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1.1 Studies of the Acoustics,
Perception, and Modeling of Speech
Sounds

1.1.1 Glottal Characteristics of Male
Speakers

The configuration of the vocal folds during the pro-
duction of both normal and disordered speech has
an influence on the voicing source waveform and,
thus, affects perceived voice quality. Voice quality
contains both linguistic and nonlinguistic information
which listeners utilize in their efforts to understand
spoken language and to recognize speakers. In
clinical settings, voice quality also relays information
about the health of the voice-production mech-
anism. The ability to glean voice quality from
speech waveforms has implications for computer-
based speech recognition, speaker recognition, and
speech synthesis and may be of value for diagnosis
or treatment in clinical settings.

Theoretical models have been used to predict how
changes in vocal-fold configuration are manifested
in the output speech waveform. In previous work,
we used acoustic-based methods to study vari-
ations in vocal-fold configuration among female
speakers (nondisordered). We found a good corre-
lation among the acoustic parameters and percep-

16 Under subcontract to Boston University.

tions of breathy voice. Preliminary evidence
gathered from fiberscopic images of the vocal folds
during phonation suggest that these acoustic mea-
sures may be useful for categorizing the female
speakers by vocal-fold configuration. Currently, that
work is being extended to male speakers (also non-
disordered). Because male speakers are less likely
than female speakers to have posterior glottal
openings during phonation, we expect to find less
parameter variation among male speakers, in addi-
tion to significant differences in mean values, when
compared with the female results. The data col-
lected thus far are consistent with the theoretical
models. Males tend to have lower average values
of the acoustic parameters than female speakers.
Although there are individual differences among the
male speakers, the variation is smaller than that
among female speakers. Voicing-source character-
istics may play a role in the perception of gender.

1.1.2 Vowel Amplitude Variation During
Sentence Production

During the production of a sentence, there are sig-
nificant changes in the amplitudes of the vowels
and in the spectrum of the glottal source,
depending on the degree of prominence that is
placed on each syllable. The sources of such vari-
ations are of interest for the development of models
of speech production, for articulatory synthesis, and
for the design of methods for accounting for vari-
ability in speech recognition systems. These
sources include changes in subglottal pressure, fun-
damental frequency, vocal-tract losses, and voicing-
source spectral tilt. Through a study of both the
acoustic sound pressure signal and estimates of
subglottal pressure from oral pressure signals, we
have examined some of the sources of variation in
vowel amplitude and spectrum during sentence pro-
duction.

We have found that there are individual differences,
and perhaps gender differences, in the relationship
between subglottal pressure and sound pressure
level, and in the degree of vowel amplitude contrast
between different types of syllables. Such differ-
ences may contribute to the perception of a speak-
er's individuality of gender. However, an overall
trend can also be noted and may be useful for

17 Under subcontract to Stanford Research Institute (SRI) Project ECU 5652.

18 U.S.-India Cooperative Science Program.
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speech synthesis: Subglottal pressure can be used
to control vowel amplitude at sentence-level and
main prominences (i.e., phrasal stress), but vowel
amplitude of reduced and non-nuclear full vowels
may be manipulated by adjustment of vocal-fold
configuration.

1.1.3 The Perception of Vowel Quality

Vowel quality varies continuously in the acoustic
realization of words in connected speech. In recent
years, it has been claimed that vowel quality drives
lexical segmentation. According to this view lis-
teners posit a word boundary before all unreduced
syllables. Moreover, it has been suggested that
these unreduced syllables are  perceived
categorically. To address this claim, synthetic
speech continua were generated between schwa
and four unreduced vowels [i], [ei], [0}, and [I] by
manipulating the values of F1, F2, and F3. Identifi-
cation studies employing these continua have pro-
vided mixed evidence for a clear categorical
function for vowel quality classification. However,
analysis of reaction time (RT) data collected during
this task suggests that the perception of tokens that
lie between categories requires additional pro-
cessing effort. It might be concluded, then, that this
classification is not automatic. Analysis of discrimi-
nation data using these continua shows a peak in
discrimination sensitivity at identification boundaries
that is consistent with categorical perception. RT
data from this task also show a peak in the amount
of effort needed to make discriminations of tokens
near the classification boundary. Additional studies
are planned to determine if vowel quality perception
still appears categorical in the perception of con-
nected speech when processing resources may be
limited by the competing demands of continuous
word recognition and sentence processing.

1.1.4 Comparison of Acoustic
Characteristics of Speech Sounds
Produced by Speakers Over a 30-year
Period

In collaboration with Dr. Arthur House of the Insti-
tute for Defense Analysis in Princeton, New Jersey,
we have been analyzing speech recorded by three
adult males on two occasions 30 years apart (1960
and 1990). The speech materials were the same
for the two sessions. They consisted of a large
number of bisyllabic utterances of the form the /ha’
C,VC,/. The consonants C, and C, were usually
the same, and included all the consonants of Amer-
ican English; the utterances contained 12 different
vowels V. Almost all combinations of consonants
and vowels were included.
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A number of acoustic measures were made on
these utterances, such as formant frequencies, fun-
damental frequency, properties relating to glottal
source characteristics and to nasalization, spectra
of sounds produced with turbulence noise, and
duration characteristics. Many of these measures
showed little or no changes for any of the speakers
over the 30-year period. These included vowel
formant frequencies, fundamental frequency, vowel
and consonant durations, and characteristics of
nasal vowels and consonants. In some cases,
these changes were significant, but they were
small. For example, there was an upward shift in
fundamental frequency for all speakers, ranging
from 3 to 9 Hz on average.

There were significant differences in the downward
tilt of the spectrum of the glottal souce for two of
the speakers, as measured by the spectrum ampli-
tude in the third-formant region relative to the ampli-
tude of the first harmonic. The change in this
measure was 15-20 dB for these speakers. In one
speaker, this change was accompanied by a 6 dB
reduction (on average) in the amplitude of the first-
formant (F1) prominence, indicating an increased
F1 bandwidth due to incomplete glottal closure.
These changes in the glottal spectrum resulted in
modifications in the long-term average spectrum of
the speech. All speakers showed a reduction in the
spectrum of aspiration noise at high frequencies,
and for one speaker there was a reduction in high
frequency energy for strident fricatives.

1.1.5 Formant Regions and Relational
Perception of Stop Consonants

Listeners are quite adept at restoring speech seg-
ments that have been obliterated by noise. For
example, if in running speech the /3/ in "ship" is
replaced by noise, listeners report hearing "ship"
even though the acoustic cues for /8/ are not
present. The current set of experiments investi-
gates whether listeners can restore the first formant
(F1) in stimuli where F1 is missing, based on the
information present in the rest of the formant struc-
ture. Does the listener substitute a default value for
F1 or treat the second formant (F2) as the effective
"F1?

Subjects were asked to identify synthetic
consonant-vowel (CV) stimuli where F1 had a tran-
sition that rose into the vowel, had a flat transition,
or was absent. For rising F1 transitions, listeners
heard /ba/ or /da/ depending on the F2 transition,
and stimuli with a flat F1 transition were heard as
/a/. For stimuli where F1 was absent and F2 had a
rising transition, listeners perceived either /ba/ or
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/da/ depending on the F3 transition; and for stimuli
with F1 absent and a flat F2 transition, listeners
perceived /a/. This experiment suggests that F2 is
perceived as "F1" when F1 is missing. A second
experiment tried to determine if there is a frequency
limit to listeners' treatment of F2 as "F1" by varying
F2 in the missing F1 stimulus. The results from the
second experiment imply that listeners treat F2 as
"F1" when F2 is below approximately 1350 Hz, but
treat F2 as "F2" for F2 greater than 1350 Hz.

The results from these experiments suggest that
there is a region where listeners expect F1 to exist,
and they will perceive "F1" within this region even
for unusually high values of "F1". Thus, for stimuli
with missing F1, listeners treat F2 as "F1" up to
1350 Hz. However, once F2 crosses this boundary,
listeners treat F2 as "F2", suggesting an implicit
value for "F1".

1.1.6 MEG Studies of Vowel Processing in
Auditory Cortex

We are collaborating with researchers at MIT and
the University of California at San Francisco in a
brain imaging study to determine which attributes of
vowels give rise to distinctive responses in auditory
cortex. The technique that is employed is magneto-
encephalography (MEG), a method that uses
passive, non-invasive measurements of magnetic
fields outside the head to infer the localization and
timing of neural activity in the brain. One measure
derived from MEG is the M100 latency—the first
peak in the magnetic activity after the onset of the
stimulus, which usually occurs near 100 ms. Pre-
vious studies using three-formant vowels showed
that the M100 latency varied as a function of vowel
identity and is not correlated with the fundamental
frequency (FO).

To simplify the issue of which components influence
the M100 latency, this experiment studied the M100
latency for single-formant synthetic vowels, /a/ and
/u/, for both a male FO (100 Hz) and a female FO
(170 Hz). The single formant corresponds to F1.
This M100 latency was compared to the latency
determined for the three-formant vowels and to the
latency for two-tone complexes that matched FO
and F1 in the single formant vowels. The latencies
across the three conditions showed similar trends.
The latency varied with F1 (or the tone corre-
sponding to F1) and not FO (or the tone corre-
sponding to FO). The similarity to the three-formant
stimuli suggests that the most prominent formant,
F1, is the primary cause of the M100 latency.
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1.1.7 Synthesis of Hindi

In collaboration with Dr. Shyam Agrawal, of the
Central Electronics Engineering Research Institute
of New Delhi, India, we have initiated a project on
speech synthesis of Hindi. The aim of the New
Delhi group is to develop a rule-based system for
the synthesis of Hindi. As one component of this
work, we have synthesized examples of voiced and
voiceless aspirated consonants in Hindi. In order to
achieve natural-sounding aspiration noise for Hindi,
it was necessary to modify the spectrum of the
aspiration noise in the Klatt synthesizer to enhance
the amount of low-frequency energy in the aspi-
ration source.

1.2 Speech Production Planning and
Prosody

Our work in speech production planning focuses on
the role of prosodic structure in constraining pho-
netic and phonological modification processes and
speech error patterns in American English. The
development of labelling systems and of extensive
labelled databases of speech and of speech errors
provides resources for testing hypotheses about the
role of both prosodic and morpho-syntactic struc-
tures in the production planning process. This
process results in substantial differences in a given
word or segment from one utterance to another,
with changes in adjacent phonetic context, speaking
rate, intonation, phrasing, etc. An understanding of
these systematic variations, and the structures that
govern them, will not only improve our models of
human speech processing, but will also make pos-
sible more natural synthesis and improved recogni-
tion algorithms.

1.2.1 Prosodic Structure and Glottalization

Drawing on a large corpus of FM radio news
speech that we have labeled for prosodic structure
using the ToBI system, we replicated Pierrehumbert
and Talkin's (1992) finding that glottalization of
vowel-initial words was more likely at prosodically
significant locations such as the onsets of
intonational phrases and pitch accented syllables, in
a larger speech corpus with the full range of normal
phonetic and intonational contexts. Further, we
extended their finding to show that reduced-vowel
onsets are more likely to glottalize at the onset of a
Full Intonational Phrase than at the onset of an
Intermediate Intonational Phrase, providing support
for the distinction between these two constituent
levels. We also reported profound differences
among speakers both in the rate of glottalization for



word-initial vowels and in the acoustic shape pre-
ferred by each speaker.

This same labeled speech corpus also allowed us
to examine how intonational phrase structure influ-
ences the placement of optional prenuclear pitch
accents before the last (or nuclear) pitch accent of
the phrase. Earlier work showed that speakers
tend to place the first accent of a new intonational
phrase on an early syllable in late-main-stress
words, as in "The MASSachusetts instiTUtions."
More recently we found that phrase-medial accents
avoid clash with accented syllables both to the left
and to the right, demonstrating the avoidance of
left-ward clash and providing further support for the
role of intonational phrase structure in production
planning.

1.2.2 Detection and Analysis of
Laryngealized Voice Source

An algorithm for the automatic detection of
laryngealized regions, developed for German at the
University of Erlangen, has been found to perform
well for read American English speech but not for a
corpus of spontaneous telephone quality speech.
An extensive labelling effort was undertaken for the
spontaneous speech to determine the causes of
this result, which was unexpected since the algo-
rithm performed well for both read and spontaneous
band-limited German speech. The labelling has
revealed that perceived glottalization is not always
directly correlated with evidence for irregular pitch
periods in the signal in English, and we are cur-
rently exploring this paradox. The four corpora
labelled for both laryngealized voice source and
prosodic structure (i.e., read speech and sponta-
neous speech in both American English and
German) will permit us to compare the distribution
of glottalized regions with respect to prosodic struc-
ture in the two languages. Preliminary results
support earlier claims that syllable-final /p t k/ do
glottalize in spontaneous American English speech,
but not in German.

1.2.3 Development of a Transcription
System for Other Aspects of Prosody

Work by Couper-Kuhlen in the 1980s and by Fant,
Kruckenberg, and Nord in the 1990s suggests that
speech may be characterized by structure-based
manipulations of a regular rhythmic structure.
Moreover, work in the British framework of
intonational analysis in the 1950s suggests that
repeated use of simiiar FO contours is an important
aspect of the speech signalling system. We have
developed a transcription system for these two
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aspects of spoken language, along with an on-line
training tutorial, and are currently evaluating the
reliability of the transcription system across lis-
teners, as well as the relationship between these
two aspects of speech and the intonational phrase
structure and prominence patterns captured by the
ToBl labeling system. Preliminary analysis shows
that perceived rhythmic beats are often coincident
with pitch accented syllables, but not always, and
that rhythmic patterns can set up expectations that
lead the listener to perceive a beat even in a silent
region of the speech wave form.

1.2.4 Other Work

We continue to develop the MIT Digitized Speech
Error Corpus, the computer categorization system
for speech errors captured in written form, and
extensive corpora of labeled speech, including pho-
netic, syntactic and prosodic labels for the same
utterances. We published a tutorial to summarize
our examination of the evidence for prosodic struc-
ture in the acoustic-phonetic and psycholinguistic lit-
erature. This will be followed by a closer
examination of the evidence for the smaller constit-
uents in the prosodic hierarchy, such as the mora,
the syllable and the prosodic word, and the evi-
dence for rhythmic constituents such as the
Abercrombian cross-word-boundary foot.

1.3 Studies of Normal Speech
Production

1.3.1 Experimental Studies

During this year, we completed most of the data
collection, signal processing, and data extraction on
four interrelated experiments. The experiments are
designed to test hypotheses based on a model of
speech production. According to the model, the
speaker operates under a listener-oriented require-
ment to produce an intelligible signal, using a pro-
duction mechanism that has dynamical properties
that limit kinematic performance. Various strategies
are employed to produce speech under these con-
straints, including the modification of clarity by using
values of kinematic parameters that will produce
sufficiently distinctive acoustic cues, while mini-
mizing the expenditure of articulatory effort.

In the four studies, we have made kinematic and
acoustic measures on the same ten subjects using
a multiple single-subject design, and we are
obtaining intelligibility measures of the subjects'
speech from an independent group of listeners.
The four studies are: (1) The clarity constraint
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versus economy of effort: speaker strategies under
varying clarity demands; (2) clarity versus economy
of effort: the relative timing of articulatory move-
ments; (3) kinematic performance limits on speech
articulations; and (4) interarticulator coordination in
the production of acoustic/phonetic goals: a motor
equivalence strategy. In study one, speech is pro-
duced in the following conditions: normal, fast, slow,
clear, clear+fast and casual. The other studies
employ subsets of these conditions. On the basis
of previous recordings and analyses of data from
two pilot subjects, we made improvements in utter-
ance materials, recording protocols and algorithms
for data extraction.

For the eight subsequent subjects, data were col-
lected and derived from the acoustic signal and the
movements of points on the lips, tongue and
mandible, as transduced by an electromagnetic
midsagittal articulometer (EMMA) system. Spectral
and temporal measures are being extracted from
the acoustic signal, and articulatory kinematic mea-
sures (displacements, velocities, accelerations,
durations) are being extracted from the movement
signals. Measures of "effort" are being calculated
from the kinematic parameters. These measures
are being compared with each other and they wili
be compared with results of tests of intelligibility
and prototypicality of phonetic tokens. Initial results
show effects of speaking condition, articulator,
vowel, consonant manner and vowel stress. The
pattern of results differs somewhat across
speakers.

1.3.2 Physiological Modeling of Speech
Production

In order to achieve practical computation times for a
finite-element simulation of the behavior of the
tongue and for a future, more complete vocal tract
model, it will be necessary to use parallel computa-
tion. For this purpose work has been done on the
theoretical aspects of a parallel implementation. In
the resulting proposed algorithm, the tongue is split
into interconnected domains, usually containing
several finite elements, and the state variables in
each sub-domain are updated by one processor.
The continuity requirement at the boundaries
between the domains is simplified to require that
the state variables of two interfacing domains are
equal only at nodes in the interfaces. Therefore, in
theory, it is possible that different computational
methods can be used in the different domains. The
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continuity requirements are maintained by Lagrange
multipliers (one per equality constraint), whose
computation is achieved by several processors,
each acting on the nodes of one inter-domain
surface. The resulting algorithm still leaves much
to be desired, since at each time-step, interchange
of information between neighboring domains would
be required. On the other hand, this scheme
should be useful when we interface two different
models: a new finite element tongue model and a
mandible and hyoid model that is based on rigid
body movements. The latter model was imple-
mented by other researchers with whom we plan to
collaborate.

In the planned collaboration, we will combine a new
tongue model with the existing mandible/hyoid-bone
model.  For this purpose, a modified "lambda"
muscle control model has been designed for imple-
mentation as part of the tongue modeling. It is an
extension of the lambda model that was originally
designed for the control of limbs moving as rigid
bodies. While in the original lambda model there
are only two parameters describing the muscle
state, length and velocity, the corresponding vari-
ables have first to be computed for each muscle in
the tongue model. In this computation, the length
and velocity parameters are replaced by the
average stretch and stretch velocity of the muscle
that is modeled as a continuum. Both variables can
be obtained by integration over the finite elements.

In addition, progress has been made on imple-
menting an algorithm for parallel computation and
an overall plan for a new model building method.

1.3.3 Improvements in Facilities for Speech
Production Research

We have completed the refinement of facilities for
gathering articulatory movement and acoustic data.
We made further progress on a facility for per-
forming perceptual tests. In collaboration with a
radiologist from the Massachusetts Eye and Ear
Infirmary, we have developed techniques for
obtaining high-quality MRl images of the vocal tract.
We developed software to facilitate the extraction of
area function data from the MR images. We also
implemented additional algorithms for articulatory
and acoustic data extraction, and we implemented
the main component of our program for EMMA data
extraction in MATLAB, in anticipation of changing
computer hardware and software platforms.



1.4 Speech Research Relating to
Special Populations

1.4.1 Speech Production of Cochlear
Implant and Bilateral Acoustic Neuroma
(NF2) Patients

We began work on a new NIH-funded project, "The
Role of Hearing in Speech: Cochlear Implant
Users." This research is an extension of work done
previously under other funding sources. In this
initial year, we refined previously-used paradigms,
devised new sets of utterance materials, and estab-
lished new procedures for recruiting patients. We
have made four pre-implant recordings on our first
new implant patient. She has received her implant
and we will soon begin a series of post-impiant
recordings. We have also made recordings of two
normally hearing speakers. We have analyzed a
substantial part of the data from these recordings.
We also have given extensive training in techniques
for recording and data analysis to two staff
members who are new to this research.

Auditory Feedback and Variation in Sound
Pressure and Fundamental Frequency Contours
in Deafened Adults

Sound pressure level (SPL) and fundamental fre-
quency (F0) contours were obtained from four
postliingually deafened adults who received cochlear
implants and from a subject with
Neurofibromatosis-2 (NF2) whose hearing was
severely reduced following surgery to remove an
auditory-nerve tumor and insert an auditory
brainstem implant. SPL and FO contours for each
phrase in passages read before and after changes
in hearing were averaged over repeated readings
and then normalized with respect to the highest
SPL or FO value in the contour. The regularity of
each average contour was measured by calculating
differences between successive syllable means and
averaging the absolute values of these differences.
With auditory feedback made available, the
cochlear implant user with the least contour vari-
ation pre-implant showed no change, but all of the
remaining speakers produced less variable FO con-
tours and three also produced less variable SPL
contours. In complementary fashion, when the NF2
speaker had her auditory feedback severely
reduced, she produced more variable FO and SPL
contours. The results are interpreted as supporting
a dual-process theory of the role of auditory feed-
back in speech production, according to which one
role of self-hearing is to monitor transmission condi-
tions, leading the speaker to make changes in
speech "postures" (such as average sound level
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and speaking rate) aimed at maintaining intelli-
gibility.

1.4.2 Speech Respiration and Changes in
Hearing Status

We have analyzed speech respiration parameters
from complete series of longitudinal recordings of
seven of our former subjects who gained some
hearing from cochlear implants, from three NF2
patients (who experienced hearing loss), and one
control. We have also conducted an extensive
search of the literature for normative data. The
results from the implant subjects confirm our earlier
finding that parameters change toward normal with
the acquisition of some hearing. The hearing
control maintained respiratory parameter values at
about the same levels, and the NF2 patients
behaved variously. We are currently examining
changes in SPL as a potential confounding vari-
able. As part of this study, we have also processed
rate measures on all these subjects. In general,
implant users increased speaking rate post-implant,
the hearing control showed no change, and the
NF2 patients behaved variously.

1.4.3 Voice Source Analysis of Speakers
with Vocal Fold Nodules

In collaboration with Dr. Robert Hillman at the
Massachusetts Eye and Ear Infirmary, we have
been carrying out an analysis of vowels produced
by several patients with vocal-fold nodules. The
goal is to develop models that will help to interpret
the acoustic and aerodynamic observations for
these vowels, and hopefully to explain differences
in the glottal source for these patients compared
with a normal group of speakers. Previous work
has shown that nodule subjects required an
increased subglottal pressure of 4-6 dB in order to
achieve vowel sound pressure levels comparable to
those produced by normals. Other acoustic and
aerodynamic measures have shown that the ampli-
tude of the first harmonic in relation to the ampli-
tude of the first-formant peak is increased for the
nodule subjects, suggesting an increased first-
formant bandwidth and possibly an enhanced
amplitude of the first harmonic and an increased
spectrum tilt extending into the F1 region.

We have been introducing some modifications into
a conventional two-mass model of the vocal folds in
order to simulate some aspects of vocal-fold vibra-
tion for nodule subjects. Two kinds of modifications
have been attempted: changes in the coupling
stiffness between the upper and lower masses (in
an attempt to simulate the effect of the increased
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stiffness of the nodule), and an increase in the
static separation between the folds (simulating the
lack of complete closure when nodules are
present). These modifications lead to changes in
the threshold subglottal pressure needed to initiate
phonation and in the amplitude of the airflow pulses
for a given subglottal pressure. The model behavior
shows some of the attributes of the glottal source
for the subjects with nodules.

1.4.4 Preliminary Studies of Production s
and sh by Some Dysarthric Speakers

We have begun a detailed study of the fricative
consonants /s/ and /5/ produced in word-initial posi-
tion by four dysarthric speakers with different
degrees of severity. The speakers ranged in age
from 38 to 61, three have cerebral palsy and one
has cerebellar ataxia. The intelligibility of words
beginning with these sounds, measured in an
earlier study, was found to be relatively low on the
average. It was assumed that this low intelligibility
was due to improper placement and shaping of the
tongue blade against the hard palate and possibly
due to inappropriate control of the intraoral pres-
sure.

On the basis of acoustic and modeling studies for
fricatives, including our own recent research in this
area, it has been established that, for normal
speakers, the spectrum for /s/ in most phonetic
environments has a main prominence in the range
of the fourth formant or higher. The spectrum for
/8/ has a prominence in the F3 range, as well as
one or more additional prominences in the F4 range
or higher. The peak amplitudes of the spectral
prominences at F4 or higher (called Ah) and for the
F3 range (called Am) were measured for the two
fricatives that occurred in initial position for several
words. For each word, the amplitude A7 of the
spectral prominence corresponding to the first
formant in the following vowel was also measured.
This vowel amplitude was used as a reference
against which the fricative amplitude was specified.
Al these amplitudes for each utterance were
obtained by averaging the spectrum over a time
interval of about 20 ms. The differences A7-Ah and
A1-Am were then determined for each word, and
averages were calculated for the s-words and the
sh-words for each speaker. Similar data were
obtained for a normal speaker.

There appeared to be a reasonable correlation
between the word intelligibility and the acoustic
measure of "stridency” for the s-words. When the
high-frequency amplitude in the fricative is weak,
the intelligibility is low. For the sh-words there is a
similar trend for the mid-frequency amplitude, but it
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is not as regular. Other factors besides measure-
ments of the average noise spectrum shape are
clearly contributing to loss of intelligibility. These
data are preliminary in two ways: (1) the values and
ranges of the differences for a number of normal
speakers should be given rather than values for
one speaker; and (2) the data for the dysarthric
speakers are based on only a small number of
utterances.

The decreased amplitude of the frication noise for
the fricatives produced by the dysarthric speakers
probably is a consequence of incorrect placement
and shaping of the tongue blade when it is raised
toward the hard palate. Either the constriction is
not sufficiently narrow, or the tongue blade is
placed too far forward. For some utterances, there
was strong vocal-fold vibration, which caused a
strong low-frequency peak in the fricative spectrum.
in these cases, it is possible that there was insuffi-
cient intraoral pressure to cause enough turbulence
noise near the tongue-blade constriction.

1.5 Models of Lexical Representation
and Lexical Access

1.5.1 Quantitative Error Models for
Classification of Stop Consonants

The general aim of this project is to develop a
model that will identify consonantal features in
running speech. The goal is for the model to have
a performance similar to that of a human listener.
Implementation of the proposed model requires that
certain spectral and temporal measurements are
made in the vicinity of landmarks where rapid spec-
tral changes occur in the speech signal. In the
case of landmarks at stop-consonant releases,
these measurements are intended to locate spectral
peaks that represent particular vocal-tract reso-
nances, and how these resonances change with
time. In an initial experiment using a corpus of sen-
tences, a series of such measurements were made
by hand by individuals who know how to interpret
the spectra and to avoid labeling spurious spectral
prominences. The measurements were made on a
large number of stop consonants, for which the time
of release was specified in advance. A classifica-
tion system was implemented, and the number of
errors in identifying the consonants from these
hand-made measurements was relatively small.
Algorithms that were developed for making the
measurements automatically were somewhat error-
prone. However, it was possible to evaluate the
error or uncertainty in these algorithms and to
predict the difference between the classification
errors based on the two types of measurements.



This exercise has emphasized the importance of
quantifying the uncertainty in measurements of
acoustic parameters and incorporating this know-
ledge in models for classifying features.

1.5.2 ldentifying Features in Isolated
Consonant-Vowel Syllables

A test for the validity of a model for lexical access
is a comparison of the errors made by the model
with the errors made by human listeners. One rela-
tively simple way to make such a comparison is to
use consonant-vowel syllables in noise as input to a
listener or to a model that is intended to recognize
the consonants, and to compare the errors that are
made in identification of the consonant features. A
preliminary experiment of this kind has been carried
out using a set of 10 CV syllables with the conso-
nants /pt b d fsvzmn/followed by /a/. Various
levels of white noise were added to the syllables.
The syllables were processed in four ways: lis-
teners identified the consonants, spectrograms of
the syllables (with noise) were made and the con-
sonants were identified by a spectrogram reader,
the syllables were processed by an algorithm that
attempted to identify certain manner features of the
consonants (sonorant and continuant), and an HMM
recognition system was trained to recognize the
noise-free syllables.  Principal outcomes of this
work were: (1) the types of errors made by the
HMM system were quite different from those made
by listeners; (2) automatic identification of manner
features in noise showed many more errors than
listeners, indicating that improvement in manner
detection in noise is necessary; and (3) errors in
place of articulation in noise are similar for listeners
and for spectrogram reading.

1.6 Locating Glides in Running Speech

One of the initial steps in the model for lexical
access that we are proposing is a procedure for
identifying landmarks in the speech signal. These
landmarks are of three kinds: (1) points in the
speech signal where there are abrupt discontinui-
ties, representing points where consonantal con-
strictions in the vocal tract are created or released,;
(2) regions in the signal that identify vowel promi-
nences; and (3) regions in the signal where the
energy is a minimum but there are no abrupt dis-
continuities. This last type of landmark is created
by glides. An algorithm has been developed for
locating glide landmarks in speech. The algorithm
is based on locating regions in time where there are
minima in amplitude, minima in first-formant fre-
quency, and rates of change of these parameters
that are constrained to be in particular ranges. The
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overall recognition results were 88 percent for glide
detection and 91 percent for nonglide detection.

1.6.1 Enhancement Theory and Variability

In the model of lexical access that we and others
have proposed, lexical items are organized into
segments, and the segments, in turn, are specified
in terms of hierarchically arranged binary features.
Many of these features are defined in articulatory
terms. That is, each feature or group of features
specifies instructions to particular articulators. It is
understood, however, that, in addition to specifying
articulatory instructions, a feature also has acoustic
correlates, although these acoustic correlates for a
particular feature may depend on other features in
the same segment. It is further recognized that the
strength of a particular acoustic correlate that
signals the presence of a feature in a segment can
be enhanced by recruiting articulatory gestures in
addition to the one specified by the feature. That
is, more than one articulatory gesture can con-
tribute to enhancement of the acoustic contrast cor-
responding to the + or - value of a feature. (An
example is the partial lip rounding that is used to
produce the palatoalveolar /8/, presumably to
enhance the contrast with /s/}. Our view is that this
enhancing gesture (rounding in this example) is
graded, and does not have the status of a lexically
represented feature. Because enhancement can
be graded, variability can exist in the acoustic man-
ifestation of a feature, in addition to the variability
from other sources.

This enhancement process is most likely to be
brought into play for a given feature when there
exists a gesture that can indeed help to strengthen
the acoustic attribute generated by the primary
articulator receiving instructions from the feature. It
is also invoked when the acoustic differences
between competing similar segments are minimal.
We have been examining a number of enhance-
ment processes from this point of view, and we
have noted that enhancement is especially utilized
to strengthen the voiced-voiceless contrast for
obstruents, the contrast between different conso-
nants produced with the tongue blade, and the
height and front-back contrast for vowels.

1.6.2 The Special Status of Word Onsets in
Word Recognition and Segmentation

Word onsets have been hypothesized to play a crit-
ical role in word recognition and lexical segmenta-
tion in the perception of connected speech. In
order to understand why onsets appear to have this
special status, onsets were examined from the per-
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spectives of work in acoustic phonetics, phonolog-
ical theory, and behavioral studies of word
recognition. A review of research in acoustic pho-
netics suggested that onsets provide a particularly
rich source of segmental featural information due to
a constellation of articulatory and allophonic factors.
A cross-linguistic survey of phonological rules con-
ditioning featural change or deletion revealed a
striking asymmetry in which onsets are generally
insulated against change which occurs widely in
other positions. Finally a review of behavioral
research demonstrated that listeners have a lower
tolerance for the loss or alteration of word-initial
segments than for other segments in word recogni-
tion. This pattern coincides with a tendency for
sensitivity to lexical effects over the course of a
word. Together, these results suggest that onsets:
(1) provide patrticularly robust featural information;
(2) are more transparently interpretable in word
recognition than non-onsets due to their lack of
phonologically conditioned surface variation; and (3)
appear to be particularly well-suited to drive
lexically-mediated processes that facilitate the per-
ception of words when non-onset information is dif-
ficult to recover or interpret due to acoustic or
representational underspecification. In the context
of a model of segmentation in which segmentation
is accomplished as a by-product of word recogni-
tion, these observations may account for acoustic-
phonetic nature and distribution of putative cues to
word boundary.
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