCTV beard
HCF thirst
KHMC he has given
VCLWIC pair
UKP two

Table 2. Corpus for test 1
OWP accompany! OFK take !
NFK shoot ! UVK filter !
MVK think ! KNFK he has shot
KPFC it m. has been churned KMVK he has thought
KUVK it has been filtered CHWU hand
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Table 3. Corpus for test 2
gis inside rar give back !
ls put ! flt leave it !
ns spend a night ! ssnd churn !
ks pasture ! kst pasture it !
fk give ! fkt give it
mnSk how many tkti shehas thought
tsti she has filtered txznt you sg. have store

d
tsqsat she asked her irgl he has locked
tnda it f. has been

churned
tldi she has shot

tasa liver afud knee

3. PERCEPTUAL RESULTS
Figure 2 adds up answers from the five subjects to test 1. Two
clear patterns emerge. Items ‘OFK’, ‘ NFK’, ‘ UVK’ and ‘MVK’ were
classified in the same category as ‘OWP’ and judged as different
from ‘i NFK’, ‘ KPFC’, ‘ KMVK’, ‘ KUVK’ and ‘afus’.  That is, all words
containing one vowel were grouped together regardless of their
consonantal structure, and all words with two vowels were
classed together.

mun mdi ldi sti kti ildi inda ikti isti afus
mun 5y 5y 5y 5y 5n 5n 5n 5n 5n
mdi 5y 4y 4y 5n 5n 5n 5n 5n
ldi 5y 5y 3n 5n 5n 5n 5n
sti 5y 5n 5n 5n 5n 5n
kti 5n 5n 5n 5n 5n
ildi 4y 5y 5y 5y
inda 5y 5y 5y
ikti 5y 5y
isti 5y
afus

Figure 2. Answers from the five subjects to test 1

The first pattern turns out to cover items categorized as
monosyllabic. This categorization tends to prove that branching
onsets are permitted in Tashlhiyt Berber (contra Jebbour [4]).
Furthermore complex onsets may be formed by a sequence of a
(non syllabic) nasal or liquid followed by a stop.

Figure 3 adds up answers from the five subjects to test 2.
Two main groups emerge. The leftwards one groups items
which are unambiguously monosyllabic. Insofar as ‘VMVK’ is
included in this pattern a complex 3-consonant onset turns out
to be admissible in Tashlhiyt. The rightwards pattern contains
items which are categorized as bisyllabic by at least four
subjects.  This rightward group contains words with liquids,
nasals or ‘s’ in a potentially syllabic position, suggesting that
just these consonants can serve as syllable nuclei.

IKU TCT NU HNV PU UUPF MU MUV HM HMV OP5M VMVK VUVK VZ\PV VPFC VNFK VUSUCV KTIN VCUC CHWF

IKU 5y 5y 5y 5y 5y 5y 5y 5y 5y 5y 5y 4y 3y 5n 5n 5n 5n 5n 5n

TCT 5y 5y 5Y 5y 5y 5y 5y 5y 5y 5y 5y 3y 5n 5n 5n 5n 5n 5n

NU 5y 5y 5y 5y 5y 5y 5y 5y 5y 3y 2y 5n 5n 5n 4n 5n 5n

HNV 5y 5y 5y 5y 5y 5y 5y 5y 5y 2y 3n 5n 4n 5n 5n 5n

PU 5y 5y 5y 5y 5y 5y 5y 3y 1y 5n 5n 5n 5n 5n 5n

UUPF 5y 5y 5y 5y 5y 5y 2y 1y 5n 5n 5n 4n 5n 5n

MU 5y 5y 5y 5y 4y 5y 3y 5n 5n 5n 5n 5n 5n

MUV 5y 5y 5y 5y 5y 3y 4n 5n 5n 5n 5n 5n

HM 5y 5y 5y 1y 2y 5n 5n 4n 5n 5n 5n

HMV 5y 5y 2y 2y 5n 5n 5n 5n 5n 5n

OP5M 5y 2y 3y 4n 5n 5n 5n 5n 5n

VMVK 4y 2y 5n 5n 4n 5n 5n 5n

VUVK 5y 1n 5n 1n 4n 5n 5n

VZ\PV 3n 3y 3n 3n 3n 3n

VPFC 5y 5y 4y 5y 5y

VNFK 5y 5y 5y 5y

VUSUCV 5y 5y 5y

KTIN 5y 5y

VCUC 5y

CHWF

Figure 3. Answers from the five subjects to test 2

Items ‘VUVK’ and ‘VZ\PV’ require a closer look. Figure 4 plots
Yes/No answers for comparison of ‘VUVK’ with all other items.
This form is invariably classified with monosyllables for
subjects 1, 2 and 4.  Subjects 3 and 5 hesitate between the two
patterns.

IKU TCT NU HNV PU UUPF MU MUV HM HMV OP5M VMVK VZ\PV VPFC VNFK VUSUCV KTIN VCUC CHWF

Subject 1 y y y y y n y y y y y y y y n n n n n

Subject 2 y y y y y y y y n y y y y n n y n n n

Subject 3 n y n y n n y y n n n n y y y y n n n

Subject 4 y y y y y n y y n n n y y y y y n n n

Subject 5 y y n y n y y y n n n y y y y y y n n

Figure 4. Answers from the five subjects for item VUVK

For item ‘VZ\PV’ the classification of subject 5 is opposite to
subject 1. Subject 3 rejects assimilation of this item to either
pattern, as evidenced in Figure 5.

IKU TCT NU HNV PU UUPF MU MUV HM HMV OP5M VMVK VUVK VPFC VNFK VUSUCV KTIN VCUC CHWF

Subject 1 y y y y y n y y y y y y y n n n n n n

Subject 2 y y y n n n y y n n y y y n n n n n n

Subject 3 n n n n n n n n n n n n n y y y n n n

Subject 4 y y n y n y y y y y y n y n y n n n n

Subject 5 n n n n n n n n n n n n y y y y y y y

Figure 5. Answers from the five subjects for item VZ\PV

4. ACOUSTIC ANALYSIS
We looked into the acoustic realization of the two items for
which the subjects differ in their judgment. Sonagrams in
Figures 6 and 7 allow a comparison for the fricative ‘U’ in ‘ VUVK’
and ‘KUVK’.
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Figure 6. Sonagram of one pronunciation
of VUVK used in the experiment

Figure 7. Sonagram of one pronunciation
of KUVK used in the experiment

The duration of the fricative after the explosion of the stop in
Figure 6 (VUVK) is 141 ms whereas it is 137 ms in Figure 7 (KUVK)
before the closure of the stop.

We measured the length of the fricative ‘U’ after a vowel

and between two consonants in minimally contrasting words for
10 repetitions with the informant who recorded the data used
for the perceptual experiment. Figure 8 confirms that there is no
significant difference in length for a ‘U’ in these words for this
speaker.
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Figure 9. Sonagram for one pronunciation of VZ\PV

A vocoid ‘schwa’ is clearly visible between the two fricatives
‘Z’ and ‘\’ in ‘ VZ\PV’. Its duration is 32 ms on the sonagram in
figure 9 and of 35 ms for the other repetition. It thus qualifies
to occupy the nucleus position of a syllable. However it appears
to be perceived as a mere transition between the unvoiced velar
fricative and the voiced coronal one by subjects categorizing
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‘ VZ\PV’ as monosyllabic, assuming that the nasal is syllabic in
both interpretations.

5. DISCUSSION
Some phonology oriented observations may be induced from
the data which have been presented so far.

Tashlhiyt Berber admits branching onsets in a syllable, as
in:
‘MVK’ (stop + stop)
‘ UVK’ (fricative + stop)
‘OFK’ (nasal + stop)
‘ NFK’ (liquid + stop)
A 3-consonant onset is certain insofar as ‘tMVK’ is categorized as
monosyllabic by all subjects and possible for ‘tUVK’ and ‘tZ\PV’
which are also categorized as monosyllabic by some subjects.

On the basis of more general investigations we have
observed that a vocoid is always present in the realization of a
Tashlhiyt phonological word; if no full vowel (K, W or C) is
included then a schwa vocoid shows up. This is also true for
words composed only of unvoiced obstruents, as in ‘tqssf’ (it
fem. shrunk), contrary to Dell & Elmedlaoui [3].

As in many other languages Tashlhiyt Berber allows liquids
and nasals to occupy the nuclear position of a syllable; the
fricative ‘U’ may be part of a complex onset (like in ‘UVK’) or be
syllabic (like in ‘VUSUCV’). On the other hand our data do not
support the view that unvoiced stops may occupy the nuclear
position or that a voiced vocoid cannot be inserted when the
phonological sequence consists of unvoiced obstruents only.
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ABSTRACT

This work addresses an important current issue in the field of
second language speech acquisition. The main purpose of the
experiments reported here has been to test a hypothesis about
the influence of L1 phonology on the acquisition of
contrastive L2 phonetic categories. This hypothesis holds
that an L2 contrastive category will be difficult to acquire if
it is based on a phonetic feature not exploited in the L1.
Twenty native speakers each of American English, Latin
American Spanish and Estonian as well as a control group of
20 native speakers of Swedish were given a a production and
perception test to assess their mastery of the Swedish long-
short vowel contrast. Our results support our hypothesis
indicating that the success of learning the Swedish long-short
vowel contrast seems to be related to the roll of the duration
feature in the L1.

1.  INTRODUCTION
A primary issue in both past and current studies of second
language (L2) speech acquisition is how and to what extent
the first language (L1) influences the learning of L2. This
paper is concerned with the acquisition of a long-short
contrast in L2 phonology. A familiar theme in the study of
this contrast and one that has been of considerable interest in
L2 acquisition research is that of the phonetic realization of
the vowel length distinction which can be found in many
languages. The experiments reported her are designed to test
what could be called a ”feature hypothesis” relevant to the
learning of L2 phonology in general and to the learning of an
L2 long-short vowel contrast in particular. This hypothesis
was first mentioned in Flege’s Speech Learning Model
(SLM), one of the current models of L2 speech acquisition
[2]. The hypothesis could be stated as follows: L2 features
not used to signal phonological contrast in L1 will be
difficult to perceive for the L2 learner and this difficulty will
be reflected in the learner’s production of the contrast based
on this feature.

There is increasing evidence that features used in the
L2 but not in the L1 present a problem for the L2 learner and
that the use of these features in the L2 is age dependent.
Gottfried and Suiter [3] found that Americans had little
trouble learning Mandarin vowel quality but were less
successful in learning lexical tone, a feature not found in the
L1.

It is well documented that languages differ
considerably with regard to the use of duration and spectral
features in the phonological distinction we are concerned
with here. Traditionally, the distinction has been attributed to

durational differences in the vowels, hence the long-short
terminology. Many languages, of course, do not use duration as a
cue to distinguish phonetic categories and consequently, native
users of those languages, such as Spanish, have no experience
with the use of durational cues [7]. Among the languages that do
signal contrast with duration there are language specific
relationships between the durational and spectral features in the
realization of that contrast. For example, experimental evidence
shows that in standard French duration plays only a minor roll in
the phonological system [6]. In English, spectral information
covaries with the temporal cues and many studies have shown
that native speakers of English are sensitive to the durational
feature and are, in some circumstances, able to identify a vowel
on the basis of its length. In contrast to Spanish, where duration
seems to be of little or no consequence for identification of
phonological distinctions, Estonian could be cited as an example
of a language in which a complex pattern of durational
relationships is a salient feature of the phonology and where
vowel quality is of little or no consequence to the contrasts
signalled by temporal cues [5]

The target L2 in this study is standard Swedish which has a
durational contrast in the vowel system. The phonetic realization
of this contrast in Swedish makes this language rather convenient
in a test of the above stated hypothesis. Swedish words
containing high or low vowels in the stressed syllable use both
duration and vowel quality to signal the phonological contrast
[4]. In this context, spectral information seems to be the most
important cue for native listeners. In words with mid vowels,
however, the contrast seems to be cued primarily by temporal
differences.

By investigating the acquisition of a durationally based
phonological contrast in an L2 using several of the languages
cited as examples, it is our intention to perform a preliminary test
of the what we have called the feature hypothesis.
There appear to be other phonetic facts relevant to a discussion
of vowel length perception. Bohn [1] cites phonetic research to
support the suggestion that language independent
acoustic/auditory factors may play an important roll in the
perception of L2 vowel length. Other results in L2 experimental
research, including some results from the studies of Koreans
learning English mentioned earlier [3], may be interpreted as
support for this suggestion. However, the results of a number of
studies, when taken in combination, suggest that another
explanation based on L1-L2 relationships may be more plausible.
As mentioned earlier. The SLM [2] hypothesizes that the use of
features not exploited in the L1 for the production and perception
of L2 contrasts becomes.less likely as the age of learning the L2
increases.
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The feature hypothesis stated in this paper is clearly
based on the idea that L2 speech learning is highly language
specific at the phonetic level. According to our feature
hypothesis, learning vowel length in Swedish for the high
and low vowels should not be difficult for most L2 learners
since all languages use spectral features in their
differentiation of phonetic vowel categories. The length
contrast should, however, for the mid vowels, be easier for
those whose L1 phonology exploits durational cues.

2.  METHODS

2.1.  Subjects
A total of 80 subjects participated, first in a production
experiment, and then in a perception experiment. All of the
subjects were tested in a sound attenuated room at the
Department of Linguistics at Stockholm University, and were
long time residents of Sweden. 20 of these subjects were
native speakers of Swedish. There were also 20 native
speakers each of South American Spanish, North American
English and Estonian. Roughly half of the subjects in each
group were female. All of the Spanish speaking, English
speaking and Estonian speaking subjects had learned the L2,
Swedish, while living in Sweden. To be included in one of
these L2 learner groups subjects had to have arrived in
Sweden after their 18th birthday, lived in Sweden for at least
ten years at the time of testing and report using Swedish
frequently.

2.2  Production experiment
The subjects produced 40 frequent two syllable Swedish
words, all with lexical accent II. The words were recorded
using professional quality equipment (Panasonic Professional
Digital Tape Deck 3700, Sennheiser red dot MKE2
microphone). Half of the words had a phonologically long
vowel, and the remaining half had short vowels. There were
ten words each in four groups representing high vowels (/�Ø/,
/�/), rounded mid (/2Ø/ /2/), and unrounded mid (/(Ø/ /(/), and
low vowels (/DØ/, /D/). There were 20 nouns and 20 verbs. No
words were allowed that could be paired minimally with
another word in Swedish by changing the phonological
vowel length only. The decision was made to avoid the use of
orthography when eliciting production of the 40 test words.
Had this been done, the orthography would have indicated
the phonological length of the vowels in the test words. A
definition task was used instead. The first author wrote, and
then recorded, definitions of the 40 words. For example, to
elicit “spade” >VS$¼ØG�@ (eng. shovel, spade) the subjects heard
the definition ”Ett verktyg, som man gräver i trädgården
med.” (eng. A tool used for digging in the garden.). To
ensure that the subjects recognized the target word from the
definition, a picture of the word was shown and the first letter
or letters were also given, which would not reveal the
identity of the vowel. The target word was said at the end of
a short carrier phrase. The non native subjects were able to
say the target word in most instances and a record was kept

of whether the subject needed help recognizing the desired
words.

The recorded productions were digitized and the temporal
measurements were made using Cool Edit. Because of the
difficulty in measuring some vowels when preceeded or followed
by glides, only four vowels from each of the 4 vowel contrast
categories mentioned above were included in the study.

2.3  Perception experiment
The purpose of the perception experiment was to find out
whether the subjects could determine if the 40 common Swedish
words they had produced in the production experiment contained
a phonologically short or long vowel.

2.3.1  Stimuli. A phonetician, who is a native speaker of Swedish
recorded productions of the 40 test words. He also produced a set
of 40 non-words formed by changing these vowels in the test
words from short to long or from long to short. Acoustic analyses
of these non words revealed that the vowels were accurately
produced. That is to say that they were the same as the vowels in
the real words.

2.3.2  Procedure. The 80 naturally produced stimuli were
randomly presented a single time immediately following a
definition. Each real word and the non-word paired to it by
changing the phonological length of the vowel were presented
following the same definition. The real word and its
corresponding non-word were always located on separate halves
of the test. The subjects were asked to click a “correct” or
“incorrect” button as a response.

A total of four percent scores was computed for each
subject, one for each of the four vowel contrast groups. Each
score was based on 20 judgements, 10 for the real words, 10 for
the non-words (where the correct response was “incorrect”
because the word does not exist in Swedish).

3. RESULTS

3.1  Production
The aim of the analysis examining vowel duration was to
determine if the three groups of non-native subjects would
produce temporal contrasts between the four Swedish long-short
pairs that were equivalent to those spoken by the native Swedish
subjects. The mean values obtained for the native Swedes are
plotted in all three panels of figure 1 and compared to the three
non-native groups. The leftmost for native Spanish speakers, the
middle panel for native English and the rightmost for native
Estonians The native Swedes produced a much larger temporal
difference between phonologically long and short vowels
(mean=230 vs. 148 ms) than the native Spanish subjects (169 vs.
143 ms). The native English subjects produced a substantial
difference between the short and long members of all four vowel
pairs (mean=215 vs. 159ms). However, their temporal
differences were somewhat smaller than those of the native
Swedish subjects in every instance. Finally, the native Estonians
produced large long versus short temporal contrasts for the four
vowel pairs (mean=228 vs. 139 ms).
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Figure 1 The mean duration of phonologically long and short vowels spoken by the native speakers of Spanish (left panel), English
(middle panel), and Estonian (right panel), in msec. The mean values obtained for the native speakers of Swedish are juxtaposed to the

values obtained for the non-native subjects in each panel

The mean duration values obtained for the 80 subjects were
submitted to a three way ANOVA in which Group (4 levels)
served as a between-subjects factor and Vowel Contrast (4
levels)and Phonological length (2 levels) as within subject
variables ANOVA yielded a significant three-way
interaction, F(9, 228)=2.99,p=0.002.

Figure 2 The percent correct scores obtained for two pairs of
Swedish mid vowels and two pairs of Swedish non-mid

vowels by the subjects in four groups.

3.2  Perception
Figure 2 shows the percentage of times that mid and non-mid
vowels were recognized correctly. Like the Swedes, Estonian
subjects obtained near-perfect scores. Scores for the native
English subjects were lower on average (mid: 83%, non-mid:
95%), and those of the native Spanish subjects lower still (mid:
62%, non-mid: 74%). The difference between mid and non-mid
contrasts for the native English and Spanish subjects, but not for
the Estonian subjects, resulted in a significant interaction in an
ANOVA examining the non-native subjects’ scores,
F(2,57)=13.8, p<0.01. For mid vowels, the Estonians’ scores
were significantly higher than the native Spanish subjects’ scores
(p<0.01 by Tukey’s test). For non-mid contrasts, the difference
between the native Estonian and English subjects did not reach a
significant level, with both groups obtaining higher scores than
the native Spanish subjects (p<0.01). ).

3.3  The production-perception relation
Figures 3 and 4 are scatter plots showing the relation between the
production and perception scores for mid vowels (Figure 3) and
non mid vowels (Figure 4). An X indicates the mean of the
duration difference between the mid vowels and the non mid
vowels. Note the large difference in the r-value: 0.70, for the mid
vowels which was significant at the 0.0000 level and 0.41 for the
non-mid, significant at 0.008 level.
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Figure 3 The relation between the size of temporal
differences produced between the long and short members of

two non-mid vowel pairs (/D/-/DØ/,/�/-/�Ø/) and the scores
obtained for these same vowels in the perception experiment.

”X” indicates the mean duration difference observed in
production and perception for the native Swedish subjects

(mean production difference=80 msec, mean percent correct
in perception=99.8).

Figure 4 The relation between the size of temporal
differences produced between the long and short members of
two mid vowel pairs (/(/-/(Ø/, /2/-/2Ø/) and the scores obtained

for these same vowels in the perception experiment. ”X”
indicates as in Figure 3 (mean production difference for

Swedes=85 msec, mean percent correct in perception=99.9

4.  DISCUSSION
A reasonable general interpretation of the results presented
above would be that the native Estonian speaking subjects
were most successful of the three subject groups in learning
the long-short vowel contrast in Swedish. The native Spanish
speakers appear to be least successful and the native English
speakers somewhere in between but with very good success.

The feature hypothesis stated earlier predicts that the mid vowel
long-short contrast based primarily on duration would be more
difficult for the L2 learners whose phonology did not exploit this
phonetic feature. This prediction seems to hold for the perception
of these vowel categories in both native Spanish and English
speakers. The Estonians, however, displayed high proficiency in
both perception and production of the mid vowels. Miller and
Grosjean [9], in their study of French dialects, postulate, on the
basis of their experimental results, that the “overall prominence
of a given acoustic property” in the L1, in this case duration, has
important consequences for learning L2 phonology. While the
notion of overall prominence could be considered vague, this
interpretation could be applied to the results of the present study
and used as support for the feature hypothesis. Further, Bohn’s
suggestion that those speakers who were not “sensitized” for the
use of duration by their L1 (the native Spanish speakers in our
study) used language independent acoustic/auditory processing
strategies does not seem to be supported. The dependence of L2
speech learning on L1-L2 language specific phonetic
relationships is seen not only in the poor performance of the
Spanish speaking subjects but also in the relative success of the
English speakers, whose L1 exploits duration The overall
prominence of duration in the prosody of Estonian would account
for their success.

The differences in r-values in the correlation between
perception and production scores could be interpreted as
indicating that the Spanish and English speakers may have used
spectral information instead of the durational information present
for the learning of the non mid vowels. It appears, however, that
the durational information may have been used in learning the
contrast in the mid vowels.
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ABSTRACT

A group of  20 Croatian native speakers with various levels of
English proficiency and a group of 7 English native speakers
read a short passage of English prose, which was recorded and
digitized, and the PCquirer computer program was used to
obtain waveforms and spectrograms  to measure selected
variables. 10 English language experts assessed the level of
subjects’ English pronunciation proficiency. Croatian speakers
were compared with the group of English native speakers by
means of discriminative analysis in the following sets of
variables: segmental durations (35 selected sounds), sentence
and clause pauses durations, feet duration and several rate-of-
speech variables. Regression analysis was used to show which
of the temporal characteristics participated in predicting the
pronunciation proficiency. It was shown that not all of the
temporal characteristics of  Croatian speakers speaking English
that are significantly different from native English speakers had
the corresponding influence on foreign accent assessment.

1.  INTRODUCTION
Learning foreign language after the critical period increases the
strength of foreign accent due to the loss of neurolinguistic
plasticity and flexibility [5, 3]. Temporal organization of
segments, syllables, stress groups and breath groups is language
specific. When learning a foreign language the student’s first
language articulatory and perceptual skills will influence her/his
foreign language temporal organization [8, 6]. The second-
language Speech Learning Model [4, 9] attempts to explain that
the inaccurate production of second language sounds is due to
the learner’s attitude that some differences between L1 and L2
sounds are phonetically irrelevant. This impedes the formation
of new L2 phonetic categories. The model claims that  L2 sound
categories can be established if the dissimilarity between L2
sound and the nearest L1 sound is great enough and if the age of
learning is early enough. The model also postulates that the
sounds of L1 and L2 share the same phonological space and that
is why in highly proficient bilingual speakers it is not only the
phonetic space of the L2 that is influenced by the phonological
space of L1, but vice versa as well.

After the L1 phonological system is mastered, it causes the
filtering out of those acoustic and perceptive characteristics of
L2 that are not important in L1 from the phonological point of
view. The sensitivity level of distinguishing the L2 sounds
depends upon the phonological system of L1.

That point of view is in agreement with the "gestalt theory"
(theory of form) according to which the firmly structured
perceptual forms (and the phonemes of the L1 are such forms)

are very difficult to destroy and do not permit a new form (the
form of a L2 phoneme) to be perceived and articulated correctly.

From the point of view of information theory the L2
student’s code is not tuned to the code of the native speaker.
That is manifested as inadequate functioning of the decoding
processor and results in the occurrence of semantic noise.

In general, this gives rise to a system of errors that has
gained the name of interlanguage. Interlanguage is the result of
L1 and L2 contact and of different operators influencing the
learning process.

These processes are influenced by the learners’ age of
learning, gender, length of residence in the second language
speaking country and especially by the relative frequency of the
second and native language use [12].

The aim of the present study was to investigate the
temporal characteristics of English spoken by Croatian speakers
and to show which of the temporal characteristics are the best
predictors of their pronunciation proficiency. This was tested
according to two criteria: the temporal measurement of the
pronunciation of native English speakers and the assessment of
foreign accent by experts. It was supposed that the same
variables which significantly differentiate Croatian English and
native English speakers will also contribute to the assessment of
foreign accent in Croatian English speakers.

2. MATERIALS AND METHOD
A group of 20 male native speakers of Croatian (CE), aged 20 to
24, with different levels of English speaking proficiency (10
students of English language and literature and 10 students
majoring in other subjects at the Zagreb University) and a group
of 7 male native adult  speakers of English (NE) read a short
passage of English prose (119 syllables). The students started
to learn English between the ages of 6 to 14,  thus having been
learning it for 2 to 13 years. Every subject had two minutes of
practice in reading  the passage and after that their reading was
recorded in a sound-proof room on MD.

The acoustic signals were digitized at 11 kHz and analyzed
by means of PCquirer computer program. The temporal
parameters were measured on the basis of spectrographic,
waveform and auditory criteria.

Four groups of temporal variables were chosen: segmental
duration, foot duration, speech rate, sentence pauses and clause
pauses durations.

Ten university teachers of English assessed each CE
speaker twice on a ten-point scale for three pronunciation
characteristics (general pronunciation,  sounds and prosody ) by
listening to the recordings of CE speakers in two randomized
orders. The experts were instructed to establish a reference
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grade 10 for native speakers of English.
The difference between CE and NE speakers in temporal

variables was determined by discriminative analysis and the
predictability of pronunciation quality on the basis of temporal
characteristics of CE speakers by regression analysis.

3.  RESULTS
The results will be presented in two parts to answer the two
principal questions that were mentioned before: the question
about temporal differences between English spoken by CE and
NE speakers, and the question about the structure of temporal
characteristics which contribute to the foreign accent of CE
speakers when they speak English.

3.1.  Temporal differences of English spoken by CE and NE
speakers
The 119 syllables of the passage were read on the average in
31.7 sec by CE and in 26.6 sec by NE speakers. There were 35
variables of segmental durations ([p], [t], [k], [tS], [f], [v], [T],
[s], [S], [x], [w], [r], [N], [I], [i:], [E], [æ], [«], [«:], [Ã], [A:],[ai],
[ei], [«U], [i«]). For stops and affricates the durations of closure,
VOT and friction were measured. The 35 segmental variables
were grouped and analyzed in seven sound categories: stops,
affricates, fricatives, sonorants, short (lax) vowels, long (tense)
vowels and diphthongs.

There were six between-sentence points and six between-
clause points and duration of the pauses at these places
constituted two sets of variables: the duration of sentence pauses
and the duration of clause pauses.

The sentence "| I was | coming | back | from Devonshire | to
London | on my | old | motor-bike |", divided into 8 feet
represented 8 variables to test the foot isochrony.

Finally, seven measures constituted the set of rate

variables. They were: rate of articulation (duration of speaking
excluding pauses), rate of speaking (duration of speaking
including pauses), average duration of interpause articulatory
blocks, average duration of pauses, number of pauses, number
of syllables in full hesitation pauses or repairs and the total
duration of pauses.

The results of discriminative analyses of CE and NE
speakers for sets of variables (Table 1) show that within
segmental variables the majority of them differentiate those two
groups of speakers at acceptable level of significance: stops
(.00), fricatives (.03), sonorants (.02), short vowels (.02), and
long vowels (.08). Only durations of affricates and diphthongs
are not significantly different for two groups. Within
suprasegmental variables the durations of clause pauses and
temporal characteristics of rate of speech are significantly
different (p=.02 and p=.05, respectively), while durations of
sentence pauses and values of foot isochrony are not
significantly different for two groups.

3.2.  The influence of temporal characteristics of CE
speakers on their foreign language accent
As the experts showed very high coefficients of reliability
(between .93  and .94)  it was reasonable to keep all 10 of them
in further calculations. The first and the second assessments and
the assessments of the three characteristics of pronunciation also
showed very high correlations (between .95 and .98) so it was
possible to condense all the grades of each expert for a
particular speaker to one grade. The average CE speakers
grades were from 4.88 to 9.22 with the total average grade 6.49.

The condensed assessments of the quality of pronunciation
were used as criterion variable and the temporal characteristics
of CE speakers as predictors in regression analysis.

The results in Table 2 reveal that multiple correlation is
significantly for only two sets of segmental variables, namely by
durations of stops (p=.04, R=.79) and durations of fricatives

Table 1. Discriminative analyses of CE and NE speakers.
(Abbreviations: St - stops, Af - affricates, F- fricatives, So -

sonorants, SV - short vowels, LV - long vowels,
D- diphthongs, SP - sentence pauses, CP - clause pauses, FI -

feet isochrony, R- rate)
Can

.
Chi- p Centroids Most

differe-
R Sqr CE NE ntiating var.

St .86 29.79 .00 0.97 -2.76 VOT [t]
Af .22 1.16 .56 0.13 -0.36 Closure [tS]
F. .71 15.24 .03 0.58 -1.65 [s]
So .63 11.23 .02 -0.45 1.29 [N]
SV .66 13.02 .02 0.50 -1.44 [Ã]
LV .59 9.77 .08 -0.42 1.20 [«:]
D .48 6.05 .20 0.31 -0.81 [«U]
SP .45 4.89 .56 -0.28 0.81 Pause #6
CP .71 15.70 .02 -0.58 1.16 Pause #4
FI .60 9.45 .31 0.43 -1.23 Foot #8
R .69 14.18 .05 0.55 -1.57 Rate of art.

Table 2. Regression analyses of temporal characteristics
on condensed assessments of pronunciation quality.

(Abbreviations as in Table 1)

Most
R R2 p influencing var. BETA

St .76 .58 .04 Closure of [k] .58
Af .42 .17 .20 Closure of [t�] -.37
F. .79 .63 .05 [S], [x] -.59, .45

So .34 .12 .73 [N] .36

SV .45 .20 .63 /I/ .33

LV .37 .14 .81 /A:/, /æ/ .27, -.27

D .35 .12 .72 [«U] .26

SP .76 .58 .05 Pause #6 .86
CP .75 .56 .06 Pauses #3 and #4 -.74, 1.51
FI .79 .63 .09 Foot #6 .63
R .84 .71 .02 Number of syll. in hesit. .63
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(p=.05, R=.79). All of suprasegmental sets of variables are
significantly predictors of foreign accent assessment: sentence
pauses (p=.05, R=.76), clause pauses (p=.06, R=.75), foot
isochrony (p=.09, R=.79), and rate of speech (p=.02, R=.84).

4.  DISCUSSION AND CONCLUSIONS
The differences at the segmental level between CE and NE
speakers were expected in stops which are aspirated in English
(VOT: [p]-58 ms, [t]-70 ms, [k]-80 ms [10]) and nonaspirated in
Croatian (VOT: [p]-15.3 ms, [t]-19.1 ms, and [k]-25.2 ms [1]),
in the difference between short and long vowels and in
durations of diphthongs which are not characteristic sounds in
Croatian. The discriminative analysis showed that all sound
categories, except affricates and diphthongs, differ in CE
pronunciation from NE pronunciation but not all the sounds
participate in that difference. Within stops (Figure 1) it is the
sound [t] (closure: 108 ms for CE vs. 80 ms, for NE p=.03 and
VOT: 25 ms vs. 61 ms, p=.00, respectively). In general, there is
a strong tendency for CE speakers to pronounce English stop
consonants with the longer closure duration and shorter VOT
then NE speakers, but the difference is significant only for the
sound [t].

In fricatives the sounds [v] and [s] are significantly shorter
(CE 52 ms vs. NE 63 ms, p=.05 and CE 50 ms vs. NE 77 ms,
p=.01) and [S] and [x] are significantly longer (CE 143 ms vs.
NE 123 ms, p=.09 and CE 98 ms vs. 68 ms, p=.03). The
differences between sonorants are mostly influenced by the
duration of [w] which is significantly (p=.01) shorter in CE
pronunciation (67 ms) than in NE speakers (96 ms).

From the duration point of view vowels in Croatian
generally can be classified into three categories: long stressed,
short stressed, and unstressed vowels with the following
approximate average durations in spontaneous speech: 100 ms,
80 ms, and 60 ms, respectively [1]. The durations of English
long and short vowels in spontaneous speech are: 99 ms vs. 143
[11], or for stressed vowels about 130 ms and unstressed vowels
about 70 ms [7].  As shown in Figure 2 in CE speakers the

difference between short and long vowels is smaller than in NE
speakers so they only approximate the difference characteristic
for the native speakers though in Croatian the difference
between long and short vowels also exists and the positive
transfer is possible. It also proves the second-language Speech
Learning Model because though the two categories of vowels
are established their authentical (native) values are not reached
in CE speakers. This result shows that second-language
phonological and phonetic systems in second-language speakers
can be mastered at different levels of proficiency: with
phonological level carrying mainly communicative function and
phonetic level carrying mainly function of speakers’
identification with the language. Generally, CE short vowels are
longer (63 ms) than NE ones (45 ms), while the long vowels are
shorter (119 ms vs. 144 ms, respectively). But the
discriminative analysis showed the major influence only of the
short vowels [E] and  [Ã] and the long vowel [«:] with p=.00 and
p=.01, respectively.

Due to the fact that there are no diphthongs in Croatian and
that English diphthongs would be pronounced by Croatian
speakers as a combinations of two vowels, it was supposed that
diphthongs in CE speakers’ pronunciation would be longer than
in NE speakers.  But that hypothesis was not proved and the
durations of the diphthongs in both groups are practically the
same (126 ms for CE vs. 124 ms for NE).

Though there were no significant differences between
sentence pauses, CE speakers make generally shorter pauses
than NE speakers (582 ms vs. 632 ms). The clause pauses on
the other hand, though practically of the same average duration
(CE 302 ms vs. NE 306 ms), differ significantly due to the
pause in "I heard a scream, | a woman’s scream." This result
differs from Flege’s investigations of pause influence on foreign
accent [2]. That study provided an attempt to determine whether
the speech fluency affects global foreign accent judgments. It
was shown that removing pauses from the sentences spoken by
Chinese subjects who speak English did not change foreign

Figure 2. Mean vowel durations for CE and NE speakers.Figure 1. Mean stop (closure and VOT) durations (ms) for CE
and NE speakers.
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accent scores. This suggested that foreign accent judgments
depend mainly on segmental and suprasegmental articulation.

It was not proved that syllable-timed Croatian influences
the pronunciation of English as far as the foot timing is
concerned. Though we would expect that the variability of the 8
measured feet would be greater in CE speakers under the
influence of syllable-timed Croatian (L1) the variability of the
feet compared to the average duration of the foot was 62% for
both groups of speakers.

Finally, the rate of articulation measured as the average
duration of the syllable was shown to be the most influential of
the rate variables (CE 199 ms vs. 180 ms for NE, p=.05).

The multiple correlations (Table 2) show that the set of
suprasegmental variables (especially the rate of speaking) are
better predictors of the foreign accent in CE speakers than the
segmental variables, and within segmental variables the
consonants are better than vowels and diphthongs.

Some of the variables which were expected on the basis of
discriminative analysis to predict the quality of the English
pronunciation did not show that (Compare the most
differentiating and the most influencing variables in Tables 1
and 2). Within the segmental duration good predictors are:
closure of [k] and duration of fricatives [f], [S] and [x].
Durations of sentence and clause pauses showed to be good
predictors at stylistically marked places. Final foot in the
sentence also showed to be the good predictor probably because
of the difference in final lengthening. The number of hesitations
is the best predictor within the rate variables.

In conclusion, it can be said that speakers showed the
following deviations from standard English pronunciation
determined by the results of discriminative as well as regression
analysis: longer closure and shorter VOT of stops, longer
fricative noise in [s], [S] and [x], shorter sentence pauses, slower
rate of articulation and greater number of hesitations.

The results also reveal that, in general, the temporal
variables which are in the process of speech production [9]
mainly under the influence of the higher levels of the production
(conceptualizer and formulator) than the lower levels
(articulator) in foreign accent realization and judgment are of
greater significance.
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ABSTRACT
This paper describes an experiment aimed at determining whether fluency assessment by expert raters and b. the relationship between
automatic assessment of second language learners’ fluency in expert fluency ratings and automatically obtained objective fluency
spontaneous speech is feasible and whether it differs from automatic measures. With regard to a., the results showed that expert ratings of
fluency assessment in read speech. Spontaneous speech of 60 learners fluency in read speech are reliable (Cronbachs’ " varies between .90
of Dutch was scored for fluency by five raters and was analyzed by and .96). With respect to b., very high correlations were found
means of a continuous speech recognizer to calculate seven between the expert fluency ratings and the automatic measures of
quantitative measures of speech quality known to be related to fluency: five automatic measures showed correlations with the fluency
perceived fluency. The results show that automatic assessment of scores whose magnitude varied between .77 and .91. The highest
second language learners’ fluency in spontaneous speech is feasible, correlations were found for rate of speech (between .86 and .91).
although not all variables suitable for measuring fluency in read Further analyses revealed that two factors are important for perceived
speech are as effective in spontaneous speech. In particular, measures fluency in read speech: the rate at which speakers articulate the sounds
that express the rate at which sounds are produced without taking and the number of pauses they make. Rate of speech appears to be
pauses into account appear to be unsuitable for measuring fluency in such a good predictor of perceived fluency because it incorporates
spontaneous speech. Furthermore, the correlations between machine these two aspects. 
scores and human ratings are lower for spontaneous speech. Possible Since automatic assessment of fluency in read speech turned out
explanations are discussed. to be feasible, we decided to extend this approach to spontaneous

1. INTRODUCTION
Oral fluency is viewed as an important characteristic of second
language speech, which is often the object of evaluation in testing
second language skill. For this reason attempts have been made to try
to define fluency in terms of objective properties of speech, since this
would contribute to more objective fluency testing [1, 2, 3]. Some of
these attempts have made use of a dual approach in which perceived
fluency scores assigned by raters to non-native speech are compared
with objective measures calculated for the same speech [1, 2, 3].
These studies have revealed that perceived fluency is particularly
affected by factors such as speech rate and pauses, while self-repairs
are a poor fluency indicator. 

In a previous paper [4] we reported on an experiment in which
such a dual approach was adopted. This study differed from previous
ones in two important respects: First, the objective measures that were
calculated manually in previous studies [1, 2, 3], were calculated
automatically by means of a continuous speech recognizer (CSR);
second, instead of using spontaneous speech we decided to use read
speech, so that the raters would not be distracted by differences in
grammar and vocabulary, which are known to affect fluency ratings
[2].  

In the study reported on in [4] read speech of 20 native and 60
non-native speakers of Dutch was scored for fluency by nine experts
and was then analyzed by means of a CSR in terms of quantitative
fluency measures such as speech rate, articulation rate, number and
length of pauses, number of dysfluencies, mean length of runs and
phonation-time ratio. As explained above, the decision to limit this
investigation to read speech was related to the methodological
complexities involved in studying fluency in spontaneous speech .
However, the idea was to apply this approach to spontaneous speech
too, if it turned out to be feasible for read speech.

This experiment produced interesting results in two respects, a.

speech. To pursue this aim, we used a test developed by the Dutch
National Institute for Educational Measurement (Cito), the
Profieltoets [5], which Cito administered in June 1998. This test
contains items which elicit unprepared answers that can therefore be
classified as extemporaneous, spontaneous speech. As in the
experiment in [4], the speech material was evaluated by a group of
raters and by the automatic speech recognizer. The methodology and
the results of this experiment are described in the rest of this paper.

The aim of the present paper is to determine whether automatic
assessment of language learners’ fluency in spontaneous speech is
feasible and whether and in which respects it differs from automatic
fluency assessment in read speech.

2. METHOD
2.1. Speakers
The speakers involved in this experiment constitute a subgroup of the
candidates who took part in the test Profieltoets in June 1998. In this
investigation we analyzed the answers of  60 subjects of two differing
proficiency levels: a lower proficiency group (LP) at the level of ‘basic
user’ and a higher proficiency group (HP) at the level of  ‘independent
user’  The 30 speakers in each group were randomly selected from a
larger group of candidates who hadparticipated in the test. Within each
of these two groups the speakers varied with respect to sex and mother
tongue.

2.2. Speech Material
The speech material used in this experiment consists of the answers
given by the above-mentioned candidates to a subset of eight items
stemming from the Profieltoets. These eight items were specifically
selected because they elicit unprepared answers, so that the speech can
be characterized as extemporaneous. Moreover, given the nature of
the questions, reasonably long answers can be expected, a necessary
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condition for calculating fluency measures. In the items selected for measure, which were then compared with the human fluency scores.
the LP group the subjects were allowed to talk for 15 s, whereas the By means of the CSR a number of quantitative measures known
HP subjects had 30 s at their disposal. Effectively, the LP subjects to be related to perceived fluency were calculated. On the basis of the
talked for about 70 s on average, while for the HP subjects the average results from the literature on the use of temporal variables in studying
was 170 s. speech production [1, 2, 3, 5], the following measures were selected

In order to be analyzed by the CSR, the speech material was for investigation: 
orthographically transcribed. Repetitions, restarts, repairs and filled
pauses were also transcribed.

2.3. Fluency Ratings
In the study reported on in [4] phoneticians and speech therapists
functioned as raters, phoneticians because they are experts on
pronunciation in general and speech therapists because their expertise
is usually invoked when learners of Dutch exhibit pronunciation
problems (including all fluency-related temporal phenomena). In the
present experiment ten teachers of Dutch as a second language were
employed because they are normally used as raters for this kind of
examination by Cito.

All raters listened to the speech material and assigned scores
individually. They could listen to the speech fragments as often as they
wanted. For eight items they were asked to score fluency on a scale
ranging from 1 to 10. As in the experiment in [4], no specific
instructions were given for fluency assessment. For each speaker
involved in this experiment we therefore obtained five fluency scores
assigned by five raters.

An essential difference between the two experiments is that in
the present one two different groups of raters were assigned to the two
groups of speakers, whereas in [4] the same group of raters evaluated
all speakers. As a consequence, in [4] we could compare different
groups of speakers on the perceived fluency scores, whereas this is not
possible in the present experiment. 

2.4.  Automatic Assessment of Fluency
In this experiment the automatic speech recognizer described in [7]
was used. Feature extraction is done every 10 ms for frames with a
width of 16 ms. The first step in feature analysis is a Fast Fourier
Transform (FFT) to calculate the spectrum. The energy in 14 mel-
scaled filter bands between 350 and 3400 Hz is then calculated. Next,
a discrete cosine transformation is applied to the log filterband
coefficients. The final processing stage is a running cepstral mean
subtraction. Besides 14 cepstral coefficients (c0 - c13), 14 delta
coefficients are also used. This makes for a total of 28 feature
coefficients.

The CSR uses acoustic models (39 Hidden Markov Models) and
a lexicon. The lexicon contains orthographic and phonetic
transcriptions of the words to be recognized. The continuous density
HMMs consist of three segments of two identical states, one of which
can be skipped. One HMM was trained for non-speech sounds and
one for silences. For each of the phonemes /l/ and /r/ two models were
trained, a distincion was made between prevocalic and postvocalic
position. For each of the other 33 Dutch phones one model was
trained. The HMMs were trained by using the phonetically rich
sentences of 4019 speakers from the Polyphone corpus [8].

For each individual answer the automatic measures were
calculated by means of a form of forced Viterbi alignment. The
number of phones was determined on the basis of the transcriptions.
The various fluency scores for the individual items were subsequently
averaged over the eight items. This way a set of 57 (the data of three
subjects turned out to be missing) scores was obtained for each

C ros = rate of speech: # segments / total duration of speech
plus sentence-internal pauses

C ptr = phonation/time ratio: total duration of speech without
pauses / total duration of speech plus sentence-internal
pauses

C art = articulation rate : # segments / total duration of speech
without pauses

C tdp = total duration of sentence-internal pauses: all silences
longer than or equal to 0.2 s

C alp = average length of pauses
C #p = # of silent pauses
C mlr = mean length of runs: average number of phones

between unfilled pauses of not less than 0.2 s.

3. RESULTS
In this section the results of the present experiment are presented. In
section 3.1. we report the results concerning the fluency ratings
assigned by the two groups of raters. In 3.2. we examine the results
concerning the quantitative measures of fluency. Finally, in 3.3. the
correlations between these two types of results are considered.

3.1. Fluency Ratings
The fluency scores assigned by the two rater groups RLP (raters for
the LP group) and RHP (raters for the HP group) were analyzed to
determine interrater reliability (see Table 1).

interrater reliability

RLP .86

RHP .82

Table 1. Interrater reliability coefficients
(Cronbach’s ") for the two rater groups, RLP and

RHP.

As is clear from Table 1, interrater reliability is reasonably  high. 
On the one hand, this may be surprising if we consider that the raters
involved in this experiment were given no specific instructions for
assessing fluency. On the other, these reliability coefficients are lower
than those in the previous experiment [4], but this can be explained.
First, here we analyze the two groups of speakers separately, with the
consequence that the variance is much lower. Second, in [4] we had
deliberately chosen read speech material so that the raters would not
be distracted by differences in grammar and vocabulary, which are
known to affect fluency ratings [2]. For instance, if we compare these
results with those of previous studies in which spontaneous speech
was employed [2, 3], then we may conclude that our reliability
cofficients are relatively high.

Besides considering interrater reliability, we also checked the
degree of interrater agreement. Closer inspection of the data revealed
that the means and standard deviations varied between the five raters
in each group. Therefore, we decided to normalize for the differences
in the values by using standard scores instead of raw scores, as was
done in [4].
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3.2. Quantitative Measures of Fluency
In this section we analyze the quantitative variables in various
respects. First, we calculate the mean and standard deviation for all
variables for all groups, because this may be helpful in interpreting the
various correlations later on. To get a better understanding of the
behavior of the different variables, we also compare these means and
standard deviations with those of the read speech data for natives and
non-natives. Table 2  these results.

read speech spontaneous speech

natives non-natives LP HP

0 0 0 0sd sd sd sd

ros 12.74 1.35 9.68 1.94 5.99 0.96 5.31 1.17

ptr 93.17 2.79 82.66 8.57 49.32 8.71 44.92 9.51

art 13.65 1.19 11.61 1.37 12.25 1.25 11.85 .81

#p 1.42 1.23 7.20 5.47 36.28 11.14 94.52 22.84

tdp 0.45 0.42 3.10 2.76 32.41 9.26 93.51 27.23

alp 0.20 0.13 0.38 0.13 0.92 0.19 1.02 0.28

mlr 34.26 5.85 21.52 8.77 9.50 2.22 9.33 2.27

Table 2 Means and standard deviations for the seven quantitative
measures for read speech of natives and non-natives and spontaneous

speech of LP and HP.

Table 2 shows how the values for the different variables vary as a
function of speech modality (read vs. spontaneous) and speaker group.
Of course we should bear in mind that the quantity of speech material
varied in the various conditions, with the result that relative measures
such as ros, art, ptr, alp and mlr are comparable, whereas absolute
measures such as #p and tdp are not. 

In order to see how the temporal measures vary as a function of
speech modality we can compare the read speech values for the non-
natives (columns 4 and 5) with the spontaneous speech values of the
two (also non-native) speaker groups (columns 6, 7, 8 and 9). The
most striking differences between read and spontaneous speech
concern the variables ros, ptr, alp and mlr. In particular, if we go from
read speech to spontaneous speech we observe that the values for ros
and ptr are almost halved, while that of alp isalmost tripled. art, on the
other  hand, hardly changes. However, art does vary if we go from
natives to non-natives in the read speech group. 

In order to allow comparisons for the two measures #p and tdp,
we normalized them for total duration of speech plus sentence-internal
pauses, thus obtaining two new variables #pn and tdpn. tdpn is
actually redundant, because it is the complement of ptr, and will not
be presented here. For #pn we found the following values for the four
groups: 

0 sd

read speech natives 0.09 0.08

non-natives 0.31 0.24

spontaneous LP 0.52 0.16
speech

HP 0.53 0.13

Table 3. Means and standard deviations for #pn for read speech of
natives and non-natives and spontaneous speech of LP and HP.

The data presented above (Tables 2 and 3) suggest that, at least
for non-native speakers, the differences between read and spontaneous
speech are more related to the frequency and the length of pauses,
rather than to the rate at which sounds are articulated. As a
consequence, all measures in which pause frequency and pause length
play a part, vary substantially between the two speech modalities. 

3.3. Fluency Ratings and Quantitative Measures
In this section we compare the fluency scores assigned by the raters
with the automatically calculated temporal measures of speech, in
order to determine to what extent the latter are able to predict the
former. To this end the degree of correlation between the two sets of
scores was calculated. Since the ratings assigned to the groups of
speakers are not comparable (because they were assigned by different
raters), the correlations will be calculated for each group separately. In
this way the variation in proficiency level is reduced, with obvious
consequences for the correlations.

In calculating these correlations the correction for attenuation
formula was applied, because this makes it possibe to correct for
measurement errors, which are known to affect the size of the
correlation coefficient. Moreover, this allows comparisons between the
various coefficients. In order to be able to make comparisons with the
read speech data, we also present the correlations between the
quantitative measures computed for the read speech material and the
fluency ratings of the three rater groups: phoneticians (Ph), speech
therapists 1 (St1) and speech therapists 2 (St2). These results are
shown in Table 4.

Table 4 reveals that the correlations between the fluency ratings
for spontaneous speech and the automatic fluency measures are very
different for the various measures. For instance, ros, ptr and mlr
exhibit relatively high correlations with the ratings of both groups,
whereas art and alp shows no relation with the automatic measures.
The correlations for #p and tdp are considerably different for the two
groups.

The low correlations between art and the fluency ratings may be
attributed to the low variance in the art scores, which can be inferred
from the data presented in Table 2. However, the same argument
cannot be used to explain the low correlations between alp and the
fluency ratings, because the variance in alp is comparable to that in #p
and tdp. So, the absence of a relation between alp and the fluency
ratings is still very surprising.

At this point it may be interesting to compare these correlations
with those obtained for read speech in the experiment described in [4].
These data are presented in Table 4 in columns 2, 3 and 4. 

read speech spontaneous speech

Ph St1 St2 RLP RHP

ros .93 .91 .90 .61 .43

ptr .86 .88 .89 .49 .43

art .88 .84 .81 .07 .05
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#p -.84 -89 -.89 -.56 -.32

tdp -.81 -.86 -.86 -.68 -.25

alp -.65 -.62 -.65 -.09 -.01

mlr .85 .86 .88 .53 .72

Table 4. Correlations (corrected for attenuation) between the
fluency ratings and the quantitative measures for spontanoeus

speech and for read speech, for different rater groups. length of pauses into account appear to be unsuitable for measuring

A comparison between the two data sets reveals that also in the
read speech data alp showed the lowest correlation with the fluency
ratings, so in a sense there is some correspondence between the two
sets of data on this point. However, it remains to be explained why for
spontaneous speech alp shows no relation at all with the fluency
ratings. 

Furthermore, the comparison between read speech and
spontaneous speech reveals that the correlations are much higher in
the first case. This is not surprising if we consider that in the read
speech experiment there was much more variation in proficiency level
than in the present experiment. First, in the previous experiment native
speakers were also included, while the spontaneous speech data were
limited to non-natives. Second, the lower amount of variation in the
present experiment is further reduced because we have to analyze the
two groups separately. So, if we consider the substantial differences
with respect to the amount of variation, we have to conclude that the
correlations observed in the present experiment are not bad at all, at
least for some of the quantitative measures. 

In addition, the enormous differences between the read speech ICSLP98, 30 nov. - 4 dec., Sydney, Australia, Vol. 6, 2619-2622. 
material and the spontaneous speech material with respect to the
quality of the recordings should be kept in mind. First, the
spontaneous speech material was recorded under rather adverse
environmental conditions: the subjects, who were taking an exam,
were all sitting in one room and started to answer the questions almost
at the same time, so that there was a lot of background speech.
Second, many subjects spoke so softly that in certain cases it was
almost impossible to understand what they said. Furthermore, they
produced repetitions, restarts and repairs. In a sense it is a pity that
dysfluencies and filled pauses were not calculated for this material.
One can imagine that although these variables were no good
predictors of fluency in read speech, they might play an important role
in spontaneous speech, simply because they are more common. In the
near future we intend to carry out these analyses.

To summarize, if we consider all the factors mentioned above,
then one may wonder how the CSR managed to segment this speech
material at all. Concurrent speech, background noise, etc. are known
to degrade the performance of CSRs to a great extent. So, the lower
correlations may simply be due to the considerably larger amount of
‘noise’ in these data compared to the read speech data.

In spite of all these adverse factors some automatic measures, in
particular ros, mlr and ptr, appear to be rather stable indicators of
fluency. What these measures have in common is that they are all
complex variables that express some kind of relation between speech
and silence, and it is probably this relation that is at the core of
perceived fluency.

4. CONCLUSIONS
In this paper we have investigated the feasibility of automatic

assessment of second language learners’ fluency in spontaneous
speech and have compared these results with those obtained in a
previous experiment for read speech. On the basis of the findings
presented and discussed in the previous sections, we can conclude that
automatic assessment of second language learners’ fluency in
spontaneous speech is feasible, although not all variables that appear
to be suitable for measuring fluency in read speech can be employed
in spontaneous speech. In particular, variables that measure the rate at
which sounds are produced without taking the frequency and the

fluency in spontaneous speech.
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ABSTRACT
In trying to identify problem areas of foreign-language
pronunciation training, teachers often neglect the apparent
interaction between the mother tongue and the language in
question. However, in terms of pronunciation training, it has
often been observed that students’ awareness of  features of their
mother tongue and the differences between their first and the
foreign language increases considerably their perception and
production of the language of instruction.  The paper describes
the main differences between the English and the Slovene sound
systems from the points of view of manner and place of
articulation, voicing and fortis/lenis contrast, including certain
features of connected speech, such as assimilation and elision.
The most common pronunciation errors of Slovene university
students of English, observed in their speech and phonemic-
transcription assignments, are analysed by contrasting the two
systems and by considering the pronunciation of English loan-
words in Slovene and the pronunciation of ‘international’ words
in both languages.

1. THE SOUND SYSTEMS OF ENGLISH (RP) AND
STANDARD SLOVENE

1.1. Vowels. The main difference between the two systems is in a
greater number of English vowel phonemes. Thus, for each of the
English vowel pairs /L: - ,, X: - 8, $: - £/, Slovene only has a close
front and a close back vowel /L, X/, and an open central vowel /D/,
which are all relatively long in accented and relatively short in
unaccented position [1, 2]. This leads Slovene speakers to
neutralise English vowels, e.g. in:

beat vs. bit, pool vs. pull, and fast vs. fussed

The nearest equivalents of English vowels /H-4/ are the
Slovene mid-close /H/ (closer than the Eng. /H/) and mid-open /(/
(closer than the Eng. /4/; for both, see the vowel diagram in [2]).
While one might expect simple replacement of the two English
vowels with the two Slovene counterparts in Slovene speakers'
English pronunciation, this is seldom the case. The reason for
this is most probably the fact that the Slovene /H/ is (correctly)
perceived by Slovene speakers as too close to be applied for the
English /H/. Instead, both English vowels are (again correctly)
identified as the nearest equivalents of the Slovene /(/, with the
degree of opening between the two English vowels. Although
they are generally distinguished by Slovene speakers in
identification tests based on recognition of vowels in words used
in isolation (e.g. pet/pat, Ben/ban etc.), they are very often
neutralised in pronunciation.

Although the situation with the back English vowels /oØ - c/
is more or less the same as in the case of /H - 4/  (i.e. the Slovene
/R/ and /o/ are mid-close and mid-open respectively),
neutralisation seldom occurs and, generally, these two vowels do
not present a particular problem for Slovene speakers. The same
seems to be the case with the remaining, i.e. central vowels (/�/
and /Ø/), except that the /Ø/ in the pronunciation of Slovene
speakers is often too short [3]. This can be explained by the fact
that Slovene (again) only has one vowel of this type; while this
vowel is longer in accented position, the difference in length is
considerably smaller than the one between the English /�/ and
/Ø/.

With regard to allophonic realisations of vowels, the
variation of length (duration) in English (pre-fortis clipping and
pre-lenis lengthening) is perhaps the most important difference
between the two languages. It should be pointed out that in
standard Slovene all obstruents are strong and voiceless in final
position [4], so that while vowel length is an important feature in
differentiating between e.g. English bat - bad, in standard
Slovene words like ped - pet ('span' - 'five') have the same
pronunciation. This explains why Slovene speakers tend to
neutralise also pairs of English words such as:

rise-rice, badge -batch, bride-bright, etc.

The Slovene diphthongs are generally considered
phonemically as combinations of two phonemes, a vowel and /M/

or a vowel and [Z] (often written as [X]. The latter is considered
a bilabial realisation of the approximant /9/. The Slovene

phonetic diphthongs are [HZ� (Z� DZ� oZ� HM� RM� oM� DM� XM].
There are no centring diphthongs in Slovene. The diphthongs
[DZ] and [DM].  can safely be used as equivalents of the English
/$8/ and /D,/, while [oZ] differs from the RP /�8/ in the 1st
element. The first element of the RP /o,/ is mid-way between the

closer Slovene /R/ in [RM] and the more open /o/ in [oM].

1.1.1. Elision of Vowels in Unaccented Position. While in
English (at least in RP) elision of vowels seems to affect in
particular vowels in the vicinity of approximants /O/ and /U/, e.g.
in temporary, cancelling, etc., it is more common for vowels in
Slovene to be elided in word-initial and word-final position, e.g.
in mam (imam), prid (pridi). Notice, however, that such elisions
are not considered acceptable in Standard Slovene. They are only
used in non-standard dialects, e.g. in the Slovene capital city,
Ljubljana.

1.2. Consonants. In terms of systemic differences, the most
LPSRUWDQW is the lack of the dental fricatives /7� '/ in the system
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of Slovene consonants. Slovene also has no /1/ as a separate
phoneme. This nasal only occurs as an allophone of /Q/ when
followed by a velar consonant. Slovene also has no labio-velar
semi-vowel /Z/ as a distinctive sound unit; the sound does occur,
however, as one of the realisations of the Slovene /9/ (before
consonants). On the other hand, Slovene has three affricates - /WV/
in addition to /W6/ and /G=/.

The Slovene labio-dental /9/ is an approximant rather than a
fricative, so that  the Slovene /I/ has no voiced-lenis counterpart
on the phonemic level.

The Slovene /U/ is an alveolar tap /5/. While the approximant
/�/ in RP is only pronounced before vowels, the Slovene tapped
/5/ is always pronounced.

Other differences between the two systems concern the
place of articulation. Thus, the nearest equivalent of the English
glottal fricative /K/ is the velar fricative /[/. Also, the Slovene
/W� G/ and /Q/ are dental rather than alveolar.

With respect to some important allophonic realisations of
English consonants, Slovene differs from English in that:
- /S� W/ and (questionably) /N/ are always unaspirated,
- glottal reinforcement (i.e. the glottal stop /�/) only occurs
before word-initial vowels, never before consonants,
- nasal and lateral release of plosives do not occur in word-final
clusters of plosives and nasals/laterals, as e.g. in Eng. written,
bottle.
- nasals and approximants are not devoiced by the preceding
fortis obstruents

1.2.1. Assimilation of Consonants. Only regressive assimilation
in the two languages can be compared; progressive assimilation
does not occur in Slovene.

Regressive Place Assimilation: As in English, /Q/
assimilates also in Slovene to the following labio-dental, bilabial
and velar consonants. On the other hand, /W/ and /G/ do not. The
Slovene alveolar fricatives /V� ]/ often coalesce with the
following palato-alveolars as in English, but not with the
following /M/.

Regressive Voice Assimilation: While voice assimilation is
supposedly rare in English [5], it follows a consistent rule in
Slovene, according to which a lenis obstruent cannot precede a
fortis obstruent and vice-versa [4]. Thus, a sequence of two
obstruents (both within a word and on the word boundary) is
always either lenis/voiced + lenis/voiced or fortis/voiceless +
fortis/voiceless, e.g.:

odstraniti 'remove' /WV/, od strahu 'out of fear' /-W V-/; risba
'drawing' /]E/, res bom 'I really will' /-] E-/

1.2.2. Elision of Consonants. In comparing the occurrence of
consonant elision in the two languages, it should be noted that
there are a number of differences between English and Slovene
in their structures of consonant clusters. In both languages,
however, it is (not surprisingly) mostly in clusters of two or more
consonants that one of them is elided, in particular in rapid
informal speech. In English, the consonants that most often
undergo elision are the alveolar plosives /W/ and /G/, when they

occur between consonants, e.g. in first three, world-wide, etc. In
colloquial Slovene (as spoken for example in the capital city
Ljubljana), the same can be observed for these two consonants
(e.g. tistega 'that one', acc. sg., pronounced /§WLØ]JD/); among the
sonorants, the most commonly elided is /M/ when preceded by a
consonant or in final position (e.g. zjutraj /§zXØtri/ 'in the
morning'), which can be contrasted with elision of this semi-
vowel in English (e.g. in GA and optionally also in RP
pronunciation of suit, nudist, etc.). Note also the alternative
pronunciations of e.g. Monday as /§m£nGH,/ and //§m£nG,/.

2. OTHER ASPECTS OF CONTRAST
2.1. Loan-words and international words. On the one hand, the
process of 'transphonemisation' of English loan-words in Slovene
generally reflects the systemic differences between the two
languages explained above. On the other hand, the pronunciation
of English loan-words has often been influenced by the spelling
and, when borrowed via other languages (e.g. German or Serb
and Croatian)  by the pronunciation in those languages. A typical
example of such influence is the pronunciation of initial st-, e.g.
in start, as /6W-/

In the same way, the pronunciation of the so-called
'international' words (e.g. conversation - Sl. konverzacija) is
influenced by the Slovene equivalents.

2.2. Influence of American English. One of the aims we
consider important in teaching English pronunciation to students
at tertiary level is that of achieving consistency within the
selected standard accent. In Slovenia, the model is traditionally
and still prevailingly that of British English. The majority of
textbooks, tapes, dictionaries and other teaching materials used at
all levels of English classes are British rather than North
American or Australian. On the other hand, outside the
classroom, pupils and students are more often exposed to
American English accents, in particular by way of television,
popular music, computer games and the Internet. Although in
most aspects their pronunciation is closer to RP than to General
American, they find it difficult to attain consistency in either RP
or GA. Once they become fully aware of the differences between
the two accents, however, they can gradually overcome this
problem. Needless to say, the choice between the existing
standard pronunciations should be left entirely to the student, as
long as their speech is consistent.

3. CONCLUSION
It is often argued that non-native speakers of English (or any
other language for that matter) can never achieve native-like
pronunciation competence and that (in accordance with the
communicative approach to foreign-language learning) there is
no particular need for them to acquire it, provided that their
speech is sufficiently intelligible to other speakers. I strongly
believe, however, that a ‘foreign accent’ is only an intermediate
stage in the learning process, and that along with improving all
other language skills, students can and should continuously
develop and improve also their pronunciation. Being aware of the
main differences between (in our case) English and their mother
tongue is perhaps the most important prerequisite for all
ambitious student to advance from the ‘minimum general’ to the
‘high acceptability’ pronunciation standard [5].
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ABSTRACT
We developed a computer-aided language learning system for
correcting vowel insertion errors in English pronounced by na-
tive speakers of Japanese learning English as a foreign language.
The system's core component is a speech recognizer using a pro-
nunciation lattice of American English phones plus Japanese
vowels where anaptyxis may occur. The system displays English
words and sentences on the computer screen and asks the learner
to read them aloud. The reading material contains consonant
clusters and syllable-final consonants that trigger vowel insertion
errors. Loans from English having fixed Japanese pronunciations
are included to illustrate pronunciation differences between the
two languages. Phonological rules convert pronunciation patterns
of correct English to Japanese-accented English. The system
alerts the learner whenever inserted vowels are detected. The
learner can adjust the speech recognizer's sensitivity to practice
at different levels of difficulty.

1. INTRODUCTION
Native speakers of Japanese have difficulty pronouncing English
consonant clusters because the syllabic structure of Japanese is
more restricted than that of English. Japanese has a maximum of
two syllable-initial consonants and one syllable-final consonant,
while English allows more consonant combinations. Loan words
are an example of Japanese phonotactics carrying over to Eng-
lish. Loans invariably undergo anaptyxis or proparalepsis
[1][2][3][4].

Inserting vowels within consonants clusters or after sylla-
ble-final consonants is a prevalent error in English spoken by
Japanese. Anaptyxis mutilates the syllable and stress structure of
English, and anaptyctic speech is incomprehensible to native
speakers of English even after considerable exposure to Japa-
nese-accented speech. However most Japanese teachers of Eng-
lish overlook anaptyxis because they understand anaptyctic
speech perfectly and are unaware of the severe impact anaptyxis
has on intelligibility.

With this problem in mind, we implemented a system for
automatically detecting inserted vowels in Japanese-accented
English. The system identifies where vowels were inserted and
instructs learners how to pronounce the target utterance cor-
rectly. The remainder of this paper describes the system's struc-
ture and evaluation experiment results.

2. SYSTEM STRUCTURE
The system's core is a speech recognizer (HTK [6]) running in
forced alignment mode (i.e., phone labels are obtained given a
correct transcription of the utterance or otherwise tightly con-
strained language model). The speech recognizer uses both Eng-

lish and Japanese monophone HMMs. Monophone HMMs for
Japanese and English are trained separately on language-
dependent native-speaker speech data as in regular monolingual
speech recognition. The two HMM sets are used together during
the recognition phase so that English phones and Japanese
phones that can be substituted for English phones are both al-
lowed. In order to combine the monophone sets of two lan-
guages, the set of features used in the HMMs must be identical
(we use tied-mixture continuous-density monophone models
with 12th-order melcepstra, their deltas and delta-deltas, and
delta and delta-delta power). In addition, the training data's
acoustic characteristics (sampling frequency, number of sam-
pling bits, level of background noise, frequency response of mi-
crophone, and so forth) should match as closely as possible.

Implementing our method is straightforward because it
uses only native speech of English and Japanese to train acoustic
models. Training HMMs on non-native speech is not necessarily
practical for two reasons: first, building non-native corpora in
magnitudes comparable to existing native corpora is a major
undertaking, and second, we probably need more data than exist-
ing native corpora because non-native speech probably has wider
variance than native speech (a reasonable assumption because by
definition non-natives span the range between nativeness and
total non-nativeness).

The pronunciation lattice consists of phones that appear in
the correct pronunciation (these are referred to as "obligatory
phones" because they must appear in the learner's pronunciation),
plus vowels that might be inserted (these are called "anaptyctic
vowels"). The speech recognizer always detects obligatory
phones. Anaptyctic vowels are detected if found in the speech
signal. Anaptyctic vowels are paired with obligatory phones
modeled as null phones.

Phonological rules are used to generate possible Japanese-
accented pronunciations lattices of English words. The vowel [o]
is inserted after [t] or [d] (e.g. [tore:] "tray"), [i] after alveolar
affricates (e.g. [ri:chi] "reach"), and [u] otherwise (e.g. [suta:]
"star"). Along with anaptyxis, gemination occurs at syllable-final
stops following short vowels (e.g. [beddo] "bed", [pussh:u]
"push"). Figure 1 shows the pronunciation lattice for the word
"speech" including obligatory phones and anaptyctic vowels.

The system displays English words, phrases, or sentences
on the computer screen and instructs the learner to read them
aloud. The reading material consists of English words containing
consonant clusters and syllable-final consonants that trigger
vowel insertion. Many of the words exist as loans, making it
likely that learners will mispronounce them. Table 1 shows a
partial list of words and phrases trained by the system. Figure 2
shows the process flow of the system. Figure 3 shows an exam-
ple of the feedback display. The system alerts the learner when-
ever anaptyctic vowels are recognized.
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Figure 1. Example of pronunciation lattice including obligatory
phones and anaptyctic vowels for the word "speech". Obligatory
phones are shown in the main path, and anaptyctic vowels in
alternate paths.

Table 1. Examples of words and phrases trained by the system.
Words containing consonant clusters that are disallowed by
Japanese phonotactics are chosen, with heavy concetration words
that exist as loans.

Isolated words ¥extra,
¥touch
¥train

Loan words in carrier
phrases (only words in
[brackets] are graded)

¥I have an [atlas] and [album] at home.
¥I have an [evening dress] and [turtle
neck sweater] at home.

Sentences ¥The trains were filmed in the Alps.
¥Please pay promptly

3. EVALUATION EXPERIMENT
We ran evaluation experiments to verify the performance of the
component technology. 19 native speakers of Japanese (16 male,
3 female), all University of Tokyo undergraduate students with
no prior experience with the system, used the system and read all
words and phrases once each. Of the 19 subjects, 16 subjects (14
male, 2 female) used a close-talking noise-cancelling micro-
phone (Sennheiser HMD-25) in a fairly noisy computer terminal

room; there were multiple conversations happening in the vicin-
ity of the subjects. The remaining 3 subjects (2 male, 1 female)
used a desktop microphone (Sony ECM-K8 electret condenser in
high-gain, cardiod-directivity mode) in the same computer room;
the microphone was placed under the computer monitor where
noises from the computer's fan and harddisk were audible. A
native speaker of English determined where anaptyxis occurred
via visual and audio inspection of all recordings.

Figure 4 shows scatter plots comparing human judgements
with system-generated scores. Speech recorded with the desktop
microphone was graded less reliably, which may have implica-
tions when learners study in groups because sharing head-
mounted microphones can be cumbersome. Close-talking micro-
phones raised the correlation between human and system scores
to over 0.9. Figure 5 and table 2 compare human judgements
with system scores obtained using various pruning thresholds for
the speech recognizer. Results show that the system's sensitivity
of detecting vowel insertions can be adjusted so that learners can
practice at different levels of difficulty. For instance, pruning
thresholds can be set so that the system detects more vowel inser-
tions than human judgements or vice versa.

4. CONCLUSION
The performance of the system's component technology was
verified. The next step is evaluating how effectively learners
learn pronunciation skills using the system. The system can be
improved by measuring the duration of fricatives that become
moraic obstruents (e.g. [pusshu] "push"), resulting in a 3-mora
pronunciation of a 1-mora word.
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Figure 3. Sample feedback display. Learners tend to prefer detailed feedback. In this example, the learner said ÒtrenchcoatÓ with a
Japanese-accented [o] after the [t] s at the beginning and end of the word, and ÒknapsackÓ with a Japanese-accented [u] after [p]
and [k]. As ÒtrenchcoatÓ and ÒknapsackÓ have five possible locations of vowel insertions (in addition to the four the learner in-
serted, an [I] can be inserted after [tS] in ÒtrenchcoatÓ), the system returns a 20-percent-correct score. These pieces of information
are shown in the upper-half feedback window. The lower-half feedback window shows a phone-level pronunciation network (with
anaptyctic vowels shown in [brackets] and English/Japanese phone combinations symbolized with $ signs), plus the actual recog-
nized phones (English phones are shown prefixed with Òe_Ó and Japanese phones with Òj_Ó).
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Figure 4. Comparisons of system-generated scores and human
scores as a function of microphone type. The top chart is a
scatter plot of scores averaged by speaker for speech data col-
lected using a close-talking microphone (n=16). The bottom
chart is data recorded on a desktop microphone (n=3). Corre-
lation for close-talking microphone data is 0.9.

Figure 5. Best-case match of human and system-generated scores
obtained by adjusting the speech recognizerÕs pruning threshold
to 20. Correlation between human and system was 0.81. Tne re-
gression line is overlaid. Some datapoints overlap (n=473).

Table 2. Comparison of system-generated scores and human
scores as a function of speech recognizer pruning thresholds. This
table shows correlations between human and system-generated
scores for a range of pruning values including the one shown in
Figure 5. Increasing pruning threshold allows more anaptyctic
vowels to be recognized and vice versa. Adjusting pruning
thresholds within reasonable limits (e.g., min Ð50, max 90 for
r>0.7) can change the systemÕs sensitivity towards detecting
anaptyctic vowels without sacrficing reliability.

Pruning threshold Correlation between human
and system-generated scores

(n=473)
-70 0.64
-50 0.70
-30 0.73
-10 0.75
10 0.75
30 0.77
50 0.75
70 0.81
90 0.73

110 0.64
130 0.50
150 0.40
170 0.30
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ABSTRACT 
The range of VOT characterizing voiced [b] and voiceless [p] 
stop consonants is different in English and Polish 
languages. The study focused on the influence of voicing 
distinction in Polish on that in English. 

The experiment included 10 monolingual English 
listeners and 10 bilingual Polish listeners who had learned 
to speak English in an intensive setting between six and 
twelve years of age. Participants listened to a [bi-pi] 
continuum of 10 synthesized syllables with VOT values 
varying from -40 to +50 ms. Ten repetitions of each 
stimulus were presented to the listeners within Polish and 
English settings. 

Results indicated that the location of the phonemic 
boundary between categories of voiced and voiceless stop 
consonants differed significantly between bilingual and 
monolingual groups. Moreover, a significant influence of 
the language setting on categorization of stop consonants 
by bilinguals suggests that they may possess a distinct 
phonetic inventory representation for each language. 

1. INTRODUCTION 
In many languages Voice Onset Time (VOT) is a variable 
that acts as an acoustical cue in the differentiation between 
the bilabial stop consonants: voiced [b] and voiceless [p]. It 
is known that the range of VOT that characterizes voiced and 
voiceless stop consonants is different in English and Polish 
languages. In Polish, the VOT for the phonemic boundary 
between the sounds [b] and [p] (in a word-initial position) is 
located slightly above 0 ms. However, for English 
speakers, a stop consonant on the right side of the Polish 
boundary is still perceived as [b] until the higher VOT value 
of 30 to 35 ms [8]. 

With respect to phonological representation in 
bilingual speakers, previous research has led to the 
development of two major hypotheses. The first is that 
bilingual speakers may adopt intermediate production and 
perceptual values as a type of compromise between the 
phonemic boundaries of their first language and second 
language [7, 111. 

Other studies have proposed that bilingual individuals 
can develop two separate phonetic systems 14, 51. A limited 
number of speech perception studies have manipulated 
language “sets” to determine if bilingual speakers establish 
distinct phonetic representations for the sounds of their 
second language. Distinct language contexts have been 
created, for example, by changing the language in which 
instructions or extraneous conversations are presented. It is 
hypothesized that if bilingual listeners possessed distinct 
representations for the sounds of their first and second 
languages, they would show a “switching” of phonemic 
boundaries, depending on the language set. 

To date, the results of these studies have been relatively 
inconclusive. Many studies have failed to show significant 
perceptual effects according to perceptual set [2, 3, lo]. 
Significant differences according to perceptual set were 
found by Flege and Eefting (1987a), who recorded changes 
in the perceptual boundaries of Dutch-English bilinguals. 
These researchers used more rigorous procedures in 
attempting to induce participants to process stimuli as 
though they were listening to two different languages. 
Overall differences were significant, but were also much 
smaller than would be expected if one were to compare 
monolingual speakers of both languages. Bohn and Flege 
(1993) also found a significant language set effect. 
However, similar effects were noted in a monolingual 
control group, thus rendering their results questionable at 
best. 

The goal of this study was to explore the influence of a 
first language (Polish) on the acquisition of a second 
language (English). In particular, the study focused on the 
influence of voicing distinction in the first language on the 
categorization and underlying phonological representations 
of bilabial stop consonants in the second language. Thus, 
the main focus of the present research was to examine 
differences in the categorical perceptions and phoneme 
boundary locations of bilingual speakers of both Polish and 
English, when exposed to stimuli presented in two different 
language sets. Results are compared to those of monolingual 
speakers of English. 

. 

2. METHOD AND PROCEDURE 
2.1. Participants 
Two groups participated in this study. The control group (N 
= 10) was composed of monolingual English listeners, the 
experimental group (N = 10) of bilingual listeners. Members 
of the bilingual group were native Polish speakers who had 
learned to speak English in an intensive setting between 
six and twelve years of age. These participants had similar 
types and amounts of the second language exposure in that 
they were all born in Poland and moved to Canada. All 
bilingual participants continued to use Polish on a regular 
basis at home and in some social settings, while using 
English as a main language at University or secondary 
school. 

2.2. Stimuli 
Stimuli were synthesized using KLSYN 88a parallel/cascade 
software. Participants listened to a continuum [bi-pi] of 
synthesized syllables varying from -40 to +50 ms VOT 
values in steps of 10 ms each. All other parameters (e.g., 
burst amplitude, formant transitions) remained constant. 
Each syllable was approximately 500 ms long. This 
continuum covered the range from the prevoiced, negative 
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VOT bilabial stop consonant [b], to the voiceless, long-lag 
[p]. Ten randomly-ordered presentations of each of the ten 
different stimuli (syllables) were presented in the contexts 
of perceptual sets in each of Polish and of English. The 
different perceptual sets were created by presenting pre- 
recorded instructions and questions read by native Polish and 
English speakers. Within each set, participants heard 
between 1.5 and 2 minutes of speech. Participants were also 
asked to read loudly 8 sentences written either in Polish or 
in English. These sentences included words with [b] and [p] 
in the initial position. 

2.3. Procedure 
For each stimulus presentation, participants were required to 
identify syllables as [bi] or [pi], using an alternative 

80 

60 

response box labeled with large upper case letters B and P. 
Moreover, participants recorded their subjective feelings 
about the quality or intelligibility of the presented syllable 
on a three-choice rating scale. Participants rated the quality 
of the syllable by marking one of three possibilities (happy 
face - good quality, neutral face - neutral quality, and sad face 
- poor quality). All instructions, questions, and [bi] and [pi] 
stimuli were presented binaurally over headphones at a 
sound pressure level of 75 dB. 

3. RESULTS 
Percentages of either [bi] or [pi] responses were computed 
for each participant and each language set. Figure 1 presents 
a summary of the identification response distributions 
according to group and perceptual set. 

VOT (ms) 

Figure 1. Response identifications as a function of VOT for bilingual (B) and monolingual (M) listeners obtained in the 
Polish (P) and English (E) perceptual sets. Perceptual crossover from [b] to [p] category (50% [p] responses) for bilinguals 
listeners in the Polish (BP) and English (BE) sets is associated with different VOT in the Polish (BP) and English (BE) sets. 

The crossover is located at the same VOT for monolingual English listeners (MP and ME). 

Subject’s ID 

Bl 
B2 
B3 
B4 
B5 
B6 
B7 
B8 
B9 

BlO 
Mean 

Sex Age Age Learned Years in Canada Phonemic Phonemic 
(Years) English (Years) Boundary (ms) Boundary (ms) 

(Polish set) (English set) 
F 21 6.5 14.5 13.85 20 

M 21 10 11 11.7 11.7 
F 24 8 16 7.3 8.14 

M 23 7.5 15.5 18.2 13.5 
M  23 8 15 22.99 28.85 
M 30 12 16 17.88 16.96 
F 21 6 15 18.67 19.59 
M 13 9 4 11.54 25 
F 20 12 8 12.12 15 
F 14 7 7 14.37 15.92 

21 8.6 12.2 14.86 17.47 
Table 1. Mean phonemic boundaries for two perceptual sets of bilingual listeners 
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Two category boundary scores were computed for each 
participant. These corresponded to identification responses 
in the Polish and English perceptual sets, and mean values 
are summarized for bilingual participants in Table 1. 

The category boundary scores indicate the location on 
the VOT continuum where half of the stimuli were identified 
as the beginning of a syllable with [b] and half with [p]. In 
other words, this is where the perceptual crossover between 
voiced and voiceless sounds occurred for each participant. 

There were no significant differences in the category 
boundary scores of monolingual speakers in the two 
language environments. A significant difference 
(t(9)=2.098, p ~0.05) was observed in the category 
boundaries of bilinguals listening to English (M=17.47, 

- SD=6.17) versus Polish (M=14.86, SD=4.57). 
Between-subject tests compared the results of the 

monolingual and bilingual groups in each perceptual sets. 
First, there was a significant difference (tt18)=2.467, 
~~0.05) between the category boundary scores of the 

Figure 2. 
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monolingual group in the English perceptual set (M=22.63, 
m=4.6) versus the bilingual group in the same set. Next, 
there was a significant difference (t(18)=4.109, p ~0.05) in 
the boundary values of the monolinguals listening to Polish 
(M=22.26, SIX4.13) versus the bilinguals listening to 
Polish. - 

Although to date we have not applied detailed statistical 
analyses to the quality rating of syllables’ data, the 
syllables at either extreme of the VOT continuum were rated 
by both groups of listeners as more intelligible (good) than 
the mid-range stimuli. The rating of the mid-range stimuli 
differed between the bilingual and monolingual listeners. In 
particular the stimulus, which corresponded to 10 ms VOT 
was identified by both groups of listeners in both perceptual 
sets as [bi], but was rated by majority of bilinguals as being 
of poor quality and by majority of monolinguals as being of 
good quality (see Figure 2). 

Monolingual Polish ctx 
Bilingual English ctx 
Bilingual Polish ctx 

VOT (ms) 

Mean percentage of [bi] perceived as “good” by bilingual and monolingual 
and English perceptual sets. 

listeners in the contexts (ctx) of Polish 

4. DISCUSSION 
For the present study it was hypothesized that the two 
different testing situations created by the Polish and English 
perceptual sets would alter the responses of bilingual 
speakers, but not those of monolingual English speakers. 

Analyses of the data showed that this hypothesis was 
supported. Monolingual speakers showed no significant 
differences in category boundary scores in a comparison of 
results from each perceptual set, and their phonemic 
boundary was found to be within a range of “typical” VOT 
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for English listeners. This is an important finding in that it 
serves to strengthen the data obtained from bilingual 
speakers. Because monolingual English speakers showed no 
change in the location of phonemic boundary according to 
perceptual set, we can conclude that simply listening to 
speech streams containing different VOT values was not 
sufficient to cause perceptual boundary changes, as may 
have been the case in the study conducted by Bohn and Flege 
(1993). 

In the present study, bilingual listeners showed 
significant differences in their categorization of voiced and 
voiceless stop consonants in the two language 
environments. The presence of this small, yet significant 
shift in the bilinguals but not in the monolinguals suggests 
that the manipulation of perceptual sets was successful in 
systematically altering the boundary locations for bilingual 
speakers. Similar to Bohn and Flege (1993), we can infer 
that the bilinguals had entered into different processing 
modes in the two language sets from the fact that the 
language set questions were answered sensibly. Bilingual 
speakers thus perceive acoustically identical stimuli 
differently, depending on the language they are processing 
at that time. This perceptual shift in phonemic boundary 
location according to the language environment suggests 
that bilingual listeners may possess a distinct phonetic 
inventory representation for each language. 

The present study is one of very few that compare 
speech perception and categorization in monolingual 
speakers of English and bilingual speakers of both Polish 
and English. Of greatest interest in this experiment is the 
finding that differences in identification occur not only 
between speakers of different languages (i.e., the VOT 
values of the phonemic boundaries between categories of 
voiced and voiceless stop consonants differed significantly 
between bilingual and monolingual groups) but also within 
multilingual speakers. Thus it appears that either separate 
phonetic categories for [b] and [p] in each language are 
established by bilingual speakers in each language, or else 
that these speakers may adopt very flexible intermediate 
values. 

In a previous study, Bohn and Flege (1993) noted that 
although stimuli were identified as belonging to either [t] or 
[d] categories, these may have sounded ‘distorted or 
accented”. The present study incorporated a three choice 
rating scale in order to examine the reactions of two groups 
of participants to the quality of syllables of synthesized 
continuum. It has been found that the bilingual listeners, 
independently of the perceptual set, were qualifying the [b] 
consonant of longer VOT as poor in quality. On the other 
hand the [b] consonant corresponding to the same VOT was 
perceived as being of good quality by the monolingual 
listeners of English. Thus it might be that bilinguals and 
monolinguals are not using the same phonetic inventories. 

However, due to limitations in the design of the present 
study, we cannot explain why bilinguals are shifting the 
phonemic boundaries between voiced and voiceless 
consonants depending on the language environment. Do 
they process phonemes in two separate phonemic 
inventories or do they search for an appropriate template 
within only one phonemic inventory, with the template 
satisfying the fuzzy logical model of speech perception [9]? 

Future studies should explore in depth the phonetic 
inventory representation of bilinguals. 

As a group, bilinguals showed evidence of a significant 
perceptual shift. Individually, however, this effect was not 
always seen. Future studies will help to determine what 
factors are involved in this phenomenon of perceptual 
switching. For example, it is likely that factors including 
age when the second language was acquired, and quantity and 
quality of second language exposure, affect ways in which 
syllables are categorized by bilingual speakers. A follow-up 
study currently underway at the University of Calgary will 
attempt to address potential interactions of speech 
perception with age of second language learning. It is our 
expectation that further knowledge about how language is 
represented in the cognitive network of the bilingual 
speaker will help to understand both bilingualism as well as 
language representation, processing, and retrieval in 
general. 
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COMPARISON OF THE DURATION OF PHONES AND WORDS IN THE
SPEECH OF NORMAL-HEARING AND HEARING-IMPAIRED

INDIVIDUALS

Nina Alarotu and Mietta Lennes
University of Helsinki, Finland

ABSTRACT
The aim of this study was to confirm previously reported
differences in the durations of phones and words spoken by
normal-hearing and hearing-impaired individuals. For this
purpose, utterances of 400 isolated Finnish words were recorded
from eight hearing-impaired and four normal-hearing adult
subjects. The utterances were manually labeled by two
phoneticians and collected into a searchable speech database.
Durations of phones and words were measured for each subject.
The mean durations of both words (N=4800) and phones
(N=27478) were longer for the hearing-impaired subject group.
The two groups differed significantly regarding the durations of
the words and phones. The results are important regarding both
speech recognition technology and clinical methods.

1.  INTRODUCTION
The hearing-impaired constitute a special target group for
applications using automatic speech recognition. The aim of this
study was to confirm the durational difference between normal-
hearing and hearing-impaired subjects that has previously been
reported.

1.1 Previous studies
Finnish is known to use phonemic quantity oppositions. This
suggests that errors in producing the durational cues for
phonemic contrasts of Finnish may affect the intelligibility of
speech. Several studies on other languages have shown that
hearing-impaired individuals have difficulties in the temporal
aspects of their speech production [4, 5, 6, 10]. As for Finnish, it
has been reported that the durations of phones of hearing-
impaired speakers are generally longer than for normal-hearing
speakers [7, 3]. However, although Palomaa [7] collected a large
amount of data for his study, he used only one normal-hearing
and one hearing-impaired subject. Hurme and Sonninen [3]
reported results from 20 hearing-impaired and 21 normal-
hearing children along with ten normal-hearing adults but did
not include data from hearing-impaired adults. Also, their data
consisted of utterances of 13 isolated words only. Therefore, it is
desirable to obtain further evidence for this phenomenon.

1.2 Present study
Due to technological and methodological development, highly
accurate analyses can now be performed on large amounts of
speech data. This is possible by building a speech database [9],
in which different transcription levels and the corresponding
speech signals are linked allowing for repetitive searches with
different criteria. Nevertheless, the labeling of the database (the
segmentation and the linking of transcriptions with segments)

must still be done manually in case accurate segment boundaries
are required.

This study provides results on the durations of phones and
words in a large speech database that has been collected in order
to compare the phonetic properties that are typical to the speech
of normal-hearing and hearing-impaired people.

2.  METHODS
2.1.  Subjects
Eight hearing-impaired (3 males) and four normal-hearing (1
male) adult Finnish subjects participated in the experiment.

Two of the hearing-impaired subjects were profoundly deaf
and six severely hearing-impaired. One male subject was
hearing-impaired from birth, others postlingually.

2.2.  Word list
The word list (400 words) was built considering the natural
frequencies of words in Finnish speech. First, the 200 most
frequently used words were picked out from previously recorded
spontaneous speech data spoken by 11 normal-hearing Finnish
speakers. This list was supplemented with an additional 200
words from the frequency dictionary of Finnish [8]. A few words
were replaced to cover as many diphones as possible without
affecting naturalness.

2.3.  Recordings
The recordings were performed in a meeting room with minor
background noise. A Sennheiser high-quality miniature
microphone attached  to a head set was used for recording and
placed a few centimeters to the right from the right corner of the
subject's mouth. An identical, randomized list of the 400 words
was presented to each subject with a computer system, which
also recorded the sound signals straight to the computer's hard
disk.

Subjects were asked to read each word appearing on the
screen and to pronounce it three times consecutively in their
usual speech rate, pitch, and level. They were also instructed to
keep a small pause between each utterance to reduce the effect
of coarticulation. Subjects were allowed to have short breaks
during the recording session.

2.4.  Building and searching the database
The second utterances (4800 in total) of all recorded word
triplets were manually labeled (segmented and transcribed) by
two phoneticians. All occurrences of phones were segmented
from the speech signal regardless of the phonemic structure of
the original stimulus word. A database of the samples was built
[9] with the QuickSig object-oriented signal analysis system.
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3.  RESULTS
3.1.  Durations of words
Durations of all 4800 word occurrences (400 for each subject)
were measured as well as the durations of all phones (8853
occurences for the normal-hearing subjects and 18625 for the
hearing-impaired).  This data was averaged for the two subject
groups.

The two subject groups differed significantly (p<0.001)
with regard to the durations of both phones and words. The
average duration of phones and words was longer for the
hearing-impaired subjects (Figure 1).

Since the speech material was not labeled phonemically but
phonetically, the average number of phones per word could be

measured individually and was found to differ between subjects.
The hearing-impaired subjects had approximately 5.8 phones
per word, whereas the corresponding number for normal-hearing
subjects was 5.5.

The standard deviation for the duration of words was 149
ms for the normal and 244 ms for the hearing-impaired subjects
(Figure 2). For phones, the standard deviation was 52 ms for the
normal-hearing group and 78 ms for the hearing-impaired group
(Figure 3).

Factors such as age, amount of hearing loss, and elapsed
time from loss of hearing had no significant effect on the
durations.
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Figure 1. Mean durations of isolated words and phones for the hearing-impaired and the normal-hearing subject groups.
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Figure 2. Mean durations of words for each hearing-impaired
(white) and normal-hearing (black) subject. The first letter in
the subject's name stands for sex (M= male, F= female), the

second one is an ID letter.
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Figure 3. Mean durations of phones for each hearing-impaired
(white) and normal-hearing (black) subject. The first letter in
the subject's name stands for sex (M= male, F= female), the

second one is an ID letter.
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4.  DISCUSSION
As suggested by earlier studies [3, 7], Finnish-speaking hearing-
impaired individuals were conclusively shown to produce longer
phones and words in comparison to normal-hearing subjects,
although the groups did not differ in this respect as dramatically
as reported by Palomaa [7] and Hurme and Sonninen [3].

There was a slight difference between the average number
of phones per word in the two subject groups, suggesting that
hearing-impaired subjects may have a tendency to produce
"additional" phones in their speech. This result is in accordance
with previous studies (e.g. [2]).

A preliminary auditory analysis [1] of this data has been
reported earlier by the authors. Since some minimal pairs based
on phonemic quantity seem to have been confused by the
hearing-impaired subjects, it seems necessary to look more
closely into the relative durations of phones within words.

One of the difficulties this experiment is facing is the fact
that only utterances of isolated words were studied. It is not
clear whether the observed tendency would be present in
running speech samples.

The results will be of great importance in designing and
testing automatic speech recognizers as applications for hearing-
impaired individuals.

Since the data was collected to a speech database, it may be
further analysed for possible spectral differences between the
speech sounds of normal-hearing  and hearing-impaired
speakers.
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INFLUENCE OF TRANSITION DURATION ON SPEECH COMPREHENSION
DEFICIT IN ACUTE APHASIA
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ABSTRACT
The perception of place of articulation in stop consonants was in-
vestigated in left hemisphere lesioned acute aphasics, right hemi-
sphere lesioned nonaphasics and normal controls. Experiment 1
tested the discrimination of synthetic consonant vowel (CV) sylla-
ble pairs (/ba, da, ga/) with 40 ms formant transition duration. The
results showed significant differences between the groups. While
aphasics had difficulties in perceiving place of articulation in stop
consonants, discrimination performances in right hemisphere le-
sioned patients and normal controls were nearly unimpaired. A
significant correlation was observed between the ability of apha-
sics to discriminate synthetic syllable pairs and their auditory
speech comprehension (Token Test). Experiment 2 measured the
effects in aphasic patients of lengthening formant transitions of CV
syllables (80 ms, 120 ms). The results showed a tendency towards
improved perceptual performances with increasing transition dura-
tion.

1. INTRODUCTION
The place of articulation in stop consonants is signalled in part by
an approximate 50 ms movement of formant transitions. Conse-
quently, its perception requires the integration of rapidly changing
acoustic cues in the speech signal [6]. The perceptual relevance of
the fast frequency changes between consonant and vowel in CV
syllables led to the assumption of the transition being the percep-
tual center of the syllable [3]. It was demonstrated that the ability
to perceive synthetic syllables with rapid frequency changes was
impaired in subjects with chronic left hemisphere damage and
aphasia but not in subjects with chronic right hemisphere lesions
[9]. This perceptive disability was highly correlated with the de-
gree of speech comprehension impairment. To account for the un-
derlying deficit two controverse hypotheses have been proposed:
(i) A general auditory deficit in temporal processing in the apha-
sics is assumed by [9]. (ii) The perceptual disabilities are interpret-
ed in terms of an underlying speech specific phonological disorder
[8]. Tallal and Newcombe were able to demonstrate that some of
their chronic aphasic patients obtained higher identification rates
in syllables with synthetically lengthened formant transitions [9].
However, other authors were not able to replicate these results
[1,7]. The patients investigated by [9] suffered from chronic apha-
sia for more than 20 years while the experimental group of [7]
comprised patients with 3.2 years mean length of time post onset.
However, there are no reports in the literature on the perceptual
performances of patients with acute aphasia. In Germany, there is
a clear tendency towards early neurological rehabilitation. Conse-
quently, demands for diagnostic and therapeutic approaches in the
management of acute aphasia gain growing interest.

In the present study the following questions were investigat-
ed: (1) Do patients with acute aphasia show a deficit in the percep-
tion of CV syllables with fast formant transition in contrast to right
hemisphere lesioned nonaphasics? (2) Is the perceptual perfor-
mance status of aphasics related to their speech comprehension
abilities? (3) Do acute aphasics with a perceptual defecit benefit
from lengthening of formant transitions?

2. METHODS
2.1. Subjects
The two clinical groups consisted of 27 consecutive patients of the
neurological department of the Edith-Stein-Rehabilitation Clinic
Bad Bergzabern, Germany, and were limited to unilateral left ce-
rebral lesioned patients with aphasia (LH) and unilateral right ce-
rebral lesioned patients without aphasia (RH), confirmed by neu-
roradiological diagnosis. 15 patients, 8 male, 7 female with mean
age 58,3 (range 36 to 79 years) from the orthopedic department of
the clinic served as normal controls (NC1). In addition, 13 staff
members of the same institution, 5 male, 8 female with mean age
33,3 years (range 22 to 58 years) were selected as normal controls
(NC2). All subjects were right-handed and native speakers of Ger-
man (with palatinate accent). They had no history of pre-existing
neurological, demential or psychiatric disorder or alcoholism.
Subjects were screened for absence of subjective auditory disabil-
ity, and additional tests for normal peripheral hearing in both ears
were performed by means of pure tone audiometry through the
speech frequencies. As a basic neuropsychological parameter of
attention niveau in RH and LH tonic alertness was assessed by the
standardized test battery "Testbatterie fur Aufmerksamkeitsprue-
fung" (TAP) [11].

Linguistic testing of LH was carried out by certified speech-
language pathologists and comprised diagnosis as well as classifi-
cation of aphasia into different syndromes and severity based upon
the standardizedAachen Aphasia Testbattery (AAT) [4]. In case
of insufficient feasibility of the AAT, diagnosis and classification
were based upon clinical aphasia examination. Examination of au-
ditory language comprehension comprised, beside aphasics per-
formances on sentence level (Token Test [2]), a word comprehen-
sion test (WC). WC consisted of 34 picture pairs and required
phonemic discrimination of /b/, /d/, /g/ in word initial and medial
word context (Neurolinguistic status of LH is shown in Table 1.).
In order to exclude aphasia in RH, subjects were submitted to the
Token Test. Moderately impaired alertness was found in 4 of 5
right hemisphere lesioned nonaphasics and in 3 left hemisphere le-
sioned aphasics, indicating the general condition to which acute
neurological patients are unspecifically affected. Patients who did
not cope with the task demands because of either severe auditory
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comprehension deficits or significantly reduced alertness were ex-
cluded from the study (n=10). Finally, the LH group consisted of
12 patients and the RH group comprised 5 patients (Clinical status
of RH and LH patients is shown in Table 2.).

Table 1. Neurolinguistic Status of Aphasic Subjects (LH)
1aphasia classification based upon AAT or clinical aphasia ex-
amination (*) 2Token Test 3Word Comprehension Test
4Discrimination Task (40 ms) n.c.=not classifiable TT/WC/DT:
results are given as error percentage

2.2. Test materials
Prototypes of synthetic syllables [ba/da/ga] with a duration of 250
ms were generated by means of the Delta System/Syllable Tool
SYLLT Version 0.2 [10] with different formant transition lengths
(40-80-120 ms) on a cascade/parallel Klatt 88 [5] formant synthe-
sizer (sampling rate 16 kHz, 16 bit accuracy).

Experiment 1
The first discrimination task consisted of 48 syllable pairs present-
ed at random with 40 ms transition duration of all three formant
frequencies, separated by 1000 ms of silence (Figure 1). Same-syl-
lable pairs /ba-ba/, /da-da/, /ga-ga/ occurred eight times each, dif-
ferent-syllable pairs (/ba-da/, /da-ba/, /da-ga/, /ga-da/) occurred six
times each. 16 practice trials preceded the test.

Experiment 2
The second discrimination task consisted of 72 syllable pairs (36
same, 36 different) presented at random. In contrast to experiment
1, formant transition of the syllable pairs varied between 40, 80
and 120 ms duration (24 pairs each) in the higher formants. Exten-
sion of transition duration was limited to F2 and F3, since they
seem to be main cues to place of articulation, whereas F1 seems to
be main cue to manner of articulation [6]. 18 training trials preced-
ed the test. Figure 2 shows the synthesized syllable /da/ with three
different transition durations.

2.3. Procedure
Each subject was tested individually in a sound-treated room. Dis-
crimination tasks were presented binaurally on a Computerized
Speech Lab CSL (Model 4300B, Kay Elemetrics, USA) via head-
phone (AKG K 100, Austria) at comfortable listening level. Sub-
jects were instructed to decide whether the presented syllable pairs
were the same or different by responding orally, pointing to appro-
priate symbols or head movement.

3. RESULTS
3.1. Experiment 1
Figure 3 shows the results of mean error percentage of the discri-
mination task for CV syllable pairs with 40 ms formant transitions
for all groups. A significant difference (**) in the discrimination
performance (Mann-Whitney U-Test) was observed between apha-
sics (LH) and nonaphasic subjects (RH:p= 0.001, NC1:p= 0.001,
NC2:p= 0,000). Young staff controls (NC2) showed a completely
unimpaired discrimination function and even the age matched con-
trol groups NC1 and RH demonstrated highly satisfactory discri-
mination scores. Some individuals made a few false discrimination
judgements in different-syllable pairs. In contrast, aphasic patients
failed to discriminate the place of articulation in stop consonants
in same- and different-syllable pairs. Furthermore, the data give
evidence for a significant correlation (r=0,81106, p<0.001, multi-
ple regression analysis) between phonetic discrimination disabili-
ty (DT) and reduced general auditive comprehension deficit
(Token Test) in aphasics. No direct relationship was indicated bet-

Sub-
ject

Fluency Severity Aphasic
Sydrome1

TT2

(%)
WC3

(%)
DT4

(%)

B.S. fluent mild Wernicke 28 5,9 12,5

E.B. fluent moderate Amnestic 32 0 6.3

H.B. fluent severe Wernicke* 32 n.d. 4,2

H.H. nonfluent severe Broca 94 5,9 50

K.E. fluent severe n.c. 68 2,9 47,9

P.L. fluent mild Broca* 4,0 8,8 8,3

S.I. nonfluent severe global* 90 17 50

T.D. fluent mild Amnestic* 44 2,9 50

T.H. fluent moderate Wernicke 84 38,2 45,8

W.S. fluent mild Amnestic 20 8,8 27,1

K.K. fluent mild Amnestic 30 2,9 29,2

H.N. fluent mild Amnestic 22 32,4 6,3

Figure 1. Spectrograms of the synthesized stimuli /ba/, /da/, /ga/
with 40 ms formant transition duration.

Figure 2. Spectrograms of the synthesized stimuli /da/ with
40 ms, 80 ms and 120 ms formant transition durations.
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ween phonetic discrimination and word comprehension (WC:
r=0,23086, p< 0,494, multiple regression analysis). Those pati-
ents with increased error rate in the syllable discrimination task
took part in Experiment 2 (n=6).

3.2. Experiment 2
Figure 4 presents the results of mean error rates in syllable discrim-
ination with 40 ms, 80 ms and 120 ms transition duration in LH.
Aphasics showed decreased error rates in CV syllables with
lengthened formant transitions. Even though this pattern showed a
clear tendency, it did not reach statistical significance (p>0.05).

4. SUMMARY AND DISCUSSION
Two experiments were designed to assess the ability of patients
with acute aphasia (LH) to perceive the place of articulation of
synthesized CV syllables. The results indicate that LH patients
show a deficit in the perception of the phonetic contrast of stimulus
pairs that are characterized by rapid frequency changes, while RH
patients show a nearly unimpaired perception performance. In ad-
dition, it was demonstrated that this disability correlates with a
more general speech comprehension deficit. Furthermore, length-
ening of formant transitions enhanced the perception of place of
articulation in stop consonants. The results of the present study are
consistent with findings for chronic aphasics [9]. This observation
in acute aphasics on the one hand and the positive correlation be-
tween perception (DT) and language comprehension (TT) on the
other hand support the assumption that the described perceptual
deficit may be a crucial factor in the underlying comprehension
deficit in these patients. Unexpectedly, no significant correlation
was found between the perception of CV syllables (DT) and the
perception on the word level (WC). Possibly uncontrolled effects
of the test items (word frequency, concreteness) account for this.
Different results for perceptual error rates in LH and RH provides
evidence for the left hemisphere specialization in the computation
of fast frequency changes. To confirm this claim, more right hemi-
sphere lesioned patients will have to be tested in further studies.
However, the present data cannot provide a conclusive answer to
the question whether the underlying perceptual deficit in aphasics
is a general auditory deficit or a speech-specific phonological dis-
order. In accordance with [8], comparisons of perceptual perfor-
mances on speech and nonspeech materials are required. Further-
more, perceptual tests with left hemisphere lesioned nonaphasics
might indicate whether the computation of fast formant transitions
represents a "general" function of the left hemisphere or a "specif-
ic" function of speech language areas.

The results of the present study might be relevant not only for
a deeper understanding of the speech comprehension deficit in
acute aphasic patients but also for aphasia therapy. Since some
aphasics benefit from transition lengthening further therapeutic
speech materials will have to be developed that involved temporal
modifications of the speech signal. Specifically, it is our aim to in-
vestigate perceptual performances in acute aphasia therapy by
means of temporal and spectral modifications of the speech signal
as well.

Figure 3. Discrimination Task (40 ms): RH, LH, NC1, NC2

** = high significant (p< 0.001) compared to LH
bars indicte mean error [%] +/- 95 % confidence interval

Figure 4. Discrimination Task (40, 80, 120 ms) in LH

bars indicate mean error [%] +/- 95 % confidence interval
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1CVA=cerebral vascular apoplexy; men.enc.= meningo ence-
phalitis2F=frontal, T=temporal, P=parietal,
O=occipital, BG=basal ganglia3 time post onset
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Sub-
ject

Gen-
der

Age Type of
Lesion1

Site of
Lesion2

TPO3 Sensory
Motor Status

RH

F.G. f 69 CVA Right P 1 mild paresis

H.M.
f 48 CVA

Right P,
BG

23 moderate
paresis

H.E. f 64 CVA BG 14 moderate

K.L. f 63 CVA Right P 1 mild paresis

S.K. m 52 tumor Right P 3 no paresis

LH

B.S. f 47 CVA Left BG 1,5 severe plegia

E.B. f 35 CVA Left FTP 1,5 severe paresis

H.B. f 76 CVA Left TP 2 no paresis

H.H. m 58 CVA Left FTP 2 severe plegia

K.E. f 72 CVA Left P 1 mild paresis

P.L. f 74 CVA Left TP 2 mild paresis

S.I. f 69 CVA Left TP 1 no paresis

T.D. f 38 CVA Left BG 1 severe plegia

T.H.
m 63

men.
enc.

Left TOP 1 no paresis

W.S.
m 66 CVA

Left FTP 22 moderate
paresis

K.K.
m 68 CVA

tumor 1 moderate
paresis

H.N. f 84 tumor Left P 1 mild paresis

Table 2. Clinical Status of Experimental Subjects
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THE NEMOURS DATABASE OF DYSARTHRIC SPEECH: A PERCEPTUAL
ANALYSIS

James B. Polikoff and H. Timothy Bunnell
The Alfred I. duPont Hospital for Children, Wilmington, DE

ABSTRACT

This paper provides a detailed analysis of perceptual data
collected from the Nemours Database of Dysarthric Speech. The
database includes a collection of 740 short nonsense sentences
spoken by 10 male speakers with varying degrees of dysarthria
that have been marked at the phoneme level. All of the
sentences were in the form "The X is Ying the Z", where X and
Z were monosyllabic nouns and Ying was a monosyllabic verb
root with an "ing" ending. The complete set of sentences
consisted of 74 nouns and 37 verbs each produced twice by each
talker. For each talker, a minimum of 5 normal hearing subjects
listened to the complete set of 74 sentences 12 times for a
minimum of 60 presentations of each production of each word.
As subjects listened to each sentence, they chose the three words
that they thought the talker was trying to produce from a set of 4
to 6 response alternatives for each word. The response
alternatives were chosen such that they differed from the target
word on a single phoneme. The target phonemes could occur in
word initial, word final, intervocalic, or medial positions. In
addition to word position, target phonemes for the perceptual
analysis were classified by voicing (voiced or unvoiced), primary
articulator (lips/jaw, tongue tip, tongue body, glottis), and
manner of articulation (stop, fricative, affricate, approximate,
nasal, and null).

1. INTRODUCTION
The dysarthrias are a family of neurologically based speech
disorders. The intelligibility of dysarthric speech can range from
near normal to unintelligible, depending on the severity of the
dysarthria. Persons with moderate to severe dysarthria can be
particularly difficult to understand especially for people who are
unfamiliar with the speaker. Traditional speech therapy can be
beneficial in improving the speech, but because of the
neurological nature of the disorder, therapy alone cannot be
expected to correct the speech to near “normal” quality. For
these talkers, it would be desirable to have a speech prosthesis
that could record their speech as input, process the speech, and
then produce more intelligible speech as output. The Nemours
database was compiled in order to collect baseline data on the
segmental intelligibility of dysarthric speech as a first step in an
effort to develop such a prosthesis. The database consists of a
controlled set of high quality speech samples recorded from
eleven male speakers with varying degrees of dysarthria. A
detailed perceptual analysis of the segmental intelligibility from
ten of the eleven speakers was conducted by having normal-
hearing college students listen to the speech in a controlled
experimental setting and choose the words they thought the

speaker was saying from a closed response set.

2.  METHOD

2.1.  Dysarthric Speakers and Sentence Material
Because we decided to concentrate first on issues of segmental
intelligibility, we constructed a list of words and associated foils
that would allow us to capture specific phoneme production
errors in a manner similar to that described by Kent, Weismer,
Kent, and Rosenbek (1989). Each word in the list (e.g., boat) is
associated with a number of (usually) minimally different foils
(e.g., vote, moat, goat). The word and its associated foils form a
closed response set from which listeners in a word identification
task must select a response given a dysarthric production of the
target word.  However, unlike the test designed by Kent, et al.
(1989) we embedded the test words in short semantically
anomalous sentences, with three test words per sentence (e.g.,
The boat is reaping the time). Note also that, unlike Kent, et al.
(1989) who used exclusively monosyllabic words, we have
included bisyllabic verbs in which the final consonant of the first
syllable of the verb can be the phoneme of interest. That is, the
/p/ of reaping could be tested with foils such as reading and
reeking. The complete stimulus set consists of 74 monosyllabic
nouns and 37 bisyllabic verbs embedded in sentences (there are
two nouns and one verb per sentence). To counterbalance the
effect of position within the sentence for the nouns, we had
talkers record 74 sentences with the first 37 sentences randomly
generated from the stimulus word list, and the second 37
sentences constructed by swapping the first and second nouns in
each of the first 37 sentences.

The talkers were eleven young adult males with dysarthrias
resulting from either Cerebral Palsy or head trauma. Seven of
the talkers had Cerebral Palsy. Of these seven, Three had spastic
CP with quadriplegia, two had athetoid CP (one quadriplegic),
and two had mixed spastic and athetoid CP with quadriplegia.
The remaining four talkers were victims of head trauma (one
quadriplegic and one with spastic quadriparesis), with cognitive
function ranging between Level VI-VII on the Rancho Scale. The
speech from one of the talkers (head trauma, quadriplegic) was
extremely unintelligible. Because the speech was so poor, it was
not marked at the phoneme level, and perceptual data were not
collected for this talker.

The recording sessions were conducted in a wheelchair
accessible sound-attenuated booth using a table-mounted
Electrovoice RE55 dynamic omni-directional microphone
connected to a Sony digital audio tape recorder, model PCM-
2500 situated outside the recording booth. The talker was
seated, typically in a wheelchair, next to the experimenter or
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speech pathologist, and approximately 12 inches from the
microphone. The recording sessions began with a brief
examination by a speech pathologist including administration of
the Frenchay Dysarthria Assessment (Enderby, 1983).
Following the assessment and after a short break, the
experimenter entered the recording booth to lead the talker
through a series of recordings which included the set of 74
semantically anomalous sentences described above followed by
two paragraphs of connected speech. The speech material was
typed in large print on paper placed in front of the talker and the
talker was given some time to familiarize himself with it before
the recording began. For the sentence material, each sentence
was read first by the experimenter and then repeated by the
talker. This assisted all talkers in pronunciation of words and
was essential for some subjects with limited eyesight or literacy.
Finally, the talkers recorded two paragraphs of connected
speech. On average the entire recording session was completed
in two and one half to three hours, including time for breaks.
The recorded sentences of both the dysarthric talker and the
experimenter were later digitized and the six words in each
sentence were marked using a waveform/spectrogram display
and editing program (Bunnell, 1992). Additional marks at the
phoneme level have also been applied using a Discrete Hidden
Markov Model (DHMM) labeler (Menéndez-Pidal, et al, 1996).

2.2. Listeners and Identification Testing
A minimum of five normal hearing listeners were recruited from
students at the University of Delaware for listening tests with
each of the dysarthric speakers. Listeners were seated in a sound
dampened room facing a touch screen terminal and heard
sentences presented binaurally over TDH-49 headphones at an
average level of 72 dB SPL.

The sentences were presented in either their original form,
or in a time-warped version. The time-warped sentences were
adjusted to match the timing of a corresponding normal-speech
template and were typically about half the duration of the
original speech. The mode of presentation was random within a
set of trials with the constraint that half of the presentations
were in original mode and half were time-warped. The
presentation order of the pre- recorded sentences was also
randomized. The data for the temporally-adjusted speech,
however, will not be discussed in this paper.

At the start of each trial, the terminal screen was cleared
and a new sentence frame appeared with the three target word
locations in each sentence containing a list of possible response
words from which listeners attempted to select the words that
they thought the talker was attempting to say. For instance, a
sentence might appear as follows:

FIN SIPPING BATH
        The THIN   is SINNING   the BADGE

SIN SITTING BATCH
BIN SIPPING BASH
PIN BASS
INN

Thus, each target word was associated with several similar
sounding foils and the listener had to pick the correct alternative

from the list (depending on the target word, anywhere from four
to six alternatives were available). Subjects indicated which
words they thought they heard from the set of choices displayed
by touching that alternative on the touch sensitive screen of a
CRT in the sound booth. On each trial, the order of response
alternatives for the target words was random.

There were two sets of 37 sentences from each talker. The
first set contained one repetition of each word from the stimulus
pool and the second set contained a second repetition of each
word (the initial and final nouns were swapped in each
sentence). Within a set, each sentence was presented once in its
original form and once in time-warped form. Each set was
presented 12 times to each of 5 listeners. Thus, there were a
total of 60 presentations of each production of each word in each
mode. The recorded material for talker SC, however, had ten
listeners, so the amount of data was doubled. Talker JF had two
extra listeners with a total of 9 extra set-pair presentations
between them. Each production for talker JF, therefore, was
heard 69 times in each mode.

Data was recorded using a program that kept track of the
mode of presentation, the sentence, the word within the
sentence, the correct alternative, the subjects response and the
response reaction time in milliseconds (up to 30 seconds).

2.3.  Perceptual Data
Only the perceptual data for the dysarthric speech in its original
form will be discussed in this paper. The percentage of correctly
identified target phonemes for each utterance from each talker
are collapsed across listeners and presentations. Except for
talkers SC and JF, each data point represents the distribution of
60 responses for a single utterance (5 listeners times 12
presentations). The number of responses represented in the
distributions for talkers SC and JF are 120 and 69, respectively
(see above).  Target phonemes were also classified on the basis
of word position (word initial, word final, intervocalic, or
medial), voicing (voiced or unvoiced), primary articulator
(lips/jaw, tongue tip, tongue body, glottis), and manner of
articulation (stop, fricative, affricate, approximate, nasal, null).

3.  RESULTS
There was a significant main effect for consonants in
monosyllabic words (F[24,216]=3.52; p < .001) (see figure 1).
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As expected, there was a significant main effect for vowels
(F[7,63]=4.02; p < .001), with recognition for both front and
back vowels generally higher than recognition for mid-vowels.
Pairwise comparisons showed that /±/ had significantly lower
recognition (61.8%) than /i/ (99.0%), /o/ (89.0%), and /u/
(97.0%). As with non-disabled talkers, this may simply be
because the central vowels have more neighboring vowels to be
confused with than those at the extremes (see figure 2).
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For monosyllabic words, word-initial phonemes were
identified significantly better overall than word-final phonemes
(F[1,9]=6.67; p < .01) (initial=76.4%, n=640; final=71.7%,
n=680). This effect was more pronounced for voiced phonemes
(i=80.5%, f=68.9%) than for unvoiced phonemes (i=72.9%,
f=74.2%), and the effect was most apparent for phonemes
produced towards the front of the mouth. Voiced phonemes
produced at the lips/jaw and tongue tip were identified more
accurately in the word-initial position (lips/jaw: i=81.7%,
f=68.4%; tongue tip: i=79.3%, f=65.4%). Voiced phonemes
produced by the tongue body were also identified better in the
word-initial position, but to a lesser degree (i=80.5%, f=75.8%).
For unvoiced phonemes, however, this effect was reversed.
Unvoiced phonemes produced towards the front of the mouth
were identified better in word-final position (lips/jaw: i=66.6%,
f=80.7%; tongue tip: i=67.0%, f=76.1%), while those produced
by the tongue body were identified better in the word-initial
position (i=71.5%, f=63.5%).

Similar effects were found for disyllabic words. Word-
initial phonemes were identified significantly better overall than
intervocalic phonemes (F[1,9]=24.56; p < .001) (initial=78.0%,
n=380; intervocalic=67.0%, n=360) and this effect was more
pronounced for voiced phonemes (i=79.1%, v=62.5%) than for
unvoiced phonemes (i=76.5%, v=70.5%). The interaction of
voicing and position with place of articulation, however, was
somewhat different from that found with the monosyllabic
words. For the disyllabic words, voiced phonemes were
identified better in the word-initial position than in the
intervocalic position at all places of articulation, and this effect
was most pronounced at the tongue tip (lips/jaw: i=89.1, v=76.4;
tongue tip: i=70.0, v=40.7; tongue body: i=91.8, v=74.5; (n=0

for intervocalic other (cls/glt/null)) (see figure 3).
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There was, in fact, a significant main effect for place of
articulation (F[3,27]=20.02; p < .001), such that, tongue tip had
significantly lower overall recognition (59.8%) than either
lips/jaw (80.0%), tongue body (77.1%) or other (76.6%). For
unvoiced phonemes, however, identification was better for
phonemes produced in the intervocalic position at the lips/jaw
(i=58.3%, v=78.2%) and tongue body (i=70.8%, v=78.1%), but
not at the tongue tip (i=83.4%, v=44.5%) (see figure 4).
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Figure 4

At the tongue tip, phonemes in the intervocalic position
were misidentified significantly more often than those in the
word-initial position (F[1,9]=58.97; p < .001) (42.2% v. 74.4%)
and this effect held true whether the phonemes were voiced or
unvoiced (there were no main or interaction effects with
voicing). Poor recognition for intervocalic as opposed to word-
initial phonemes at the tongue tip, in fact, appears to account for
the lower overall identification of phonemes produced in this
location. Only the tongue-tip phonemes "d", "t", and "n" were
tested in both the word-initial and intervocalic positions and
each of these phonemes showed a dramatic decrease in
intelligibility in the intervocalic position (d: i=65.2%, v=24.0%;
t: i=86.4%, v=44.5%; n: i=93.4%, v=49.0%) (see figure 5).

The low recognition of intervocalic phonemes produced at
the tongue tip suggests that the dysarthric talkers were having
difficulty producing flaps and/or were having general difficulty
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with coordination and coarticulation at the tongue tip.
For monosyllabic words there was a main effect of manner

(F[5,45]=5.93, p < .001) such that null manner (90.4%, n=60)
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was identified significantly more often than stops (73.4%,
n=440), fricatives (70.2%, n=440), affricates (69.2%, n=120)
and nasals (76.4%, n=160). Approximates (84.8%, n=100) were
recognized significantly better than stops, fricatives, and
affricates.

Nasals, null-consonants, and fricatives in monosyllabic
words were identified better in word-initial position than in
word-final position (nasal: i=88.7%, f=69.0%; null: i=99.4%,
f=86.0%; fric: i=73.4%, f=67.6%), while affricates and
approximates were more easily recognized in the word-final
position (aff: i=67.9%, f=71.9%; apr: i=83.2%, f=91.3%) Stops
were identified about equally in either phoneme position
(i=74.0%, f=73.0%).

Both voiced and unvoiced fricatives were identified more
easily in the word-initial position in monosyllabic words
(voiced: i=66.8%, f=64.3%; unvoiced: i=75.0%, u=70.0%). For
stops, recognition was higher in the word-initial position for
voiced stops (i=83.1%, f=64.9%) and higher in the word-final
position for unvoiced stops (i=64.8%, f=77.0%). This situation
was reversed for affricates (voiced: i=69.9%, f=85.2%;
unvoiced: i=65.8%, f=58.7%).

For disyllabic words there was a main effect of manner
(F[5,45]=6.86; p < .001) such that null manner (89.8%, n=40)
was correctly identified significantly more often than stops
(68.9%, n=280) and affricates (66.1, n=60).

Phonemes in all manners of articulation in disyllabic words
were perceived better on average in word-initial position than in
intervocalic position (null: i=98.3%, v=81.2%; affricate:
i=70.0%, v=64.1%; aproximate: i=74.4%, v=(n=0); fricative:
i=78.7%, v=73.2%; nasal: i=90.9%, v=62.3%; stop: i=74.8%,
v=64.5%).

For those manners of articulation that had representative
phonemes in both voiced and unvoiced conditions, fricatives
were perceived better when voiced (v=76.4%, uv=74.9%), while
stops and affricates were perceived better when unvoiced (stops:
v=66.4%, uv=69.9%; affricates: v=60.1%, uv=69.1%).

4.  CONCLUSION
The analysis showed that intervocalic and word-final consonants
were correctly identified less frequently than word-initial
consonants and, in agreement with previous research with
similar populations, this effect was found to be more pronounced
when the consonants were voiced rather than unvoiced. For the
verbs,  consonants produced with the tongue tip had lower
overall recognition than those produced with other articulators
and this effect appeared to be primarily due to sharply lower
recognition rates for consonants involving the tongue-tip in
intervocalic position. The low recognition of intervocalic
consonants involving the tongue tip suggested that the dysarthric
talkers were having difficulty producing rapid movement such as
flaps and/or were having general difficulty with coordination of
gestures involving the tongue tip as an articulator.
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I  ABSTRACT 

French distinctive feature confusions were analyzed in a group of 
ten cochlear implantees. All were post-lingual deaf persons who 
had undergone cochlear implant surgery at least one year before 
the time of the examination. Six subjects had a Digisonic 
(MXM) implant with 15 electrodes and four had a Spectra 22 
(Nucleus) implant with 22 electrodes. For the experiment, we 
used the French minimal pair test in which the two words in a 
pair differ by only one distinctive feature. The compactness 
feature was the most adversely affected, with an identification 
error rate of 32.36%, followed by the graveness feature with 
28.26%. The sustention feature was the most robust, with an 
error rate of only 10.76%. This error pattern is quite similar to 
the one observed in normal-hearing subjects under various 
speech conditions. The results showed that place-of-articulation 
features are the least well discriminated and the most difficult to 
code in implants. 

1. INTRODUCTION 
Speech decoding by subjects with cochlear implants is based on 
perceptual and cognitive processes which are not yet fully 
understood [3]. It not only requires functional plasticity of the 
neural pathways and decoding processes, but also a period of 
learning and adaptation, since the phonetic and linguistic 
information that is sent to the various electrodes implanted in the 
inner ear arrives as a transcoded sequence of impulses. 
Knowledge of the decoding errors (phonetic confusions) made by 
cochlear implantees could contribute to improving both the 
coding strategies implemented in designing cochlear implants, 
and the techniques used to adjust them to fit each individual 
user. 

The present study proposes a quantitative analysis of the 
confusions made by co&ear implantees between the different 
distinctive features of French consonants, and discusses some of 
the possible reasons for the observed confusions. 

2.1 Subjects 
2. METHOD 

Ten adult co&ear implantees (5 men and 5 women) participated 
in the study. The mean age of the subjects was 56.1 years (range 
35 to 72). Eight subjects were native speakers of French, and 
two had been living in France and speaking French for many 
years. 

All of the subjects were post-lingual deaf persons who 
had undergone cochlear implant surgery at least one vear before 
the time of the examination. Except for this requirement, no 
other selection criteria were used. The ten subjects were simply 

all of.the implantees who were available at the center where the 
study took place (ENT ward of the Timone Hospital in 
Marseille, France). They were unpaid volunteers and were 
informed about the general aim of the study (conducted for 
research purposes only, with no personal benefit), as stipulated 
by French law and the Helsinki declaration. 

Three of the subjects had experienced a sudden onset of 
deafness, while the others suffered Tom progressive deafness. 
The age of onset of deafness ranged between six and sixty-three 
years. The duration of profound deafness before implantation 
varied between one and forty-two years (mean 21.9) and the 
mean number of years with the implant was 3.6 (range I to 6 
years). 

All subjects used their implant on a daily basis. Six 
subjects had an MXM Digisonic implant with 15 electrodes and 
four had a Nucleus Spectra 22 implant with 22 electrodes. 

2.2 Corpus 
The corpus was the French minimal pair test developed by 
Peckels and Rossi [4]. This test is a DRT (Diagnostic Rhyme 
Test) composed of 108 pairs of words. The two words in a given 
pair differ phonologically by a single distinctive feature: as in 
pite/hiZe (voicing attribute) or p~ur/frmr (sustention attribute). 
Each feature occurs 36 times in nine different vocalic 
environments (four words per vocalic environment). 

The corpus was recorded by a native French-speaking 
male who does not have a pronounced regional accent- This 
corpus has often been used in speech perception studies 
conducted by our laboratory. 

2.3 Experimental Procedure 
Subjects were examined with their normal implant parameter 
settings. They were tested individually in two sessions held a 
few days apart. The sessions lasted an average of one hour, with 
a twenty-minute break in the middle. 

Stimulus display and response collection was run in real- 
time on a PC computer in the Windows environment, using 
software developed by our laboratory to measure speech quality 
and intelligibility [ 11. The subjects were seated facing a screen 
and were supplied with a panel of buttons for responding. The 
auditory stimuli were presented in free field at the normal 
speech level (65 dB RMS, measured at the subject’s head) 
through a loud speaker located one meter in front of the subject- 

The task was as follows. The subject heard a word, 
looked at two words displayed on the screen and chose the one 
he thought he had heard, and then pressed the corresponding 
button (binary forced choice). The subject’s responses and 
response times were recorded automatically. The 2 16 words in 
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the corpus were presented to each subject four times : in random 
order. 

3. RESULTS 
Only the responses themselves will be analyzed here, not the 
response times. The entire set of responses (8640 in all) was 
input into an analysis of variance (Anova). The non-response 
rate was low (2-l%), indicating that the subjects were 
comfortable with the experimental situation. In the analysis of 
the results, non-responses were counted as errors. 

3.1 Type of Deafness, Duration of Deafness, and Time since 
Implantation 
The type of deafness, its duration, and the time since 
implantation did not significantly affect the overall error rate (all 
F’s < 1). 

3.2 Overall Error Rate 
The total number of errors was 1772, making for a mean error 
rate of 20.5 1% and a correct response rate of 79.49%. 

3.3 Errors by Feature 
Although the mean error rate is an interesting indication of 
overall performance, it does not provide any information about 
the types of errors made. We obtained this information by 
conducting a feature-by-feature analysis, which was possible 
with the DRT we used. 

For each feature, the number of errors, the error rate, and 
the correct response rate are given in Table 1: in decreasing 
order of confusion. 

Feature No. 
of 

errors 

Errm- 
rate 
(0 OO 

Correct 
response 
rate (Y&) 

No. 
of 

responses 

Comnactness 466 32.36 67.64 ‘1440 

Graveness 407 28.26 71.74 1449 

Nasaiitv 309 21.46 78.54 I440 

Voicing 227 1576 8424 1440 

Sustention 155 10.76 QQ 34 “/ .LI 1440 

Total 1772 20.51 79.49 8640 

Table 1. Number of errors, error rate: and correct response rate 
in cochlear implantees, by distinctive feature, in decreasing 

order of confusion. 

4. DISCUSSION AND CONCLUSION 
The overall error rate showed that subjects with cochlear 
implants are capable of identifying isolated words without the 
associated visual cues (lip-reading). Despite differences in the 
experimental procedures, the correct response rate in our study 
can be regarded as highly superior to that obtained by some of 
the better cochlear-implant patients tested by Tyler and Moore 
[5]. The French subjects in the Tyler and Moore study had a 
correct response rate of only 18% on isolated nonsense words. 

The three features nasality, vocality, and sustention, 
which are linked to the mode of articulation, are known to be the 
most robust, no matter what type of speech is examined. Among 
these features, only the nasality feature gave rise here to a fairly 
large number of errors. This is no doubt related to the fact that 
the acoustic cues of nasality are difficult to analyze and thus 
difficult to code. 

The two features that were confused the most by our 
cochlear irnplantees were graveness and compactness, which are 
linked to the place of articulation. These features have also 
proven to be the most fragile ones for normal-hearing subjects 
when they are listening to speech in the presence of masking 
noise [2]. This result pattern is not language-dependent either, 
since these two features are known to be the most fragile ones in 
English [6]. The present results thus confkm the idea that the 
acoustic cues associated with the graveness and compactness 
features are intrinsically fragile; they are sensitive to the type of 
coding as well as to the transmission conditions and noise. The 
reason why these features are difficult to code in cochlear 
implants probably lies in the fact that the amount of frequency 
information is reduced due to the limited number of frequency 
bands available for speech coding. 
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MEASURING SPEECH MOTOR SKILLS IN NORMALLY DEVELOPING AND
PHONOLOGICALLY DISORDERED PRE-SCHOOL CHILDREN

Wendy M M Cohen and Daphne Waters
Queen Margaret University College, Edinburgh, UK

ABSTRACT
Normally developing and phonologically disordered 3 and 4-
year-old children (groups N and P) were compared on measures
of articulation rate in imitated and spontaneous connected speech
and in diadochokinetic (DDK) tasks. The P group exhibited
significantly slower mean articulation rates than the N group in
the connected speech samples.  There was no significant
difference between the group means for DDK rates. However, the
P subjects, when required to articulate at maximum speed in the
DDK task, were more likely than the N subjects to make
pronunciation errors additional to those observed in their
spontaneous and imitated speech. Implications of the findings for
the clinical evaluation of speech motor abilities in young children
are discussed.

1.  INTRODUCTION
Children who present with disordered speech development in the
absence of known pathology, usually labeled phonologically
disordered, may have a variety of deficits underlying their surface
speech errors. Their difficulties may be primarily perceptual,
linguistic or motoric.  In order to provide appropriate therapy it is
necessary to identify individual children’s underlying deficits.
The investigation reported in this paper focused on speech motor
skill in a group of 3 and 4-year-old children with phonological
disorder.

A number of instrumental techniques can be used to
investigate speech motor skills, including imaging techniques [1]
and movement transduction and point tracking techniques [2].
However, these methodologies are not easily applied to young
child subjects. Much previous research with children has used
acoustic analysis of temporal features in recorded speech data to
make inferences about the status of speech motor ability. The
rationale for using such measures is based on the widely held
expectation that as any new motor skill is acquired, gradual
maturation of that skill is reflected in increased speed and in
increasing consistency of performance. In the case of speech
motor skill, there is much evidence to suggest that adult-like rate
of production and temporal consistency (in multiple token speech
data) are not achieved by normally developing children until
around 8 - 11 years of age [3]. Cross-sectional studies indicate a
gradual progression throughout childhood towards increased rate
of speech production (that is, shorter segment and phrase
durations) and towards decreased variability of temporal and
other acoustic features [4]. Some previous investigations [5,6]
have found that young phonologically disordered children as a
group tend to exhibit slower articulation rates and longer segment
durations compared with their normally developing peers
suggesting that immaturity of speech motor development may
underlie at least some phonologically disordered children’s

speech acquisition difficulties.

1.1.  Measuring rate of speech production
Investigations of rate of speech production use diverse
methodologies. Some have measured speech rate in spontaneous
connected speech which includes pauses [7] while others have
calculated articulation rate by first subtracting the duration of
pauses from the total utterance duration [6]. Rate measures have
been made in syllables/s. (syll/s) and/or segments/s. (seg/s) and
have been based on spontaneous connected speech data and/or
imitated speech where length of target utterance is controlled.
Findings are likely to be affected by the choice of methodology,
since speed of connected speech production is influenced by a
number of variables, including linguistic and cognitive factors as
well as utterance length and speaking context [8, 9,10].

Maximum rate of syllable production in non-linguistic,
DDK tasks is widely used in both research and clinical contexts
as a means of gaining insight into an individual’s speech motor
ability free from many of these complicating factors. Normative
data on DDK rates is available for a variety of monosyllabic,
bisyllabic and polysyllabic syllable sequences [11, 12, 13].
Cross-sectional studies indicate a gradual increase in DDK rates
with age in typically developing children.   Some previous
research has found that speech disordered children, including
those with diagnoses of developmental dyspraxia and dysarthria,
tend to exhibit slower DDK rates than their non-speech
disordered peers [14, 15, 16, 17].

2.  AIMS OF THE INVESTIGATION
The principle aim was to compare a group of phonologically
disordered (P) children with a group of same aged normally
developing (N) children on measures of articulation rate in three
types of speech data: spontaneous connected speech, imitated
connected speech and DDK data. No previous studies had made
rate measures in all three of these data types in the same group of
subjects. These measures would be used to make inferences
about speech motor abilities in the N and P subject Groups.

The study also aimed to address a number of issues
surrounding the collection and analysis of DDK data from very
young subjects. The first concerned the design of an appropriate
data collection procedure.  The second issue, neglected in
previous research and clinical protocols, concerned the problem
of whether the calculation of DDK rates should exclude data in
which mispronunciations of the target syllables occur.  Third, the
investigation examined the value of analysing children’s
pronunciation error patterns in DDK tasks rather than focusing
solely on rate measures.
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3  METHOD
3.1.  Subjects
Two groups of children were recruited to the investigation.
Group N consisted of fourteen children aged between 3;10 and
4;11 (mean = 4;04) who had no speech, language or hearing
difficulties (on the basis of standardised assessments and parental
questionnaire).  Group P consisted of fourteen children aged
between 3;08 and 5;03 (mean = 4;03) who presented with
specific phonological delay/disorder in the context of normal
hearing and  normal receptive and expressive language skills.

3.2.  Data, data collection and analysis
Four types of speech data were elicited from each subject: single
word data; imitated and spontaneous connected speech data;
rapid repetitions of the following syllables and syllable sequences
\p�\, \t�\, \k�\, \p�t�\ and \p�t�k�\ (DDK data).  All data were
recorded on to a Sony Digital Audio Tape Recorder (DTC 60ES)
in a sound proofed recording studio over two sessions lasting
between 30-45 minutes for each child. All the data were
transcribed phonetically and analysed for the occurrence of error
patterns (simplifying phonological processes).

3.2.1. Single word data.  44 single words were collected from
each child from picture/object naming using a published
screening procedure for phonological impairment [18].
Spontaneous naming responses were elicited wherever possible
but delayed imitation was used when necessary.

3.2.2. Imitated connected speech data. Eight tokens of the
imitated utterance ‘two naughty boys are picking’, in three
different carrier sentences, were collected using an innovative
procedure involving pictorial and auditory stimuli presented via a
PC.  Each sentence was illustrated as a picture on the computer
screen. An audio attachment of the target utterance accompanied
each picture as a model for imitation.  Articulation rate in each
token was measured from waveform and spectrographic displays
using Kay Computerised Speech Laboratory (CSL) software.
Total utterance duration, number of syllables and number of
segments were determined for each token. Durations of all pauses
>250ms were summed and subtracted from the total utterance
duration giving a total articulating time.  Articulation rate was
calculated in seg/s and in syll/s. Mean values for each child were
derived and group means calculated for the P and N subject
groups. An independent t-test was used to determine whether the
two subject groups were significantly different on this measure.

3.2.3. Spontaneous connected speech data. A sample of
spontaneous connected speech was collected from each subject
using a story re-telling task.  First, a short video cartoon with
sound track was played to the child.  Then, during a second
playing of the videotape, the sound was turned off and the child
was encouraged to tell the story.  The first eight utterances
between 6 and 9 syllables in length were selected for analysis.
(This criterion was adopted to ensure comparability with the
target phrase in the imitated data.) Individual and group mean
articulation rates were calculated as for the imitated speech data
and group mean values were compared using an independent t-
test.

3.2.4. DDK data.  Rapid repetitions of three monosyllables \p�\,
\t�\ and \k�\, the bisyllabic sequence \p�t�\ and the polysyllabic
sequence \p�t�k�\ were collected from each child using a newly
devised game format, described in a previous publication by the
present authors [19]. Five attempts at each of the five target
sequences were recorded from each child.

The total duration of each token was calculated from the end
of the first syllable to the end of the penultimate syllable using
waveform and spectrogram displays, from those trials which were
free of pauses >250ms.  DDK rate in syll/s was derived for each
of the target sequences. Individual and group mean rates for each
target sequence were calculated and group mean values compared
using independent t-tests. These calculations and comparisons
were carried out a) using all tokens and b) using only accurately
produced tokens.

3.2.5. Further analysis. Analysis of the perceptually based
phonetic transcriptions of all the data was carried out to compare
the occurrence of errors made by individual subjects in the
various types of speech data. First, for each subject, any
segmental errors in the imitated speech data were noted which
did not occur in that child’s spontaneous single-word and
connected speech data. Second, errors in the DDK data from
individual subjects were noted that had not occurred in any of the
other speech samples from that child. Finally, the bisyllabic and
polysyllabic sequences were examined to determine whether the
required two or three places of articulation had been achieved in
the correct order.

4.  RESULTS
4.1. Articulation rates in spontaneous and imitated speech
data.
Table 1 shows the group results of the articulation rate measures
in the spontaneous and imitated speech data. The number of
children in each group (n), group means and group ranges are
shown for each variable. One of the P children presented with lax
articulation, which made the identification of segment and
syllable boundaries difficult.  This child’s data were therefore
excluded from statistical analysis.

In both connected speech contexts the P Group exhibited
significantly slower mean articulation rates than the N Group.
However the ranges of individual means overlap.

For both groups of subjects, the group mean articulation rate
in the imitated connected speech data was faster than in the
spontaneous speech data.  This tendency for faster rate in the
imitated data was found in 13 individual subjects in the N Group
and 11 of the P Group subjects.

4.2. DDK rates.
Table 2 shows the group mean DDK rates for each of the target
sequences.   The left side of Table 2 shows results based on all
tokens while the right side of the Table shows results based on
accurately produced tokens only. The number of tokens (n), the
group mean and group range is shown for each variable.

With the exception of the results for the accurate
productions of \k�\, there were no significant differences between
the group mean DDK rates for the two subject groups.  Different
rate values were obtained depending on whether all productions
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or only accurate productions were included in the calculation.

P (n = 13) mean
and range

N (n = 14)
mean and range

Sig. value of
the difference
between the
group means

imitated seg/s 9.37
6.55-12.13

10.68
8.62-12.55

p =0.011

imitated syll/s 3.83
2.54-4.47

4.25
3.42-4.99

p =0.025

spontaneous
seg/s

7.67
5.89=10.02

9.29
8.04-10.66

p =0.002

spontaneous
syll/s

3.30
2.39-4.36

3.60
3.25-3.89

p =0.059

Table 1. Differences between group mean articulation rates in
Groups N & P in imitated and connected speech data.

4.3. Error analysis of all the speech data.
In the imitated speech samples two of the N subjects and eleven
P subjects exhibited phonological errors (simplification
processes) that were not present in their spontaneous speech data.
These were classified as ‘non-predictable’ errors.  In the DDK
data (monosyllables) there was a much higher occurrence in the P
Group than in the N Group of errors that could not be predicted
on the basis of subjects’ error patterns in any of the other data
types. Figure 1 displays the results of this analysis. The left bar
shows the proportion of accurate DDK sequences produced by
each subject group. The centre bar shows the occurrence of errors
that were predictable on the basis of subjects’ performance in the
spontaneous and imitated speech data. The right bar shows the
occurrence of non-predictable errors in the two subject groups. It
is clear that P Group subjects were more likely than N Group
subjects to make both predictable errors and errors that could not
be accounted for by their habitual speech patterns.

Non-predictable errors mainly involved voiceless plosive
targets in the syllable sequences that were perceived as voiced
cognates.  Acoustic analysis (measuring the time from release of
stop closure to F1 onset in the following schwa vowel) was used
to confirm that productions heard as voiced and voiceless were
acoustically distinct.

Error analysis of the bisyllabic and polysyllabic sequences
showed that P subjects as a group were less likely to produce
sequences that included the required number of different places
of consonant articulation and were less likely to maintain the
correct order of syllables.

M o n o s y l l a b i c  e r r o r s  b y  e r r o r  t y p e

0
1 0
2 0
3 0
4 0
5 0
6 0
7 0
8 0
9 0

1 0 0

c o r r e c t p r e d ic t a b le n o n -
p r e d ic t a b leE r r o r  t y p e

P
er

ce
nt

ag
e

G r o u p  N

G r o u p  P

Figure 1.  Error analysis of the monosyllabic DDK sequences in
both subject groups

In Figures 2 & 3 the percentage of accurate sequences from each
subject group is shown on the left. The next bars show
percentages of errors of consonant order in each subject group.
The remaining sections in each figure show the percentage
occurrence, in each subject group, of tokens in which fewer
places of consonant articulation occurred than in the target
sequence.

Error analysis : bisyllabic DDK sequences
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Figure 2.  Error analysis of bisyllabic sequences in both subject
groups

Error analy sis : polysy llabic DDK sequences
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Figure 3  Error analysis of polysyllabic sequences in both subject
groups

all productions accurate productions only
Group P mean Group N mean significance Group P mean Group N mean significance

\p�\ 3.93 syll/s  (n =70) 4.03 syll/s (n =70) p = 0.59 3.78 syll/s (n =50) 3.98 syll/s (n =68) p = 0.24
\t�\ 3.93 syll/s (n =68) 4.00 syll/s (n =70) p = 0.99 3.91 syll/s (n =36) 3.99 syll/s (n =69) p = 0.74
\k�\ 3.68 syll/s (n =70) 3.74 syll/s (n =70) p = 0.75 3.01 syll/s (n =20) 3.72 syll/s (n =69) p = 0.002
\p�t�\ 4.18 syll/s (n =67) 4.58 syll/s (n =70) p = 0.16 4.35 syll/s (n =29) 4.56 syll/s (n =69) p = 0.39
\p�t�k�\ 3.98 syll/s (n =70) 3.55 syll/s (n =70) p = 0.22 3.01 syll/s (n =1) 3.57 syll/s (n =37) -

Table 2.  Results comparing DDK rate in the N and P Groups
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5.  DISCUSSION
The main aim of the investigation was to compare speech motor
ability in the P and N subject groups by measuring articulation
rate in several types of speech data. Group mean articulation rates
in both the imitated and spontaneous connected speech data,
were significantly slower in the P group than in the N group
suggesting that the P subjects, as a group, had less mature speech
motor abilities than their normally developing peers. This
supports previous findings [6].  However the DDK rate measures
showed no significant differences between the two subject
groups. This tends to contradict previous findings [14, 15]. The
error analyses (especially of the DDK data), on the other hand,
provided strong evidence of differences between the two subject
groups that could be interpreted as indicative of poorer speech
motor skills in the P Group. First, when P subjects increased rate
of production in the imitated speech task (presumably in an effort
to mimic the rate of production of the adult model) they tended,
as a group, to be less accurate than in their spontaneous speech.
Second, P subjects as a group had more difficulty than N subjects
in achieving rapid alternation of even two places of articulatory
closure in DDK tasks. Furthermore, the demand on speech motor
capacity when producing rapid repetitions of monosyllables in
DDK tasks, resulted in errors from the P subejcts that had not
been found in their spontaneous speech (non-predictable errors).
The N Group subjects exhibited some, but many fewer, non-
predictable errors in the imitated and DDK data.  It seems that N
subjects, as a group, were better able to maintain accuracy of
speech production at increased speeds, implying that their speech
motor resources were greater. These findings support the view
that speech DDK data should be analysed in terms of accuracy as
well as rate and that normative data reporting both aspects of
performance are required for clinical and research purposes.

The problem of dealing with inaccurate productions when
making DDK rate measures is a particularly important issue when
dealing with data from very young children and / or children with
disordered phonology. The results displayed in Table 2 show that
different rates were obtained depending on whether or not
inaccurate productions of the target sequences were excluded
from the calculations.  It is not unexpected to find that where
children substitute consonants in target sequences there is an
effect on production rate, since different consonant phonemes
have distinct durational characteristics.

This small investigation has provided some evidence for
speech motor skill immaturity in 3 and 4-year-old children with
phonological delay / disorder.  Further, larger-scale, and
preferably longitudinal studies are needed.  The study has
emphasised the value of analysing error patterns in the syllable
repetitions produced in DDK tasks rather than focusing only on
rate measures.  The need to be explicit about the inclusion or
exclusion of inaccurate productions of target syllable sequences
in all research and clinical applications of DDK rate measures
has been highlighted.
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�� MUSA (completed) aimed at the rehabilitation of subjects with
speech and/or language disorders for Roman languages;

�� DICTUM is indirectly related to this domain. It mainly aimed
at improving sign language skills of hearing-impaired persons;
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�� the SpeechViewer system from IBM [4], probably the most
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�� the EVA system [5], a phoniatric workstation which offers a

wide range of acoustic and pneumophonic techniques for
studying the vocal production;

�� Dr Speech, which is also a tool for phoniatric analyses. As an
interesting feature, it displays the tongue movements during
speech;

�� the SIRENE prototype that we have developed in the early 80s
was devoted to deaf children and based on visual display of
speech components [6] [7]. Its extension to adult persons has
been studied (SIRENE 2) [8]. The two prototypes have been
validated in specialized schools and hospital in Nancy. This
action is going on, especially on what concerns automatic
speech assessment and guidance of the pupil, and is prolonged
in ISAEUS.;
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�Up to now, less attention has been paid to the computer-assisted
pronunciation training problem than to the speech recognition
problem.
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&����an analysis is necessary for evaluating the productions
of a speaker and for giving him explicit and clear hints to
enhance his performance. We can rely upon phonetic studies that
have identified the phoneme shifts that may occur in the speech
production of a hearing-impaired person. For instance, [d] and [n]
often turn into [t], since the labial image is almost the same for
these three consonants.
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FREQUENCY OF OCCURRENCE OF CANTONESE WORD INITIALS,
FINALS, AND TONES

Manwa L. Ng*, Irene C. L. Kwok†
* Illinois State University, Normal, Illinois, †Queen Elizabeth Hospital, Hong Kong

ABSTRACT
Thirty 10-minute spontaneous speech/dialogue were recorded
from live radio and TV programs broadcast in Hong Kong.  The
speech samples were carefully transcribed by two experienced
investigators.  Only those speech samples transcribed consistently
by the two investigators were used to measure the frequency of
occurrence of all Cantonese word initials, finals, and tones.
Results indicated a similar pattern of distribution of Cantonese
initials and finals to that reported by Fok [1] in 1979, with the
exceptions of [ν] and [λ], [κΩΗ] and [κΗ], and [κΩ] and [κ].
Such differences are believed to be related to the sociolinguistic
change of the speech pattern in the current generation.  Findings
in tones also revealed a similar distribution as reported by Fok
[1].

1.  INTRODUCTION
Standardized speech protocols such as the "Rainbow Passage"
and the "My Grandfather" passage have been shown to be
important in clinical speech evaluation.  They serve as standards
for speech-language pathologists to reference to.  These speech
protocols were developed based on careful statistical analyses of
the phonetic inventories, including both consonants and vowels
in English.  In the case of a tone language, tonal inventory should
also be considered.  However, all the speech protocols being used
by speech-language pathologists in Hong Kong nowadays are not
standardized; they are neither phonetically balanced nor
tonetically balanced.  A reveal of the literature also indicates a
lack of a formal statistical analysis of the occurrence of
Cantonese word initials, finals, and tones.  The most current
report available was published in the late 1970s by Fok [1],
which was based on an insufficient number of individuals (n = 6)
who were informed of the experiment.

The purpose of the present study is to establish the
frequency of occurrence of current phonetic and tonetic
inventories of Hong Kong Cantonese.  Based on the data from the
present study, future effort can be gathered to develop the first
phonetically-balanced and tonetically-balanced Cantonese speech
protocol.

2.  METHOD
2.1  Speech Materials
Thirty segments of 10-minute spontaneous speech and dialogues
were randomly recorded from radio and TV programs broadcast
in Hong Kong.  The recorded programs included spontaneous
conversation between hosts, during news and weather reports,
and host-guest telephone conversations.  The recorded speech
samples were produced by both male and female speakers.
Speech samples were recorded on high-quality tapes.

2.2  Analysis
The speech samples were analyzed and transcribed by two
investigators who were experienced in transcribing Cantonese
language using the IPA.  Only those speech samples consistently
transcribed by both investigators were used to measure the
occurrence of the Cantonese word initials, finals, and tones.

The transcribed Cantonese speech samples were statistically
analyzed to reveal the frequency of occurrences of the Cantonese
word initials, finals, and tones.  Word initials and finals instead of
the actual consonants and vowels were used to reduce the
complexity of the analysis.

2.3  Cantonese Initials, Finals, and Tones
Similar to Fok’s study [1], 21 Cantonese word initials, 51 word
finals, and 9 distinctive tone levels were identified in the present
study.  This is slightly different from the studies reported by
Wang [2] and Kao [3] where 19 word initials and 53 finals were
considered.  This is due to the fact that, in the latter studies, the
Cantonese vocalic consonants [µ] and [Ν] were considered as
word finals.

/π/ /τ/ /κ /κΩ/
/πΗ/ /τΗ/ /κΗ/ /κΩΗ/
/µ/ /ν/ /Ν/
/µ/ /Ν/

/φ/ /σ/ /η/
/τσ/

/τσΗ/
/ω/ /ϕ/

/λ/
Table 1.  Cantonese initials.

/α/ /Ε/ /ι/ / / /↵/ /υ/ /ψ/
/αΙ/ / Ι/ /εΙ/ / Ι/ /↵ψ/ /υΙ/
/αΥ/ / Υ/ /ΙΥ/ /οΥ/
/αµ/ / µ/ /Ιµ/
/αν/ / ν/ /Ιν/ / ν/ /↵ν/ /υν/ /ψν/
/αΝ/ / Ν/ /ΕΝ/ /ΙΝ/ / Ν/ /↵Ν/ /ΥΝ/
/απ/ / π/ /Ιp/
/ατ/ / τ/ /Ιτ/ / τ/ /↵τ/ /υτ/ /ψτ/
/ακ/ / κ/ /Εκ/ /Ικ/ / κ/ /↵κ/ /Υκ/

Table 2.  Cantonese finals.
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Word
initial

Occurrence (%)
(as reported in

the present
study)

Occurrence (%)
(as reported by

Fok [1])

Word
initial

Occurrence (%)
(as reported in

the present
study)

Occurrence (%)
(as reported by

Fok [1])

Word
initial

Occurrence (%)
(as reported in

the present
study)

Occurrence (%)
(as reported by

Fok [1])

/κ/ 15.37 14.1 /ν/ 0.18 5.2 /τΗ/ 2.60 2.3
/η/ 9.76 11.6 /µ/ 3.94 4.7 /φ/ 2.20 2.1
/ϕ/ 11.56 10.1 /µ/ 1.92 3.2 /κΩ/ 0.59 2.0
/τ/ 8.82 8.9 /π/ 2.60 3.1 /κΗ/ 2.16 1.9

/τσ/ 9.80 8.4 /ω/ 3.50 3.1 /πΗ/ 0.86 0.6
/σ/ 8.00 6.3 /Ν/ 1.91 2.9 /κΩΗ/ 0.04 0.3
/λ/ 10.94 5.8 /τΗσ/ 3.04 2.6 /Ν/ 0.21 0.2

Table 3.  Frequency of occurrence of Cantonese word initials.

Word
final

Occurrence (%)
(as reported in

the present
study)

Occurrence (%)
(as reported by

Fok [1])

Word
final

Occurrence (%)
(as reported in

the present
study)

Occurrence (%)
(as reported by

Fok [1])

Word
final

Occurrence (%)
(as reported in

the present
study)

Occurrence (%)
(as reported by

Fok [1])

/ / 8.37 10.6 /ιυ/ 1.36 1.6 /↵ν/ 0.49 0.5
/α/ 7.06 10.1 /ψ/ 1.22 1.5 /Υκ/ 0.70 0.5
/ Ι/ 7.03 7.9 /↵Ν/ 2.12 1.5 / π/ 0.64 0.5
/εΙ/ 5.70 7.2 / κ/ 1.11 1.4 /ιτ/ 0.39 0.4
/οΥ/ 6.34 6.0 /ακ/ 0.76 1.3 /αΝ/ 0.25 0.3
/ι/ 6.93 5.9 /ιµ/ 0.72 1.2 /υ/ 0.42 0.3

/ µ/ 3.28 4.5 /Εκ/ 0.16 1.0 /υι/ 0.82 0.3
/ Υ/ 5.48 4.1 / Ι/ 1.08 1.0 /↵τ/ 0.24 0.3
/εΙ/ 6.54 3.3 /Ικ/ 1.41 1.0 /απ/ 0.15 0.3
/↵ψ/ 2.95 3.2 / κ/ 1.07 0.9 /ατ/ 0.58 0.2
/ ν/ 3.36 2.7 / Ν/ 0.93 0.9 /↵κ/ 0.16 0.2
/ τ/ 2.76 2.7 /ψν/ 1.09 0.8 /ψτ/ 0.21 0.1
/ Ν/ 1.97 2.6 /αµ/ 0.56 0.7 /ιπ/ 0.15 0.1
/ιν/ 2.67 2.4 /υν/ 0.57 0.7 /υτ/ 0.08 0.05
/αν/ 1.72 2.1 /ΕΝ/ 0.78 0.7 / ν/ 0.00 0.03
/ΙΝ/ 3.03 1.7 /υΝ/ 2.46 0.7 /↵/ 0.15 0.008
/αΙ/ 1.57 1.6 /αΥ/ 0.40 0.6 / τ/ 0.02 0.0

Table 4.  Frequency of occurrence of Cantonese word finals.

Tone level
Occurrence (%)

(as reported in the
present study)

Occurrence (%) (as

reported by Fok [1])

High-rising (HR) 16.63 19.0
High-level (HL) 19.38 16.8
Low-level (LL) 16.14 15.8
Mid-level (ML) 14.65 14.9
Low-falling (LF) 12.56 12.6
Low-rising (LR) 10.41 11.4

High (H) 3.86 4.4
Low (L) 3.76 2.8
Mid (M) 2.62 2.2

Table 5.  Frequency of occurrence of Cantonese tones.

All the Cantonese word initials and finals are shown in
Tables 1 and 2.  The nine Cantonese tones are: the high-level
(HL), high-rising (HR), mid-level (ML), low-falling (LF), low-
rising (LR), low-level (LL), and the glottalized high, mid, and
low (H, M, L, respectively).

3.  RESULTS

The measured frequency of occurrence of all Cantonese word
initials, word finals, and tones are shown in Tables 3, 4, and 5
respectively.  To ensure precision, numbers were corrected to two
decimal places.  The word initials, finals and tones are listed in
the same order as that used by Fok [1].  The data reported by Fok
was included for comparison.

4.  DISCUSSION
The present investigation attempted to measure the frequency of
occurrence of various Cantonese word initials, finals, and tones.
In an effort to trace the possible change in the use of Cantonese
in the current generation, the results were compared with the data
reported by Fok [1].

As discussed in Zee [4], the Cantonese word initial sibilants
/σ/, /τσ/, and /τσΗ/ have been divided into [σ] and [♣], [τσ] and
[τ], and [τσΗ] and [τΗ] respectively by Karlgren in the early
1900s.  These allophones mainly differ from each other in the
exact place of articulation – the lingua-palatal contact.  However,
recent experimental studies revealed that there is no significant
articulatory difference between these allophones among different
Cantonese speakers [4].  Therefore, in the present study, these
allophones are considered as only three distinctive sounds.
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4.1  Cantonese Word Initials
Results from Tables 3-5 indicate that the occurrence pattern

of Cantonese sounds were similar to that reported by Fok [1].
Unaspirated word initials /π, τ, κ, τσ, κΩ/generally occur more
frequently than their aspirated counterparts /πΗ, τΗ, κΗ, τσΗ,
κΗΩ/.  This is consistent with the results reported by Fok [1].
However, compared to Fok’s data, there is a significant
difference in the frequency of occurrence of word initials /ν/ and
/λ/ between the present study and Fok's study (see Table 6).  The
substantial shift in the use of /ν/ to /λ/ revealed in the present
study may be related to a sociolinguistic change over time of the
current generation.  As reported in Yeung’s [5] sociolinguistic
study of Hong Kong Cantonese, the younger generation is
associated with a significantly higher occurrence of initial /λ/ and
significantly lower occurrence of /ν/.  The younger speakers tend
to substitute the historical /ν/ with /λ/.  This is further supported
by the electropalatographic data reported by Zee [4], where the
historical word initial /n/ has disappeared from the speech
produced by a 21-year-old male Cantonese speaker.  Word
initials /ν/ and /l/ have become non-distinctive in the younger
generation.  This is also revealed by the fact that the sum of the
occurrences of /ν/ and /λ/ from the present study is very close to
that from the study reported by Fok [1] (see Table 6).

Similar patterns of occurrences were also found in word
initials /κΩ/ and /κ/, and /κΩΗ/ and /κΗ/.  When compared to
Fok’s data [1], /κ/ and /κΗ/ are associated with a higher
percentage of occurrence, and /κΩ/ and /κΩΗ/ are associated
with a smaller percentage of occurrence.  Yet, the sum of /κΩ/
and /κ/, and /κΩΗ/ and /κΗ/ remain very close (see Table 6).

A B A B A B
/ν/ 0.18% 5.2% /κΩ/ 0.59% 2.0% /κΩ

Η/
0.04% 0.3%

/λ/ 10.94% 5.8% /κ/ 15.37% 14.1% /κΗ/ 2.16% 1.9%
sum 11.12% 11.0% 15.96% 16.1% 2.20% 2.2%

A: the present study B: Fok’s study
Table 6.  Comparison of some word initials between the present

study and Fok’s study [1].

The data indicates a shift of use from /κΩ/ and /κΩΗ/ to /κ/ and
/κΗ/ respectively in the new generation.  This phenomenon is
supported by Yeung [5] who found that younger generation tends
to substitute /κΩ/ and /κΩΗ/ by /κ/ and /κΗ/ respectively.

The present data also revealed a significant reduction in the
occurrence of the word initial /Ν/ (1.91% in the present study vs.
2.9% in Fok’s study).  This is believed to be related to the fact
that more /Ν/ have been substituted by /Ο/.  This is supported by
Yeung [5] who found a significantly lower occurrence of /Ν/ in
the younger generation.

4.2  Cantonese Word Finals
Cantonese word finals showed similar patterns as Fok’s study [1].
The frequency of occurrence of Cantonese word finals are:
monophthongs /V/ 24.15%, diphthongs /VV/: 39.27%, vowel +
nasal /VN/: 26.00%, and vowel + stop /VS/: 10.59%.  The word
final of vowel + /p/ occurred less than 1%.  Fok [1] believed that
the glottalized finals (/Vp/, /Vt/, and /Vk/) may be “in the process
of disappearing” (p. 156).  However, based on the data from the
present study is not sufficient to either deny or support this
notion.  Further evidence is needed to confirm this hypothesis.

4.3  Cantonese Tones
Table 5 shows that about 90% of the Cantonese words are
associated with non-glottalized tones, namely: the high-level
(HL), high-rising (HR), mid-level (ML), low-falling (LF), low-
rising (LR), and low-level (LL) tones.  The HL tone is associated
with the most occurrence (19.38%).  The glottalized mid (M)
tone showed the least occurrence.
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ABSTRACT
An audiological and linguistic screening was conducted on 40 three-
and four-year old children at an early childhood center. The effect of
middle-ear infections, flat tympanograms, and thresholds above 25 dB
on the production of phonological patterns was examined. Children
failing the audiological screening show a lower number of adult words
(75%) and a higher number of substitutions (22%) and deletions (3%),
while normal children exhibit a higher number of adult words (86%)
and a lower number of substitutions (13%) and deletions (1%). These
findings have implications for child linguists studying phonological
processes in normal children, since it is suggested that children with
a delay in the production of phonological processes may go
undetected.

1. INTRODUCTION
I discuss two opposite effects in the production of phonological
processes: 'progressive' phonology in 'non-refers'--children that passed
the audiological screening (i.e. a high number of adult words and a
low number of segmental substitutions and deletions) vs. 'regressive'
phonology in 'refers'--children that failed the audiological screening
(i.e. a low number of adult words, a higher number of segmental
deletions and substitutions). The study is concerned with the value of
early audiological and linguistic screenings in young children. I
suggest that mild or temporary hearing losses are likely to result in
linguistic delays.

2. METHODS
2.1. Subjects
The research subjects were 40 Caucasian middle-class three- to four-
year old children at a kindergarten in Tulsa, Oklahoma. The subjects
were all tested once in school by a certified audiologist and a graduate
student in speech pathology.¹ The subjects are all monolingual
speakers of the variety of American English spoken in northeastern
Oklahoma. 

2.2. Reliability
The phonological transcription was produced for each child by a
certified audiologist and a graduate student of speech pathology, both
of whom had extensive training in IPA phonetic transcription and are
highly reliable transcribers (see note 1.). 

2.3. Audiological screening
The audiological screening consisted of three standard audiological
tests: otoscopy, tympanometry, and air conduction audiometry; the
reason is that more than one test is needed to determine the presence
of ear infections, hearing loss, and equalization tubes [4], [5].

2.3.1. Otoscopy allows us to visualize the tympanic membrane; it is

necessary to direct a light, as from an otoscope, into the external
auditory canal. Because the tympanic membrane is semitransparent,
such a light also allows some of the structures of the middle ear to
become visible. In this study, the otoscope employed was the Reister
from Germany. Otoscopy allowed the audiologist to detect fluid and
a red and bulging ear; it also allowed her to detect the presence of
pressure equalization tubes. In order to obtain objective data, children
that have been intubated were excluded from this study. 

2.3.2. Tympanometry measures the compliance (i.e. the amplitude of
the vibrations in response to a pure sound--a single wave-length
sound) of the ear drum as a function of the pressure that is applied to
the ear drum. The audiologist employed a portable tympanometer.
Subjects who passed the tympanometry test show a bell-shaped curve,
indicating a normal middle ear function, while a child who failed the
test shows a flat tympanogram (i.e. the ear drum is showing great
resistance to sound), indicating the likely presence of fluid in the
middle ear or a perforation of the ear drum. 

2.3.3. Air conduction audiometry specifies the amount of the
patient's hearing sensitivity and range of hearing in the entire auditory
system through the use of controlled amounts of sound. 
Measurements were made with the air conduction earphones of a
portable audiometer at an intensity of 25 dB HL at the frequencies of
500, 1000, 2000, and 4000 Hz. Subjects who passed the air
conduction screening can hear all tested frequencies or fail only one
or two frequencies, while subjects who failed the air conduction
screening cannot hear three, four, five, and six frequencies.

2.4. Speech and language screening
The speech and language screening tool used was the Fluharty
Preschool Speech and Language Screening Test, which measures
early speech and language performance on children, ages two to six
[3]. Non-imitative samples of all fifteen words in the articulatory task
of the Fluharty test were obtained for each child.  The stimulus items
are 'hat', 'bag', 'sock', 'knife', 'teeth', 'pencil', 'window', 'comb', 'ring',
'shoes', 'leaves', 'chair', 'feather', 'jelly', 'yes'; the items are designed to
test the acquisition of a wide variety of initial, intermediate, and final
consonants. Responses to the test items are elicited to identify children
in need of in-depth diagnosis evaluation of speech and language skills.
The test requires identifying objects and words, while articulation
errors are noted; it also samples the child's level of vocabulary and
proficiency of articulation.
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3. RESULTS
3.1. Audiological effects

Pass screening tests (non-refers) 22 (55%)
Fail screening tests (refers) 18 (45%)
---------------------------------------------------
Total 40 (100%)

Table 1. Audiological screening

In Table 1, eighteen children (45% of the total) failed the audiological
screening (i.e. otoscopy revealed fluid and a red and bulging middle
ear, and tympanometry revealed flat responses, or the children failed
the air conduction screening at three or more frequency levels) and
were considered as 'refers'; 22 children (55% of the total) passed the
audiological screening and were considered as 'non-refers'.

3.2. Progressive and regressive phonological processes
An analysis and quantification of all phonological processes was
conducted for the articulation errors (substitutions and deletions)
produced by the subjects in all fifteen words in the Fluharty (see
above). The analysis uncovers the percentage of substitutions,
deletions, and adult words produced by the subjects, and reveals two
opposite phonological results--progressive vs. regressive phonology
[1], [2].

Below I discuss the effects of regressive phonology in
children who failed the audiological screening; the effects of regressive
phonology are compared with the effects of progressive phonology in
children who passed the audiological screening. Table 2 shows the
breakdown of the 330 words produced by the children who passed the
hearing screening.

Adult words 284 (86%)
Substitutions  44 (13%)
Deletions   2  (1%)
------------------------------------
Total 330 (100%)

Table 2. Progressive phonology: Pass the hearing screening

In Table 2, the children who passed the hearing screening
produced a high number of adult words and a lower number of
substitutions (e.g. /tif/ 'teeth') and deletions (e.g. /lis/ 'leaves'). Table 2
presents 284 adult words (86% of the total), 44 words with
substitution (13% of the total), and two words with deleted segments
(1% of the total). Table 3 shows the breakdown of the 270 words
produced by the children who failed the hearing screening.

Adult words 202 (75%)
Substitutions  60 (22%)
Deletions   8  (3%)
--------------------------------------
Total 270 (100%)

Table 3. Regressive phonology: Fail the hearing screening

In Table 3, the children who failed the hearing screening
produced a lower number of adult words and a higher number of
substitutions (e.g. /waif/ 'knife', /lips/ 'leaves'), including stopping (e.g.
/feder/ 'feather') and deletions (e.g. /is/ 'leaves', /pesil/ 'pensil', /ba/
'bag'). Table 3 presents 202 adult words (75% of the total), 60 words
with substitution (22% of the total), and 8 words with deleted

segments (3% of the total).
These results seem to support recent claims that reduced

hearing acuity during the first years of life is likely to affect the
language development of young children [4], [6], [7], [8], [9].

4. CONCLUSION
The results suggest a possible relationship between failure in the
audiological screening and the production of a low number of adult
words, and a high number of segmental substitutions and deletions
(regressive phonology), as well as a relationship between passing the
audiological screening and the production of a high number of adult
words, and a low number of segmental substitutions and deletions
(progressive phonology).

These findings have theoretical implications for linguists
studying language acquisition in "normal" children. I suggest that
researchers administer audiological tests such as those employed in
this study for diagnosing possible hearing loss in "normal" children
subjected to psycholinguistic investigation. Since it is suggested that
children suffering a delay in the production of phonological processes
may go undetected, it is likely that earlier studies in the child language
literature may have wrongly classified some of those children as
"normal" (i.e. progressive);  and child linguists may have increased the
variablity of what is considered normal behavior.
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ABSTRACT

In some field applications experts have to decode speech of poor
quality. The speech material to decode is often degraded quite
seriously and can’t be improved or changed to another, ‘clear’
copy. This report describes some principles of noisy speech
recordings processing for improvement of message intelligibility
and quality and some methods of speech enhancement for speech
decoding.

The discussed approaches have a good working record after
many-years of practical use in STC and other institutions which
perform noisy speech records decoding by orders of courts,
prosecutors, law enforcement, emergency and accident
investigation services, etc.

Among main principles of distorted speech recordings pre-
processing and noise cancellation we could note unmasking and
normalization in time and frequency areas. Among main listening
expert methods we could note selective listening, non-standard
binaural listening accounting of short-term and long-term human
ear adaptation to noisy speech.

1. INTRODUCTION
Nowadays law enforcement and security agencies extensively
use overt or hidden means of audio recording for retrieving
information while executing surveillance, investigation or
security actions. At courts speech recordings related to the
criminal case more often play a great role.

Human voice is the basic mean of communication so its
objective fixation on any media (that is a recording) is an
important and sometimes the only source of information on
offence or even the major evidence. Such situations very often
apper while investigating emergencies, extortion, unfair business,
various financial, legal infringements, bribery, acts of terrorism,
hoax calls and also elementary telephone hooliganism. Moreover
the analysis of sound recordings in communication channels or
industrial areas allows to establish channels of outflow of
information, to help to restore details of negotiation, to solve
disputed situations with clients, to check behaviour of the
personnel, to collect the statistics, to restrict non-authorized use
of communication channels.

In many cases the quality of sound recordings turns out low.
The reasons usually are poor performance of field audio
recording devices as well as actual difficulty and impossibility to
receive high-quality ‘pure’ records in specific field conditions
with high levels of background noise and electromagnetic
interferences. The usual way to decode speech of poor quality
record (that is to convert it into a reasonably accurate and
complete written text or transcript) is continuous listening to the
degraded speech record by person without professional
knowledge in this field using standard tape recorder that often

has quite poor characteristics. The usual practice of the Soviet
and Russian law enforcement services in such cases facilitated
arrangement of specialized expert-technical departments which
are carrying out text decoding of noise corrupted records. The
results of their work are considered to be the official conclusion
and the courtregards them authentic judicial proof.

The material of the given report resulted both from practical
experience of forensic examinations in STC and in number of
other organizations and from profound research and modelling of
the process of human perception of noise corrupted speech
signals.

Noise cancellation and text-decoding workstations "IKAR"
developed by STC as well as the technique of text-decoding and
training of the examiners have allowed to create routine standard
technology of poor quality speech recordings processing.
Undoubtedly some constituents of this technology for
optimization of quality improvement and text establishment
processes represent, as the authors see it, general scientific
interest. Those methods are working and open to discussion. In
the given report we shall not pay enough attention to important
questions of selection of examiners and of struggle with
acoustical hallucinations and illusions.

Let's emphasize that the perception of severely deformed
speech allows to reveal many unknown before features of
processes of acoustical perception and allows to form the new
original approaches to this research.

2. METHOD
In forensic-oriented investigations and in other examinations of
poor quality records listening becomes rather a hard task. But in
those applications where field recordings appear it is usually
impossible to discard such a recording or to rerecord them in
better conditions. Often to get to the content of noise buried
speech is an expert’s must which has to be done by him or her at
any effort and quite fast. So there are two connected and
intertwined tasks, namely: to improve speech quality, remove
interference and to decode text of a recording. Despite the fact
that noise cancellation systems and tools are modernized every
year [1, 2, 3, 5] the achieved speech quality after all possible
processing procedures is often not satisfactorily high, and
intelligibility rates remain objectively low. Nevertheless two
basic stages can be almost always singled out: noise cancellation
stage, normalization and preparation of speech material for
listening and stage of actual listening and text decoding.

2.1. Preliminary preparation of speech material for listening.
It is impossible to give a full description of acceptable and
desirable actions of an expert at the first stage of work in such a
brief report. We shall underline here only basic purposes of this
stage.
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§ Unmasking (elimination of psychoacoustical and acoustical
masking influence) in time and spectral areas.

§ Normalization and optimization of decoded speech signal
realization in time, amplitude and frequency.

§ Removal of additive and convolutive interference
(narrowband and wideband ones).

§ Adjustment, matching acoustical output sounding
performance to individual hearing features of every auditor.
Let us discuss this stage of speech recording processing.

Modern software and stand alone devices give enough ample
opportunities on noise cancellation and enhancement of useful
signal [2] nevertheless even after optimal removal of noise and
distortions the quality of the processed speech signal frequently
remains low enough. It is caused by the fact that parameters of
noise and interference are sometimes similar to speech signal.
This fact does not allow them to be distinguished and separated.
Besides initially poor quality of sound recording can be caused
essentially by non-recoverable losses of the useful information,
e.g. because of a small dynamic range of the analog sound
recording equipment. As a result, speech material given to the
experts for text-decoding does not look like the record of ‘pure’
speech signal. In such sound recordings speech loudness can be
less than loudness of interferences in several times (SNR up to -
20 dB), and the initial intelligibility can be equall to zero.

Naturally it is necessary to choose a compromise as to the
degree of influence on the signal by this or that processing. At
one end of the source sound recording processing there is the
most safe speech signal with minimal interference removal and at
the other end there is the most cleaned signal with minimal noise
but with some distortions caused by the processing. After noise
cancellation the signal can be ‘greased’, ‘bitten’, some additional
artefacts can be brought in [5].

Considering general principles of text-decoding it could be
recommended to use several variants of processing and to listen
to them consistently with the assumption that one of the variants
allows to hear one part of the message, and the other variant -
another.

Besides it is necessary to emphasize that there are very
different criteria for good result in text-decoding task and task of
reaching the best subjective quality. For example, at renovation
of old recordings of speech or music, at quality improvement of
live broadcasts more important is the absence in a target signal of
appreciable distortions which subjectively interfere with
perception. The sounding should be the most natural, sometimes
even to the detriment of intelligibility. The ‘bad’ fragments of a
signal can be removed or replaced whenever possible with
similar fragments of the sound recording from other places. On
the other hand at forensic noise corrupted speech text-decoding
all fragments are important, and their removal or replacement are
inadmissible. All speech processing methods are selected so that,
firstly, to remove influence of masking in the maximal degree,
and, secondly, so that the subjective quality of sounding provided
the best intelligibility and comfort of listening. Thus from the
point of view of the usual auditor the sounding of a recording can
be rather unnatural and strange.

It is necessary to note that standard audio editing and CD-
mastering approaches to quality improvement as a rule are less
efficient in processing of noise corrupted recordings with low
initial intelligibility. The point is that usually used technique is
focused on how to make from a ‘good’ signal a ‘very good' one.

A typical task of forensic examiner is to make out speech in a
recording with initial intelligibility of speech lower than 50 % of
words and to establish whether there is speech signal at all and
where exactly. Due to this fact it is reasonable to apply
specialized engineering and methods to tasks of forensic
acoustics [2]. Let's emphasize that for some most difficult cases
automatical removal of interferences and distortions is practically
impossible and almost the only effective technique is the singling
out/distinguishing the signal manually processing of specific
fragments with individual adjustment of processing parameters in
time and spectral areas (e.g. ‘re-drawing' of waveform, drawing
of target filters for separate fragments, etc.).

2.2. Organization of listening
Let us emphasize that the choice of noise cancellation methods is
certainly extremely important, nevertheless we shall discuss it in
other publications. Here we shall stop on methods of text
establishment of poor quality speech recordings based
exclusively on the manner of the material presentation to
auditors. The incredibly ample capabilities of human brain and
acoustical analyzer in adaptation to properties of the perceived
object are used. It is necessary to stress that text-decoding in
difficult cases should be carried out only by means of specialized
digital computer workstations.

The technique described below proved most effective for the
majority of analyzed cases for the majority of auditors that
participated in text-decoding. The specific approaches are
possible, as well as individual non-standard properties of
auditors’ hearing frequently suggest other quite non-standard
methods.

It is possible to list the following basic methods of listening:
1. Listening to a small fragment of the signal with precise setting
of its boundaries by the help of waveform and spectrogram.
2. Listening to the phrase by very small parts with consecutive
moving of their boundaries from the left to the right and from the
right to the left.
3. Using properties/abilities of human binaural hearing while
listening, that is:

pseudostereo,
flying pseudostereo,
composite stereo,
flying interchannel balance.

4. Listening successively to various variants of audio material,
that is:

different variants after noise cancelling,
different volume level of play back,
different playing back modes,
different speed of play back without (and with)
voice/pitch distortions.

5. Using waveforms, dynamic spectrograms, voicograms, pitch
curves, etc.
6. Using the ability of human hearing adaptation to distinguishing
of a useful signal in a noisy background.

We proceed from the supposition that the basic paradigm of
speech perception in adverse sound environment is psychological
concept of foreground-background processing [1]. Here we speak
about person's ability to attend selectively to a particular
components of a heard stimulus. In the case of speech in noise,
the human auditor is listening to the noisy mixture and is free to
give more attention to noise or to speech. In particular, the
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auditor is relating this or that component of a sound to
foreground and is attend more closely to it than to the rest of
sound components. The same person can to attribute the same
sound components to the background and do not pay attention to
them. A typical example is listening to several simultaneously
speaking people. The auditor can arbitrarily concentrate the
attention only on one specific speaker. A bit later he/she will
begin to hear only the voice of this speaker, to distinguish this
speaker’s phrases, and at the same time he/she would not
understanding phrases of other interlocutors.

All the mentioned methods of listening enable the auditor
use abilities of hearing and brain at most. The auditor is enabled
to adjust arbitrarily (consciously) and involuntarily
(subconsciously) to the useful speech signal, to accelerate
procedure of such adjustment, to distinguish the signal input to
human acoustical analyzer and to separate it into foreground and
background. The described above procedures of listening are
discussed in more detail below.

2.3. Selective listening
Listening should be done using precise setting of time boundaries
of an interval to listen. Every non-intelligible signal fragment is
broken down into parts (of about 0.5-5 sec) and every part is
listened to many times. The boundaries of a segment to listen are
established manually with the help of the waveform pictures
(dynamic spectrogram, intonogram [6,7]) so that whenever
possible one sintagm or coherent verbal group is in a listened
segment. Only high accuracy of time boundaries setting with the
help of the graphic image allows to separate interferences from a
target signal and to establish its content. It is especially important
in listening to a mixture of several voices. As a basic explanation
of selective listening efficiency we suggest two main principles.

Firstly, when speech signal parameters are averaged in
human acoustical system, its (this system’s) short-term
adaptation is great enough and really makes some tens hundreds
milliseconds. As a result separate perceived audio events
influence on perception of the next segments of the recording and
can substantially deform it. As the mentioned influence basically
occurs ‘from the present event to the future one’, it is really
possible to recommend to set beginning of play back of each
separate fragment close to the beginning of its first speech sound,
eliminating thus the slightest influence of a previous fragment.

Secondly it is important that the whole fragment is placed
into the auditor’s short-term acoustical memory. We assume that
text-decoding of a fragment is realized by filtering probable
speech elements suitable in sounding (syllables, words, word
collocations) which are unconsciously taken out of long-term
memory. These elements are stored in memory as the standard
templates to some ‘neutral’ sounding. While listening to the
source degraded audio material, the set of probable acoustic
modifications (which ensure optimum conformity of the source
non-standard audio image to the transformed standard templates)
is selected for each set of the checked speech elements -
candidates. It takes a long time to filter the large number of the
templates, their transformation and comparison. In our
estimations it can take about several seconds for one word. All
this time of search the given word should be stored in operative
acoustical memory, otherwise chances of its identification
decrease. Thus listened and decoded in the given work session
number of words (independent speech units) usually should not

exceed the sacramental number 7, and length of a fragment
should be rigidly linked to verbal structure of a fragment and
usually should not exceed 1-5 seconds. The more difficult
acoustical material, the stronger is influence of the given
restriction on result of listening. As the semantic and syntactic
links of words are essential for more effective building of verbal
hypotheses, it is also useful listening to large intervals of a
recording and gradual displacement of segment boundaries on
time axis.

The following experiment indirectly confirms the above-
stated reasons. Naive listeners (police inspectors) were to
establish the text of noise corruptad speech by means of listening
to successively given fragments of 8 seconds duration. It is
statistically authentically established that the probability of
erroneous recognition of words at the end of fragments is 4 times
higher than for words located in the beginning of fragments.

Quite essential factor while listening to poor quality speech
is the occurence of acoustical illusions. In particular, auditors are
inclined to ‘make’ words absent in source audio material. It often
occurs while recognizing the first part of a frequent or context
determined word collocation. The second (absent) part is faked
according to the first recognized part of a combination. The
presence of noise and any separate speech sounds on a place of
an absent word frequently does not allow the auditor to recognize
the mistake. One of typical methods for the control of the
recognized text and struggle with the mentioned illusions is the
listening separately to each word of a phrase, listening to small
parts of it starting from the end and gradually moving to the
beginning of the phrase. Such method of audio material
presentation frequently allows to avoid influence of ‘predicting’
acoustical illusions.

2.4. Binaural listening
Use of human binaural hearing properties allows substantially to
increase efficiency of text-decoding. As an established
experimental fact it is considered that the presentation of the
degraded speech material binaurally with the use of different
variants of the same audio image for different ears allows
essentially to improve reliability of its (image) recognition. This
phenomenon is related to established auditory theory and,
especially, to the integration of incomplete stimulus patterns by
the process of binaural hearing [4]. The technique of binaural
listening can be, for example, the following.

2.5. ‘Pseudostereo’ mode
The simplest way is to give the material through headphones with
a delay between the ears The delay should be adjustable in limits
of + /- 10 msec and selected by an auditor individually. The
listening in such a mode provides subjectively greater comfort of
perception, increases intelligibility and time of effective work. Its
efficiency was estimated in the following way. The team of 10
auditors were given syllable tables of Russian (10 tables with 50
syllables through intervals of 2 sec) mixed with white noise.
Signal to noise ratio was choosen so that the average initial
intelligibility was about 60 %. While listening to syllable tables
in ‘pseudostereo’ mode with individually adjusted time of a delay
between play back channels, the average intelligibility was 65 %.
The increase for some auditors was up to 9 %. In the other
experiment it was estimated the working time of an operator after
which percent of mistakes increases. Noise corrupted verbal
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tables were listened to. It is established that the optimum work
mode is: every 20 minutes of listening should be followed by 10
minutes of rest. The time of effective work increases (from 3
hours 40 minutes till 4 hours 20 minutes and even more for some
auditors).

More complex type of ‘pseudostereo’ uses various delays
for various frequencies of a signal. Some auditors prefer such
complicated listening mode.

2.6. ‘Flying pseudostereo’ mode
In this mode the delay between play back channels continuously
varies with frequency 1-0.01 Hz in the range from +10 up to -10
msec. The frequency and limits the delay are set individually.
The exact measurements of efficiency of the given method is are
being examined. Nevertheless it is possible to say that the
majority of auditors prefer to use this mode of listening in
relation to simple ‘pseudostereo’ mode. Thus a small delay range
(less than 1 msec) and frequency change of about 0.1 Hz are
chosen more often. The auditors consider transition of the delay
through zero as the most substantial point of change. Subjectively
it is described as ‘brightening’ of acoustical perception after such
transition which lasts some seconds after.

The ‘floating balance’ mode is similar in realization and
subjective acoustical impression. It consists in smooth variation
of the loudness in one channel in relation to another one in limits
up to +/- 20 dB.

2.7. ‘Composite stereo’ mode
One maximally cleared variant of the processed signal is played
back to the ‘main’ listener's ear, synchronically with it another
variant of the same signal (different variant of processing or even
non-cleared signal) is played back to the listener’s another ear
using different loudness of each channel [1]. The experiment
similar to described in section 2.4 was conducted in the following
way. The syllable tables were mixed up with noise of the
conditioner. Then this broadband noise was partially removed
with the help of procedure described in [5]. The intelligibility
was estimated: with usual listening it was about 64 % before
clearing and 70 % after clearing. In ‘composite stereo’ mode the
source signal is played back to one ear and the cleared signal – to
another ear. Auditors selected loudness in each channel
individually. The average intelligibility in ‘composite stereo’
mode amounts to 78 % (8 auditors from 10) and 74 %, 69 % (two
other auditors).

2.8. Listening successively to various variants of material
sounding
The described above ‘composite stereo’ mode is effective
because it provides simultaneous presentation to the acoustical
system of two variants of sounding of the same material. It
actually allows better to distinguish and separate audio image
into the foreground and background. The same principle is used
in modes of listening to the material with different volume and
play back speed, with different variants after noise cancelling,
with different variants of play back (through loudspeakers or
headphones), etc. Actually for the greatest efficiency of
recognition it is necessary to vary and to use several methods of
intelligibility improvement.

2.9. Using the ability of human hearing adaptation to
distinguishing of a useful signal in a noisy background.
There is no possibility to speak about all features of human
hearing adaptation in a brief report so we only note a number of
time constants which are quite essential in text-decoding
procedure. Ten skilled examiners were questioned concerning
procedure of text-decoding. Thus estimates of those time
constants were received.

Average time of ‘coming to working mood’, ‘plunging into
listening’ to difficult for perception audio material is 20 - 50
seconds. Average time of reaching the stage of maximal work
productivity in the beginning of work session is 10-30 minutes.
The duration of effective work is usually no more than 4-5 hours.
Average time of reaching the best for the given auditor and given
audio material efficiency in recognition is 48 hours after the first
listening to the material. It means that only on the third day of
work with the material the auditor’s ability of decoding is
optimum. Let us emphasize that the most difficult material is
decoded even by the skilled examiners with speed of about 8-15
seconds of audio material per an hour of work.

3. CONCLUSION
Several vital facts of poor quality speech preception and text-
decoding are described. The methods for optimizing this
procedure are proposed. Among them there are various modes of
listening to audio material using selective attention, binaural
hearing, the concept of acoustical distinguishing of the material
to foreground and background, human acoustical system
adaptation. The principles focused on in the article demonstrated
their effectiveness in numerous speech records investigations for
courts and in difficult cases of text-decoding of crew
conversations in aircraft cockpit [3], recordings made through
poor quality channels, etc. The discussed matters are interesting
scientific phenomena demanding more precise theoretical
explanation. Investigation of human aural perception of speech
patterns of very poor quality gives some new opportunities to
discover and explain unknown features of hearing (and not only
hearing) perception process in general.
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ABSTRACT
Two groups of laryngeal cancer patients were studied.
Fourteen laryngectomized patients speaking with
tracheoesophageal prosthesis (TEP) were matched with
fourteen irradiated laryngeal speakers with preserved
larynx. To measure patients« QL we used; the European
Organisation for Research and Treatment of Cancer Quality
of Life Core Questionnaire (EORTC QLQ-C30), the EORTC
Head and Neck module (EORTC QLQ - H&N 35), the
Hospital Anxiety and Depression scale (HAD) and a study-
specific questionnaire. For the perceptual speech
evaluation we used visual analog scales.

The perceptual ratings of speech intelligibility,
voice quality and speech acceptability showed a
significant difference between the treatment groups. Both
the patients treated with radiotheraphy and the listeners
rated the irradiated laryngeal voices higher than the
tracheoesophageal speech. The laryngectomized patients
scored significantly better than the patients treated with
radical radiotheraphy on the question about hoarseness.
No other significant difference was found for the QL
functions and symptoms.

We conclude that, when patients treated with
laryngectomy as salvage surgery were compared to
patients treated with radiotherapy, only small differences
were found in QL and in patients« perceptual  voice- and
speech self-evaluiation.

1. INTRODUCTION
The larynx is the most common subsite of head and neck
cancer. The different treatment modalities for advanced
laryngeal cancer, i.e. laryngectomy and radical
radiotherapy, have quantitatively similar results (1-3),
provided that radiotherapy is not used as a single modality
treatment in Stage IV disease
(4). Survival is the primary outcome of interest for
laryngeal cancer patients but the risk of losing oneÕs
voice and thereby perhaps also the possibility to
communicate is frightening. Since different treatment
modalities for laryngeal cancer give comparable results,
other end-points than survival are necessary. A major
criterion for choosing between therapies may be quality of
voice and the quality of life (QL) after treatment. Earlier
studies of laryngectomized patients have focused on
rehabilitation in terms of speech proficiency and voice
characteristics (5-6), while only a small number have
examined psychosocial adjustment and coping abilities. A
few studies of laryngeal cancer are available comparing
radiotherapy vs laryngectomy (7-8) in a broader aspect
than survival and voice results. These studies show quite
heterogeneous QL results when comparing the two
treatments, laryngectomy and radical radiotherapy. The
voice results are believed to be superior after radical

radiotherapy compared to laryngectomy, and therefore
radiotherapy is often the first choice of treatment for
laryngeal carcinoma (9). In Sweden patients with advanced
laryngeal carcinoma are either treated with radiotherapy
(with or without chemotherapy) or laryngectomy with a
tracheoesophageal prosthesis (TEP).

The main aim of the present study was to examine
whether radical radiotherapy with preservation of the
larynx was a better alternative than laryngectomy
according to perceptual speech evaluation and the
patients« reported quality of life. Furthermore we explored
any differences between the perception of patients and a
group of listeners in the perceptual speech evaluation.

2. MATERIALS AND METHODS
2.1. Patients
Fourteen patients with tracheoesophageal speech as their
primary mode of communication participated in the study,
two women and twelve men. The primary treatment for all
fourteen patients was radical radiotherapy but they were
later laryngectomized as salvage surgery. To get
comparable groups of patients, fourteen patients treated
with radical radiotherapy and with preserved larynx were
identified from the clinical records and chosen when they
matched the laryngectomized patients as far as possible
according to sex, tumor site, TNM and age. All patients
contacted agreed to participate and were included in the
study. The patients answered the QL questionnaires on the
same occasion as a voice recording was performed at the
hospital.

2.2. Voice recordings
Voice recordings were made in a soundproof booth on a
Revox B77 Stereo tape recorder connected to a Sennheiser
HME 25-1 headset microphone, with a microphone-to-
mouth distance of 7 cm and angle to the mouth of 45
degrees. The listeners« panel for
the investigation included ten inexperienced listeners
(unfamiliar with tracheoesophageal or irradiated laryngeal
speech) and five experienced listeners (practicing speech-
language pathologists).

2.3. Voice perceptual ratings
The patients and the judges rated the voices on three
different perceptual items: speech intelligibility, voice
quality and speech acceptability. The ratings were made by
placing a vertical line on a 100 mm visual analog scale.
The scale was anchored at each end by opposite extremes
of the attribute. A mean per cent score for speech
intelligibility, voice quality and speech acceptability was
determined for each speaker and specified for the listeners«
and the patients« own evaluations (10).
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2.4. QL Questionnaires
Four questionnaires were used in the study: 1) EORTC QLQ-
C30, a comprehensive QL instrument developed for cancer
patients and consists of 30 questions to which disease
specific modules should be added. 2) The EORTC H&N35-
module is a supplement to the QLQ-C30 and consists of
questions which are especially relevant to head and neck
cancer. 3) The Hospital Anxiety and Depression scale is a
self-assessment scale found to be valid and reliable for
detecting depression and anxiety disorder. 4) A study-
specific questionnaire which contained seven questions we
considered to be of specific interest to laryngeal
carcinoma patients and not previously included in the
EORTC QLQ-C30 or QLQ-H&N35

2.5. Statistical methods
For descriptive purposes, we used means and 95%
confidence interval for the mean. For comparison between
groups, Fisher's nonparametric permutation test was used.
For comparison within patients, Fisher«s nonparametric
permutation test for matched pairs was used (11). Due to
the large number of tests we only discuss differences with a
significance level of less than p < 0.01.

3. RESULTS
3.1. Questionnaires
The results from the EORTC QLQ-C30 and the QLQ-
H&N35 for the two groups showed only small differences
between the two groups of patients, for most of the scales
and single items. The largest difference between the
groups was found for "hoarseness" (38 points), "trouble
with smell" (31 points), "trouble eating in front of other
people" (21 points), Ótrouble having social contact with
friendsÓ (19 points), Óbothered by appearanceÓ (17 points)
and  Ómucus productionÓ (16 points). The question about
"hoarseness" differed significantly between the two
treatment groups *** p<0.001.

The study specific questionnaire designed for this
study containing questions especially relevant  to this
group of patients did not reveal any significant difference
between the groups.

According to the HAD scale, there were three
patients with probable depression among the
laryngectomized patients compared to one among the
irradiated patients, and one patient in each treatment group
showed possible depression and possible anxiety. The
scores of one laryngectomized patient indicated a probable
case of anxiety disorder.

3.2. Visual analog scale; voice-perceptual
r a t i n g s
The laryngectomized patients judged their voices to be
significantly better than the listeners according to voice
quality (p<0.001) and speech acceptability (p<0.01). The
patients treated with radiotherapy judged the voice result
Óspeech intelligibilityÓ to be significantly better than the
laryngectomized patients (p<0.01). The listeners judged
the voices of the patients treated with radiotherapy to be
significantly better than those of the laryngectomized
patients on the three perceptual items (p<0.001).

4. DISCUSSION
The main findings of this study were few significant
differences, when QL was compared between the two
groups of patients. There was, however, a significant
difference between the patients« and the listeners«
judgements on the perceptual ratings of the patients«

voices as well as a significant difference in the listeners«
judgements between the two treatment groups.

An interesting finding was that laryngectomized
patients scored significantly lower on hoarseness than
patients treated with radiotherapy. Obviously the patients
speaking with a TEP do not see themselves as having a
hoarse voice. The majority of patients, 71% (10 of 14
patients) of the TEP-patients (64% of the irradiated
patients), considered that their voices were better after
treatment. Even though the laryngectomized patients
scored lower on 18 out of 24 symptoms/problems in the
QLQ- H&N35, the difference was mostly small and not
significant between the different treatment groups. The
laryngectomized patients coped better with work after
treatment than reported in earlier studies (12-13) and they
scored as high as the irradiated patients on the global
quality of life (70 and 67 respectively). These findings are
consistent with other QL studies (8, 14).

One possible explanation for these findings could be
the relatively small number of patients in this study, as a
larger number of patients might have shown statistical
significance for more QL functions and questions when
comparing the different treatment groups.

In our study the patients treated with radiotherapy
showed, significantly higher results than the
laryngectomized patients when their voices were judged by
themselves and by 15 listeners. Previous results (10) have
shown that irradiated laryngeal voices are rated as high as
TEP speech according to intelligibility by transcription
(for bisyllabic words and sentences). In this study the
patients treated with radiotherapy felt more hoarse,
reported more voice fatigue and did not perceive that their
voice was better after treatment to the same extent as the
laryngectomized patients. Other studies confirm that
patients treated with radiotherapy have quite a few
problems with their voices and that irradiated laryngeal
voices are distinguishable from the voices of normal
controls (10, 15). These findings indicate the need of
voice rehabilitation also for patients treated with
radiotherapy (15). In the absence of patient preference
data, one cannot make the assumption that patients prefer
irradiation with voice preservation to laryngectomy
(16).The laryngectomized patients scored much higher on
perceptual voice items than did the listeners, were rarely
ashamed of their new voices, and appeared to be satisfied
with the voices they managed to achieve (17), which
contradicts the findings of some other authors (9, 13).
This difference may in fact be due to modern techniques of
speech rehabilitation following laryngectomy (TEP) and
to the human ability to cope with the circumstances given
(18-19).

5. CONCLUSION
In conclusion we report only small differences in
perceptual speech evaluation and quality of life between
patients treated with laryngectomy versus radiotherapy.

For TEP patients, we conclude that the quality of the
post-treatment voice is acceptable for social and
vocational functioning. The successful alaryngeal
speakers typically feel a strong sense of accomplishment
and take pride in their voice.

These findings are important to consider when
choosing the optimal treatment for laryngeal cancer
patients. The treatment residuals are what patients have to
live with for the rest of their lives. An understanding of
the changes in the lives of patients after treatment is both
necessary and valuable. Further studies comparing the
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different treatment modalities prospectively are needed to
increase this understanding.
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ABSTRACT
A combination of non invasive acoustic and

aerodynamic measures were used to analyze vocal function
in three patients treated by CO2 Laser posterior transverse
cordotomy for bilateral vocal fold paralysis. Measures
included : (i) Frequency features : fundamental frequency,
standard deviation, jitter, shimmer and harmonic-to-noise
ratio, (ii) Several measures on the spectra of vowel /a/ : first-
formant banwidths, the difference between the amplitudes of
the first and second harmonics (H1-H2), the difference
between the amplitude of the first harmonic and the
amplitude of the first formant peak (H1-A1), the difference
between the amplitudes of the first harmonic and the third
formant peak was measured (H1-A3). (iii) Laryngeal
aerodynamic parameters include maximum phonation time
(MPT), mean air flow rate in « sustained phonation »
(MFRs), phonation quotient (PQ) and mean air flow rate in
« comfortable phonation » (MFRc). These measures are
discussed to examine relationships among acoustic and
laryngeal aerodynamic parameters, and to evaluate the
degree of breathiness.

1- INTRODUCTION
Surgical management addressed bilateral vocal fold

paralysis (BVFP) in patients with severe obstruction, should
aim at a compromise between respiratory and phonatory
performance. In the past decade, endoscopic CO2 laser
arytenoidectomy has become perhaps the most commonly
used surgical procedure for enlarging the glottis airway in
patients whith BVFP [1] (Figure 2). Endoscopic CO2 Laser
posterior transverse cordotomy (PTC) was initially reported
by Dennis and Kashima in 1989 [2, 3] (Figure 3). Using the
surgical properties of the CO2 Laser, the vocal ligament is
sectionned just anterior to the vocal process of the arytenoid
cartilages. Dennis and Kashima reported that the CO2 Laser
PTC enlarges the posterior glottic aperture « respiratory
glottis » and preserves close approximation of the anterior
membranous vocal cord for phonation « phonatory glottis »
(Figure 1). In retrospective study, we recently reported the
safety and efficiency of this technique in 25 patients with
BVFP [4].

Many normal subjects configure the vocal folds so that
the glottis is never completely closed throughout a cycle of
vibration. In normal subjects, « breathy voice » is defined as
the modifications introduced by fixed opening between the
arytenoid cartilages : (i) an increase in the bandwidth of the
first formant, (ii) an increased tilt in the spectrum at high

frequencies, and (iii) emergence of a turbulence noise source
(glottis) [5-8]

The aims of this study were to analyze vocal function and
phonetic patterns after CO2 Laser posterior transverse cordotomy
(PTC) in bilateral vocal fold paralysis.

2- METHODS AND RESULTS
Four patients were included in this prospective study and

recorded preoperatively and postoperatively at 1, 3, 6, 12 and 24
months. The etiologies included two cases of BVFP following
surgical trauma (total thyroidectomy) and two cases of central
nervous system disease. Distribution by sex was two male (M1 :
77 years and M2 : 69 years) and two female patients (F1 : 74
years and F2 : 52 years). CO2 Laser PTC was previously
described [2, 4]. All patients were recorded under similar
conditions. Pretreatment measurements were not available for
one patient (M2) because he has been treated in emergencies.

2.1. Methods
2.1.1. Acoustic parameters.  Two tasks were completed as part
of this project. Patients were recorded in a quiet room and
instructed to produce a number of sustained vowels /a/ at habitual
conversational pitch and loudness.

In the first task, frequency features were analyzed with the
Computerized Speech Lab and the Multidimentional Voice
Program (Kay Elemetrics, NJ, USA). The frequency features
automatically recorded were the average fundamental frequency
(FO) in Herz, the FO standard deviation (SD) in Herz, the jitter
in percent, the shimmer in percent, and the harmonic-to-noise
ratio (HNR) in percent.

In the second task, several data were extracted on the
spectra of vowels /a/  at 24 months after Laser procedure.
Measures for a given patient are averages across five repetitions
for each vowel. Before 24 month, instability of the vibration
pattern was  too higher, and it was not possible to measure data
on the spectra of vowel /a/. The following data were extracted. (i)
First-formant banwidths, (ii) The difference between the
amplitudes of the first and second harmonics (H1-H2). H1-H2
was measured at the same points where F1 bandwidth was
estimated. (iii) The difference between the amplitude of the first
harmonic and the amplitude of the first formant peak (H1-A1).
(iv) The difference between the amplitudes of the first harmonic
and the third formant peak was measured (H1-A3). A non
parametric Wilcoxon test was used for each comparison among
preoperatively and postoperatively for M2, F1 and F2.
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2.1.2. Aerodynamic parameters. Aerodynamic parameters
were performed with the Aerophone II (Kay Elemetrics, NJ,
USA). Two tasks were completed as part of this project. The
patients produced the vowel /a/ for as long as possible after a
maximal inspiration, in « maximum sustained phonation », or
following comfortable inspiration « comfortable phonation ».
The maximum phonation time (MPT), the mean air flow rate
(MFRs) and the phonation quotient (PQ) were measured in
« maximum sustained phonation ». The PQ is defined as the
vital capacity divided by the MPT.  The mean air flow rate
(MFRc) was determined in « ²comfortable phonation ». For
the two tasks, the patients repeated the test several times
(minimum three attempts), resting between each attempt. The
method was first demontrated by the experimenter.

Data from each recordings of the one male and two
female patients were compared with the male and female
reference group data by calculating Z scores according

Holmberg [9]. Group reference data were obtained from 60 male
and 50 female patients [10]. The Z score was defined as the ratio
of the observed value minus the group mean value divided by the
group standard deviation. Z score calculations were based on
data for the separate male and female reference groups [10].

These measures are used to examine relationships among
laryngeal aerodynamic parameters and acoustic characteristics of
voice for M1, F1 and F2.

2.2. Results
Frequency features and laryngeal aerodynamic parameters

for one male (M1) and two female (F1, F2) patients are presented
in Table 1.

Measures on the spectra of the vowel /a/, first-formant
bandwidth, H1-H2, H1-A1, H1-A3, differed significantly among
postoperatively and preoperatively patients (M1, F1 and F2).

Frequency features Preoperative 1 and 3 months 6 months 12 and 24
months

Average F0 in Herz N ND N N
SD F0 in Herz N ND + +
Jitter in percent N ND + +
Shimmer in percent N ND + +
HNR ratio in percent N ND + +

Aerodynamic
parameters

MPT in seconds N + + N
MFRs in liters/second N + + N
PQ in liters/second N + + N
SPL in decibels N - - N
MFRc in liters/second N + + N

Table 1. Frequency features and laryngeal aerodynamic parameters (three patients)
MPT : maximum phonation time  N : normal value
MFRs : mean air flow rate in «sustained phonation » + : Z score for data value > 2
PQ : phonation quotient (liters/second) - : Z score for data value < 2
SPL : intensity levels
MFRc: mean air flow rate in « comfortable phonation »

3- DISCUSSION
Numerous surgical treatment options are available

in patients with severely compromised airway due to
bilateral vocal fold paralysis (BVFP). The most
physiologic motion to the paralyzed larynx has been
introduced by Tucker, who reported in 1976 a
technique of reinnervation by insertion of a
neuromuscular pedicle [11]. Despite initial reports of
good results, long-term outcome has been
disappointing [12]. CO2 Laser arytenoidectomy
described by Ossof [1] achieve successful restoration
of the airway (Technique 1) (Figure 2). CO2 Laser
endoscopic posterior transverse cordotomy (PTC) has
been introduced by Dennis and Kashima in 1989
(Technique 2) (Figure 3). They presented respiratory
and phonatory findings documenting that the CO2
Laser PTC was effective in relieving airway
obstruction [2, 3]. Lawson et al. compared the vocal

results after CO2 Laser PTC and CO2 Laser
arytenoidectomy. Although the mean values of the
maximum phonation time and phonation quotient were
higher if a CO2 Laser procedure was performed. Lawson
et al. could not demonstrate any significant statistical
differences between the two techniques [13]. Eckel
compared the results of two techniques with a view to
respiratory and phonatory function. He reported that
phonatory function after Laser demonstrated considerably
compromised maximum phonation time, peak sound
pressure levels and phonational frequency range [14].

Recordings performed preoperatively and at 1, 3, 6, 12 and
24 months postoperatively in our study allowed analysis of the
evolution of voice parameters. At 1 and 3 months after CO2
Laser procedure, the patients were capable only « whispering »,
and after 6 months postoperatively, the voice may be subjectively
described as « breathy ».

At 1 and 3 months after Laser procedure, the glottic
incompetence was reflected in the impossibility to automatically
detect the F0, jitter, shimmer and harmonic-to-noise ratio and
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also in the limited sound pressure level range. Incomplete
glottic closure was reflected in the limited MPT, the high
mean airflow rates (MFRs and MFRc).

After 6 months after technique 2, SD of F0 was
significantly wider postoperatively than preoperatively in the
three patients. Titze, in an analysis of the control of F0 in
normal subjects, stressed the relationship between the lung
pressure and the vocal folds length, the tension of the
intrinsic laryngeal muscles, and the mucous membrane
passive stress relationship [15]. These parameters could be
modified after CO2 Laser PTC, explaining, therefore, the
wider F0 SD.

After 6 months after technique 2, our study showed
instability of the vibration pattern results in the addition of
aperiodic components (jitter  and shimmer). Voice
perturbation was measured by jitter percent, representing the
very short-term (period-to-period) irregularity of the pitch,
and shimmer percent, representing the very short-term
(period-to-period) irregularity of the peak-to-peak amplitude
of the voice. Horii reported that shimmer and jitter values
allowed for analysis of the vibrational action of the glottis
[16]. Such CO2 laser technique 2 explains the unstable
vibrational pattern of the glotttis.

The higher rates of airflow (MFRs and MFRc) in this
study are considerably outside the physiologic range for
normal function. Mean airflow rate is a rather variable
measure, even in normal subjects. Like other authors, we
reported that TMP, PQ , MFRs and MFRc showed a great
inter-individual variation  [10, 17]. Like Holmberg, we
reported, also, mean airflow rate was a rather variable
measure, even in repeated recordings of normal subjects, and
it is only sensitive to relatively dramatic changes in
mechanisms related to glottal closure [9,10]. In normal
subjects, a significant increase in mean flow rate could be
explained by the posterior opening of the glottis. The
membranous part of the vocal folds closes but airflow can be
shunted through the posterior cartilaginous portion of  the
glottis which has been found to account for 35-45 % of the
entire glottis length and 50 to 65 % of the entire glottis area
[18] (Figure 1).

After CO2 Laser PTC, the increase in mean air flow rate
could be explained by the posterior opening of the glottis :
the maximum airflow values could result from letting air pass
via posterior glottal gap.

Abnormally large values for mean airflow rates (MFRs
and MFRc) can contribute energy loss, and can add
significantly to the first-formant bandwidth. An increase in
the bandwidth of the first formant may be a characteristic of
the spectra of breathy voice. Measurement of the bandwidth
can provide an indirect method to estimate  the area of the
glottis.

Another acoustic consequence of glottal gap is the
generation of turbulence noise. The effect of turbulence noise
at the glottis can be seen in the spectrum of vowels,
particularly in the F3 region. Breathiness may be positively
correlated with a high spectral level in frequency bands
above about 5 kHz. In this study, we reported for all patients,
high harmonic-to-noise ratio (HNR). The spectra of breathy
voice are often reported to be characterized by a relatively
high HNR in  normal subjects [5]. The results of higher

levels airflow rates, acoustically, is a source that has relatively
less energy in higher frequency harmonics and elevated levels of
turbulence noise. A positive relation between listener rated
breathiness severity and high-frequency spectral noise has been
reported in several studies [5-8].

It seems that the concept of an anterior, « phonatory
glottis » as opposed to a posterior, « respiratory glottis » should
be reconsidered for patients withe BVFP (Figure 1). The
posterior cricoarytenoid (PCA) muscle acts as the respiratory
muscle of the larynx but also increases phonatory glottal width.
Hirose reported the function of PCA muscle in speech. He found
a marked elevation of PCA muscle activity for the production of
voiceless consonants and the PCA activity has a different pattern
depending of the language[19].

Further future studies involving a combination of
aerodynamic and stroboscopic measurements may provide
important kinematic explanations about the role of the posterior
glottis. Additional studies are required to examine the
relationship between acoustic and aerodynamic and the
perceptual parameters.

Nevertheless, we hope to have shown in this limited study,
(1) acoustic and aerodynamic measures confirmed subjectively
listener breathiness and (2) the posterior glottis cannot be
regarded only as a respiratory glottis.
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ABSTRACT
��This study examined context sensitivity of productions of
lateralized /s/ spoken by five kindergarten children, who were
later re-recorded  in high school.  LPC spectra were derived for
each /s/ spectrum. Means, Standard Deviations, Skewness and
Kurtosis were computed for each spectrum. A set of 3-point
ratings of four “spectral fitness” measures based on idealized /s/
spectra for children and adults was made. These  measures
included Number of Spectral Peaks, Frequency of Spectral Peaks,
Spectral Fill, and Spectrum Bandwidth. Analyses of variance of
the eight measures  revealed that the most facilitory (least
lateralized) contexts were /W, 3, ¡, and l/ in the pretest, with /i, k/
less facilitory.  For the grown children, whose average
improvement in spectral scores was nearly 40%, /W, 3, ¡, and l/
were included amongst the most facilitating contexts, but /i, and
k/ were not. Results suggest that on average many context effects
are modest and not generalizable across  age. Individual subjects
were differentially sensitive to phonetic context. The value of the
“facilitating“ contexts for lateralization may be too idiosyncratic
and insufficiently potent for generalization across speakers.

1. INTRODUCTION
Coproduction of phonemes in the stream of speech has tempted
clinical investigators to search for phonetic contexts which might
facilitate correct production of persistently misarticulated
phonemes, Hoffman, Schuckers, and Daniloff (1989).
Specifically, Schuckers, Mazza and Daniloff (1979) observed
significant facilitation of more correct /s/ production by children
who dentalized /s/. The contextual facilitory process might force
the articulatory organ(s) to be preplaced in nearly the right place
and/or shape to better accomplish the following or antecedent,
misarticulated phoneme. Alternatively, the context might force
the misarticulatory gesture to commence from a different posture
or shape which would create lability in the incorrect gesture
which could  be shaped toward a more correct articulation. A
typical example, Hoffman et al. (ibid),  is the use of /t/ context to
place the tongue tip on the alveolar ridge which is near the
retroflex position which must be trained when children produce
/w/ for /r/.

 In this study we sought to determine whether a
particularly recalcitrant misarticulation, lateralized /s/, might
show evidence of strong contextual effects before and after a long
course of speech therapy. McNutt (1977) has demonstrated that
recalcitrant misarticulation in teenagers may reflect multiple
subpopulations of children who manifest differential anatomical,
neuromotor, auditory, or sensory functioning. Even so, with
appropriate feedback,  coproductory effects should prove useful.

The purpose of this study was twofold- to examine the
degree to which quantitative  measures of spectral fitness of
lateralized /s/ would  reveal facilitation of a magnitude and
generalizability over speakers useful for  clinical treatment and,
to determine how time and speech correction together would alter
patterns of early contextual facilitation.

2. METHODS

2.1 Subjects.  The subjects for this study were part of a cohort of
51  kindergarten aged, /s/-misarticulating children who passed
language, articulation and hearing screening tests and at most,
misarticulated no more than one other sound inconsistently.
Eleven of the children were identified as consistent lateralizers.
Testing every two weeks for up to two years and was
discontinued if the children spontaneously corrected their /s/
misarticulation. Children were eligible to receive speech therapy
in the third grade; all five of the children reported in this study
received twice weekly therapy in grades 3-5, four of five received
similar rates of  therapy in grade 6 , and two were further
monitored in grades 7 and 8. When the children reached their
freshman/sophomore year of high-school, eight of the original
lateralizers were located within the school district,  six agreed to
be retested with the set of original sentences, and five produced
reportable data. The older students reported that the persisting
lateralization error had caused them “great social discomfort”
Even the one student whose acoustic /s/ sounded nearly normal,
along with all of the others, persisted in a visually detectable
lip/jaw carriage indicative of lateralization, including a more
open mandible, and labio-lingual asymmetry of carriage during
articulation of /s/.

2.2. Data Reduction. Recordings of the sentences made during
the first six months of  kindergarten and  during high school were
edited and digitized on a GW SoundScope one channel analyzer
at 22.4 KHz using a 21-coefficient LPC analysis made at the
midpoint of the fricative noise. The parametric statistics were
gathered from a Kaleidograph descriptive statistical analysis of
the LPC spectrum. The rating scale data were made by
overlaying transparencies of ideal /s/ spectra for men, women,
and children taken from Stevens (1998)fitted over the LPC
spectra and judging the goodness-of-fit for four measures:
number of crucial peaks, 4-8KHz, frequency of the two peaks,
low frequency spectral peaks or fill, and power bandwidth. A
three point scale of goodness-of-fit: good (2), partial (1) and
unsatisfactory (0), was utilized.
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2.3 Statistical Analysis.  Three-way analyses of variance were
computed for all eight spectral criterion measures. The within
factors consisted of time ( kindergarten/high-school) and
contexts
( / i, W, 3, ¡, k, l / ) while subjects were treated as a between
factor.

3. RESULTS
3.1 Individual Results. Means and standard deviations of the
spectra for all subjects, with the exception of S3, showed no
change over time. Skewness (Figure 1) and Kurtosis (Figure 2)
of the spectra became significantly more positive over time for
S1 only for context /i/ [F(5,10)=5.56, and 3.72, respectively,
p<.05].  STANDARD DEVIATION (Figure 3) of  the spectra
increased significantly over time only for context /l/ for S3
[F(5,10)=4.23, p<.05]. Figure one shows skewness of the spectra
as a function of context and time of test for S1.  Figure two
shows kurtosis of the spectra as a function of context and time of
test for S1.   Figure three shows standard deviation of the spectra
as a function of context and time of test for S3.

Figure 1. Mean skewness scores as a function of context and time

Figure 2. Mean kurtosis scores as a function of context and time.

Figure 3. Mean standard deviation as a function of context and
time.

3.2 Group Results.  None of the time by context interaction
effects were significant when data from all five subjects were
analyzed as a group, or when data from S3, S4, and S5 were
analyzed as a group.  Thus, our context results were primarily
negative.

4. DISCUSSION
The results of this study demonstrate several interesting findings.
First, there are no specific phonetic contexts for which all
subjects demonstrate more successful production of /s/, either
early or much later in their schooling, contrary to Schuckers et
al.’s (ibid) findings for /s/ dentalizers but in line with Stephens,
Hoffman and Daniloff’s (1986) preliminary analysis which
revealed no spontaneous improvement of lateral /s/ after two
years and no obvious differentially facilitating contextual
advantage for more successful production. Second, at either time
point, the significant, most and least facilitating phonetic contexts
were few in number and specific to individual subjects. In terms
of group averages, and nonsignificant group trends, the spectral
fitness data reveal that in kindergarten, /3, W, ¡, and l/ were most
facilitating, and in ninth or tenth grade, /3, W, ¡, and l/ were most
facilitory. Thus, the contexts common to both sets were vowels
other than /i/. One might have predicted that / i / with its narrow
palatal constriction and spread lips might have facilitated better
/s/ production. That was not the case. Similarly, the velar /k/
might have  facilitated a less lateralized /s/ by causing the tongue
to retract, pulling the blade back, setting up a central constriction
of the airway useful for production of a central /s/. However, /l/, a
bilateral articulation, could have been predicted to facilitate a
more unilateral /s/ than usual, but instead it proved to be mildly
facilitory, before and after.

The mean range of facilitation effects was 9% or so in
kindergarten and 25% in high school. Within a single speaker
contextual differences could range up to 50-60 %. Thus, a speech
therapist would have to probe individual children for specific
context sensitivity for specific subtypes of misarticulation to
identify those contexts most profitably concentrated on during
early stages of therapy. The personal idiosyncracy of the modest
contextual effects argues that cognitive, grammatical, auditory
and many other factors may rival physiological ease and
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physiological potency in inducing more favorable articulations as
key factors in such sensitivity for lateralized /s/.

It is worth remarking that the influence of early-learned
misarticulatory gestures was blatant in the facial gesturing of all
five speakers. It may be expected that the contextual effects,
when palatography is used to guide movement toward correct /s/
production, could well be different from those contexts most
potent for the conventional auditory-verbal type of speech
therapy. Before denigrating the ineffectiveness of conventional
therapy for lateral /s/  the last author of this paper has had
considerable clinical success with primary school children by
training changes in lateral /s/ in a /t/ context, particularly when
attention is paid to initially extinguishing lateral release of /t/
which often occurs spontaneously when /t/ precedes /s/.
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FISHING FOR THE PAST: REMANENTS OF EARLY
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ABSTRACT
Five kindergarten  children who lateralized /s/  were recorded  as
they imitated  sentences with /s/ embedded in various phonetic
contexts. They were rerecorded using identical stimuli in ninth or
tenth grade of  high school. Their /s/ productions were extracted
from contexts in which / i, u, œ, _, k, l / followed /s/. Noise
spectrum parameters: mean, standard deviation, skew, and
kurtosis, were computed, as were four 3-point rating scale
estimates of spectral fitness: 1) number, and 2) frequency of
spectral peaks, 3) low frequency energy, and 4) compactness of
spectral bandwidth. All subjects exhibited spectral evidence of
lateralization; four improved with age by 4-47% more
satisfactory measurements, and one declined in satisfactory
measures by 13%. The speech pathologists who tested the high
school students observed that all displayed  oral gestures
indicative of lateralization, and four blatantly lateralized. The
most perceptually normal  subject ended with 79% of spectral
profile noise measures satisfactory as versus 85% for normals.
Clinical implications are discussed.

1. INTRODUCTION
This experiment examined the acoustic evidence of the extent to
which lateralization appeared to persist from kindergarten into
high school in five children. The lateralized fricative /s/ is
strongly  resistant, McNutt (1977), to conventional speech
therapy and to unassisted developmental recovery. However,
Gibbon and Hardcastle (1987), Dent, Gibbon, Hardcastle and
Wakumoto (1995) and Howard (1995) reported excellent results
of treatment of lateralization utilizing  biofeedback from
electropalatographs.

This study considered the long term outcome of
conventional speech therapy for a persistent misarticulation:
lateral /s/.  In addition, various acoustical criterion measures were
compared  for effective reflection of perceptually blatant
lateralization.

2. METHODS
2.1 Subjects. A group of 51 /s/ misarticulating kindergarten
children served as subjects. Among them were 11 /s/ lateralizers,
eight of whom remained in the school district in their freshman or
sophomore year of high school, of whom 5 consented to enter
this study.. Criteria for inclusion were consistent /s, z/
misarticulation, no language problems on the SOLST test, at least
one ear with hearing normal at 20 dB HL or better and only one
other speech sound inconsistently in error. School policy was not
to enroll single-sound misarticulators in speech therapy until the
third grade. The children were examined twice a month during
the school year to assess progress toward self correction.
Although the majority of dentalizing and retracting /s/
misarticulating children recovered fully in two years, none of the
lateralizing speakers did so, Stephens, Hoffman and Daniloff
(1986).  In each session, the children imitated a special set of

sentences which contained /s, z/ in various contexts for two trials
with intervening spontaneous speech.
They also commented upon the extent of therapy received and
the impact of their misarticulation upon their lives. All five
children received twice weekly speech therapy in grades 3, 4 and
5, and four similarly in grade 6. Two children were monitored
throughout grades 7 and 8.

2.2 Methods of Spectral Analysis. Recorded samples of the
lateralized /s/ stimuli were digitized at 22.4 KHz on a
SoundScope 16 single channel spectrum analyzer. 21 coefficient
LPC spectra with low smoothing were computed at the midpoint
of the /s/ friction noise.  The /s/ spectrum files were then
subjected to statistical analysis, computing the MEAN (center of
gravity), STANDARD DEVIATION, SKEWNESS (SK) AND
KURTOSIS (KU) of the spectra.

Similar samples taken from the imitated sentences
produced by two normally speaking children and two normally
speaking young adults (six samples for each of six contexts) were
analyzed. These data  served as the basis of comparison of
normals versus the  lateralizing speakers.

In addition, four measures based upon experimenter
rating of the extent to which the LPC spectra resembled ideal
normal /s/ spectra for children and adults, Stevens (1998), were
made. They  consisted of:  1) Number of Peaks(NP) in the 4-8
kHz range, 2) Frequency of Peaks(FP) in the 4-5.5 and 6-8 KHz
regions,   3) Spectral Fill (F) in the 0-3000 Hz region and, 4)
Spectral Bandwidth- the degree to which the power spectrum was
concentrated in the 3.5-8.5 KHz region. Three-point rating scores
ranged from two (close match) to zero (poor match). Inter-rater
reliability for measures of 60 spectra from the five subjects was a
composite of 90% average agreement as to exact rating.

2.3. Statistical Analysis. The LPC spectral data were entered
into series of two way analyses of variance with repetitions ( 3 )
as the source of the  error variance term, and time of testing, and
contexts as the within subjects terms. The rating measures were
subject to similar analyses of variance, and post hoc testing was
used to assess sources of significance.

3. RESULTS
3.1 Individual Results. Mean acoustic measures are shown for
all subjects in Table 1. Spectral Fill (F) and Spectral Bandwidth
(BW)  scores declined significantly over time for S1 [F(1,2)=27,
and 25, respectively, p<.05].  The Center of Gravity (CG)
measure declined significantly over time for S2 [F(1,2)=67.2,
p<.05].  Number of peaks (NP), Frequency of Peaks (FP),  F,
and BW scores all increased over time for S4 [F(1,2)=51.57, 400,
28, and 240.25, respectively].  NP, F, and BW scores increased
significantly over time for S5 [F(1,2)=75, 400, and 21.05,
respectively].  Data from S3 showed trends of improved scores
over time in NP, FP, and F measures [F(1,2)=9.31, 12, and 9.31;
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p=.09, .07, and .09, respectively].  Data from S3, S4, and S5 were
collapsed in the analyses of group results.

             CG       SD     SK  KURT      NP   FP       F        BW

s1
  Pre   3505    3813    .47   -1.22      1.17   .44     .61       1.06
           (203)   (71)     (.10)   (.12)     (.14)   (.14)   (.16)    (.20)
  Post 3186    3546    .64   -0.88      0.83   .72      .11       0.22
           (203)   (114)   (.10)   (.18)     (.17)   (.19)   (.08)    (.13)
s2
  Pre   4317    3514    .15   -1.22      0.78   .83     .11       0.11
           (168)   (83)     (.08)   (.05)     (.17)   (.20)   (.08)    (.08)
  Post 3431    3743     .47  -1.21      1.11   .89     .00       0.17
           (191)   (132)   (.07)   (.06)     (.21)   (.18)   (.00)    (.09)
s3
  Pre   4235    3387    .15   -1.22      1.17   .00     .00       0.22
           (120)   (96)     (.06)   (.06)     (.09)   (.00)   (.00)    (.10)
  Post 4618    3576     .17   -1.02     0.78   .33     .61       1.28
           (255)   (924)   (.12)   (.20)     (.17)   (.11)   (.16)    (.49)
s4
  Pre   4142    3526    .22   -1.22      0.28   .06     .06       0.11
           (207)   (75)     (.08)   (.06)     (.11)   (.06)   (.06)    (.08)
  Post 3556    3346     .34   -1.25     1.33  1.17     .83       1.83
           (214)   (95)     (.08)   (.07)     (.16)   (.14)   (.14)    (.12)
s5
  Pre   3245    3348    .52   -1.04      0.78   .50     .56       0.78
           (261)   (120)   (.11)   (.15)    (.17)   (.14)   (.14)    (.19)
  Post 3705    3359    .33    -1.19      1.61   1.22   1.67     1.89
           (192)   (90)     (.07)   (.06)    (.12)   (.13)   (.11)    (.08)
Mean
  Pre   3889    3518    .30   -1.18      0.63   .37     .27       0.46
           (98)     (43)    (.04)   (.04)     (.07)   (.07)   (.05)    (.07)
  Post 3699    3513     .39   -1.11     1.13    .87     .64      1.08
           (106)   (49)    (.04)   (.06)     (.08)   (.08)   (.08)    (.13)

Table 1. Means and SEM’s of acoustic measures.

Spectral rating results for all five subjects are presented in figure
one together with the average score from two normal adults and
two normal children as controls (CTRL).

Figure 1. Overall rating scores (%) for test subjects and controls.

3.2 Group Results.  NP, F, and BW scores improved
significantly over time for S3-5 combined [F(1,2)=42.19, 32.14,
and 36.84, respectively, p<.05].  The average scores for the three
subjects are presented in figure two.

Figure 2. Average SK, KU, NP, FP, F, and BW scores for S3-S5.

Spectral rating results for all five subjects as a group also showed
no significant change over time [t(4)=1.94, p>.05].  When data
from S3, S4 and S5 were analyzed as a group, a significant
increase was found over time [t(2)=4.91, p<.05].  Figure three
shows average percent perfect “2" rating results for three and five
subjects during pretest and posttest.

Figure 3. Average overall rating scores (%) for 3 and 5 subjects.
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DISCUSSION
The results of this study demonstrate that the first four  moments
of the noise spectrum for disordered /s/ do not offer a useful way
to differentiate between /s/ fricatives with various degrees of
lateralization. The Mean, Standard Deviation, Skewness and
Kurtosis do not present a pattern of change which resembles the
change in the rating measurements of spectral fitness which do
show a strong pattern of developmental change. Inspection of  the
mean values of the spectral measures for the lateralizers and
averages of 40 measures of spectral parameters from the speech
of a normal adult and child reveal minor differences. In other
words, Moments 1-4 of the LPC power spectrum are
insufficiently sensitive to variations in laterality evident to the
speech pathologists who tested the older group of subjects.

On the other hand, spectral “fitness” estimates derived
from studies of adult and child /s/ spectra, see Stevens (1998): 1)
spectra which present  two substantial peaks in the   2)  4 - 8 KHz
region, with  3)  little spectral fill or strong peaks below 4KHz,
and  4)  a -10 dB  power spectrum bandwidth centered in the 3.5 -
9 KHz region, revealed a developmental increase of spectral
fitness, and  reduction of spectral cues which support the
perception of  lateralization. This trend was significant in three
subjects, nonsignificant in one, and revealed significantly
decreased fitness in a fifth subject. One subject ‘s fitness
measures rose within 10% of the average fitness measures for
normal adult /s/ spectra.

It is noteworthy that up to five years of speech therapy
failed to resolve the misarticulation of four, while one subject
worsened. The improvement in four of the subjects can be traced
either to therapy, to maturation, or some combination of both
factors.
Suffice to say,  all of the high school students intimated that they
were adversely affected by their persistent, highly audible
misarticulation.  It is the opinion of the present authors that
school authorities should strive to identify children who lateralize
/s/ as early as their third  or fourth year of age, and provide
intensive speech therapy which could be supplemented with more
heroic measures such as palatography if the problem does not
resolve by the 1st or 2nd grade.

As was  mentioned previously,  Dent. et al.(ibid).
Gibbon and Hardcastle, (ibid), Howard (ibid) and Fletcher (1989)
have commented upon the usefulness of visual/auditory
biofeedback from a palatograph in remedying lateralization, even
for the older children such as were reported on by McNutt (ibid).
However, Schuckers ( see  Stevens, Lu,  Kahvazadeh, Krueger,
Kao, Daniloff and Schuckers
( this volume )) has reported  success with primary school
children in resolving lateral  /s/ misarticulation by using selected
phonetic contexts properly monitored to enhance adoption of
central rather than lateral grooving of the tongue. In the present
authors’ opinion, the lateral /s/ relies on a relaxed, almost flaccid
posture of the tongue blade which readily coproduces with
adjacent consonants made on or near the alveolar ridge. It
therefore is imperative that treatment seek to establish
less flaccid positioning of the tongue blade for /s/ and adjacent
consonants as an antecedent step in establishing a centrally
grooved tongue.

The acoustic results of this study more successfully
illuminate the differences between normal and lateral /s/ spectra
than  results reported by Daniloff, Wilcox and Stephens (1980),

probably because of the completeness of the sample, the use of
template measurement of spectral “fitness” and the use of LPC
analysis to generate spectra. Our data demonstrated that low
frequency spectral fill and low frequency peaks abounded along
with shifted, absent, and on occasion, extra peaks in the expected
region of highest spectral power.Our impression of the variability
of the lateralized spectra suggest that a variety of oral slit and
resonating tube dimensions are responsible for the variable
spectral patterns observed. That is, there are a number of
differing tract configurations for lateralized /s/ attributable to
variable  oral and labial channel configurations.
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ABSTRACT

Dysphagia refers to disorders of any stage of swallowing as a
result of any one or more underlying pathologies [7], among
them difficulties using the oral and/or pharyngeal musculature.
Currently, the initial step in the diagnostic process is the
Clinical Examination of Swallowing (CES), a non-instrumen-
tal bedside examination, which may then be followed by an in-
strumental examination. Dysphagia, dysarthria, and/or apraxia
frequently coexist. We are reporting formant frequency
measures and listener identifications of vowels of dysphagic
persons with varying severity of dysarthria. Taken together,
these may lead to improved understanding of the relation
between acoustical variation, articulation disturbance, and the
likelihood of developing dysphagia, toward the development
of a non-invasive acoustically based predictor or screening
tool for dysphagia.

1. INTRODUCTION
This paper presents preliminary results of a study of the
acoustical effects of dysphagia, a disorder of swallowing that
affects 6 to 10 million Americans [3]. Normal swallowing
consists of four distinct stages: the oral preparatory phase, the
oral phase, the pharyngeal phase, and the esophageal phase
[16]. Any or all phases may be dysfunctional; the severity of
dysphagia may range from mild to life threatening [8]. When
dysphagia results from a neurological disorder, motor and
sensory functions of the oral and pharyngeal mechanisms
involved in swallowing are impaired [1]. In addition, neuro-
logically based dysphagias are often accompanied by dysar-
thria or apraxiaÑthat is, speech disorders having a
physiological etiology (e.g., [5, 16, 21]).

The data from this larger study should lead to a better
understanding of speech acoustics and, eventually, to the pos-
sible development of a non-invasive screening tool for dys-
phagia. We anticipate, at least, that in limiting oneÕs ability
to constrict the pharyngeal cavity, the range of F1 and F2
frequencies across the vowels will be reduced.

2. METHODS
2.1. Subjects
The six subjects whose data are reported here were residents of
a nursing home in New York City. Each was competent to give
her/his own informed consent. All subjects were natives of
New York City and speakers of American English. All were
diagnosed as having dysarthria and dysphagia, the former with
the Frenchay Dysarthria Assessment [6], and the latter with a
CES and FEES¨ (Fiberoptic Endoscopic Evaluation of
Swallowing) [14].

2.1.1. Subject 1. At the time of recording, S1 was an 85-
year-old male who had a history of an epidural hematoma,
spinal cord injury, and right occipital lobe infarction. His
oropharyngeal dysphagia was mild-to-moderate for liquids and
moderate-to-severe for solids. He had a mild flaccid dysarthria.

2.1.2. Subject 2. At the time of recording, S2 was an 87-
year-old female who had a history of a left CVA with right

hemiparesis. She had mild oropharyngeal dysphagia for solids
and liquids. She had a mild flaccid dysarthria.

2.1.3. Subject 3. At the time of recording, S3 was an 86-
year-old male who had a history of a brainstem infarction and
had a history of esophageal stenosis. His oropharyngeal
dysphagia was moderate for solids and moderate-to-severe for
liquids, with greater pharyngeal than oral phase severity. He
had mild flaccid dysarthria.

2.1.4. Subject 4. At the time of recording, S4 was an 82-
year-old male with spinocerebellar degeneration. His mild-to-
moderate oropharyngeal dysphagia for both solids and liquids.
He had moderate ataxic dysarthria.

2.1.5. Subject 5. At the time of recording, S5 was an 83-
year-old female who had a history of a left CVA. Her
oropharyngeal dysphagia was mild for both solids and liquids.
She had a mild flaccid dysarthria.

2.1.6. Subject 6 .  At the time of recording, S6 was a 66-
year-old female who had a history of a left subdural hematoma.
She had mild-to-moderate pharyngeal phase dysphagia. She
had a mild mixed dysarthria.

2.2. Speech Tasks
Each subject produced at least 10 repetitions of each of 10
monosyllabic English words (heed, hid, head, had, hod, hawed,
hood, whoÕd, hud, and heard) in random order. Recordings were
made with a Marantz PMD 220 cassette tape recorder in a quiet
room at the nursing home facility.

2.3. Data Analysis
2.3.1. Vowel Ident i f icat ion.  Listening tapes of all
tokens of each subjectÕs productions were prepared for listener
identification (10 tokens of 10 words; where 11 tokens had
been produced, only the first 10 were used). They were pre-
sented to 28 listeners, all graduate students of Speech-Lan-
guage Pathology, in a large classroom.

2.3.2. Acoustic Analysis. The recordings were digitized
using SoundEdit 16 software on a Power Macintosh 8600/300
computer. Vowel duration and F1 and F2 frequency
measurements were made using Signalyze 2.47 software.
Whenever possible, measurements were made of 10 tokens, (in
7 cases, it was possible to measure only 9 tokens; in 2 cases, a
subject produced 11 tokens of a word).

Waveforms and synchronized spectrograms were
displayed on a time scale in which 1 pixel represented 1ms. An
8ms/125Hz or wider filter setting was used for spectral analy-
sis. Spectrograms and spectra were displayed on a 0-4000Hz
scale. Formant frequencies were measured near the vowel mid-
point, and formant transitions for /d/ and any regions of diph-
thongal offglides (especially for /�/) were avoided. Vowel dura-
tions were measured on the spectrographic display from the
beginning of glottal pulsing following /h/ to the end of F2 and
higher formant frequency energy (i.e., at the /d/ closure). F1
and F2 frequencies were measured for each token (attempts were
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measured and actual position the measuring error of each
measuring device was determined in a circle with the diameter
80 mm and a zone around this circle with the diameter 80-120
mm.

3. RESULTS
The new system is capable of recording the movement of the
receiver coils in the sagittal plane as well as torsions with a
measuring rate up to 1 kHz for each of the 10 measuring
channels. For the first time torsion and measuring errors due to
the turning of the sensor coils can be assessed and corrected
because of the separate measuring of the rotation angle. The
data can be saved without any time limit.

In the circle with a diameter of 80 mm and with a torsion
angle of 0 degree the new system showed a mean measuring
error of 0.12    +    0.10 mm in comparison to 0.26    +    0.14 mm for the

AG 100¨ (table 1, 2). In the range of  80-120 mm the
measuring error increased to 0.16    +    0.12 mm when the new
construction was used, while 0.61    +    0.23 mm were recorded

by application of the AG 100¨.
When diverting from the measuring plane increased

measuring errors were recorded for both systems. By a 20 mm
lateral deviation from the median sagittal plane the device from
T�bingen showed a difference of 0.90    +    0.10 mm on average,

while the AG 100¨ showed a difference of 2.37    +    0.14 mm.
Even more pronounced was the difference of measuring error in
both devices in the range of  80-120 mm. The mean error of the

new device was 0.92    +    0.12 mm, while of the AG 100¨ it was
three times as high with 3.31    +    0.23 mm.

In the range of 80 mm/80-120 mm a 10 degree torsion of
the receiver coil caused the new device to record a mean
measuring error of 0.28    +    0.10/0.31    +    0.13 mm in the median

sagittal plane and the AG 100¨ of  0.40    +    0.13 /0.71    +    0.21

mm, respectively. Here, too, an increased lateral deviation
caused an increase in the measuring error of both devices,

whereby the AG 100¨ always recorded the more inaccurate
values. An increased lateral deviation as well as torsion of the
receiving coil led to an overall increase of the measuring error
in both systems.

Worst case of measuring error was recorded at a lateral
deviation of 20 mm and a 30 degree torsion in the range of 80
mm/80-120 mm. There the new construction recorded 12.59    +   
0.12 mm/12.74    +    0.18 mm making the recording almost

identical to the one from the AG 100¨, which deviated by
12.27    +    0.14 mm/12.43    +    0.25 mm.

Measuring the torsion of the receiving coil was only
possible when using the newly constructed device due to the
system itself. In the following the mean evaluations of the
torsions are listed. It is shown that the measuring error was
not always the same. In the median sagittal plane at 0 degree a
torsion of 1.19    +    1.63/0.76    +    1.31 degree was evaluated in the
range of 80 mm/80-120 mm (table 3).

Without lateral deviation the measured torsion was
mostly equal to the adjusted torsion. However, with lateral
deviation of 10 and 20 mm an increased torsion resulted in a
greater measuring error. Therefore, at a lateral deviation of 20
mm and a 20 degree torsion in the range of 80 mm/80-120 mm
an only average angle of 16.35    +    0.91/14.53    +    0.76 degree was
assessed. However, the deviation decreased again at the
maximal torsion of 30 degree. In the range of 80 mm/80-120 mm
a torsion of 27.85    +    0.62/26.99    +    0.60 degree was measured
with a 20 degree lateral deviation and a 30 degree torsion.

ddddeeeevvvv iiii aaaatttt iiii oooonnnn ttttoooo rrrr ssss iiii oooonnnn mmmmeeeeaaaannnn    ((((mmmmmmmm))))    ssssttttdddd    ((((mmmmmmmm)))) mmmmeeeeaaaannnn    ((((mmmmmmmm)))) ssssttttdddd    ((((mmmmmmmm))))
((((mmmmmmmm)))) ((((ddddeeeeggggrrrreeeeeeee)))) ((((88880000    mmmmmmmm)))) ((((88880000    mmmmmmmm)))) ((((88880000----111122220000    mmmmmmmm)))) ((((88880000----111122220000    mmmmmmmm))))

0 0   0.12  0.10  0.16  0.12
10 0  0.60  0.10  0.64  0.12
20 0  0.90  0.10  0.92  0.12
0 10  0.28  0.10  0.31  0.13

10 10  1.82  0.10  1.85  0.14
20 10  4.17  0.10  4.21  0.12
0 20  0.41  0.10  0.45  0.14

10 20  3.70  0.10  3.73  0.14
20 20  8.18  0.11  8.33  0.15
0 30  0.64  0.11  0.76  0.14

10 30  5.76  0.11  5.65  0.15
20 30  12.59  0.12  12.74  0.18

Table 1: Measuring error of the new construction concerning the calculated position (mean and standarddeviation) in the zones 80
mm and 80-120 mm

page 824 ICPhS99          San Francisco



ddddeeeevvvv iiii aaaatttt iiii oooonnnn ttttoooo rrrr ssss iiii oooonnnn mmmmeeeeaaaannnn    ((((mmmmmmmm))))    ssssttttdddd    ((((mmmmmmmm)))) mmmmeeeeaaaannnn    ((((mmmmmmmm)))) ssssttttdddd    ((((mmmmmmmm))))
((((mmmmmmmm)))) ((((ddddeeeeggggrrrreeeeeeee)))) ((((88880000    mmmmmmmm)))) ((((88880000    mmmmmmmm)))) ((((88880000----111122220000    mmmmmmmm)))) ((((88880000----111122220000    mmmmmmmm))))

0 0  0.26  0.14  0.61  0.23
10 0  1.05  0.15  1.44  0.24
20 0  2.37  0.14  3.31  0.23
0 10  0.40  0.13  0.71  0.21

10 10  2.31  0.14  2.53  0.26
20 10  4.46  0.14  5.02  0.25
0 20  0.54  0.15  0.68  0.20

10 20  3.80  0.14  3.89  0.28
20 20  7.64  0.14  7.99  0.21
0 30  0.56  0.15  0.63  0.24

10 30  6.30  0.15  6.35  0.22
20 30  12.27  0.14  12.43  0.25

Table 2: Measuring error of the AG 100¨ concerning the calculated position (mean and standarddeviation) in the zones 80 mm
and 80-120 mm

ddddeeeevvvv iiii aaaatttt iiii oooonnnn ttttoooo rrrr ssss iiii oooonnnn mmmmeeeeaaaannnn    ((((ddddeeeegggg))))    ssssttttdddd    ((((ddddeeeegggg)))) mmmmeeeeaaaannnn    ((((ddddeeeegggg)))) ssssttttdddd    ((((ddddeeeegggg))))
((((mmmmmmmm)))) ((((ddddeeeeggggrrrreeeeeeee)))) ((((88880000    mmmmmmmm)))) ((((88880000    mmmmmmmm)))) ((((88880000----111122220000    mmmmmmmm)))) ((((88880000----111122220000    mmmmmmmm))))

0 0  1.19  1.63  0.76  1.31
10 0  0.00  0.00  0.00  0.00
20 0  0.00  0.00  0.00  0.00
0 10   9.86  0.96  9.92  0.76

10 10  7.86  1.28  7.01  0.87
20 10  0.00  0.00  0.00  0.00
0 20  20.59  0.45  20.61  0.42

10 20  19.69  0.44  19.35  0.30
20 20  16.35  0.91  14.53  0.76
0 30  30.72  0.25  30.89  0.34

10 30  30.10  0.25  30.09  0.33
20 30  27.85  0.62  26.99  0.60

Table 3: Calculated torsion of the new construction (mean and standarddeviation) in the zones 80 mm and 80-120 mm

4. DISCUSSION
By comparing studies about the measuring accuracy of the AG

100¨ EMA-system it has to be noted that different authors
used different calibrating procedures and that the system was
optimized by the manufacturer in recent years.

Sch�nle recorded a measuring error of 1.9 mm in the
measuring field of 8 x 14 cm [6]. The maximal deviation was
5.65 mm. In the central field of 8 x 6 cm the median deviation
was 1.29 mm. A maximal deviation of 1.4 mm was measured
with lateral deviation of 1 cm from the median sagittal plane, 2
cm away from the central calibration point. A torsion of    +    30
degree resulted in a deviation of 1.1 mm at a distance of 2 cm
from the calibration point. A combination of lateral deviation

of 1 cm and a torsion of 15 degree resulted in an error of 3.7
mm, while at 30 degree of 7.2 mm.

With an 18 degree torsion and a lateral distance of 10 mm
to the median sagittal range Engelke reported in 1994 an
absolute error of 7 mm in direction of the y-axis as well as 0.6
mm in direction of the x-axis [3].

In comparison Honda reported in 1993 a 4 mm deviation
with 10 mm displacement, 0 degree tilt, and 20 degree twist
[5].

The assessed values for the AG 100¨ of our study are
comparable with the ones of the manufacturerÕs study of
measuring accuracy, because the calibrating method was
identical [2]. The measurings were conducted in a circle of 45
mm in comparison to our central measuring field of 80 mm
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diameter. The results varied in all 5 measuring channels. The
mean error was 0.15-0.31 mm in the median sagittal plane
without torsion of coils in comparison to the values 0.26 mm
for the AG 100¨ and 0.12 mm for the device from T�bingen
measured by us.

With a lateral deviation of 10 mm without torsion
Carstens records a mean error of 0.48-1.06 mm. This is in
contrast to the values achieved by us with 1.05 mm for the AG

100¨ and 0.90 mm for the new construction.
With 20 degree torsion without lateral deviation the

manufacturer evaluated a mean measuring error of 0.15-0.25 for

the AG 100¨, while we measured 2.37 mm for the AG 100¨

and 0.90 mm for the new device.
There is no explanation as to why in this particular case

the manufacturerÕs data is in such strong contrast to our
findings up to now. It has been shown, however, that it was
useful to test both types of devices in a direct comparison,
because the studies cited in literature are only partly
comparable. This is because of different calibrating methods
used and due to different study conditions.

4. CONCLUSION
With the aid of the newly designed instrument it is possible
to record torsion of the receiving coils in the magnetic field for
the first time. Because of the continuously saved data and its
comfortable wear this measuring device provides new
possibilities for investigation of orofacial malfunctions
especially in children and adolescence. With the new
articulograph the measuring accuracy could be improved in

comparison to the Articulograph AG 100¨.

When choosing measuring points for observation it has
to be considered that especially different kinds of torsion of
coils and lateral deviation causes more and more incorrectness
in the measuring accuracy. This has to be considered or the
assessment of the marked courses of movement.
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CONTINUITY IN THE ACQUISITION OF CONSONANTS BY TODDLERS
WITH CHRONIC OTITIS MEDIA

Adele W. Miccio, Kristine M. Yont, Jackie M. Davie, and Lynne Vernon-Feagans
The Pennsylvania State University, University Park, PA, USA

ABSTRACT

This longitudinal study investigated the continuity of acquisition
of the English consonant inventory from babbling to sound-by-
sound correspondences with the adult form in 5 children with
chronic otitis media (COM). Language samples were examined
to determine consonants produced from ages 10-21 months.
Results showed that consonants in babbling were the first to
appear in quasi-words and to be used correctly relative to the
adult form.  In 4 of the children, babbling inventories contained
glides, nasals, and labial and coronal stops.  Subsequent
acquisition followed patterns reported for normal development.
One child used an atypical babbling inventory (dorsals and
glottals) in quasi-words and did not produce any real words until
age 21 months. Results of audiologic testing, pneumatic
otoscopy, and tympanometry indicated this child had the highest
mean hearing thresholds and the most bouts of otitis media.
Results suggest a relationship among COM, hearing and early
phonetic development.

1.  INTRODUCTION
Early and extensive experience with middle ear infections
(chronic otitis media, COM) has been linked to a number of
negative developmental outcomes in young children including
mild to moderate conductive hearing losses, and problems with
attention, behavior, language, and speech development [16].
Studies focusing on speech development with COM have been
less abundant and results remain confusing and contradictory.

The major hypotheses about negative effects of COM posit
that the associated fluctuating hearing loss is the causal variable
[2].  A 20 to 30 dB loss is especially hazardous in situations
where there is background noise.  Thus, infants and toddlers in
daycare may be especially vulnerable to the effects of a mild loss
because of the ambient noise environment [7].

Feagans and colleagues [5] found that nearly half of infants
in daycare had COM and demonstrated some immediate
negative effects of this early experience on attention, language,
and verbal interaction in the classroom. Feagans, Fendt, &
Farren [4] reported toddlers with COM played alone and
interacted verbally less often with peers and caregivers
compared to children without chronic problems.  Thus, children
with OM are at risk for not obtaining the auditory-verbal
experience necessary for acquiring speech normally and early
COM may predict speech problems at later ages [8, 12, 15, 18,
19].

Previous research suggests that the speech produced by
children with COM contains more frequent developmental
errors than that produced by normally developing children.

Differences in the size and diversity of babbling have been
found in comparison with those with negative histories of the
disease [11, 17].  Case studies have also reported inventories
characteristic of children with severe hearing impairments [14].
In a cross-sectional study of 138 infants with COM, Luloff,
Menyuk, & Teele [11] reported that the number of episodes of
otitis media contributed significantly to the nature of babbling
and the number of different consonants produced.  Because the
phonological characteristics of babbling are linked to early
words in normally developing children [3, 10], further attention
to early speech sound development in children with COM is
warranted.  Longitudinal studies that incorporate repeated
measures at discrete time intervals are needed to determine the
precise nature of the productions and to document their
emergence early in development.

In this paper we will expand upon previous research by
investigating longitudinally the nature of acquisition of the
English consonant inventory in 5 children with COM between
the ages of 10 and 21 months.  Inventories were examined
across babbling, quasi-words, and words with sound-by-sound
correspondence to the adult phonetic form.

2. METHOD
2.1. Participants
Participants in this study were enrolled in the Penn State Child
Development Center for a minimum of 20 hours per week. Five
children, 3 females and 2 males, with chronic otitis media were
followed longitudinally between the ages of 10 and 23 months.
Participants were monolingual English speaking children with
normal oral mechanism structure and function and no significant
medical history other than COM.

2.2. Health Status and Definition of Chronic Otitis Media
Upon identification, each  child’s health status was evaluated
weekly by a nurse practitioner.  Pneumatic otoscopy and
tympanometry were used to detect the presence of otitis media
(OM) and participants received medical treatment from the
health care provide of their choice. COM was defined as a
diagnosis of otitis media a minimum of 20% of the time in a 12-
month period or approximately 2 ½ months per year [5, 6, 23].

2.3. Hearing
Hearing was tested in a mobile van that visited the children’s
daycare center.  Children were tested when they entered the
study and at age 12 months.  In addition, children diagnosed
with OM were tested as soon as possible following the diagnosis
and received followup testing on a monthly basis until an OM
episode was resolved.  Measures included visual reinforcement
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audiometry with both ears at 250, 500, 1000, 2000, and 4000
Hz. tympanometry, and spontaneous and evoked otoacoustic
emissions.

2.4. Speech sampling
Language samples were collected in a playroom equipped with
toys chosen to elicit all English consonants a minimum of 5
times in each word position. A total of 50 30-minute
spontaneous language samples were collected approximately
every two weeks.  Speech samples were videotaped using a Sony
videocamera situated in an adjacent observation room.  The
child wore an apron equipped with a very small Countryman
Associates lavalier microphone with a flat frequency response.
The microphone was connected to a wireless Telex WT-55 Fm
transmitter sewn into a pouch on the apron and linked to an
ENG-1 FM receiver.  The audio signals were recorded onto a Hi
Fi audio channel of a videotape simultaneously with the video
signal. A student interacted with the child during 15 minutes of
free play and loosely scripted play routines with a doll including
bath-time, snack-time, and bed-time.  The final 15 minutes
involved a modified hide-and-go-seek game with the various
toys hidden about the room.

2.5. Data analysis
Language samples were transcribed using the International
Phonetic Alphabet (IPA) [9].   Consonant inventories for each
individual sample were compiled using independent analysis
[21].  To be included in the phonetic inventory, a consonant had
to be produced at least twice within a 30-minute sample.
Samples were then analyzed relationally to determine real words
and systematic correspondence to the adult form.  Individual and
group inventories were compiled of those sounds utilized in
babbling (any syllable combinations with no sound-meaning

correspondence to the adult), quasi-words (sound-meaning
correspondences unlike the adult form), and real words with
systematic sound-by-sound correspondence to the adult form
[22].  To be included in the group inventories, consonants were
required to be produced at least twice in at least two individual
inventories at a given age level.

3.  RESULTS
Across all language samples from all children, consonants in the
babbling inventory were the first to appear in quasi-words and
the first to be used correctly relative to the adult target word.
Individual analyses revealed similar patterns across inventories
of 4 of the 5 participants.  Patterns paralleled those shown by
healthy children [13, 20].  Babbling inventories contained
glides, labial and coronal stops and nasals.  First words (quasi-
words) and later correctly produced adult words also contained
these sounds.  Dorsal stops emerged at age 13 months and the
first fricative [5], affricate [V5] and liquid = N ] appeared at age 15
months.  Fricatives, affricates and consonantal [r] emerged in
final position.  As children produced more quasi-words and real
words, the new sound classes (fricatives, affricates, and liquids)
also appeared in babbled utterances.  By the age of 21 months,
all English consonants had bee produced at least one time.  The
interdentals [6 &] and labiodental [v] were produced by one
child, but as of age 21 months, had not occurred often enough to
be included in the group analysis. Although glottal stops
occurred in babbling and quasi-words, no glottal stops were
observed in real words and no glottals were produced in
correspondence to oral consonants.

Age
(mos.)

No. of
Samples

Babble Quasi-Words Real Words

10 4 O� D� F� L

11 5 O� P� D� F� L O O

12 3 O� P� D� F P O� P

13 3 O� P� R� D� V� F� M� I� Y� L� J O� R� D� V� F� M� L O� P� R� D� V� M� L� J

14 4 O� P� R� D� V� F� M� I� Y� L� !� J O� P� R� D� V� F� M� I� Y� J O� R� D� F� M� I� Y

15 4 O� P� R� D� F� M� I� 5� V5� Y� N� !� J O� P� R� D� F� M� I� 5� V5� Y� N� J O� P� R� D� V� M� I� Y� N� J

16 4 O� D� V� F� M� H� U� 5� V5� Y� N O� P� R� D� V� F� M� I� H� U� 5� V5�

F<� Y� L� N� J

O� P� R� D� V� F� M� I� H� U� F<� Y�

L� N� J

17 7 O� P� R� D� V� F� M� I� H� U� \� 5� V5�

Y� L� T� J� !

O� P� 0� R� D� V� F� M� I� U� \� 5�

Y� L� N� T� J

O� P� 0� R� D� V� F� M� I� U� \� 5�

V5�Y� L� N� T� J

18 4 O� P� R� D� V� F� M� I� Y� L� T� !� J O� P� 0� R� D� V� F� M� I� H� U� \� 5�

Y� L� T� N� !� J

O� P� 0� R� D� V� F� M� H� U� \� 5�

Y� L� N� T� J

19 4 O� P� R� D� V� F� M� I� H� U� 5� F<�

!� J

O� P� 0� R� D� V� F� M� I� H� U� \� 5� V

5� F<� Y� L� N� T� !� J

O� P� R� D� V� F� M� I� H� U� \� F<�

Y� L� N� T� J

20 4 P� R� D� F� M� 5� V5� F<� L� T O� P� R� D� V� F� M� I� H� U� \� V5� Y�

L� N� T� !� J

O� P� R� D� V� F� M� I� H� U� \� 5� V5�

Y� L� N� T� J

21 4 O� P� R� D� F� M� I� H� 5� Y� N� !� J O� P� D� F� M� H� U� 5� F<� Y� L� N� T�

!� J

O� P� R� D� V� F� M� I� H� U� 5� F<�

Y� L� N� T� J
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Table 1.  Inventory of phones produced at least twice in at least two inventories at a given age.

One child (P2), had an atypical babbling inventory
containing only dorsal and glottal stops. Although this child
produced some labial stops and coronal nasals in later samples,
dorsals and glottals were most frequent.  P2 persisted in use of
the atypical phonetic inventory as quasi-words emerged. By the
age of 21 months, P2’s phonetic inventory began to resemble
that of the other four children at about 12 months of age.  Once
the inventory contained sounds typical of younger normally
developing children, P2 began to produce real words (See Table
2).

Age
(mos.)

Babble Quasi-Words Real Words

15 I� !

16 O� P� ! !

17 O� D� F� I� !

18 O� D� F� I� N� !�

J

F� N

19 O� ! P� N

20 O� P� D� ! D� P� N

21 O� P O� P� R� D� F�

M� J

O� P� R� D� F�

M� J

Table 2.  Phonetic inventories of P2

Results of audiometric testing indicated that the child with
the atypical phonetic inventories had the highest mean
thresholds across the frequencies (See P2 in Table 3). In
addition, this child had the most bouts of otitis media and was
ill 64% of the time.  It can be seen in Table 3, that one other
participant, P6, had above average thresholds in the lower
speech frequencies.  Although this child’s phonetic inventory
was typical (i.e., stops, nasals, and glides were acquired first),
this child was delayed in the onset of meaningful speech relative
to the other 3 participants with typical phonetic inventories [24].

Child 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz
P1 10 11 14 13 15
P2 30 21 24 31 26
P3 18 12 14 13 14
P6 20 21 22 15 19
P7 20 13 11 11 10

Table 3.  Average hearing thresholds (dB)

4. CONCLUSION
Because many children experience otitis media during the first
year of life and before the onset of their first words, the nature
of the babbling inventory may reveal characteristics of speech
development that call attention to those children at risk for
delayed phonetic development and subsequent problems with
language learning.  In this longitudinal study of five children
with chronic otitis media between the ages of 10 and 21 months,

four of the five children had phonetic inventories similar to
those reported for typically developing children.  Of these, one
child, whose hearing thresholds were above average in the lower
speech frequencies, was delayed in onset of real words.  The
fifth participant, whose phonetic inventories were atypical,
presented with the highest hearing thresholds across frequencies
and had the most bouts of otitis media.

Results of this study support the hypothesis of a
relationship among the chronicity of the disease, hearing, and
phonetic development. This study supports the hypothesis that
negative sequelae result from an accumulation of risk factors
related to COM.  The nature of the babbling inventory may be a
predictor of typical vs. atypical phonetic development and
provide a way of identifying children at risk for subsequent
problems learning language.
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EFFECTS OF PARKINSONIAN SYMPTOMS ON VOICED PALATALS

Nathalie Couvreur, Marielle Bruyninckx, and Bernard Harmegnies
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ABSTRACT
In this paper, we focus on the case of palatal glides produced by ten
French-speaking parkinsonian subjects. This research is a part of a
project whose final aim is the building of a comprehensive study of the
various ways in which Parkinsonian pathologies can exert influence
on speech.

The acoustic analyzes (formants tracks in the DC-4000 Hz
range) were performed by DSP 5500 and CSL 4300 kay stations.It
revealed that the glides are characterized by alterations of the acoustic
variation during the time-course of the segment production.

1. INTRODUCTION
The Parkinson disease is a degenerative pathology of the central
nervous system and more precisely, of the motor cortex s sub-cortical
structure. The subjects are characterized by muscular rigidity, body
extremities trembling, a loss of the facial expression and/or more or
less difficulties in walking, reading, speaking, that is to say  in
whatever action that requires a high degree of muscular control.
However, the clinical pictures are quite variable; some of the subjects
showing more particularely a trembling-dominant syndrom while
others rather exibit a muscular rigidity-dominant syndrom. 

During the last decades, several papers have been devoted to the
study of the effects of Parkinson disease on voice. These speech
disorders, early classified in the dysarthrias group ([10]) have been
studied and discribed during the sixties and seventies only on the basis
of clinical observations. The findings drawn from these studies were
often characterized by an important variability among papers and led
to the use of the general term $monotonous# ([1], [7a], [7b], [7c]) or
$hypokinetical# ([8]) in order to describe the Parkisonians speech..

Since the seventies, important progress in the treatment have
resulted in improved diagnosis techniques and new conceptual
frameworks for the classification of the clinical pictures. Part of the
observed variability among papers could thus be a consequence of the
fact that Parkinsonian pathologies can now be viewed in terms of
more refined nosological categories than it was the case before ([12]).
 Since the same moment, acoustical analyzes were conducted with the
aim of building up a quantification of the clinical observations ([9],
[14], [2]). Most of these studies have focused on specific aspects of
speech  like pitch, speech rate, intensity variations but, rarely enabling
comprehensive view of the effects of the subject s state. Except some
studies ([11], [25]), all of them were conducted using English-
speaking subjects.

In this paper, we focus on the case of palatal glides produced by
 French-speaking parkinsonian subjects. Keeping in mind that
Parkinsonian symptoms are all related to alteration of ability of
controlling movements, those segments, that have received, up to
now, few attention from the searchers,  are specially interesting
because they are among the rare phonemes of French that require the
speaker producing a continuous variation of timbre during emission,
and therefore continuous movements of the supralaryngeal arti-
culators ([4], [5], [6]). In order to reveal the dynamical aspects of the

subjects  production, we will focus on the formants frequencies
evolutions in the time course of the segment production, and thereforel
analyze the productions thanks to LPC driven formants tracking. The
aim of this paper, which constitute a first, exploratory, essay in this
field, is to point out several phenomena, the characteristics of which
should be later on carefully studied. We therefore rather aim at
revealing the existence of phenomena linked to the pathology under
study than seek to describe and explain them.

2. SUBJECTS
Ten subjects (five males and five females),  from 68 to 88 years of age
 (means = 77.8)  have been selected. They were all French-speaking
and suffered from an idiopathic form of the Parkinson disease
(undergoing a Prolopa treatment). The means length of their illness
was 8.2 years. For each of them, an anamnesis has been realized in
order to describe the first symptoms and the characteristics of the
disease s evolution. They have been classified into two categories:
1.subjects presenting a trembling-dominant syndrom and subjects
presenting a muscular rigidity and akinesy-dominant clinical picture.
Summary of the subjects characteristics can be seen in table 1.

Subjects Age Sex Dominant syndrom Disease length
1 80 F        rigidity      10 years
2 68 M       trembling                   6 years
3 77 M        rigidity        9 years
4 84 M       trembling                 10 years
5 72 M        rigidity      20 years
6 88 F        rigidity     5.5 years
7 85 M        rigidity        5 years
8 76 F        rigidity        6 years
9 72 F        rigidity                   1.5 years
10 76 F       trembling        9 years

Table 1. Subjects characteristics.

3. RECORDINGS
On-site recordings of the subjects have been realized by means of  a
DAT portable unit. The microphone was allways positionned at a 15
cm-distance from the subject s lips.

4. CORPUS
The subjects were asked to produce several utterances of sequences
containing French phonemes /j/, /a/ and /u/ in various combinations.
In this paper, we only study the utterances of sequences containing the
palatal glide [j] either surrounded by two vowels [a] or by two vowels
[u].

seq. (v  + [j] + v) 1 [aja]
seq.    (v  + [j] + v) 2 [uju]

Table 2. Corpus.

The first sequence ([aja]) allowed us to test the effect of a wide
movement on the aperture axis, involving jaw while the second
sequence ([uju]) meant the starting up of a wide movement on the
anteriority-posteriority axis, without major jaw use. Besides, choosing
the same vowel at the beginning and at the end of the sequence
allowed us to test the presence of the symetry  in the movement - and

so, in the formants tracks- found in the normal subjects productions
towards the acoustical [i] and then, from the acoustical [i] ([3]), in
order to determine if the same phenomena appeared in the
Parkinsonians productions.

Because the majority of our Parkinsonians were no more able to
read written stimuli , the sequences were orally presented in isolation
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to the subjects who were asked to repeat them.

5. ANALYZES
Each [aja] and [uju] segment was digitized and first analyzed by a
Kay-4300B unit. The formants tracks were computed by LPC, and the
 so-obtained values were thereafter transmitted to a PC computer. The
tracks files were then time-normalized, by means of a specific routine,
and finally printed. These printouts constitute the input of our analyzis.

In normal, French-speaking subjects  productions, the sonagraphic
analyzes of the palatal sequences reveal systematically the presence of
a continuous formantic structure characterized by the following
sequence: 1.stable segment, corresponding to the initial vowel;
2.smooth formants variation towards the structure of a [i]-sound,
followed by a smooth variation towards the formantic structure of the
final vowel; 3. stable segment, corresponding to the final vowel.

The observation of the first and second formants tracks in
Parkinsonian subjects reveals several kinds of anomalies, relative to
normal subject s productions. These could be linked with the subject s
pathological state and therefore be considered as singular clues
contributing to setting up an acoustics-based description of the
subject s clinical picture. They are listed below:
(S1) Unexpected initial timbre: the timbre of the initial part of the
studied segment is different from the one of the expected vowel ([a]
or [u]). In subject 9 [uju], for instance, the beginning of the segment
has a 350 Hz F1 and a 1800 Hz F2, corresponding to a [y] quality in
French (see Figure 1).
(S2) Unexpected medial timbre: the formantic structure of the me-
dial part of the studied segment is not the one of a [i]-like sound. In
subject 9 [uju], for instance, the medial part of the segment has a 350
Hz F1 and a 1500 Hz F2, corresponding to a [φ] quality in French (see
Figure 1).
(S3) Unexpected final timbre: the timbre of the final part of the
studied segment is different from the one of the expected vowel ([a]
or [u]). In subject 9 [uju], for instance, the end of the segment has a
310 Hz F1 and a 1010 Hz F2, producing a timbre close to the one of
a [o] quality in French (see Figure 1).
(S4) Microvariations in F1 tracks: the LPC tracks show local
variations, notwithstanding the global tendency of the formant. In
subject 2 [aja], e.g., a sinusal component seems to be added to the
formant track overall tendency (see Figure 2).
(S5) Microvariations in F2 tracks: the LPC tracks show local
variations, notwithstanding the global tendency of the formant (cfr
supra and see Figure 2).
(S6) Variations of the rate of change during F2 ascending phase:
the rate of change varies to a large extent during the first part of the
segment. For instance, in subject 3 [uju], F2, at first, increases slowly
(from 725 Hz up to 898 Hz, i.e., a 173 Hz difference in 111 ms), and

then very quickly (from 898 Hz up to 1900 Hz, i.e., a 1002 Hz
difference in 82 ms), (see Figure 3).
(S7) Variations of the rate of change during F2 descending phase:
the rate of change varies to a large extent during the last part of the
segment. For instance, in subject 1 [uju], F2, at first,decreases quickly
(from 2679 Hz down to 1330 Hz, i.e, a 1349 Hz difference, in 125
ms), and then slowly (from 1330 Hz down to 933 Hz, i.e., a 397 Hz
difference in 125 ms), (see Figure 4).
(S8) Formant track dropout: an momentaneous accident suddenly
modifies in a dramatical way the formant track s stability or regular
variation.  In subject 4 [aja], e.g., the second formant in the [i]-like part
of the production shows two consecutive dropouts from ca. 2.2 kHz
to ca. 1.7 kHz (see Figure 5).
(S9) Disorganized formant track pattern: the formant pattern does
not show any tendency of organization.  In subject 5 [uju], e.g., no
clear the formantic can be revealed (see Figure 6).

timbre
alterations

micro
variations

rate of
change

irregu-
larity

S1 S2 S3 S4 S5 S6 S7 S8 S9

a 81

u 8 8 8

a 8 82

u 8 8 8 8

a 83

u 8 8

a 8 8 8 8 84

u 8 8 8 8 8

a 8 8 85

u 8 8 8 8

a 8 86

u 8

a 8 8 8 87

u 8 8 8 8

a 8 88

u 8 8 8

a 89

u 8

a 8 81
0

u 8

Table 3. Clinical signs (S1-S9) in the subjects  (1-10) productions.
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 Figure 1. Subject 9 [uju]
                                                                                                             
                                                                                                             

  Figure 2. Subject 2 [aja]

Figure 3. Subject 3 [uju]
Figure 4. subject 2 [aja]

Fgure 5. Subject 3 [uju]

Figure 6. Subject 5 [uju]
Major timbre alterations are  present in two subjects, i.e., subject

5 and subject 7, whose productions show either a clear vocalic
structure without any similarity with the one expected for the
segments uttered, or a complete disorganization of the pattern. These
subjects are both characterized by a severe clinical picture, with
dominant rigidity syndrom.

Subjects 4 and 9 exhibit altered initial timbre. Both are
characterized by stamping, and difficulties in initiating large body

movements.
Subjects 3, 8 and 10 show difficulties in reaching the expected

final timbre. Apart from rigidity, their clinical pictures do not reveal
striking clues of severity.

Subjects 1, 4, 6 and 8 are characterized by altered [i]-like quality
of the medial part of the segment, that can consist either in [i]-
undershoot (subject 1 and subject 4), or momentaneous breathiness.

Subjects 2 and 4 exhibit, in all their productions, microvariations

of both  formants. Subject 10 shows similar microvariation both in
[aja] and in [uju], but only in F1. Subject 5 shows occasional such
variations. It is to be pointed out, here, that the 3 subjects with
systematic manifestation of microvariations are precisely the 3 subjects

characterized by a trembling dominant syndrom.
Variations in the rate of frequency change are dominant in subject

1. They appear occasionally in subjects 2, 3, 4 and 8, essentially in the
[uju] sequences. This acoustical characteristic suggest abrupt transition
from a segment to another. This observation is well in line with the
idea of  an hyperkinetic behaviour, with weakened movement control.

Dropouts of the formantic tracks are generally associated with
medial timbre alterations, and could possibly constitute LPC artifacts
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due to breathiness.

6. CONCLUSIONS
In this paper, we have pointed out LPC-based acoustical signs in close
relationship with clinical pictures. The disorganization of the formantic
structure has been associated with severe cases having rigidity as a
dominant syndrom. Variations in the frequency rate of change tend to
appear in less severe cases of rigidity. Several local timbre alterations
seem to be linked with specific problems of movement control.
Microvariations of the formantic traces appear to be closely linked
with the trembling syndrom.

As a matter of fact, these phenomena should be more carefully
analyzed in further studies, and the question of their supposed
relationships with articulatory strategies should be adressed.

Moreover, if some acoustically-based classifications (e.g., subjects
with microvariations versus subjects without microvariations) seem to
match with nosologically-based ones (e.g. trembling versus non
trembling subjects), further research should take into account more
refined distinction between the various clinical pictures.These
considerations have led us to later develop a multidisciplinar joint
study project, involving our phonetics laboratory, a laboratory of
cognitive sciences (University of Toulouse-Le Mirail, France, [15])
and the neurology unit of university hospital (CHU Toulouse Purpan,
France), with the aim of building up a comprehensive study of the
various ways in which Parkinsonian pathologies can exert influence
on speech.
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FECHNER-WEBER LAW AND LOGISTIC LAW IN SPEECH TIMING

Tatyana Bortnik and Oleg Skljarov
St.-Petersburg Research Institute of Ear, Throat, Nose and Speech, Russia

ABSTRACT
It’s well known that categorical perception in accordance with
Fechner-Veber’s law is one of experimental bases of discrete
symbols’ existence in phonology. The categories-symbols  are
carriers of the semantic information in phonetics. We show, at
least for rhythm of phonation in speech, that the concept of
“information” appears in connection with the chaotic regime of
this rhythm.

1. INTRODUCTION
The accession to vocabulary is determined, in particular, by
large-scale duration pattern obtained by segmentation  of acoustic
speech signal in accordance with principle “Voice/Unvoice” [1].
The regularity of durations’ change in this pattern we shall name
as a “phonation’s rhythm”, or rhythm simply. This rhythm wasn’t
investigated with help of mathematical methods in phonetic
perhaps because it is regarded as a product of cognitive level of
phonetics, i.e. as a product of phonology [2]. But symbol
phonology doesn’t regard the temporal topics, in particular, the
topic of phonation rhythm in speech. Therefore this symbol
phonology doesn’t explain many facts in stuttering being the
speech temporal disorder on cognitive level of speech production.

So in our comparative researches of phonation rhythm in
normal speech and stuttering we were compelled to look for
temporal regularity in organization of this rhythm beyond the
framework of symbol phonology. As has appeared, this regularity
(and irregularity, as we shall show) is described by a recurrent
logistic law for durations’ change in phonation rhythm [3, 4, 5].

2. METHOD AND SUBJECTS
2.1. Signals
The subjects read standard text consisting of 120 syllables. At
later stages of our studies we used the spontaneous speech with
approximately the same duration also. Before the basic text each
subjects spoke the test phrase “papa, papa, papa”.

2.2.Transduction
We used dynamic microphone 82A-12 executed by Leningrad
Optical-Mechanical Factory. Performances of microphone:
frequency range is 50-12000 Hz; sensitivity on frequency 1 kHz
is 1.8 mV/Pa; space sensitivity is cardiod. The signal from
microphone was introduced (through the block of preliminary
input-output amplifiers and filters) into computer (PC Pentium-
200) on 12-digit converter AD-DA that produced digitization of
signal with frequency 10 kHz. Converter has characteristics
similar to these for Speech Lab 4300B (Kay Elemetrics).

2.3. Segmentation
The input signals were normalized on all dynamic range of
computer. After preliminary particular smoothing of signals we
determined threshold of segmentation for each individual subject

with the help of handling of test phrase. The amplitude threshold
grows gradually from zero with a rather small step so long as for
the first time six (and only six) Voice segments are occurred.  For
determination of the moment when Unvoiced segment begins we
used some parameter of temporal resolution (approximately 40
msec). If the following sample did not occur at t>40 msec, we
considered that the Voice segment was completed and Unvoice
segment began. Process of determination threshold is broken if
coefficient of segment durations’ variation did not exceed 0.5.
Then this threshold was used for automatic segmentation of the
basic signal. The comparison of results, obtained with help of our
automatic segmentation and results of hand-operated
segmentation has given satisfactory coincidence.

2.4. Subjects
Comparative studies of normal and stuttering speech were
undertaken by scrining method on speech clinic of Saint-
Petersburg Research Institute of Ear, Throat, Nose & Speech
three times in duration of each monthly course of speech therapy.
The subjects were both men and women in the age of from 17 till
50 years. Number of subjects with normal speech was 57;
number of stutterers of various degree of severity was some
hundreds.

3. RESULTS
For each subject the average duration T of Voice segments and
their coefficient of variation std (ratio of root-mean-square
deviation to average) were calculated. We divided the all
stutterers on two group. The first group was completed by
subjects who arrived on clinic for the first time. The second
group was completed by subjects who were treated by correction
method named as “prolonged speech”. The points {T, std}
corresponding to subjects from first group form the “fork”
diagram (see Figure 1a) on the plane of indicated parameters. The
points {T, std} corresponding to subjects from second group form
the third branch located above the “fork” diagram. The subjects
with normal speech are groped in the compact region on the
“fork” diagram from which the upper and lower branches are
“growing”. The upper branch corresponds to patients who were
named as “really stutterers”. The lower branch corresponds to
patients who were named as “clutterers” [6]. The third branch
(above the “stutterers”) corresponds to patients with unstable
state of “prolonged fluency speech”.

4. THEORY
The diagram as it was shown on figure 1a), is typical diagram for
non stationary self-organizing  process of  single open non
reversible system [7]. The role of parameter T in this system
plays system’s parameter controlled by external influences. The
role of coefficient of variation std plays the rate of perturbations
in this open system. The branches of “fork”
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Figure 1. The three pathological form of speech phonation rhythm at stuttering-cluttering. a). Results of interpersonal researching. b).

Results of modeling. The explanations are given in the body text.

diagram corresponds the stable “self-organizing” forms of
system’s dynamics. The upper third branch in marginal region
(on the left of the “normal” region on figure 1a) corresponds to
unstable states of the open single system. This coincidence in
location and stability properties of these two diagrams (one –
experimental one for ensemble of patients; other – theoretical for
time evolution of open system) allows us to suggest that process
of stuttering speech (and normal speech, in particular) is process
of evolution of some ergodic process. Therefore the research of
single process in time can be replaced by research with the help
of an ensemble of casually taken dynamical systems. In our case
the members of ensemble of these dynamical systems is subjects
with their individual rhythms of phonation in speech. Each
patient represents united process in different moment of its
evolution and therefore he is unique.

On the other hand it’s well known that for open system with
ergodic process there is possibility to introduce the concept of
information Kolmogorov’s entropy. This entropy is measure of
information dissipated by this system. This measure of
information can be treated as information obtained by someone at
the “reading” on one step ahead the discrete message generated
by this system [7]. Typical discrete dynamical system having
these properties and being capable to generate information and,
hence, being able to describe the phonation rhythm of  individual
patients is logistic discrete transformation with control parameter
ensuring the chaotic regime of this logistic dynamics [8].

We choose for description of phonation rhythm in normal
speech and at stuttering two logistic recurrent transformations:

(1) 
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where  0≤Tn≤1, n=1,2,3,...; the odd indexes concern to Voice
segments, and even - to Unvoice; ; r0  and r1  are  abstract
parameters of "inhibition" and "exiting" in system.  We shall

consider system (1) in two cases: normal speech ( r0 = r1) and
stuttering ( r0 ≠ r1).

Theoretical averaging (1) over durations of Voice segments
at r0 = 1,2 and r1/ r0 =0.7 gives the three model branches shown
on Figure 1b). This fact supports our idea about ergodic process
of speech production evolution.

The coefficient of correlation between durations calculated
with help of model (1) and experimental data for normal speech
(subject K.L.) and for cluttering patients (subject I.V.) are shown
in the Figure 2.

It is shown on Figure 2, that phonation rhythm in normal
speech is pure irregular (chaotic) process, but this rhythm in
cluttering speech is mixture of irregular (chaotic) process and
oscillations’ process occurred in bifurcation zone of “route to
chaos” for logistic transformation.

5. DISCUSSION
Thus comparative research of phonation rhythm in normal speech
and at stuttering has allowed to reveal an adequate mathematical
model of speech normal temporal organization. Speaking with
help of mathematical language, it is similar to expanding from
one-dimensional real axis to two-dimensional complex plane. In
another words, the temporal speech disorder (stuttering) helps to
see “construction’s seams” usually hidden in normal speech [9].

But why diagrams similar to diagram on Figure 1a) were not
seen in stuttering studies earlier, before us?   In our opinion it
happened for the following reason. At the moment it is accepted
to consider that “stuttering” and “cluttering” are different form of
fluency disorders with different etiology. The stuttering is
determined as speech fluency disorder that is characterized by
disfluencies in form of spasm abrupt speech and/or spasm
prolonged sounds as sibilant “s”. The behavior of sttuter is
characterized by fears and awareness. The cluttering as it is
usually described is a disorder of fluency marked by
monotonous, rapid, repetitive utterance with frequent telescoping
of words, unaccompanied by fears, anticipations, any sense of
difficulty with specific words or sounds or even a detailed
awareness of speaking abnormally [6].
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In 1934 Weiss advanced the hypothesis that stuttering
essentially always has its onset as a reaction of effort or struggle
for the purpose of overcoming cluttering. Therefore, the

cluttering was regarded as a primitive form of child’s speech, as
sort of relatively simple repetitions.
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Figure 2. The comparison of profiles for coefficient of correlation between model (1) and experimental data on the material of first
syntagma of standard text. The solid curve accordance to speech phonation of subject with normal speech (K.L.). On the picture it is
shown sharp peak of correlation to the right of the vertical line (chaotic zone of “route to chaos” for logistic dynamics). The dash line

corresponds the speech phonation of cluttering subject (I.V.). It is shown additional peak of correlation to the left of vertical line
(bifurcation zone of “route to chaos” for logistic dynamics).

This view is in accordance with our understanding of evolution
process of speech phonation rhythm. It is possible to present that
on the some stage of evolution there was the primitive form of
speech phonation rhythm similar to cluttering rhythm. This is the
base form of speech. Then in duration of speech evolution this
rhythm form shifted to right in scenario of “route to chaos” for
logistic law, from bifurcation zone to zone of chaos (see Figures
2 and 3a). But in some cases the relict of the bifurcation peak
remands, by virtue of any reasons, in speech with its oscillations
(cluttering repetitive utterance) or even this relict peak shifts to
left in static zone, when speech has spasm abrupt disfluencies
(see Figure 3a).

Later this spasm form has become to be considered as
“stuttering” form with another etiology then etiology of
“cluttering” form. Such change of diagnosis has taken place
under influence of Langova & Moravec studies [10]. These
authors observed, in particular, that delayed auditory feedback
had a more deleterious effect on the speech of subjects regarded
as clutterers. Mainly due to similar experiments  “cluttering” has
become to be regarded as disorder of different from “stuttering”
etiology and this form is sifted by special tests in following
studies of stuttering (see, for example, [11]).

But how easily to see from our model (1) [12], the working
mode of rhythm shifts from zone of chaos to the left, in zone of
“double bifurcation” when inhibition in model become more than
exciting. In opposite, the working mode of rhythm shifts from
zone of chaos to the right, in intermittent zone of “triple
bifurcation” when exciting in the model become more than
inhibition. If to switch delayed on one rhythm’s tact (about 200
msec) auditory feedback then this feedback effects similar to
arising of “exciting” in the system (positive feedback). In terms

of scenario it looks as shift of this scenario to the left in relation
to primary one (see Figure 3b in relation to Figure 3a). On Figure
3b) zone of “triple bifurcations” is increased for presentation.
This results is in accordance with results of van der Maas et al.
[13] relating to influence of feedback on scenario of “route to
chaos” for “slow” dynamics of Hopfied’s perceptron.

On Figure 3a) the placing of static-bifurcation component in
real mix speech of stutterers is indexed by literal “S”. The pure
bifurcation component in real mix speech of clutterers is indexed
by literal “C” and pure chaotic rhythm of fluency speech is
indexed by literal “N”. It is shown (see arrows in Figures 3a and
3b) that switching of delayed auditory feedback really leads to
reduce of “stuttering” (due to transition to chaotic zone on Figure
3b). In opposite, this switching leads to “deleterious effects” for
cluttering, because zone of “double bifurcation” is replaced by
more complex zone of “triple bifurcation”. The normal speech is
replaced by mixture of chaotic and bifurcation speech alike
pseudo stuttering (Lee’s effect).

These speculations allow us to take off objections against
uniform etiology of “stuttering” and “cluttering”. Therefore there
is no necessity  to eliminate “cluttering” speech from
experimental material in research of stuttering as it is done
usually. United material for stuttering and cluttering (plus
unstable “prolonged” speech and normal speech) allows us to
establish analogy with theory of self-organizing forms of non
stationary open system and due to this analogy to use chaotic
dynamics of logistic transformation. This recurrent
transformation allows us to establish analogy between the
information in chaotic phonation rhythm and perception’s
categories (i.e., information symbols) of phenomenological
Fechner-Veber law.
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Figure 3. Dynamical rhythm’s regimes “S”, “C”, “N” depending on control “learning” parameter r in “neuron” analog of model (1).

6. CONCLUSION
The chaotic nature of phonation rhythm in normal speech is one
of possible origins of semantic information in speech. We
consider that the categories defined with help of Fechner-Veber
law (at least, for rhythm of phonation) are consequences of
chaotic nature of self-organizing speech production process.
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ABSTRACT

This experiment investigated the abilities of adults and normal
children to imitate normal, lateralized, and retracted fricatives in
CV contexts. Distribution measures derived from spectral
analyses of the fricative noise were evaluated with respect to
subject age, phonetic context and articulatory distortion. The
results revealed significant manner/place influences on fricative
production as well a trend towards less articulatory precision by
the children. Although lateral /s/ was difficult for children, their
measurable /s/ distortions were very similar to those of adults.

1. INTRODUCTION
This investigation derived from the clinical papers in this volume
by Stephens, Lu, Kao, Kahvazadeh and Daniloff [1] and
Stephens, Lu, Kahvazadeh, Krueger, Kao, Daniloff and
Schuckers [2]. Specifically, the intent of the present study was to
explore the possibility that adults are more adept than children at
producing spoken phonemes and that adults would show greater
ability to mimic the retracted and lateralized distortions of /s/
which are common errors in children's speech. McNutt [3]
observed that certain subpopulations of persistent fricative and
liquid misarticulators appeared to have perceptual problems. If
children were less adept at producing the /s/ distortions or the /s/
itself, it would support inferences that such a perceptual
challenge contributes to the context free, persisting lateralization
of /s/ remarked upon by Stephens, Hoffman and Daniloff [4].

2. METHODS
2.1 Subjects
Nine subjects participated in the study, including six normal
adults (three males and three females), and three 8-10 year-old
boys with no history of speech disorders. Audio tape recordings
were made of each subject producing 10 repetitions for each of
nine target words when cued by randomized flash cards. In
addition to normal productions of the words, "seen", "sun",
"soon", "sin", "shin", "fin", and "thin", the subjects were taught to
imitate audio recordings of the word "sin" produced with
lateralized and retracted (apical-postalveolar) /s/ (spoken by
subject six, author PH). Each subject practiced these imitations
until two experienced phoneticians judged the appropriate target
pronunciation had been achieved. All subjects learned to produce
the apical-retracted /s/ acceptably; however, while each adult
participant achieved the criterion for lateralized /s/, only one of
the three children could accomplish the task of producing a
consistent, relatively close imitation of lateral /s/.

2.2 Acoustic Analyses
The recorded tokens were low-pass filtered at 10k Hz, digitized
at 20k samples/sec and analyzed with PC-based acoustic signal
processing software that allows cut-and-paste editing with direct
comparisons of spectral, spectrographic and oscillographic signal
representations [5]. A 512-point DFT power spectrum was
calculated at the temporal midpoint of the friction noise for each
utterance. Viewing these power spectra as distributions [6], the
spectrum mean, standard deviation, skew and kurtosis for each
was calculated and these measures became the data for the study.

2.3 Statistical Analyses
2 X 9 repeated measures ANOVA's contrasting the categories of
age and. syllable context were conducted on the subject's
averages for the spcetral distribution measures.

3. RESULTS

Results for the spectrum mean, standard deviation, skew and
kurtosis analyses are plotted with respect to phonetic context
(fricative identity, vowel identity) and Age in Figures 1 through
4. Adult averages are plotted as filled circles connected by solid
lines in the graphs while child averages are plotted as filled
triangles connected by dashed lines. Although each data point for
other conditions represents all of the relevant subjects' data, note
that in each graph the datum for children's lateralized /sin/ is
based upon the mean of ten repetitions for only one child.
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Figure 1. Spectrum mean by age and context.
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3.1 Spectrum Mean
Age effects. Statistical analyses of age-based differences for
spectrum mean frequency did not reveal significant main effects
(F1, 77=0.00, p=0.952). As may be seen in Figure 1, mean values
for /s/ produced by children in four vocalic contexts averaged
about 187 Hz lower in frequency than comparable adult values.
The children's mean spectrum frequencies for /³/ were
considerably higher than those of adults, while no clear adult vs.
child differences are apparent for the non-obstruent contexts or
for the distorted /s/ productions.

Context effects.  Statistical analyses revealed a significant main
effect for the influence of phonetic context on spectrum mean
values (F8,77=7.69, p<.000). As would be expected, the trends in
Figure 1 suggest this is primarily due to the effects of articulation
differences on mean spectrum frequency for different fricatives in
the study (e.g.; /s/ vs. /³/). It is apparent that vowel context did
not influence trends in the data for normal /s/ spectrum means in
either group.

3.2 Spectrum standard deviation
Age effects. Statistical analyses of age-based differences for
spectrum standard deviation revealed significant main effects
(F1, 77=7.44, p=0.008) for this measure. As may be seen in Figure
2, the variability for non-sibilant and abnormal productions by
the children was quite comparable, on the average, to adult
values; however, children typically had somewhat higher
spectrum standard deviation values for sibilants (especially /³/).

Context effects.  Statistical analyses also revealed a significant
main effect for the influence of phonetic context on spectral
standard deviation measures (F8,77=10.46, p<0.000). As was the
case with spectrum means in Figure 1; the relatively flat traces
for /s/ across vowel contexts in Figure 2 suggest much greater
influences upon spectral standard deviation from phonetic
differences among fricatives (e.g.; /s/ vs. /³/) than from vowel
context.

3.3 Spectrum Skew Age effects. Statistical analyses of age-
based differences for spectrum skew revealed significant main
effects (F1, 77=4.23, p=0.043). Figure 3 shows that skew values
for /s/ spectra produced by children consistently undershot adult
values, with considerably smaller negative values for normally
produced /s/, and (in all save the case of /f/) considerably smaller
positive values for the other conditions.

Context effects.  The statistical analyses also showed a
significant main effect for the influence of phonetic context on
spectrum skew (F8,77=12.22, p<0.000). Figure 3 suggests
extensive effects for both consonant and vowel as well as for the
articulatory distortions.

3.3. Spectrum kurtosis effects. The statistical analyses of age-
based differences for spectrum kurtosis measures indicated
significant main effects (F1, 77=8.71, p<.0044). As may be seen in
Figure 4, mean kurtosis values for /s/ produced by children in
four vocalic contexts deviated from adult values more than did
comparisons for other fricative contexts, however children's
kurtosis values tended towards consistently smaller values than
did adults'.

0

500

1000

1500

2000

2500

3000

3500

soon sun seen sin shin fin thin sin-LAT sin-RET

Phonetic Context

D
is

tr
ib

ut
io

n 
s.

d.

Adults (6)
Children (3)

Figure 2. Spectrum standard deviation by age and context.

0

0.5

1

1.5

2

2.5

soon sun seen sin shin fin thin sin-LAT sin-RET

Phonetic Context

D
is

tr
ib

ut
io

n 
K

ur
to

si
s

Adults(6)

Children(3)

Figure 4. Spectrum kurtosis by age and context.

-0.3

-0.2

-0.1

0

0.1

0.2

0.3

soon sun seen sin shin fin thin sin-LAT* sin-RET

Phonetic Context

D
is

tr
ib

ut
io

n 
S

ke
w

Adults (6)

Children (3)

Figure 3. Spectrum skew by age and context.

page 840 ICPhS99          San Francisco



Context effects.  Statistical analyses did not reveal a significant
main effect for the influence of phonetic context on spectrum
mean values(F8,77=1.28, p=.267).

4. DISCUSSION
Results from the spectral mean analyses indicate that, for
production of normal fricatives, only /³/ suggested a major
difference in articulation between groups. Both adults and
children appeared to consistently utilize fricative slits and
resonating chambers of similar dimensions, with the slightly
higher adult mean values for /s/ utterances probably due to
narrowing of the articulatory slit or reduction of the dimensions
of the anterior resonating system [7]. Context effects in adult
productions appeared to contrast the uniform and higher means
for /s/ with the mean for /³/. For the children this /³/ vs. /s/
difference in spectrum mean is considerably less apparent. The
adult:child spectrum mean difference for lateral /s/ is hard to
interpret with only one child’s data available. Curiously, there
were no mean adult/child differences for the retracted /s/ spectra.
In terms of perceptual challenge, both groups appeared to behave
equivalently.

Spectrum standard deviation measures essentially reflect
breadth, or "resonance bandwidth", for the power spectra about
the calculated means. A perusal of Figure 2 makes it clear that
the significant results for both age and context with this measure
appear to be attributable more to the rather different effects for
/³/ than for the other conditions. For both adults and children
spectrum breadth is narrower for /³/ than in the other phonetic
contexts. In addition, the slightly higher overall values of
spectrum standard deviation for children than for adults in all
cases suggests less precise overall articulatory control for the
children. Notice also that once again, vowel context has little or
no differential effect on /s/ in /sVN/ tokens.

Skew for the fricative power spectra can be interpreted as
indicating the direction and extent of asymmetries about the
mean, or "spectral tilt". Skew is largely a product of conduit
narrowing and dimensions of resonating chambers. The more
anterior /s/ has a higher tilt than /³/ , while the nonsibilant
fricatives, and the lateralized and retracted /s/ revealed a
preponderance of lower frequency energy with a high frequency
tail on the spectral distribution. Results for the skew
measurements reflect a curious undershoot for children's
productions in comparison with those of adults. This is consistent
with possibility that children exhibited less precise overall
articulatory control of fricatives, a phenomenon for children
reported by numerous researchers [8]. That this parameter also
reflected significant differences for phonetic context was a
surprise to us; in fact, trends in Figure 3 even suggest a
possibility for vowel context effects (e.g.; "soon" vs. "sun"
differences). This parameter should be investigated in greater
detail, to determine the extent to which articulatory and
coarticulatory factors may be reflected. Notice also that for lateral
/s/ the lone child’s skew data matched the adult average, while
there was group divergence for retracted and dental fricatives.

Kurtosis for the fricative spectra reflects the "peakedness" of
the noise spectrum. The significantly greater kurtosis for adults in

all contexts except the retracted and lateral contexts suggests that
children do not produce pole amplitudes to match those of adults,
probably because of articulatory factors like slit tightness,
damping, resonating chamber characteristics, etc. The absence of
significant context effects suggests that coproductory influences
on the factors determining kurtosis are minimal in both groups.
Note that for the retracted and lateral productions, both groups
behaved alike, suggesting that the relatively larger and more open
constrictions for these two misarticulated fricatives [9], attenuates
the influence of parameters controlling kurtosis.

       The adult child differences in imitated fricatives revealed
three significant age and three significant context differences.
Except for SKEW, there was little evidence for vowel context
effects on /s/ for either group, supporting the conclusions of
Stephens et al. [1] for lateralizing children. Children produced
more variable sibilant fricative spectra, less skewed fricative
spectra except for /f/, and less peaked fricative spectra except for
lateral and retracted /s/. In fact, lateral and retracted spectra
probably differed less than any other contrasting single or group
comparison among fricatives. The most parsimonious
explanation to be offered is that typical adult-child differences in
fricative production are fairly small, and probably arise from
youthful imprecision of articulatory gesturing; in particular,
children's sibilant fricatives appear to be produced with greater
variability and less tight constrictions than is the case for adults.
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