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Preface

The application of quantitative modeling methods to the acoustics of speech
sound production underwent a major advance with the work of Gunnar Fant.
His book, Acoustic Theery of Speech Production, together with his continuing
work and that of his students and colleagues in the 1960s, 1970s, and 1980s,
has been a major stimulus to raising the field of acoustic phonetics toward
the level of a quantitative science. This book attempts to build on this earlier
work of Fant and others over these decades.

The aim of the book is to present atheory of speech sound generation in
the hwnan vocal system. The acoustic aspects of this theory are grounded in
arepresentation of speech sound production as the creation of sound sources
in the vocal tract and the filtering of these sources by the vocal tract airways.
The sources can be of various kinds, including the quasi-periodic laryngeal
source, noise due to turbulent airflow, and transient sounds. Since the articu-
lators move with time, the sound sources and the filtering also change with
time. Examination of the time-varying sources and filtering leads to the
observation that some aspects of the transformation from articulation to
sound are categorial. That is, the types of sound sources and the filtering of
these sources can be organized into classes. These classesare closely related
to the discrete linguistic categories or features that describe how words
appear to be stored in the memory of a speaker or listener. The theme of this
book isto explore these relations between the discrete linguistic features and
their articulatory and acoustic manifestations.

The book begins with a review of the anatomy of the speech production
system, and a discussion of some principlesrelating airflowsand pressuresin
the vocal tract. The next four chapters describe mechanismsof sound source
generation in the vocal tract, present theories of the vocal tract as an acous-
tic resonator excited by these sources, review some principles of auditory
psychophysics and auditory physiology as they may be relevant to auditory
processing of speech, and present an introduction to phonological repre-
sentations. With these five chapters as background, the remaining chapters
are devoted to a detailed examination of the vowels (chapter 6), the con-
sonants (chapters 7 to 9), and some examples of how speech sounds are
influencedby context (chapter 10).
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Uttle attention is given to the description and modeling of the production
of sounds in languages other than English. The aim is not to be complete,
even for the sounds of English, but rather to present an approach to model-
ing the production of speech sounds in general. An attempt ismade to show
that, when reasonable assumptions are made about the physiological param-
eters involved in producing a sound sequence, acoustic theory can make
predictions about the sound pattern, and these predictions agree well with
the measured pattern. A goal for the future is to extend this modeling eHorl
to a wider variety of speech events across languages, and to examine not
only the broad acoustic characteristicsof different sounds but also their vari-
ability across speakersand across contexts.

The book isintended to be useful to speech scientists, speech pathol ogists,
linguists with an interest in phonetics and phonology, psychologists who
work in areas related to speech perception and speech production, and engi-
neers who are concerned with speech processing applications. This book has
evolved from notes for a graduate course in Speech Communication at the
Massachusetts Institute of Technology. The course is taken by students in
engineering and in. a graduate program in Speech and Hearing Sciences.
Some students in linguistics, cognitive sciences, and medical engineering also
attend the course.

The writing of this book has benefited from the advice, guidance, and
research collaboration of many people. One of these was the late Dennis
Klatt, whose ideas have influenced a generation of speech researchers, partic-
ularly those concerned withspeech synthesis and speech perception. Others
were SheilaBlumstein, Gunnar Pant, Morris Halle, Arthur House, Jay Keyser,
Peter Ladefogeci Sharon Manuel, and | 0ePerkell. Interaction with these col-
leagues was always a pleasure and a learning experience. Special thanks go
to Peter Ladefoged for his comments on the entire manuscript, and for his
encouragement. This writing project was also helped significantly by com-
ments and insights of many students over the past decade or two.

Several people were involved in the details of preparing the manuscript
and the figures, and their contributions are acknowledged with thanks. | am
especially grateful for the help of Arlene Wint in preparing many drafts of
the class notes that evolved into this manuscript. | thank Marie Southwick
for her role at an earlier stage of the writing. The help of Corine Bickley and
Mark Hasegawa-Johnson in performing the calculationsfor some of the fig-
ures is gratefully acknowledged. Assistance in checking the manuscript was
provided by Marilyn Chen, leung-Yoon Choi, Aaron Maldonado, and
ArleneWint. The figureswere the expert work of Bob Priest and Rob Kas.
Many of the figures containing spectrograms and spectra were prepared
using software developed by Dennis Klatt.

Much of the research described in the book was supported by grants from
the National Institutes of Health and by fundsfrom the C. J. LeBd Foundation.
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Anatomy and Physiology of
Speech Production

1.1 COMPONENTS OF THE SPEECH PRODUCTION SYSTEM

For the purpose oof discussing sound generation, it is convenient to divide
the speech production system into three parts. (1) the system below the
larynx, (2) the larynx and its surrounding structures, and (3) the structures
and the airways above the larynx. These components of the speech produc-
tion system are illustrated schematically in figure 1.1. During speech produc-
tion, a constriction is usualy formed in the airways at the level of the vocal
folds, located within the larynx. This constricted region, which is just a few
millimeters long, is called the glottis, and it forms the dividing line between
the subglottal system and the supraglottal system. For the production of
most speech sounds, the subglottal system provides the energy in the air-
flow, and the laryngeal and supraglottal structures are responsible for the
modulation of the airflow to produce audible sound. As we shall see, the
energy for some sounds is obtained by trapping air within an enclosed space
above the larynx, and expanding or contracting the volume of this space.

In the following sections we review some of the main features of the
structures that are used for speech production. A more comprehensive treat-
ment of the anatomy and physiology of speech production can be found in a
number of books, including Dickson and Maue-Dickson (1982), Zemlin
(1988),0and others.

1.1.1 The Subglottal System

Immediately below the glottis the airway consists of a single tube, the tra-
chea, which has a cross-sectional area of about 2.5 em? and alength in the
range of 10 to 12 cm for an adult speaker. The trachea branches into two
bronchi, each with about one-half the cross-sectional area of the trachea, and
these bronchi in turn bifurcate into a series of successively smaller airways.
These airways ultimately terminate in alveolar sacs which lie within the
lungs. The lungs are contained within the chest cavity, and the lung volume
can be caused to expand and contract by increasing or decreasing the vol-
ume of the chest cavity. The vital capacity is the maximum range of lung



1 AN

Figure- 1.1 Schematic representation of the three components of the speech production

system.

E) A

volumes available to an individual, from the inspiration of a deep breath to
maximum expiration of air. The vital capacity is usually in the range of 3000
to 5000 em? in an adult. During normal breathing, the excursions in lung
volume are much less than this—usually less than 1000 cm’.

The increases and decreases in lung volume are achieved by contracting
several sets of muscles surrounding the chest cavity. The action of these
muscles is shown schematically in figure 1.2. The principal muscles of inspi-
ration are the diaphragm and the external intercostals, which fill the spaces
between the ribs. Contraction of the muscles of the diaphragm causes a low-
ering of this domelike structure, whereas contraction of the external inter-
costal muscles causes the rib cage to be raised and expanded in diameter.
When the lungs are expanded beyond their resting volume, expiratory
forces are created in part by forces arising from elastic recoil of the lungs and
surrounding structures. These expiratory forces can be augmented by con-
tracting the internal intercostal muscles (which pull the ribs downward) or
the abdominal musdles, either of which act to contract the lung volume. The
manner in which chest wall movement and abdominal movement can con-
tribute to changes in lung volume is illustrated in figure 1.2. During normal
speech production, the lungs are expanded above their resting state (func-
tional residual capacity), and the range of lung volumes that is used is in the
range of 10 to 20 percent of vital capacity, or about 500 to 1000 em® in an
adult (Hixon et al., 1973). Under these circumstances, the elastic recoil of the
lungs always contributes an expiratory force, but this force may be aug-
mented or reduced by the action of expiratory or inspiratory muscles. Situa-
tions can arise in speech in which a greater range of lung volume is used, and
in which the lung volume decreases below functional residual capacity.

Chapter 1
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Figure 1.2 Schematic representation of the methods for controlling respiration. The principal
inspiratory muscles are the external intercostals and the diaphragm. Expiratory muscies include
the internal intercostals and the abdominal muscles. (From Pickett, 1980.)

The mechanical movements of the respiratory system are controlled, in
effect, by forces that raise or lower the diaphragm, together with the ab-
dominal mass below the diaphragm, and by forces that expand and contract
the chest wall or thoracic cavity (Hixon et al, 1973, 1976; Hixon, 1987).
These forces act to change the lung volume, and this change is reflected in
an increase or decrease of pressure of the air within the lungs and, if there is
not a complete closure in the airways above the lungs, a flow of air through
the trachea and vocal tract. The decrease in lung volume during an utterance
generally occurs through combined movement of the chest wall and the
abdomen, although the relative contributions of these two components differ
from one speaker to another (Hixon et al., 1973).

This mechanoaerodynamic system can be schematized as shown in figure
1.3. The two forces can be represented as pressure sources p; for the thorax
and p, for the diaphragm. The thorax and the diaphragm (with abdominal

contents) have their respective masses M; and M, compliances C; and C,,

and resistances R; and R,. The acoustic compliance of the lung volume is C,,

and the effective acoustic resistance of the airways is R,. The values of these
physical properties vary greatly from one individual to another, but some

Anatomy and Physiology of Speech Production
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Figure 1.3 Schematization of the mechanoaerodynamic system for controlling respiratory
pressure and flow. Two pressure sources are assumed: p; for the thorax and p, for the diaphragm.
These forces give rise to an alveolar pressure p,y, and a flow U through the airways.

average values have bheen estimated (V
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1968). These estimates are as follows:

M; = 0.04gm/cm
R; = 4dyne-s/ o’
C4 = 0.09 em® /dyne

C; = 0.003 cm® /dyne

The resistance R, is highly variable, depending on the configuration of the
larynx and the structures above the glottis.

The units that are used refer to acoustic quantities of pressure, volume,
and volume velocity. Thus, for example, a compliance of 0.06 cm®/dyne for
the thorax is interpreted to mean that a pressure of 1 dyne/cm? applied to
the thorax surface causes a volume change of 0.06 cm?. (If we use units that
are more familiar to the respiratory physiologist, a pressure of about 1 em
H,O causes a volume change of 0.06 liter.) An acoustic mass M; of 0.04
gm/cm? implies that if a pressure of 1 dyne/cm? were applied to the mass of
the thorax, the rate of change of volume velocity would be 1/0.04 = 25 cm®/s
per second. The interaction of these various elements in terms of an equiva-
lent circuit is discussed in section 1.4.

During the production of an utterance consisting of a few words, the
pressure in the lungs is maintained at a value in the range of 5 to 10 em H,O
for most persons speaking at a normal level. Within the utterance, the lung
pressure may vary somewhat, depending on the emphasis to be placed on
particular words in the utterance, but the variation in pressure is generally no
more than about 30 percent from the maximum to the minimum (Ladefoged,

1968; Atkinson, 1973).

Chapter 1
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Figure 1.4 Coronal section through the larynx showing the vocal folds and the ventricular
folds, together with the thyroarytenoid muscles and cartilages surrounding the folds. (From
Dickson and Maue-Dickson, 1982.)

The surfaces of the structures that form the boundaries of the airways
respond to low-frequency forces due to airflows and pressures in these air-
ways and can influence the propagation of sound in the airways. The inter-
action between these surfaces and the time-varying aerodynamic and
acoustic forces can be described conveniently in terms of the impedance of
the surfaces. Direct measurements of the impedance of the various surfaces
of the airways are difficult to make, but some approximate data have been
reported. These data are described in section 1.1.3.7 and in chapter 3, where
we discuss the acoustic behavior of the airways above and below the glottis.

- = -y ¥
1.1.Z. The Larynx

1.1.2.1 Supporting Structures for the Vocal Folds The principal
structures in the larynx that play a direct role in the production of speech are
the vocal folds. These consist of two bands or cordlike segments of tissue
of length 1.0 to 1.5 cm (for an adult) and of overall thickness of 2 to 3 mm.
The vocal folds are arranged roughly parallel to each other in an antero-
posterior direction. Immediately above and parallel to the vocal folds are
paired secondary folds called the ventricular folds, as shown in coronal sec-
tion in figure 1.4. The widening of the airway between the two sets of folds
forms the laryngeal ventricle. The vocal and ventricular folds are supported
at either end by a configuration of several cartilages. These supporting struc-
tures can be manipulated to adjust the positions of the vocal folds so that
they are approximated (or adducted) or are separated (or abducted), leaving
a space between the vocal folds. The supporting structures can also be dis-
placed in a way that changes the vocal fold length, resulting in an increase or
decrease in the tension of the folds, and a corresponding decrease or increase
in the mass per unit length.

The supporting structures for the vocal folds are shown schematically in
figure 1.5, as well as in the coronal section of figure 1.4. Immediately above

Anatomy and Physiology of Speech Production
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Figure 1.5 Supporting structures surrounding the vocal folds. The vocal ligament is a part
of the vocal fold which is connected anteriorly to the thyroid cartilage and posteriorly to the
arytenoid cartilage. (From Dickson and Maue-Dickson, 1982.)
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cartilaginous and membranous parts of the glottis, whereas only the cartilaginous part is
abducted in (c).

the trachea there is a cartilaginous ring called the cricoid cartilage, with an
internal diameter of about 1.9 cm for an adult female and 2.4 em for an adult
male, on average (Maue, 1971). The posterior portion of this ring (the cricoid
lamina) has a greater vertical width than the anterior portion (the ericoid
arch), as figure 1.5 indicates. Mounted on the upper edges of this cricoid
cartilage on either side of the wider posterior end are two smaller cartilages
shaped roughly like tetrahedrons, called the arytenoid cartilages. These car-
tilages articulate smoothly with the upper surfaces of the cricoid cartilage
so that they can tilt from side to side and can also perform a sliding motion
along these edges over a limited distance of about 2 mm. Some of the ways
in which the arytenoid cartilages can rotate and translate are illustrated sche-
matically in figure 1.6. The vocal folds are attached to the vocal processes at
the front or anterior corners and medial margins of these arytenoid cartilages.

Lateral to the cricoid cartilage on either side is the thyroid cartilage, which
consists of two winglike structures that are connected at the midsagittal
plane at their anterior end, forming an angle of about 70 to 80 degrees, as

Chapter 1



Figure 1.7 Midsagittal view showing the rocking motion of the thyroid cartilage in relation to
the cricoid cartilage. The vocal folds are schematized by the solid and dashed straight lines.

shown in figures 1.5 and 1.6. This cartilage does not form a complete ring,
but is open at the posterior end, and vertical projections extend upward and
downward from the posterior end. The two lower projections near the inner
posterior surfaces of the wings of the thyroid cartilage articulate with the
cricoid cartilage to form the cricothyroid joint, as shown in figure 1.7, so that
these two cartilages can rotate or rock relative to one another with these
points forming the fulcrum. Figure 1.7 illustrates the rocking motion, but
some horizontal translation of the thyroid cartilage in relation to the cricoid
cartilage is also possible. The anterior ends of the vocal folds are attached to
the anterior commissure at the inner surface of the angle of the thyroid carti-
lage. The rocking or transiation motion of the thyroid cartilage in relation to
the cricoid cartilage changes the length of the vocal folds. Downward move-
ment of the anterior part of the thyroid cartilage in relation to the cricoid
cartilage causes a stretching of the vocal folds. The relation between the
relative movements of these cartilages and the length of the vocal folds can
be estimated from the dimensions of the structures (cf. Fink, 1975; Fink and
Demarest, 1978). The dimensions are such that a I-mm downward move-
ment of the anterior part of the thyroid cartilage causes the angle between
the cricoid and thyroid cartilages to decrease by 2 to 3 degrees, given the
dimensions of an adult larynx. This change in the tilt of the thyroid cartilage
causes an increase in the length of the vocal folds of about 0.5 mm, or
roughly a 3 percent increase in length. The variation in vocal fold length that
oceurs during speech production probably rarely exceeds 3 mm in an adult.
Several muscles are attached to the laryngeal cartilages, and perform the
function of changing the positions of the vocal folds and their mechanical
properties. These muscles are illustrated in figure 1.8. The cricothyroid muscle
consists of a band of muscle fibers that connects the space between the cricoid
and thyroid cartilages, as shown in the figure. Contraction of the anterior
part of this muscle causes a rotation of the thyroid cartilage in relation to

Anatomy and Physiology of Speech Production



Inferior pharyngeal

gonetnctor fnuece Cricothyrold
“muscle
Cricopharynaeal
cartllage
Epiglottls
Obl d .
trm ) External
aryteroid : ’ thyroarytenoid
muscles ' muscle
~ Cricoid

Posterior Lateral cartiage

cricoarytenoid cricoarytenoid

muscle muscle

Figure 1.8 Some of the muscles that control the position and the stiffness of the vocal folds.
(After Proctor, 1968.)

the cricoid cartilage, and, as noted above, gives rise to a lengthening and
stretching of the vocal folds. Contraction of the posterior portion can also
stretch the vocal folds, possibly through a translating motion of the thyroid
cartilage in relation to the cricoid. It has been suggested (Fujisaki, 1992) that
the translating motion in response to contraction of this more posterior
muscle causes a change in vocal fold stiffness that is slower-acting than the
change resulting from the anterior portion. (See section 1.3.2.) Two sets of
muscles are connected to the lateral and posterior surfaces of the arytenoid
cartilages, and perform the function of adducting and abducting the vocal
folds at their posterior ends. One of these, the posterior cricoarytenoid mus-
cle, forms a symmetrical pair of muscles, one on either side of the cricoid
cartilage, and is connected between the posterior surface of the cricoid carti-
lage and the muscular process of the arytenoid cartilage at the lateral projec-
tion or corner of the cartilage. Contraction of this muscle pair causes an
abduction of the vocal folds. It also tilts the arytenoid cartilages back and
tends to lengthen the vocal folds and hence to increase their stiffness. The
interarytenoid muscle is connected between the two arytenoid cartilages on
their posterior surfaces. This muscle serves to bring the arytenoids and the
posterior ends of the vocal folds together. The lateral cricoarytenoid muscle
is attached between the muscular process of the arytenoid cartilage and the
lateral surface of the cricoid cartilage. This muscle appears to serve as an
additional adductor that complements the function of the interarytenoid
muscle.
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Figure 1.9 Schematic representation of a frontal section of a human vocal fold at the midpoint
of the membranous portion, (From Hirano et al, 1981. The approximate scale at the left has been
added) '

1.1.2.2 Properties of the Vocal Folds The vocal folds themselves form
a rather complex layered structure. Lateral to the surfaces of each of the folds
is the thyroarytenoid muscle, and this has a lateral component (the lateralis)
and a medial component (the vocalis). Contraction of this muscle shortens
and thickens the vocal folds. The lateralis also serves to adduct the vocal
folds, including the ventricular folds.

Along the length of the vocal folds one can distinguish a membranous
portion, with a length of about 1.5 cm for males and 1.0 cm for females, and
a cartilaginous portion formed by the arytenoid cartilages at the posterior
end, with a length of about 0.3 em (Titze, 1989). A schematic representation
of a lateral section through the membranous portion, shown in figure 1.9,
gives the details of the layered structure of the vocal fold (Hirano, 1975).
The thickness of the various layers varies with position along the vocal
folds. The physical characteristics also vary from one layer to another, and
these physical characteristics depend on the amount of stretching that is
introduced by elongating the vocal folds.

The inner layer of the vocal fold consists of the vocalis muscle, which
forms the main body of the fold. The diameter of this muscle is roughly
2 mm. The outer layers are mucosal, and the total thickness of these layers is
about 1 mm, for both males and females (Hirano et al,, 1983). The epithelium
forms a thin outer surface, and the lamina propria constitutes an intermediate
mucosal layer. The lamina propria in turn has a layered structure. The com-
bination of the epithelium and the superficial layer of the lamina propria has
been called the cover of the vocal fold. The inner layers of the lamina propria
form a transition region between the cover and the muscle. The thickness of
the cover is largest around the midpoint of the membranous vocal fold
(average of about 0.4 mm for females and 0.5 mm for males), and is smallest
at the two ends.

Anatomy and Physiclogy of Speech Production
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Figure 1.10 [llustrating how the Young’s modulus Y = (AF/A)/(Ax/z) is defined in terms of
the displacement Ax that occurs in response to a change in force AF,

The mechanical properties of the various layers have been measured for
canine vocal folds (Kakita et al, 1981; Alipour-Haghighi and Titze, 1991).
One property of interest from the point of view of the mechanism of vocal
fold vibration is the Young’s modulus of the tissue. Young’s modulus pro-
vides an indication of the stiffness of the structure, since it is a measure of
the static pressure over a surface of the material that is necessary to cause a
specified displacement of that surface. A differential volume of the material is
shown in figure 1.10, together with the modified shape of the volume when
a change in force AF is applied to one surface, which has an area A. The
dimension of the volume in the direction of the applied force is z, and the
change in this dimension when the force is applied is Ax. Young’s modulus is
defined as

AF/A
Axfx

and it has the dimensions of dynes per square centimeter if the force is
in dynes and the area of the surface is in square centimeters. The Young's
modulus for a portion of the vocal fold can be defined with the force applied
longitudinally or with the force applied l'ransversely to the length, and these

ward alte 1\ ~ ..
va.lu.u:a vuﬂ ve dx&cu:.lu l:.\iuauuu \J. J.] ut:ullt:b a ul]]crmrlul ! uung 5 muumus,

since the applied force is a differential force that may be superimposed on a
static force.

Measurements of the differential Young’s modulus for different layers of
the tissue for a range of canine vocal folds are shown in figure 1.11. If these
data are used to model the human vocal folds, they must be considered to be
approximate only, since there are differences in structure between canine and

= - raey 2\

human vocal folds (Kurita et al 1983). As the vocal folds are elongatea, ail

the Young’s moduli increase, some more than others. In particular, the value

for the lamina propria with a transverse applied force (LT in figure 1.11)

Y= (L.1)

Chapter 1
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Figure 1.11 Range of values for differential Young’s moduli for various parts of the tissue of
the canine vocal fold. E, epithelium; LS, superficial layer of lamina propria; L, Jamina propria; M,
muscle; LT, lamina propria with transverse force. (From Kakita et al, 1981.)

increases less than the moduli based on a longitudinal applied force. As
pointed out by Kakita et al. (1981), the (longitudinal) differential Young's
moduli begin to increase rapidly when the elongation of the vocal folds

2N bn N ;mnwnnmb AAbeal cmnaciismaeenmlbo AL Ao oot C L Lo

exceeds 30 to 70 PeIcenic. Adiia measurements or €iongarion Or tn€ numan
vocal folds over a range of fundamental frequencies during singing have
been shown to be in this range (Hollein, 1983).

The cover of the vocal folds, and its outer surface, the epithelium, show a
much greater differential Young’s modulus than do the inner layers. When
the vocal folds are relatively slack, the muscle is the layer with the smallest
Young’s modulus.

From these data one can make rough estimates of the effective mechanical
mass and compliance of the human vocal folds in the relaxed condition, that
is, with essentially no elongation. From figure 1.11 we estimate the Young's
modulus of the muscle and the lamina propria for small values of elongation
(up to about 10 percent) to be about 5 x 10* dynes/em?. This value is con-
sistent with the differential Young's modulus for the canine vocal fold body
reported by Alipour-Haghighi and Titze (1991). The total thickness of the
cover and the muscle is about 2.5 mm for females and about 4 mm for males.
For a female voice, we assume that the vertical height of the glottis is about

2 mm. The mechanical compliance (per unit horizontal length) for the female

vocal fold is calculated from this value of Y and from these dimensions (from
equation [1.1]) to be about 2.5 x 10~ cm?/dyne. The effective mass of the

Anatomy and Physiology of Speech Production
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vibrating tissue canbe asswned to beabout one-half of the massof the 2.5-mm
depth of tissue. If we take the density of the tissue to be 1 gm/em?, then the
effectivemass of the vocal fold is about 0.125 x 0.2 & 0.025 gm/em. For a
male voice, the vertical length is about 0.3 am and the depth is about 0.4 cm,
so that the effectivemass per unit length is about one-half of the total mass
per unit length, that is, about 0.06 gm/em. The mechanical compliance per
unit length is about 3 x 10-> cm?/dyne. As figure 1.11 shows, these esti-
mates of mechanical compliancecan vary over afactor of 2 or more.

For a linear mass-spring system with mechanical compliance C and mass
M, the natural frequency is given by f = 1/(2rv/MC). The values of com-
pliance and effective mass estimated here lead to natural frequenciesof about
200 Hz for adult femalevocal folds and about 120 Hz for adult male vocal
folds. These values arein the expected ranges for adult speakers.

The vocal foldsare also characterized by |oss, and this |oss can be described
in terms of an effective acoustic resistance. Measurements of damping of the
vocal folds when they are vibrating freely and are not under compression
have been made by Kaneko et a. (1987). Their results show a Q of about 4
for a resonant frequency of 100 Hz, and about 7 at 200 Hz. These 6ndings
trandate into an effective resistance per unit length of the vocal folds of
about 8 dyne-s/em? for male vocal folds and about 4 dyne-s/cnr' for female
vocal folds.

As the vocal folds are elongated by, say, 20 to 30 percent, the value of Y
increases by about a factor of 2 for transverse displacements of the lamina
propria, and increases much more for the inner muscle layer, probably by a
factor of 4. These changes lead to a decrease in mechanical compliance by
a factor of about 3 and a decrease in effective mass by about 30 percent,
resulting in an increasein natural frequency by afactor of about 2. In effect,
as the vocal folds are elongated, the mechanical compliance and mass are
determined by athinner portion of the vocal fold surface.

For some conditions that occur in speech production, the vocal folds are
pressed together, so that the tissue is under compression. Application of a
force to the tissue leads to a flow of the viscous fluid within the vocal fold
through the porous and compliant solid material that. forms the body of the
fold. Mow et d. (1984) and Lee et al. (1981) discuss this process for articular
cartilage, which isexpected to have properties similar to the vocal folds. The
consequenceis that there isaviscous force that resists the applied force. This
viscous force appears to be large compared with the inertial force associated
with the mass of the structure. Thus when the vocal folds are under com-
pression it is possible to neglect the inertial force, and to characterize the
vocal fold by a mechanical compliance and a mechanical resistance. It is esti-
mated that the effective mechanical resistance per unit length of the vocal
folds when they are under compression is about 60 dyne-s/cm’ for mae
vocal folds and about 30 dyne-s/em? for female vocal folds. Much more
research is needed to obtain more adequate data on the dynamic properties
of the vocal folds when they are under compression.

Chapter 1
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A more detailed discussion of the physical properties of the vocal folds
and their relation to the mechanism of sound generation at the larynx is
given in chapter 2.

1.1.2.3 Laryngeal Structures Above the Vocal Folds Immediately
above the point on the thyroid cartilage where the anterior ends of the
vocal folds terminate, aflat cartilage-the epiglottis-is attached, as shown
in figure 1.5. This cartilage is about 3 ¢m long in a vertical direction, and
about 2 cm wide at its widest point (for an adult), and it forms an anterior
surface for the airways. The upper and lateral edges of the epiglottis are
attached by ligaments to the apexes of the arytenoid cartilages (see figure
1.8). This ligament congtitutes the upper edge of a sheet of tissue that,
together with the epiglottis, forms a cylindrically shaped tube above the
vocal folds. Thistube has alength ranging from 2 to 4 em and a diameter in
the range of 1 t0.2 am for an adult, and opens into the pharynx at its upper
end. .

Figure 1.5 shows the position of the hyoid bone, which islocated directly
above the thyroid cartilage. This bone is open at the back, and forms a par-
tial ring that surrounds the front and sides of the lower pharynx. Projections
of this bone at the posterior ends of the two sides attach through ligaments
to the upward-projecting prominenceson the thyroid cartilage. A membrane
connects the hyoid bone and the upper surface of the thyroid cartilage.

1.1.2.4 Extrinsic Laryngeal Muscles Surrounding the entire larynx
structure is the inferior pharyngeal constrictor muscle. Contraction of this
muscle appears to narrow the larynx tube and the lower pharynx, and to
contribute to narrowing the opening formed by the ventricular folds. Severa
other muscles connect between the larynx and structures external to the
larynx, and these serve to stabilize the larynx and aso can influence the
configuration of the glottis and the state of the vocal folds. The sternohyoid
and sternothyroid muscles, shown schematically in figure 1.12, attach to the
sternum below the larynx, and contraction of these musclesdraws the larynx
downward. The figure also shows the thyrohyoid muscle, which is an exten-
sion of the sternothyroid muscle in the superior direction. Various muscles
are attached between the hyoid bone and structures superior to the larynx,
particularly the stylohyoid muscle and the anterior and posterior bellies of
the digastric muscle, as described later in section 1.1.3. Contraction of these
muscles can draw the larynx upward.

Downward displacement of the larynx causesthe wide posterior surfaceof
the cricoid cartilage to slide along the cervical spine. It has been pointed out
by Honda et al. (1993) that the curvature of the cervical spinein this region
causes the anterior surface of the cricoid cartilage to tilt forward as this
downward movement occurs. The effect is shown schematically in figure
1.13. Thistilting movement of the cricoid cartilage causes the angle between
the thyroid and cricoid cartilages to increase, resulting in a decreasein vocal

Anatomy andPhysiology of Speech Production
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Figure 1,13 The drawing on the left shows how the cricoid cartilage can tilt forward as the
larynx is lowered through the action of the sternohyoid and stemothyroid muscles. The drawing
on the right illustrates how this tilting can rotate the cricoid cartilage relative to the thyroid car-
tilage, thereby shortening the vocal folds and decreasing their stiffness. (After Honda et al,
1993)

fold length and consequently a decrease in the stiffness or tension in the
vocal folds. It has also been suggested (Sonninen, 1968) that the location of
the sternothyroid musdle on the thyroid cartilage is such that contraction of
this muscle can cause an upward tilting of the thyroid cartilage in relation to
the cricoid cartilage, again causing a decrease in vocal fold length. Thus there
is potentially more than one mechanism whereby lowering of the larynx
through contraction of the strap muscles such as the sternohyoid can cause a
decrease in vocal fold tension (cf. Atkinson, 1973 and 1978; Erickson, 1993;
Honda et al, 1993). Still another potential mechanism for increasing the
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Figure 1.14 Midsagittal section of the vocal tract and surrounding structures, as obtained by
tracing from'a radiograph. The wings of the mandible and hyoid bone and the tips of the aryte-
noid cartilages are shown, although they are not in the midsagittal plane. The cervical vertebrae
C1-6 are identified. (From Perkell, 1969.)

pharyngeus muscle (shown in figure 1.8), which tilts the cricoid cartilage
downward (Honda and Fujimura, 1991; Honda et al., 1993).

1.1.3 The Vocal Tract Above the Larynx

The principal structures surrounding the vocal tract above the larynx are
shown in the midsagittal section of figure 1.14. The pharynx forms the
vertical portion of the vocal tract above the larynx. Above the pharynx,
the airway for an adult turns approximately 90 degrees (for a normal head
posture) into the oral cavity, with the lips forming the anterior end of the
vocal tract.

1.1.3.1 Pharynx The pharynx is anterior to the cervical vertebrae, and is
surrounded by a set of constrictor musdles. There are three components to
the pharyngeal constrictor musdes (inferior, middle, and superior), extending

from the ]arvnopa] rpmnn up to the soft nzl:l-n Contraction of these muscles

narrows the pharyngeal airway by decreasmg both the sagittal and the lateral
dimensions, as shown schematically in the left side of figure 1.15a. Widening
of the pharynx is achieved by drawing the root of the tongue forward by
contraction of the lower fibers of the genioglossus musdle, as illustrated in
the right side of figure 1.15a, and in figure 1.15b. The genioglossus muscle
attaches to the inner surface of the mandible near the midline.

I wamam Al alaemns
Contraction of these sets of muscles can produce a wide range of shapes

and cross-sectional areas of the airway in the pharyngeal region (Gauffin and
Sundberg, 1978; U.G. Goldstein, 1980; Johansson et al., 1983; Baer et al.,
1991; Perrier et al, 1992). Some examples of the cross-sectional shape of the

Anatomy and Physiology of Speech Production
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Figure 1.15 [Illustrating how the constrictor muscles and the lower fibers of the genioglossus
muscle operate to change the shape of the airway in the pharyngeal region. (a) Schematic repre-
sentation of the airway shape when the pharynx is namrowed (left) by the contraction of a
constrictor muscle (the dashed line indicating the configuration in the absence of muscle con-
traction), and when the pharynx is widened (right) by contraction of the genioglossus muscle. (b}
A sketch of the fibers of the genioglossus muscle in the lateral view.

airway at sections that are 1.0, 2.5, and 5.5 ecm above the glottis are shown in
figure 1.16 for the vowels /a/ (left) and /i/ (right). At the lowest level, the
shape is complex because there is a space lateral to the main airway in the
laryngeal region at the level of the epiglottis. This space, called the piriform
sinus, forms a side branch to the main airway. The shapes at the 5.5-cm level
illustrate the wide range of cross-sectional areas that are used in the pha-
ryngeal region to produce different vowels. For these two shapes, the areas
are 0.60 cm? for /af and 7.6 cm? for /i/. (See also Fant, 1960, and Chiba and
Kajiyama, 1941.)

Knowledge of the cross-sectional area of the airway along its length is
important for determining the aerodynamic and acoustic behavior of the
vocal tract. It is, however, difficult to obtain direct measurements of the
cross-sectional area, particularly when the shape of vocal tract is changing
with time. Techniques are available for determining the cross-dimensions of
the airway in the midsagittal plane from lateral radiographs or by tracking
the locations of points on the midline of the tongue. There is some interest,
therefore, in estimating the cross-sectional area at particular points along the
vocal tract when the cross-dimensions at these points are known. In the
pharyngeal region, the lateral dimension of the airway increases roughiy in
proportion to the midsagittal dimension, and consequently it is expected

that the cross-sectional area is rnuahlv nronortional to the sguare of the
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Figure 1.16 Cross-sectional shape of the airway at three different positions in the pharyngeal
region when'the vocal tract is configured to produce the vowels /a/ (left) and /if (right). The dis-
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sections are shown in the midsagittal tracing at the right. (The midsagittal tracing is not taken
from the same vocal tract as the coronal sections.) The transverse sections were obtained by a
magnetic resonance imaging technique. (Data from Baer et al,, 1991.)

midsagittal cross-dimension. However, there appear to be substantial indi-
vidual differences in this relation between area and cross-dimensions. It has
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the data in the pharyngeal region is obtained from the equation

A __ rie f1 9
L1 = DL, \1.4)

where A is the cross-sectional area, d is the cross-dimension in a direction
normal to the airway, and K and « are constants that depend on the particu-
lar speaker and on where in the pharynx the cross-dimension is obtained. For
example, at a level about 5 cm above the glottis, the values of K for two dif-
ferent speakers are 1.1 and 0.9, and the values of « are 1.5 and 1.9, when A is
in square centimeters and d is in centimeters (Baer et al,, 1991).

1.1.3.2 Soft Palate and Nasal Cavity The upper end of the pharynx
extends vertically into the nasal cavity. The opening of the airway into the
nasal cavity, called the velopharyngeal opening, can be controlled by manip-
ulating the position of the velum or soft palate together with the lateral
walls of the upper pharynx. The manner in which these structures are
maneuvered to close this opening is shown schematically in figure 1.17.

The soft palate or velum is a flap of tissue about 4 cm long, 2 em wide,
and 0.5 am thick, extending back from the posterior end of the hard palate.
These dimensions are approximate only, and show great variation with
position along the soft palate and with the state of the musculature which
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Figure 1.17 Showing how velopharyngeal closure is achieved. Solid lines represent the open
position and dashed lines with arrows represent various positions toward closure. (a) Lateral
view; (b) superior view; (c) anterior view. The figure shows that the closing maneuver involves
raising of the velum in conjunction with an inward movement of the pharyngeal walls, (From
Dickson and Maue-Dickson, 1982.)

makes contact with the rear wall of the pharynx, effectively closing the air
passage between the oral and nasal cavities. When the velum is lowered, its
lower surface can rest on the dorsum of the tongue (depending on the
tongue position), and an opening is created between the pharynx and the
nasal cavities.

Several muscles are inserted into the soft palate, and these perform the
function of raising or lowering this structure, and thus of closing or opening_
the velopharyngeal port. The velum is raised by the levator veli palatini
muscle, which inserts into either side of the velum near its upper surface, and
connects to the bone forming the upper surface of the nasal cavity. The
velum-lowering muscles consist of the palatopharyngus muscle, whose fibers
insert into the walls of the pharynx, and the palatoglossus muscle, which
inserts into the lateral edges of the tongue.

When the soft palate is raised, it forms the floor of the nasal cavity at its
posterior end, as illustrated in figure 1.17. Lowering the soft palate creates an
opening in the upper pharyngeal region between the vocal tract and the
nasal cavity. The cross-sectional area of this velopharyngeal opening can be
as large as 1.0 em? or more when the soft palate is completely lowered, as it
is during normal breathing. The opening is usually adjusted to be in the
range of 0.2 to 0.8 cm? when a speaker is producing sounds that require the
participation of the nasal cavity.
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Figure 1.18 This coronal view of the nasal cavity was taken at about the middle of the nasal
cavity so that some of the sinuses and undulations are not shown. The middle and inferior
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figure from Rice and Schaefer, 1993.)

Over much of its length, the nasal cavity is divided into two passages, and
the passages are often asymmetrical. The septum that forms this division lies
approximately in the midline, and begins about 3 cm from the posterior end
of the nasal cavity. Along most of this divided portion of the nasal passage,
the lateral walls of the cavity consist of a number of undulations or conchae.
These conchae are illustrated in figure 1.18, which shows a coronal section
of the nasal cavities. The undulations on the walls result in a surface area of
the nasal cavity that is large compared with a cavity having the same cross-
sectional area but with a circular cross-section.

The effective cross-sectional area of the nasal cavity of an adult male as a
function of the distance along the midline has been estimated by Bjuggren
and Fant (1964), and by Dang et al. (1994). Measurements of the cross-
sectional area obtained by magnetic resonance imaging are given in the left
side of figure 1.19 for four subjects. Substantial individual differences in this
area function are apparent. The total length of the nasal passage from the
posterior to the anterior end is about 11 cm and the total volume is about
25 cm®. The narrowest portion of the nasal cavity is at the nostrils, where
the total cross-sectional area is in the range of 1 to 2 em?. Also shown in
figure 1.19 (right side) is the estimated perimeter of the cross section at each
point along the length of the cavity. Because of the undulations in the walls
of the nasal cavity, this circumference is three to five times greater than the
perimeter that would exist if the cross section for a particular area were cir-
cular. This large surface area of the walls causes increased acoustic losses in
the nasal cavities, as discussed in chapters 3 and 6.

Several pairs of sinuses are connected to the nasal cavity through small
openings called ostia. The largest of these are two maxillary sinuses, located
symmetrically on either side of the nasal cavities. These sinuses are shown in

- -

figure 1.18, as are the ostia that connect them to the main nasal passage.

Anatomy and Physioiogy of Speech Production
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Figure 1.19 Measurements of the nasal passages for four subjects, as obtained from magnetic
resonance imaging techniques. The left panels give the cross-sectional area as a function of dis-
tance along the nasal passage, and show differences between the passages to the left and right of
the septum. The right panel gives the measured cross-sectional circumference. The abscissa is in
units of 0.3 cm, indicating where sections were taken. (From Dang et al,, 1994.)

Each of these has a volume ranging from 10 to 20 cm?, on average (Dang
et al., 1994), and a surface area estimated to be about 30 ecm?. The cross-
sectional area and length of the ostia of these sinuses have been estimated
(for one subject) to be about 0.06 cm? and 0.4 cm, respectively (Dang et al,,
1994). The other principal sinuses are the frontal and sphenoidal sinuses
whose volumes are, respectively, about 3 and 10 am®. All of the sinuses are
frequently asymmetrical in size and shape, and their volumes can show large
individual differences.

1.1.3.3 Oral Cavity, Tongue, and Mandible The upper surface of the
oral cavity consists of the hard palate, which covers roughly the anterior
one-half to two-thirds of the length of the surface, and the soft palate, which
covers the posterior one-half to one-third. A view of the hard palate is
shown in figure 1.20a. The shape of the palate in coronal section at the level
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Figure 1.20 (a) Sketch of surfaces of hard and soft palate, showing arrangement of teeth
around the palate. (From Dickson arid Maue-Dickson, 1982.) The scale at the left is estimated. (b)
Coronal section of hard palate in the vicinity of the molars for two adult males, showing indi-
vidual differences in the vertical depth of the palate. (From Perkell et al,, 1995.)

of the molar teeth is illustrated in figure 1.20b for two adult males. The figures
indicate the teeth surrounding the hard palate, the alveolar ridge from which
the teeth project, and the domed shape of the palate in lateral section. Over
the anterior portion of the hard palate are some transverse ridges known as

rugae. Adulte show a range of values for the lateral distance between the

molars and for the depth of the domed surface. At the molars, the average
width for an adult is 3.5 cm, based on data summarized by U. G. Goldstein
(1980). The height of the palate from a horizontal line drawn across the sur-
face of the molars is about 2.0 em (average for females and males) (Westbury
et al, 1995; see also Broadbent et al., 1975). The shape of the palate varies
considerably from one individual to another, as figure 1.20b shows.

1f weo vbnarf‘ tho roar wall Af tha nharviny and tha havrd and cafll nalata ae

If we regard the rear wall of the pharynx and the hard and soft palate as
forming the outer walls of the vocal tract, then the dorsum of the tongue can
be considered to form the inner wall, as shown in figure 1.14. The tongue is
a mass of muscular tissue, and the dorsum of the tongue forms an arc of
about 90 degrees that is roughly circular. It is supported by the mandible in
the manner shown schematically in figure 1.21.

The mandible articulates with the skull on either side at the temporo-
mandibular joint. The mandible can rotate about this joint, thus changing
the vertical position of the tongue body, and can also perform some hori-
zontal displacement. The lower teeth are inserted into the mandible, and the

tongue occupies the space between the two lateral wings of the mandible. A

Anatomy and Physiology of Speech Production
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Figure 1.21 Extrinsic muscles of the tongue as viewed in lateral dissection. (From Dickson and
Maue-Dickson, 1982.)

sheet of muscle—the mylohyoid—forms a surface between the lower edges
of these wings of the mandible, thus forming a base for much of the tongue.
This muscle inserts into the hyoid bone, which lies immediately above the
thyroid cartilage. The lower teeth are located on the alveolar ridge that sur-
rounds the upper edge of the curved anterior section of the mandible.

Figures 1.15b and 1.21 show that the connection between the tongue and
the mandible is primarily through the genioglossus musele. This muscle fans
out from the inner surface of the front of the mandible and inserts into the
tongue over a wide angle. As illustrated in figure 1.21, there are connections
between the tongue and various other surrounding structures through a
number of different muscles: to the hyoid bone through the geniohyoid
muscle; to the styloid process through the styloglossus muscle; to the hyoid
bone through the hyoglossus muscle; and to the soft palate through the
palatoglossus muscle. The figure also shows the stylohyoid and the digastric
muscle with two portions that insert into the hyoid bone. Contraction of
these muscles can raise the larynx, in opposition to the sternohyoid and
sternothyroid muscles. Several intrinsic muscles are located within the
tongue, and serve to modify its shape and to stabilize its surface contour as
the tongue body is displaced to make contact with surrounding structures.
These intrinsic muscles include the superior and inferior longitudinal mus-
cles, and the transverse and vertical lingual muscles. Contraction of some of
these muscles (particularly the superior longitudinal muscles) can raise the
tongue blade to make contact with the alveolar ridge, while maintaining a
relatively fixed position for the tongue body. The inferior longitudinals,
which form one of the larger intrinsic muscles, help to raise the center of the
tongue by bunching it up in the front-back dimension.

As has been observed above, displacement of the tongue body forward
and backward causes the width of the vocal tract in the midsagittal plane in
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Figure 1.22 Cross-sectional shape of the airway at three different positions in the oral region
when the vocal tract is configured to produce the vowels /a/ and /i/. The distance of the section
from the lips is marked on each panel. The approximate locations of the sections are shown in
the midsagittal tracing at the bottom. (The midsagittal tracing is not taken from the same vocal
tract as the coronal sections.) The coronal sections were obtained from a magnetic resonance
imaging technique. (Data from Baer et al, 1991)

the pharyngeal region to change. Raising or lowering of the tongue body is
usually achieved in conjunction with raising or lowering of the mandible,
although the tongue body can certainly be raised or lowered independently
of the mandible. As the tongue body is manipulated in this way, the cross-
sectional area of the airway that is surrounded by the surfaces of the hard
palate and the tongue changes through a range of values. Coronal sections
of the vocal tract at three different points in the oral region are shown in
figure 1.22 when the tongue is positioned to produce two different vowels: a
vowel with a low tongue body position (upper panels) and a high and a
fronted tongue body (lower panels). In the case of the low tongue position,
the contour of the hard palate can be seen, as well as the somewhat curved
shape of the tongue blade. The cross-sectional areas for the low vowel are in
the range of 4 to 5 an?, whereas those for the high vowel are in the range of
0.7 to 1.1 am?.

Empirical relations have been derived to permit the cross-sectional area of
the vocal tract in the oral region to be estimated when the midsagittal cross-
dimension 4 is known. A reasonable approximation to the area A is given by
the same general equation (1.2) that was used for the pharyngeal region, that is

A=Kd*, (1.3)

Anatomy and Physiology of Speech Produciion



except tnat tne Constmts I\ ana 0 are cun’erent r or tne 01'a1 reglon, Daer et a.l
(1991) have estimated the exponent « to be approximately 2.0 for their two
speakers, whereas the constant K is generally in the range of 1.0 to 2.0, with
the larger values being in the anterior region of the palate. (The area A and
dimension d are in square centimeters and centimeters respectively.) Again,
considerable variability in these constants is expected from one speaker to
another.

1.1.3.4 Vocal Tract Volume With the mandible in a configuration for
which the upper and lower teeth are in contact, it is possible to estimate the
total volume of the space between the outer walls of the vocal tract (rear
pharyngeal wall, soft palate, hard palate) and the inner surfaces of the man-
dible (including the floor of the mandible formed by the mylohyoid muscle).
This volume is about 130 an® for a female adult and 170 em? for a male, on
average. If the mandibie is lowered by about 1 cm (a typicai maximum
opening that occurs in the production of speech), these values increase to
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to be about 90 cm? for female adults and 110 cm® for males. Consequently,
the volume of the airway that forms the vocal tract above the hyoid bone
and behind the incisors for the closed and open mandible positions is about
40 and 60 cm?, respectively, for females and 60 and 80 am® for males. This is
the volume, together with the lip region and the laryngeal region, that is
manipulated to produce different sounds in speech. Needless to say, these
volumes will show large variations from one individual to another. Even
within a particular individual for a given mandible position, there will be
some variation in vocal tract volume because the floor of the mandible is not
rigid, and there can be some outward displacement of the surface of the neck
when this slinglike structure is pushed downward.

1.1.3.5 Lips The anterior termination of the vocal tract is the opening
formed by the lips. The lower lip is attached to the skin tissue that forms the

outer surface of the mandible, and consequently moves up and down with
the manrhh]p Several muscles are available to 0hanap the |1n nnpnmo and

shape of the lips independently of the mandible movement

Various measures can be used to describe the shape of the lips and the
dimensions of the lip orifice as the lips are manipulated to produce different
vowels (Fromkin, 1964; Abry and Boé, 1986). Some of the dimensions that
have been used are shown in figure 1.23. When different vowels are pro-
duced by adult speakers, the width of the lip opening (dimension A in figure
1.23) varies from about 45 mm to about 10 mm, whereas the height of the
opening (dimension B) varies from about 20 to 5 mm. These two dimensions
are only weakly correlated, although the correlation is greater when the
same degree of protrusion is involved in changing these dimensions for
vowels. Lowering of the jaw tends to increase the height of the lip opening,
as expected. A spread configuration of the lips produces a wider opening, a
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Pigure 1.23 Some measures that are used to describe the shape of the lips and the dimensions
of the lip orifice. (After Fromkin, 1964.)

Table 1.1 Estimates of vocal tract, pharynx, and oral cavity lengths (cm)
Adult female Adult male

Vocal tract length 141 169
Pharynx length 63 89
Oral cavity length 7.8 8.1
From Goldst;.in (1980).

decreased lip thickness in midsagittal section, and an effective acoustic ter-
mination of the vocal tract that is more posterior than with a nonspread
configuration. In contrast, a pursed or rounded configuration decreases the
size of the mouth opening, and the lips form the boundaries of a short
acoustic tube anterior to the incisors. Protrusion of the lips can increase the
dimension F (distance from the lower incisors to the outermost point of the
lower lip) by about 5 mm, on average, although there are individual differ-
ences in the amount of this movement (Daniloff and Moll, 1968).

The cross-sectional area of the lip opening for different vowels is gen-
erally in the range of 0.3 to 7 cm?. An acoustically relevant parameter is the
ratio of the effective length of the lip opening to the effective area of the
opening.? For different vowels, this ratio appears to vary over a range from
about 0.2 am™! for a vowel with a lowered mandible or nonprotruded lips to
about 6.0 cm™! for a vowel with a raised mandible and protruded lips. As
will be seen in chapters 3 and 6, the spread and rounding maneuvers have
particular consequences for the properties of the sound that is radiated from
the mouth opening.

1.1.3.6 Vocal Tract Length The overall length of the vocal tract from
the glottis to the lip opening depends, of course, on the position of the lar-
ynx and the configuration of the lips. Table 1.1 gives estimates of the aver-
age vocal tract length for adult females and adult males, assuming a neutral
position of the larynx and the lips (U. G. Goldstein, 1980). The table also
shows separately the pharynx length and the oral cavity length. The oral
cavity length is almost the same for males and females, and the difference in
overall length lies primarily in the pharyngeal region. The oral cavity length
is greater than the pharynx length for adult females, whereas the pharynx

Anatomy and Physiology of Speech Production
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length is greater for males. For children, the ratio of pharynx length to oral
cavity length is much less than that indicated in table 1.1. For example, the
average pharynx and oral cavity lengths for a 5-year-old are 4.4 cm and
6.4 cm, respectively (U. G. Goldstein, 1980).

1.1.3.7 Mechanical Properties of Vocal Tract Walls The various
structures that form the walls of the vocal tract have mechanical properties
that influence the generation of sound in the vocal tract. These properties can
be described in terms of mechanical impedance per unit area. If the pressure
on the walls is represented as p(f) = p, cos @f, and the velocity in response
to this pressure is u(f) = u, cos (wt — @), then the mechanical impedance per
unit area at the frequency /27 is Z, = (p,/u,)e’*.

Direct measurements of this impedance have not been made, but estimates
can be made from impedance measurements on other body surfaces that
are likely to have similar mechanical characteristics (Ishizaka et al., 1975;
Wodicka et al, 1993). These measurements show that the impedance Z, can
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we can write
Zs = I/jCOCs +jCOM§ + Rs (1-4)

This representation of the impedance by constant values of C;, M;, and R, is
approximate, and is valid only in a frequency range up to 100 to 200 Hz
(Wodicka et al., 1993). Values of C,, M,, and R, are, of course, different for
different surfaces within the vocal tract. For example, the hard palate has a
smaller C; than the tongue surface or the soft palate. Furthermore, these
quantities depend on the state of contraction of the intrinsic muscles within
structures such as the tongue. For example, Svirsky et al. (1997) have mea-
sured C; for the tongue surface by observing the displacement of a point on
the tongue surface when intraoral pressure builds up during the closure
interval for an intervocalic voiced and voiceless stop consonant. The wall
compliance during the voiced stop consonant was found to be about three
times that during the voiceless consonant. They concluded that there is a
relaxation of the intrinsic tongue muscles during a voiced stop consonant
and a possible stiffening of the muscles during a voiceless stop.

Estimates of the average values of these quantities over the vocal tract
surfaces, together with their possible range of variation, are as follows:

C,: 1.0 % 1075 to 3.0 x 10~° cm®/dyne

M;: 1.0 to 2.0 gm/cm?

R;: 800 to 2000 dyne-s/cm?

These estimates indicate that the resonant frequency for the surface tissue is
in the range of 30 to 40 Hz. The resistance, however, causes damping in
excess of critical damping at this frequency. For an adult vocal tract, the total

surface area of the walls of the vocal tract posterior to the incisors is esti-
mated to be about 100 cm?. Thus the total acoustic impedance (ratio of sound

1 -
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pressure to volume velocity) is obtained by muitiplying C, by 100 and divid-
ing M, and R, by 100. This impedance is expected to be concentrated pri-
marily in the pharyngeal region and over the tongue surface. The average
compliance of the vocal tract walls would then be in the range of 1.0 x 1073
to 3.0 x 10~ cm®/dyne, with the compliance being somewhat greater than
this over the softer surfaces of the pharynx and tongue. These values are
consistent with the estimates of Rothenberg (1968) and Svirsky et al. (1997).

1.2 BASIC AERODYNAMIC PROCESSES
1.2.1 Static Airflow in Tubes and Orifices

We have noted that the acoustic sources forming the excitation for the vocal
cavities arise through modulation of the airflow at a constriction in the air-
ways. This modulation may occur either at the glottal constriction or in the
vicinity of a constriction or obstruction along the supraglottal pathways, or
in both places simuitaneously.

Air flows from the lungs as a consequence of a positive pressure that is
maintained in the lungs. The alveolar pressure in the lungs is approximately
equal to the subglottal pressure P,, except when the volume flow of air from
the lungs is large, giving rise to a pressure drop in the airways between the
alveoli and the glottis. During production of an utterance on one expiration,
P, may fluctuate somewhat as a result of adjustment of the respiratory mus-
culature and as a consequence of changes in the configurations of laryngeal
and supralaryngeal structures.
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depends on the alveolar pressure and on the resistance to airflow of the
pathways above the lungs, the resistance being defined as the ratio of the
pressure drop AP to the volume velocity U of the flow, that is, R = AP/U.
The resistance gives rise to energy loss in the airflow. It is determined by the
dimensions of the pathways and by the flow velocity, and is greater when
the pathways contain a narrow constriction or orifice.

1.2.1.1 Airflow in a Uniform Tube We consider first the flow of air
through a tube of fixed cross-sectional dimensions. If the velocity of air
through the tube is sufficiently slow, the flow in the tube is laminar, and the
pressure drop AP across a given length L of the tube is proportional to the
air velocity V or to the volume velocity of the airflow U = AV, where A is
the cross-sectional area. For a tube with a circular cross-section of diameter
D, the pressure drop per unit length is given by

AP 128ulU

L nDt
where u is the viscosity. (See, eg, Streeter, 1962) For air at 37°C

s~ - m—i n2 YA

ana /700 mim I.'l.g, H= 1.94 x 107* ayne-S/cm- vvnen tne cross section is

(1.5)
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rectangular, of dimensions a x b, where a is the narrower dimension and
a < b, the pressure drop for laminar flow is (Streeter, 1962)

AP IZuU
W@

During speech production, the maximum volume velocity of air through
the vocal tract when it is in a vowel-like configu:ation that is relatively
unconstricted generally does not exceed about 1000 am®/s, and is usually
less than 500 cm®/s. The minimum dimension D for vowels (assuming a cir-
cular cross section) is about 0.6 cm, and this narrow opening extends over a
length of 3 to 4 cm. Equation (1.5) shows that this laminar pressure drop
in the vocal tract for the minimum opening and maximum flow is less than
10 percent of the subglottal pressure of 5 to 8 cm H,O.

Experimental data indicate that when the flow velocity in a uniform tube
exceeds a certain critical value, the flow is no longer laminar, but becomes
turbulent. The air particles no longer flow in the direction of stream lines

that are parallel to the walls, but there is mixing of the air in a direction per-

pendicular to the stream lines. This mixing takes the form of random fuctua-
tions in air velocity both in the direction of the flow and at right angles to
this direction. The conditions under which turbulence appears are determined
by the Reynolds number of the flow, which is given by

Vhp
=2 1.7
p (1.7)

where V is the velocity of the air particles, p is the air density, and 4 is a
characteristic dimension that, in this case, is roughly equal to the diameter
for a circular tube or the minimum cross-dimension for a rectangular tube.
The critical Reynolds number above which laminar flow ceases to occur in
tubes with rough surfaces is approximately 2000, although in some carefully
controlled situations it is possible to achieve laminar flow for higher Reynolds
numbers.

When the Reynolds number is higher than this critical value, the presence
of turbulence has a drastic effect on the pressure drop in the tube. The value
of AP/L is now proportional to V? instead of V, and becomes very much
dependent on the roughness of the walls of the tube. Under these conditions
we have a relation of the form

AP Lk (pV?
T-:(5) (18)

where k is a constant that depends on the roughness of the walls in relation
to the cross-dimensions of the tube, and D is the diameter of the tube
(Streeter, 1962). Empirically, it has been found that the constant k is in the
range 0.0Z to 0.08, the lower end of this range being for relatively smooth
tubes and the upper end for rough tubes. The upper end of the range is

obtained for cases in which the rough undulations of the wall surfaces are

about 10 percent of the diameter.

(1.6)
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For the vowel-like configuration with a constriction diameter of 0.6 cm?
and a maximum flow of 1000 cm?/s, the Reynolds number is about 12,000, that
is, well above the critical value of 2000. The pressure drop for a 4-cm length,
from equation (1.8), is about 2400 dynes/cm?, assuming k = 0.05. This is an
extreme case, however, and for normally produced vowels the average airflow
is much less than 1000 cm?/s and the minimum cross-sectional area is larger.

1.2.1.2 Airflow Through a Constriction in a Tube The vocal tract is
rarely if ever shaped in the form of a long uniform tube, even over a few
centimeters of its length, and hence the relations just discussed cannot be
applied directly to determine the pressure drops and airflows that occur in
speech. Usually the air passages between the trachea and the lips consist of a
relatively wide pathway that contains one or more constrictions along its
length. A constriction may be only a few millimeters long (such as the con-
striction formed by the glottis) or may be several centimeters long (such as a
constriction formed by the tongue body) The conduit may contract and
expand abruptly at the constriction, or the narrowing and widening may be
gradual. When air flows through a constricted tube of the type formed by
the vocal tract, the major contribution to the pressure drop is usually caused
by losses at the contraction and expansion rather than in the constriction
itself, except when the constriction is extremely narrow, or is relatively long.
Consider the flow of air in a tube with a constriction as shown in figure
1.24. Initially, we shall assume lossless flow in the tube, such that the fluid
flows in stream lines. The pressure and velocity in the wide and narrow sec-
tions.of the tube are P;, V;, and P;, V3, respectively. If we apply Newton's

law to an element of fluid, and integrate the resulting equations, we obtain

the relation

pV2 sz
2 =R+ 2

where p is the density of air. If the cross-sectional area A; of the constricted

portion is small compared with the cross-sectional area A; of the wide por-

tion, then V; « V3, and we can write

Hon, then vrite
2
pV;
==

]

P +21 (1.9)

P,—P =

(1.10)

BVe

A0, an N

/ N

a b
Figure 1.24 A simple constriction with airflow. The pressures and velocities upstream from
the constriction and in the constriction are designated as Py, Vs, and P;, V3, respectively. Points

a and b are at the inlet and at the expansion, where energy losses are expected to occur.
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The quantity pV7/2 is sometimes called the dynamic pressure. It is the
quantity that must be added to the static pressure P, in the constriction to
obtain the upstream pressure P;. We note, then, that, from equation (1.8), the
pressure drop per unit length in a rough tube of uniform cross-dimensions is
found experimentally to be proportional to the dynamic pressure.

Equation (1.10) also shows that the pressure P; in the constriction is
always less than P;, and, if P; is small (relative to atmospheric pressure), P,
can in fact be negative. If P; is small (assuming the pressures are defined
relative to atmospheric pressure), then P, = —pV2/2. This is known as the
Bernoulli pressure in the constriction, and it can play an important role in the
mechanism of vocal fold vibration.

If there is viscosity, and the flow in the constricted portion of the tube is
laminar, then the pressure drop, from equation (1.5) or (1.6), can become
very large if the cross-sectional dimensions of the tube are very small. There
are, however, additional energy losses in the flow at the transition from the
wide tube into the narrow section (at point a in figure 1.24) and again at the
expansion (at point b). These losses arise because eddies form in the flow in
the vicinity of the contraction and expansion. The eddies can be thought of
as volume elements of air that perform steady rotations immediately adjacent
to either end of the constriction. Because of the viscosity of the air, the energy
in the eddies is dissipated as heat, and this energy loss is manifested as an
additional pressure drop or resistance in the flow.

At each end a and b of the transition, it is found experimentally that the
pressure drop due to these losses is proportional to the dynamic pressure
pV2Z/2 in the constricted tube. It is convenient to represent the additional

pressure drop AP at the contraction and at the expansion by

2
AP = kL”V.

(1.11)
It is again assumed that the velocity V; in the constriction is large compared
with the velocity V; in the wider section.

At a contraction, the contribution to k; depends to some extent on the

area ratio A+ /A-n anr] on H’\n emnnl']'\nnee of tho trancitian hatevaan thaoo Lo
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areas. For a smooth transition from a large A; to a small A, it can be as low
as 0.05, and for an abrupt transition it can be as large as 0.5 or greater. At an
abrupt expansion, the contribution to ki is often as high as 1.0, but may be
much smaller (possibly as low as 0.2). Measurements of the total value of ke,
due to both contraction and expansion, have been made on models with
several types of constrictions. Heinz (1956) found the total k; to be in the
range of 1.2 to 1.7 for constrictions with abrupt expansions and contractions.
Van den Berg et al. (1957) measured the pressure drops in a model of the
larynx, with a gradual transition to the glottal constriction and an abrupt
expansion, and found the total k; to be about 0.87. An even smaller value
might be expected for a constriction with a gradual expansion and con-
traction. A value of about 1.0 is probably a reasonable average for the kinds
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of constrictions found in the vocal tract, including those formed by the
tongue and lips as well as at the glottis, and is used in the calculations and
charts shown later in this section. Depending on the constriction shape and
location, this k; value can probably be 20 percent larger or smaller in par-
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laminar flow [equahons (1.5) and (1.6)] and due to turbulent flow in the con-
striction [equation (1.8)] are small compared to the pressure drops due to a
contraction and expansion, unless the vocal tract is very constricted in some
region or unless the cross-sectional area is narrow over a relatively long
region of the vocal tract.

When the air velocity in the constriction is sufficiently large, turbulence
occurs in the flow. The turbulence is greatest in the region immediately
downstream from the constriction, although there is also some turbulence
near the constriction. The turbulence causes acoustic energy to be generated,
and this acoustic source acts as excitation for the vocal tract. (The genera-
tion of turbulence noise is discussed in chapter 2.) The magnitude of the tur-
bulent velocity fluctuations increases with the Reynolds number of the flow
[equation (1.7)], where the velocity V and characteristic dimension 4 used to
determine the Reynolds number are the velocity in the constriction and the
diameter of the constriction (or a measure of the average cross-dimensional
dimension if the constriction is not circular).

A chart giving the volume flow of air U for various orifice sizes A and for
various values of pressure drop AP across the orifice is shown in figure 1.25.
The relations between AP, U, and A are plotted in different ways in the two

(@) (b)
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Figure 1.25 Relations between volume velocity, pressure drop, and cross-sectional area of a
constriction like that in figure 1.24. The solid lines represent equation (1.12). The dashed lines
show the effect of including viscous losses in the orifice, assuming a circular orifice of length 1
em. The two charts show different ways of plotting the relations between the three parameters.
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parts of the figure: with AP as the parameter in (a) and with A as the param-
eter in (b). The straight lines are representations of the equation

2
AP=1 oggz : (1.12)
which is derived from equation (1.11) simply by placing V, = U/A, where U
is the volume velocity and A is the cross-sectional area, and by setting
kr = 1.0. On the chart, the pressure drop is expressed in cm H;O rather than
in dynes per square centimeter. (Note that 1 cm H,O = 980 dynes/em?.)

For narrow orifices and small airflows, the flow conditions may be laminar,
and hence the straight lines (on a log-log plot) for small values of A and for
small airflows may not be accurate. The resistance of the orifice for laminar
flow depends upon the orifice shape and on the length of the constricted
region. Examples of the effect of laminar resistance are shown by the dashed
lines in figure 1.25 for circular orifices of various cross-sectional areas and for
an orifice length of 1 cm.

1.2.2 Airflow and Pressure in the Vocal Tract for Typical Static
Configurations

When there is a single constriction in the airways during speech production,
AP in figure 1.25 can be taken to represent the subglottal pressure P,, For
small and moderate airflows (up to 200 to 300 am?/s), the subglottal pressure
is equal to the pressure in the aiveoli of the lungs, since the pressure drop in
the pathways from the lungs to the trachea is small. The resistance of these

naﬂ'lwave ic on the order of 2 cm H.0/liter/e (abaut 2 dyne_c/em5) althauoh

pathways is on the order of 2 cm H,0/liter/s (about 2 dyne-s/cm®), although
lt varies greatly from one individual to another, depending largely on the
vital capacity. For a given individual, this resistance depends to some extent
on the point in the respiratory cycle, that is, the volume of the lungs, at which
it is measured (Briscoe and Dubois, 1958; Van den Berg, 1960; Dubois, 1964;
Rothenberg, 1968). For large airflows, this resistance causes a pressure drop,
and the subglottal pressure is lower than the alveolar pressure. When there is

S S oY R
more than one constriction in the airways during expiratory airflow, such as

a constriction at the larynx and in the vocal tract above the larynx, the pres-
sure drop across each constriction is less than P.. For steady flow, the total
pressure drop P, is equal to the sum of the pressure drops across the individ-
ual constrictions.

1.2.2.1 Configurations with a Supraglottal Constriction Particular
classes of speech sounds that are generated with a supraglottal constriction
can be identified with different regions in figure 1.25. These regions are
shown in figure 1.26. For voiced and voiceless fricative consonants produced
at normal voice levels in prestressed position (i.e., preceding a vowel that is
stressed), experimental data indicate that the volume flow is usually in the

range of 200 to 500 cm?/s and that the intraoral pressure is between 3 and
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Figure 1.26 Sketch of approximate range of constriction sizes, airflows, and pressure drops at
the supraglottal constriction for vocal tract configurations corresponding to various classes of
speech sounds as indicated. (Adapted from K. N. Stevens, 1971.)

8 em H;O (Isshiki and Ringel, 1964; Hixon, 1966; Arkebauer et al, 1967;
Klatt et al, 1968). Various values within these ranges are obtained depend-
ing on the speaker, the voice level, the place of articulation of the consonant
and the voicing of the consonant. The airflow and intraoral pressure are
lower for voiced fricatives than for their voiceless cognates. Instances can
certainly be found, however, where the airflow and the pressure drop across
the constriction are outside these ranges. A contour is drawn in figure 1.26
to indicate the normal region of flows and pressure drops for fricative con-

P ~
sonants. This contour shows that the constriction sizes for this class of con-

sonants are normally between 0.05 cm? and 0.2 cm?.

The articulatory configuration for a vowel sound usually has a constriction
in some region along the vocal tract length, but the cross-sectional area at
the constriction is, of course, greater than that for fricative consonants. The
average airflow for voiced vowel sounds produced by adult male speakers is
about 200 cm?/s and for adult females is about 140 cm?®/s, although there are
substantial individual differences (Holmberg et al., 1988). The minimum con-
striction size within the vocal tract for vowels is about 0.2 to 0.3 am?, and
may be as large as 2 to 3 cm? (Chiba and Kajiyama, 1941; Fant, 1960; Heinz
and Stevens, 1965; Baer et al,, 1991; Perrier et al, 1992). From these data, a
region can be delineated in the chart of figure 1.26 representing average air-
flow conditions at supraglottal constrictions for vowels. Throughout most of
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Figure 1.27 Sketch of the volume velocity of glottal airflow vs. time for normal adult male
glottal vibration.

this region the Reynolds number is below 1800, and the average pressure
drop across the constriction is negligible. During a cycle of glottal vibration,
there are large variations in airflow, so that the peak airflow is considerably
greater than the average flow. As we shall see in chapter 2, the peak air-
flow through the glottis for normal glottal vibration is in the range 200 to
700 cm®/s (Flanagan, 1958; Holmberg et al,, 1988). A typical waveform of
the glottal airflow vs. time is shown in figure 1.27. In figure 1.26 a dashed
line is drawn indicating the region that includes the peak airflow (taking a
nominal value of 600 cm?/s). For the vowels with the smallest cross-sectional
area for the constriction, there can be a pressure drop across the constriction
of a few cm H;O when the flow reaches its peak value. This point is dis-
cussed in more detail when we consider the details of vocal fold vibration in
chapter 2.

There are oceasions during speech production when the vocal tract is in a
vowel-like configuration but the glottis is spread and there may be no vocal
fold vibration. The airflow under these conditions is considerably greater
than it is during normally voiced vowel sounds, and is generally in the range
of 500 to 1500 cm®/s (Klatt et al, 1968; Rothenberg, 1968). These airflow
conditions occur for voiceless or breathy-voiced vowels, for the sound /h/,
and during the aspiration that follows the release of certain consonants, such
as the stop consonants /ptk/ in prestressed position in English. A contour
indicating the region in which these aspirated speech sounds occur is shown
in figure 1.26. The exact shape of this contour for smaller constriction sizes
is difficult to estimate, since measurements of the pressure drop across the
constriction for speech sounds with these large airflows are not available. It
is possible, however, to estimate the size of the glottal opening, and from
this to calculate the flow through the two constrictions—one at the glottis
and the other in the supraglottal tract. (See section 1.2.2.3.) The shape of the
upper edge of the contour for voiceless or breathy vowel configurations was
computed in this manner.
1.2.2.2 Constriction at the Glottis During normal vocal fold vibration,
we have observed that the peak volume velocity through the glottis is usually
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Figure 1.28 Approximate ranges of glottal areas, airflows, and pressure drops for the max-
imum glottal opening during normal glottal vibration, and a glottal configuration appropriate
for speech sounds with aspiration noise. (Adapted from K. N. Stevens, 1971.)

in the range of 200 to 700 ecm3/s. The average volume flow is, of course, con-
siderably less than the peak value, usually by a factor of 3 or more, as figure
1.27 shows. If there is no narrow supraglottal constriction, the pressure drop
across the glottis is equal to the subglottal pressure, which, for speech levels
that are normally employed, is in the range of 5 to 10 cm H2O. A contour
indicating the range of airflow conditions that occur at an instant of time
when the glottis is maximally open during normal voicing is shown in figure
1.28. In this figure, the abscissa is the cross-sectional area of the glottal
opening. The Reynolds number is below the critical value of 1800 over most
of this range. Thus, except for the most extreme condition of high-amplitude
vibration for modal voicing,? a minimal amount of turbulence noise is gen-
erated during the individual air puffs that emerge from the glottis. For modal
voicing, the peak glottal area during the vibratory cycle is usually between
0.05 and 0.2 cm? for an adult, corresponding to a width of the glottal open-
ing of about 0.5 to 2.0 mm, if the length of the glottis is taken to be 1.0 cm.

When the vocal folds are spread to give breathy voicing, or to produce
whispered vowels or aspiration, the instantaneous airflow can be 1500 cm?/s
or higher, as noted above. The range of airflow conditions for these config-
urations of the glottis is indicated by the upper contour in figure 1.28. Rey-
nolds numbers exceed 1800 for these kinds of speech sounds, and the glottal
area is between 0.1 and 0.4 cm? (corresponding to an average glottal width of
about 1.0 to 4.0 mm). If the airflow is large, the pressure drop in the airways
below the glottis can become significant and, if a constant alveolar pressure
is assumed, the subglottal pressure drops below the alveolar pressure.

1.2.2.3 Combined Effect of Glottal and Supraglol:tal Constrictions
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Figure 1.29 Airflow vs. supraglottal constriction size for various glottal openings, based on
equation (1.12). A fixed subglottal pressure of 8 cm H;O is assumed.

constrictions separately. For most speech events, just one of these constric-
tions accounts for the major part of the pressure drop between the trachea
and the lips. Frequently, however, both constrictions play a role in determin-
ing the airflow in the vocal tract.

An example of the effect of two constrictions on the airflow is depicted in
figure 1.29, which shows the airflow as a function of the area of the supra-
glottal constriction for several sizes of the glottal opening. A subglottal
pressure of 8 cm H,O is assumed for all of the curves, since this is repre-
sentative of normal speech production. Different sets of curves would, of
course, be obtained for other values of subglottal pressure. When the area of
the supraglottal constriction is small compared with the glottal opening, the
pressure across this constriction is equal to the subglottal pressure, and the
curve simply follows the contour of figure 1.25a for AP = 8 ecm H,0. At
the other extreme, when the area of the supraglottal constriction is large, all
of the pressure drop is across the glottis, and the airflow is independent of
the size of the supraglottal constriction. There is, however, a wide range of
cross-sectional areas between these two extremes, in which the airflow is
determined by both constrictions.

The fricative consonants represent one class of speech sounds for which
both the glottal and the supraglottal constrictions influence the airflow.
These include the voiced and voiceless fricatives in English, as they are

normally produced in prestressed position. It is estimated that glottal con-
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strictions with cross-sectional areas in the range of 0.1 to 0.3 em? (corre-
sponding to a width of the glottal opening of about 1 to 3 mm for a speaker
with a glottis length of 1.0 cm) are utilized in the production of voiceless fri-
cative consonants by adult male speakers®. The cross-sectional area of the
supraglottal constriction, calculated from simultaneous measurements of air-
ﬂow and intraoral pressure, is in the range 0.05 to 0.15 cm? for the con-
sonants /s/ and /§/ at normal speech levels (Hixon, 1966; Badin, 1989; Scully
et al, 1992) and is probably close to this range for other voiceless fricatives.
(See also figure 1.26.) These are average values for several speakers, and the
range for individual speakers producing a variety of fricatives may exceed
this. Thus for voiceless fricatives the area of the supraglottal constriction is
usually somewhat less than that of the glottal constriction.

In the case of voiced fricative consonants, the picture is complicated by the
fact that the vocal folds may be vibrating, and hence the airflow both in the
glottis and at the supraglottal constriction varies periodically with time. It
might be expected that, during the maximally open phase of the vocal fold
vibration, the glottal opening is roughly 1.0 mm, and hence, for supraglottal
constrictions like those for voiceless fricatives (0.05 to 0.15 cm?), there is
about the same pressure across the glottal and the supraglottal constrictions.

Estimates of the minimum cross-sectional area of the constriction for sus-
tained fricatives based on magnetic resonance imaging techniques show values
in excess of 0.15 cm? for some speakers and some fricatives (Narayanan et al.,
1995a). In particular, the area for labiodental (/fv/) and dental (/68/) frica-
tives tends to be greater than for /sz§%/.

Another class of speech events for which both supraglottal and glottal
constrictions can play arole in uetémﬁg the airflow includes sounds pro-
duced with a relatively wide glottal opening. These are the /h/ sound, aspi-
rated consonants, and whispered vowels. Figure 1.26 shows that the area of
the glottal constriction is probably in the range of 0.1 to 0.4 cm? for these
speech sounds, resulting in an airflow of 700 to 1500 an’/s if there is no
significant supraglottal constriction. As noted earlier, however, the area of
the supraglottal constriction for vowel-like configurations, particularly high
vowels like /i/ and /u/, may be 0.3 cm? or even smaller, and hence there may
be situations where this area is comparable to the area of the glottal con-
striction. (See section 8.3.)

Stop consonants are usually generated with the velum closed and with a
complete closure at some point along the vocal tract, but for certain types of
voiced stops two constrictions are utilized to control the airflow—one at the
glottis and the other at the velopharyngeal opening (Rothenberg, 1968). The
velopharyngeal opening is adjusted to be quite narrow, to permit a flow of
air that is sufficient to maintain vocal fold vibration.
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of consonants, when these parameters change with time, are discussed further
in section 1.4.
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1.3 KINEMATICS OF ARTICULATORY MOVEMENTS

In section 1.2, the conditions of airflow and air pressure were examined
when the glottal and supraglottal structures are fixed in specified positions
and when the static pressures across the constrictions are known. During
speech production, the structures rarely assume static positions for more
than a few tens of milliseconds, and for much of the time there is motion
from one configuration to another. We examine now some of the constraints
on the timing of movements of individual articulatory structures and, in sec-
tion 1.4, the time variations in the pressure and airflow in the vocal tract
during appropriate sequences of movements. The acoustic consequences of
these activities are considered in later chapters. We shall focus primarily on
the events that occur in consonant-vowel and vowel-consonant syllables and
in syllable sequences, as the articulatory structures move between a con-
sonantal configuration and a vowel configuration, or as they perform cyclic
movements.

These aspects of speech production relating to the constraints on the rates
of movement of the various articulatory structures have not been well quan-
tified. Consequently, only rough estimates can be made of the rates at which
different kinds of articulatory movements can be made or the rates at which
articulatory states can be changed. An understanding of these timing con-
straints in speech production (as well as the response of listeners to time-
varying signals of the kind that occur in speech) is of basic importance to the
study of language, since this knowledge may eventually provide some basis
for explaining the constraints that exist in the sequential pattems of features
that are allowed in various languages, and in some of the modifications that
occur in utterances that are produced in a rapid or casual manner.

From the point of view of examining the kinematics of adjustment of the
structures used in speech production, the control processes can be divided
into three groups: (1) control of structures below the glottis that provide the
source of pulmonic airflow, (2) adjustment of the stiffness of the vocal folds,
and (3) movement of structures that form the walls of the airway above the
trachea, including the glottis, the tongue root, the tongue body, the soft
palate, the tongue blade, and the lips. Activity in the respiratory tract below
the glottis gives rise to a subglottal pressure and potentially to an airflow
through the glottis and the supraglottal tract. Sound sources are initiated or
inhibited depending on the configuration of the glottis and of supraglottal
structures, and the positioning of these structures also influences how these
sound sources are filtered or modulated. Adjustment of vocal fold stiffness
determines the fundamental frequency if the vocal folds are vibrating, and
can also inhibit or facilitate continued vocal fold vibration.

The rates at which the muscles can move the structures and reverse their

direction of movement are determined both by the physical properties of the
structures and those of the airways (such as the mass and compliance of
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time T; to complete one cycle of movement, and the rate of movement R.

tissue, and the mass and compliance of the volume of air in the lungs) and by
the properties of the response of muscles under various conditions of neural
excitation. Under most circumstances, the principal timing limitation is that
imposed by the neuromuscular processes, that is, the time constants of the
response to the muscle contractions.

Several kinds of measures have been used to quantify the response times
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curve in figure 1.30, which shows the displacement of a hypothetical struc-
ture as a function of time during an articulatory movement. One set of mea-
sures attempts to quantify the time course of a unidirectional movement from
one configuration to another, either in terms of the time T; to complete the
movement (or to complete a specified portion of the movement, such as from
the 10 percent point to the 90 percent point), or the maximum rate R of the
movement. The time constant of a first-order or u.’ci-.ally damped second-
order dynamic system that produces an equivalent response to a step excita-
tion could also be used. Another measure is the time T, taken for a structure
or structures to perform a cyclic movement from one configuration to another
and back again (or the time taken to complete a prescribed portion of the
cyclic movement). As one might expect, T; is usually greater than 277, and
is likely to be as much as 3T;. Several different kinds of estimates are pre-
sented in the following discussion, but frequently only limited types of data
are available for a given class of movements.

To the extent that the idealized displacement of an articulatory structure

in figure 1.30 is sinusoidal, the relation between the maximum velocity R
and the peak-to-peak displacement D is given by

n
R=7D. (1.13)

That is, the maximum velocity is linearly related to the peak-to-peak dis-
placement D. Equation (1.13) would suggest that the rate R is proportional
to the distance D, as long as the period T, remains the same for various
amplitudes of alternating movement. There is, however, evidence that this
relation between maximum velocity, displacement, and time to complete a
movement is not invariant across rates of speaking, at least for the tongue
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More directly relevant to the production of sound in the vocal tract are
the changes in the dimensions of the airways in the vocal tract as the articu-
latory structures undergo these movements. Of particular importance acous-
tically are the rates of change of cross-sectional areas and of the impedances
of constrictions that are formed in the vocal tract as consonant-vowel and

vowel-consonant sequences are produced.
1.3.1 The Respiratory System Below the Larynx

The control of the muscles in the respiratory system has been reviewed
by Rothenberg (1968). His estimates of the constraints on rates of change of
the tensions produced in this musculature are based primarily on experi-
ments with models of the subglottal system and larynx, the parameters of
the models being determined from data in the literature on the physical
properties of the structures, and on the properties of muscle response. His
findings regarding time constraints of the subglottal system are derived also
from measurements of rates of change of subglottal and supragiottal pressure
that occur in normal speech. Rothenberg concluded that a unidirectional
change in subglottal pressure of 5 to 10 em H,O (with an occluded vocal
tract, i.e, with no airflow) can be achieved in 100 ms, although times in
excess of this minimum value are more likely to occur under conditions of
normal speech. Hixon (1987) notes that an abrupt change in pressure (of 1 to
3 cm H,O) during speech production at normal loudness can be achieved in
75 to 150 ms. These data suggest that a cyclic change, consisting of an
increase in subglottal pressure from some steady value to some other value,
followed immediately by a decrease to the original pressure, requires 300 ms
or more. This time is several times less than the duration of a respiratory
cycle during normal breathing. The time constant of the physical system and
airways that constitute the subglottal respiratory system is approximately
20 ms (as discussed below), and hence it can be concluded that the above
times of about 100 ms and 300 ms are determined almost entirely by the
properties of the muscle response.

Rothenberg also made estimates of the change of supraglottal pressure
when there is a rapid change in the size of a constriction in the supraglottal
tract—either a change from an open configuration to closure or a release
from closure to an open position. The innervation of the respiratory muscles
was held fixed when these changes were made in the model that was used to
study these temporal phenomena. For an abrupt (step-function) change in the
size of the supraglottal constriction, the response time of the subglottal
pressure change is roughly 20 ms, that is, it takes about 20 ms for the sub-
glottal pressure to make a transition to a new steady-state value appropriate

for the changed supraglottal configuration. The response time of 20 ms is due

to the physical properties of the system, including both the tissues surround-
ing the airways and the air volumes within the respiratory tract. The steady-
state subglottal pressure when there is an occlusion is higher than the value
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with an open vocal tract, since in the latter case there is a pressure drop due
to the rapid airflow in the flow resistance of the airways between the lungs
and the mouth. (See section 1.2.) The difference in subglottal pressure for the
more open configuration for vowels and for a closed configuration is usually
only a small fraction of the total subglottal pressure, however.

1.3.2 Adjustments of Vocal Fold Tension

The tension or stiffness of the vocal folds is the principal determinant of the
fundamental frequency of vocal fold vibration. Thus estimates of the rates of
contraction of muscles controlling vocal cord tension (the vocalis muscle and
the cricothyroid muscle) can be made from observations of changes in fun-
damental frequency during speech production. Informal studies of this kind
indicate that a cyclic change in fundamental frequency within a vowel or
across a vowel sequence (such as a rise in Fy from a fixed value followed by a
fall in Fy back to approximately the original value) can be achieved in about
200 to 300 ms. A simple rise or fall in this case could be effected in about
100 ms. Somewhat related is the observation that when trained singers use
vibrato, the frequency of the vibrato is in the range of 5 to 7 Hz (period of
140 to 200 ms) (Sundberg, 1994; Prame, 1994), It is recognized, however,
that production of vibrato of a few hertz during singing is only indirectly
related to production of the larger changes in Fy that occur in speech.*
Fujisaki (1992) found that the accent components of F, contours in sen-
tences could be approximated by the response of a critically damped second-
order system to a brief pulse. The natural frequency of the system was 20571,
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200 to 300 ms. The relaxation in vocal fold stiffness following the release of
a voiceless consonant is marked by a fall in fundamental frequency. The time
taken to complete this fall appears to be about 100 ms, measured from the
time of the consonant release. It has been suggested (Fujisaki, 1992) that
there is a mode of control of vocal fold tension with a much slower response
time that has a time constant several times that of the faster mode of control
just considered. As noted in section 1.1.2, this mode could involve changing
vocal fold tension by a translation movement of the thyroid cartilage in
relation to the cricoid cartilage. In any case, observation of fundamental fre-
quency patterns in continuous speech indicates that at time intervals of 1 to
3 s or more, some resetting of the laryngeal posture occurs. The mechanism
underlying this resetting is not fully understood. Thus there appears to be a
mode of control of the larynx with a time cycle that is somewhat greater
than the 200 to 300 ms required for a rapid cydlic change in F.
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For glottal adjustments and for most supraglottal structures involved in
speech production, the minimum time taken to produce one period of a rapid
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repetitive movement is approximately 200 ms, on average, although there
are some differences between articulators. This time can be as short as 150 ms
for some structures, whereas for others it can be up to 250 or 300 ms. These
times may be somewhat greater if the amplitudes of the movements are
large, and may be shorter than 150 ms if the amplitudes are small. The struc-
tures and movements for which these measurements apply include glottal
abductions and adductions, backward and forward movements of the tongue
body, advancing and constricting of the tongue root, alternating vertical
movements of the tongue body, raising and lowering of the tongue blade,
opening and closing movements of the lips, and rounding of the lips. The
similarity in the times required for cyclic movements of different articulators
does not reflect the substantial differences in rate of unidirectional movement
of the articulator or the rate of change of the area of the orifice in the vocal

tract that results from movement of the articulator.

1.3.3.1 Adjustments of Glottal Opening Rough estimates of the re-
sponse times for adducting and abducting maneuvers of the glottis can be
made from measurements of mouth pressures and simultaneous acoustic
records during the production of rapid sequences of appropriately selected
speech sounds (Rothenberg, 1968), as well as from basic studies of the con-
traction of intrinsic larynx muscles in animals (Martensson and Skoglund,
1964; Martensson, 1968). These data suggest that cyclic closed-open-closed
movements of the glottis require 80 to 150 ms to actualize. Unidirectional
abducting or adducting movements would require less time, and it would
appear (Martensson and'Skoglund, 1964) that the adducting maneuver is
faster than the aDauctmg one. The time taken to perronn a complete cyc1e of
glottal abduction-adduction can also be estimated from acoustic measure-
ments on a rapidly produced utterance such as haha.... Times as short as
200 ms are required to produce one complete cycle of such an utterance
(Upshaw, 1992; see also data in Klatt and Klatt, 1990). The aspiration inter-
val of about 50 ms for aspirated stop consonants before stressed vowels
suggests that this time is required for the adducting maneuver from an open
position (with a spacing between the folds at their posterior end of about
4 mm) appropriate for an aspirated consonant to a position that is sufficiently
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area, then, are estimated to be less than 5 cm?/s. When the aspirated stop
consonant occurs in intervocalic position, there is a minimum time interval of
about 150 to 200 ms between the time that abduction can be detected in the
first vowel (either through airflow measurements or from acoustic data) to the
time when the glottis returns to its relatively adducted state in the second
vowel.

1.3.3.2 Tongue Body and Tongue Root Cineradiographic data for a

limited inventory of utterances (Perkell, 1969) suggest that a maneuver of
the tongue root from one position to another requires a minimum of about
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100 ms to complete. The timing of tongue body movements between
vowel-like configurations has characteristics similar to that of the tongue
root. A maneuver from one vowel configuration to another can be as short
as 100 ms, whether or not a constricting consonantal gesture is super-

|mPncprl on thiec maneuver ]-nr a cstruchure like the line or tonoue tin (Ohman
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1967). These response hmes are obtained when the tongue body positions
are associated with well-defined vowels that are not reduced. A reduced
vowel can be actualized without specifying a target position for the tongue
body, and hence response times for maneuvers involving reduced vowels
may be shorter. Thus the cyclic tongue body maneuver between the two
vowels /if in the phrase “sit a bit” may be faster than the 200 to 300 ms
indicated above. It may not, in fact, be appropriate to call this tongue body
motion cyclic, since no target is specified for the middle vowel and the
tongue body movement toward and away from this vowel is small. These
times for cyclic tongue body movement are not inconsistent with the obser-
vation that a typical minimum duration of a stressed syllable in continuous
speech is about 200 ms (Fant and Kruckenberg, 1989). This duration depends
on the degree of openness of the vowel and increases with the number of
consonants adjacent to the vowel. If the vowel is unstressed, this duration is
considerably shorter.

1.3.3.3 Soft Palate The minimum duration of an alternating movement
of the soft palate that produces a single complete cycle from a closed velo-
pharyngeal port to an open port and back to a closed port is estimated to be
in the range of 200 to 300 ms. This estimate is based on acoustic measure-
ments in utterances like /imi/ or /ama/ when they are preceded and followed
by consonants that require a closed velopharyngeal port. The estimate is also
consistent with measurements of velar movements from cineradiographic
data (Moll and Daniloff, 1971). The acoustic data indicate the time from the
first evidence of nasalization in the first vowel to termination of nasalization
in the second vowel. Data on velum movements reported by Krakow (1993)
also show a minimum duration of 200 to 300 ms for a complete closed-
open-closed sequence when a nasal consonant is produced in rapid speech.
This duration is similar to that for a comparable movement of other struc-
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nasal vowel is produced in an utterance in which an obstruent consonant
precedes and follows the nasalized region of the utterance, the time interval
in which there is an open velopharyngeal port may be somewhat less than
200 to 300 ms. It is probable that as the velopharyngeal opening decreases
following the nasal segment, the creation of an oral constriction in the vocal
tract causes a raised intraoral pressure. This increased pressure exerts a force
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The cineradiographic data reported by Moll and Daniloff (1971) indicate
maximum rates of movement of the velum in the range of 7 to 10 cmy/s.
When the velopharyngeal port closes in anticipation of a following stop
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consonant, the velopharyngeal wall distance appears to decrease at a maxi-
mum rate of about 20 cm/s.

Acoustic data on vowel nasalization in utterances like /imi/ can be used to
obtain indirect estimates of the rates of increase or decrease of the velophar-
yngeal area in such sequences. A rough estimate of the rate of increase of
this area in a vowel preceding a nasal consonant is 10 cm?/s (i.e., a time of
about 50 ms is required to create a velopharyngeal area of about 0.5 cm?).
The rate of decrease of the velopharyngeal area following a nasal consonant
may be somewhat greater than this. As noted above, this rate may be accel-
erated by the forces on the soft palate due to intraoral pressure following the
nasal consonant in an utterance like lumber.

1.3.3.4 Lip Rounding The minimum time taken to maneuver the lips
from an unrounded to a rounded configuration is estimated to be in the
range of 50 to 100 ms (Perkell and Chiang, 1986; Perkell and Matthies,
1992). This estimate is based on direct measurements of the time course of
lip opening and lip protrusion. The total time required from beginning of a
protrusion movement to a nonprotruded configuration for a vowel like /u/
appears to be in the range of 200 to 300 ms (Perkell and Matthies, 1992).

1.3.3.5 Timing of Movements Toward and Away from Consonantal
Constrictions A common event in speech production is one in which an
articulator makes contact with an opposing structure or surface, and then this
contact is released. Examples are the stop consonants /p/, /t/, and /k/. In the
case of /p/, the two lips make contact and then are released; for /t/ the

Aoz a ie raion o~ Fnenn a2 bhoaed cm lats, aee e L I DI L1
tvu.&uc blﬂuc 1> la.lacd tu tuut.h "L'I.th: hald Pdld'l'c, d.lld fU[ /l k] .I'hc LUIIgUC poUuy

is raised to make contact in the palatal or velar region. Several measures can
be used to describe the timing of these movements. One such measure is the
time taken to perform a single reversal, in which the structure moves away
from contact and then returns to make contact again (cf. Westbury and
Dembowski, 1993). This time is expected to be somewhat more than about
one-half of the time taken to make a complete cycle from one release to
another release. A smglc movement of an oral articulator from a constricted
position to a specified position for a vowel and back to the constricted
position is generally not less than about 200 ms, as noted above. For some
vowels, however, the required degree of opening during the vowel is not
specified, and can be quite small. The duration of the opening-closing move-
ment for such a reduced vowel can be considerably less than 200 ms.
Another kinematic measure is the rate of movement of the articulator as
it moves toward or away from the opposing structure. Perhaps of more

relevance acoustically is the rate of change of cross-sectional area of the

congtriction as the articulator nerforms thece movemonts When tha crose-
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sectional area of a constriction is relatively small (up to about 0.3 cm?), cer-
tain aerodynamic and acoustic parameters are especially sensitive to changes
in area.
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For all of the stop consonants /p/, /t/, and /k/, the articulators that form the
constriction are linked to the mandible. Thus the movement of the mandible
contributes to the motion of the lower lip, the tongue blade, or the tongue
dorsum. Alternating movements of the mandible can be produced up to rates
of about 7 Hz, that is, a period of about 150 ms. Peak velocities of mandible
movement (as measured at the lower incisors) are in the range 10 to 20 cm/s
(Nelson et al.,, 1984; Kent and Moll, 1972; Beckman and Edwards, 1993), but
velocities of the jaw during normal syllable production are normally below
10 am/s (Sussman et al., 1973; Folkins, 1981; Smith and McLean-Muse, 1986).

Alternating opening and closing movements of the lips require a minimum
time of 150 to 200 ms for a complete cycle, as noted earlier. The duration of
the lip opening or closing movement for a labial stop consonant is about 75
ms at fast speaking rates (Adams et al., 1993). Peak velocities of movement
of the body of the lower lip immediately following the release of a labial stop
consonant are estimated to be about 25 cm/s or less (Fujimura, 1961; Sussman
et al, 1973; Smith and McLean-Muse, 1986; Westbury and Dembowski,
mandible movement noted above, since the downward displacement of the
lower lip is a superposition of mandible movement and lip movement rela-
tive to the mandible.

The movements of the lip surfaces during the release of bilabial stop con-
sonants have been studied in some detail by high-speed photographic tech-
niques (Fujimura, 1961). Measurements of midline lip separation versus time
during release of the stop consonant /p/ and the nasal consonant /m/ in
English are shown in figure 1.31a. For the stop consonant, there is an initial
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Figure 1.31 (a) Measurements of the distance between the lip surfaces vs, time at the release
of the bilabial consonants /m/ and /p/ in the words meat and peat. The dashed line shows the
displacemnent of the lower incisors relative to their position at the instant of lip release. (b) Esti-
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rapid separation in the first 5 to 10 ms after the release, due to the initial
force from the pressure behind the closure. This initial rapid movement is
followed by a slower approach to a position appropriate for the following
vowel in the next 40-odd milliseconds. The trajectory for the nasal consonant
is smoother. The initial rate of increase of lip separation is about 75 cm/s for
the stop and about 30 cm/s for the nasal. The ﬁgure also shows an estimate
of the displacement of the lower teeth during release of the stop consonant.
The rate of change of lip separation is several times the downward velocity
of the mandible as measured at the lower incisors.

Measurements of the velocity of a point on the lower lip by Kuehn and
Moll (1976) for the consonant /p/ in an intervocalic environment give aver-
age values of about 21 cm/s for vowel-consonant movements and about
16 cm/s for consonant-vowel movements. As expected, these velocities are
somewhat less than the rate of change of lip separation measured at the lip
surface. _

Figure 1.31b shows Fujimura's estimates of the cross-sectional area of the
mouth opening, computed from measurements of the width of the lip open-
ing as well as the lip separation. The time to achieve a cross-sectional area
of 0.3 cm? (i.e., an area corresponding to a vowel-like configuration) for the
stop consonant is very short—just a few milliseconds. The initial rate of
increase of cross-sectional area is about 100 cm?/s. Other estimates of this
rate of increase by Poort (1994, 1995), based on observation of movements
of points on the lips and on acoustic data, suggest a somewhat lower value
of about 40 cm?/s.

Data showing the tongue tip movement at the release of a consonant pro-

duced with the tongue blade have been obtained from cineradiographic

studies of speech production (Perkell, 1969; Kent and Moll, 1972; Adams
et al,, 1993). These data are, perhaps, less precise than the results for bilabial
consonants since the surface of the tongue tip is sometimes difficult to locate
precisely on cineradiographic pictures, and the frame rate for the cineradio-
graphic data is rather low. A plot of the tongue tip movement at the closure
and release of the stop consonant /d/ before the vowel /a/ is dlsplayed in
figure 1.32. This curve is adapted from data reported by Kent and Moll
(1972) for the stop consonant /d/ in a vowel-consonant-vowel environment.
The initial rate of movement of the tongue tip is in the range of 20 to
40 cm/s, with the faster rates for the implosion phase. These estimates are
consistentt with those of Kuehn and Moll (1976) and of Adams et al. (1993)
for the consonant /t/. In the case of a release, there is again an initial interval
of rapid movement, in this case 20 ms long, followed by an interval in which
the speed of separation is slower. The rate of change of cross-sectional area
for a release formed by the tongue tip will depend on the type of release. A

release produced l-nr the tongue tin acainct the alvealar ridee can he mare
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rapid than a release of a laminal stop consonant, in which a larger area of the
tongue blade is involved in forming the constriction. Acoustic and other
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Figure 1.32 Displacement of the apex of the tongue vs. time during the utterance /ado/ pro-
duced at a moderate speaking rate. The ordinate is the lingua-alveolar distance as estimated from
cineradiographs. Data points are given at intervals of 6.7 ms. There is a break in the time axis
during the consonantal constriction. (Adapted from Kent and Moll, 1972.)
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Figure 1.33 Vertical movement of a point on the dorsum of the tongue in the vicinity of
closure during the production of an intervocalic consonant /g/. The data are plotted at intervals
of 20 ms. (Adapted from Kent and Moll, 1972.)

data suggest that the rate of change of cross-sectional area for an apical stop
or nasal consonant is in the range of 50 to 100 cm?/s, and is somewhat
slower for a laminal consonant.

The minimum time from one release to the next release for a sequence of
two velar consonants is about the same as it is for a labial or alveolar con-
sonant (Westbury and Dembowski, 1993). Observations of motions of
points on the tongue dorsum for such alternating movements indicate that
points on the tongue dorsum near where contact is made tend to perform a
rotating movement rather than a simple linear movement toward and away
from the palate (Mooshammer et al, 1995). An example of the vertical
motion of a point on the tongue surface near the region of closure for a velar
stop consonant in a vowel-consonant-vowel context is given in figure 1.33
(Kent and Moll, 1972). In the case of the movement of the tongue body
toward or away from closure, the maximum velocity of the tongue surfaces
in a direction normal to the palatal surface is about 20 cm/s, that is, some-
what greater than the maximum velocity of mandible movement at the
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15 cm/s, averaged over several speakers. As a point of reference, a peak
velocity of 20 cm/s would be obtained if the motion of the surface were
sinusoidal with a period of 200 ms and an amplitude of 0.7 ecm. The maxi-
mum rate of change of cross-sectional area of the constriction during this
tongue body movement for a velar consonant is estimated to be about
25 cm?/s. The width of the channel formed by the tongue surface probably
increases more rapidly than the cross-dimensions, especially immediately
following the release. As will be seen in chapter 7, this rate of change of
area is consistent with observations of acoustic events at the implosion or
release of a velar stop consonant.

The movement of the tongue body for a velar consonant is slower ‘than
that of the tongue tip and lip surfaces for alveolar and labial stops, and there
is again a tendency for the speed to be greatest immediately following the
release. This initial rate of movement appears to be faster than the rate that
normally occurs for tongue body movements from one vowel configuration
to another. It is probable that the velar consonant is produced with a local
bunching or deformation of the tongue surface through contraction of
intrinsic tongue muscles, superimposed on a gross tongue body movement.
It might be expected that the initial rapid movement is primarily the result of
fast intrinsic muscle activity. Aerodynamic forces may also be involved in
the release of a stop consonant for which there is pressure buildup behind
the constriction.

The rates of movement of the lips, tongue tip, and tongue dorsum depend
to some extent on the following vowel. Available data suggest that the time
taken to complete movement from the release to the configuration for the

vowel for a given point of articulation is largely independent of the follow-

ing vowel, whereas the average rate of movement depends on the distance
that must be traversed by the structure to achieve a position appropriate for
the vowel. The initial rate of movement (during the first few milliseconds)
may, however, be relatively independent of the vowel.

1.3.3.6 Overall Speech Rates The above survey has shown that one
alternating movement of any given laryngeal or supralaryngeal structure
requires a time interval that is in the range of 150 to 300 ms, depending
somewhat on the structure and on the amplitude of the movement. This
duration range can be compared with mean syllable durations in read script,
which are in the range of 200 to 250 ms, with somewhat shorter durations
for the fastest passages (Crystal and House, 1990). Each syllable has about
2.8 phones, on average, so that the median duration of a phone is in the
range of 70 to 90 ms. It is clear that the articulatory movements to produce a

given phone must be interleaved with the movements that are required to
nrodur'e adjacent phones. The production of running speech reguires intri-
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cal:e coordination of different articulators each of which has limitations on its
rate of movement.

Chapter 1



49

Figure 1.34 Equivalent circuit for the mechanoaerodynamic system for controlling respiratory
pressure and flow, shown in figure 1.3.

1.4 TIME-VARYING AIRFLOWS AND PRESSURES
1.4.1 Model of the Respiratory System

For the production of most speech sounds the respiratory system below the
larynx supplies the energy for moving air through the larynx and supra-
glottal structures, and this airflow is in turn modulated to generate sound.
Some parameters of the mechanical aspects of this system have been de-
scribed in section 1.1.1, and the aerodynamic aspects have been noted in
section 1.2.

A model of the system in terms of an equivalent circuit that incorporates
both aerodynamic and mechanical parameters is given in figure 1.34. In this
equivalent circuit, the variable representing flow through the elements is
volume velocity in cubic centimeters per second, and across the elements is a
pressure drop, in dynes per square centimeter. The “charge” on a compliance
element (such as C;) represents the volume increase or decrease associated
with the path in which that element is located. This volume change AV is
proportional to the pressure drop pc across the compliance, and is given by
AV = Cpc, where C is the value of the compliance. The appearance of a
pressure drop pc across C indicates that energy is stored in the compliance.

On each side of the circuit there is a path containing a pressure source.
The flow in one of these paths is the flow due to contraction or expansion of
the thorax. This path contains a pressure source p; resulting from the con-
traction of muscles (primarily the intercostals) that cause motion of the walls
of the thorax. In series with the source are mechanical elements representing
the compliance of the thorax walls and the effective mass and resistance of
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diaphragm. The values of the elements in this path are somewhat different
from those in the thorax path. Approximate values for the elements have
been given in section 1.1.1.

The compliance across both of these paths represents the acoustic com-
pliance of the lung volume, This compliance is C;, = V/P,, where P, is the
ambient pressure. A volume V = 3000 cmn® is assumed, giving a compliance
of C; = 0.003 cm’/dyne. At sufficiently low frequencies we can assume iso-
thermal expansions and contractions, and this value of C, is based on this
assumption. The element representing the impedance of the airways above

Anatomy and Physiology of Speech Froduction



the lungs depends on the state of these airways, particularly the configura-
tion of the glottis and the supralaryngeal vocal tract. At low frequencies, this
impedance is resistive, and is represented by a resistance R, in figure 1.34.
The airways can be completely closed, leading to an open circuit for R 4. For
the production of vowels, a typical value of Ry for low frequencies is 52
acoustic ohms (dyne-s/cm®), corresponding to an average airflow of about
150 cm?/s for a subglottal pressure of 8 cm H,O (cf. figure 1.26). For certain
aspirated consonants, R4 can be as low as 10 acoustic ohms. A typical average
value in normal speech production is R4 = 40 acoustic ochms. During normal
breathing, when the airways are relatively unconstricted, R4 can be even
smaller than 10 ohms.

During an inspiration, one or both of the sources in the circuit assume
negative values (relative to the reference directions shown in figure 1.34),
and, Rp is small. The expansion of the thorax or the lowering of the dia-
phragm causes a pressure drop across the compliance elements C; and C;,. At
the beginning of an expiration during speech production, a constriction is
formed in the airways at the glottis or above the glottis, and the pressure in
the lungs is typically about 8 cm H;O, or about 8000 dynes/cm?. If at the
end of the inspiration the pressure drop across C; and C, achieves this value
of 8000 dynes/an?, then the subglottal pressure necessary for the initiation
of speech production can be generated without implementing the sources p;
and p,. That is, speech production is initiated using the energy stored in the
compliances C; and C,. If we assume an average airway resistance of 40
acoustic ohms during speech, or an average airflow of about 200 cm?®/s, then
the pressure across the compliances C; and C; drops only slowly, with a net

i th, 0.t
time constant of about 6 s. (For slow changes in the resistance Ry, the effect

of the mass elements M; and M, can be neglected.) Thus if a constant sub-
glottal pressure is to be maintained during an expiration, it is necessary to
introduce the sources p; or p; only slowly. Rapid and precise control of these
sources is not required to maintain a reasonably constant subglottal pressure.
Most of the energy for producing the airflow during the initial few seconds
of an utterance comes directly from the energy that has been stored in the
expanded thorax or depressed diaphragm during the previous inspiration. Of
course, if an inspiration is insufficient to provide the necessary pressure
across the compliances C; and C,, then the sources must be invoked to pro-
vide the airflow needed for speech production.

During speech production, rapid changes often occur in the resistance R4
of the laryngeal and supralaryngeal systems. An extreme case is the release
of a voiceless aspirated stop consonant, when there is an abrupt change from
complete closure in the supraglottal airways to an airway resistance of about
10 acoustic ohms. In order to understand events immediately following the
release we shall lenllfv the circuit of ficure 1.34 l'“r |nt-|||rhnn- only the

shall sim the circuit of figure 1.34 by includir ly th
thorax branch. The main feal-ures of the response, shown in ﬁgure 1.35, will
be the same independent of which branch (or both) is involved. The circuit

has a response with a long time constant, given by
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Figure 1.35 Calculation of volume velocity U in figure 1.34 when a sudden change is made
from complete obstruction of the airway (Rs4 = o) to a value Ry = 10 acoustic ohms. The
sources p; and p; are assumed to be zero, and an initial alveolar pressure of 8 em H;O is
assumed.

VOLUME VELOCITY (cm¥s)

71 =(Ra+ R,)Cg =085 (1.14)

and a faster initial component as shown in the figure. If the glottis were more
adducted, as for normal vowel production, the rate of decay would be con-
siderably slower than the rate shown in the figure.

1.4.2 Model of the Supraglottal System

During the production of most speech sounds, the average area of the glottal
opening is relatively small, so that its impedance is large compared with the
impedance of the subglottal system. Under these circumstances, the sub-
glottal pressure throughout an utterance can often be assumed to be constant
for purposes of calculating airflows and pressures in the vocal tract. Some
changes in subglottal pressure may occur, however, on certain syllables that
are stressed, and there may be some reduction of pressure toward the end of
an utterance (Ladefoged, 1962; Atkinson, 1973).

Many consonants are produced with a narrow constriction in the vocal
tract above the glottis, as in the configuration in figure 1.36a. A model that
can be used for estimating the airflows and pressures in the vocal tract for
such a configuration is shown in figure 1.36b. The impedances of the con-
strictions at the glottis and at the supraglottal constriction are Z; and Z..
One or both of these impedances can be time-varying as the constriction
sizes change during the production of particular speech sounds. The air
volume between the two constrictions has an acoustic compliance C,, and
the elements R,,, M,,, and C,, represent the impedance of the walls, as noted
in section 1.1.3.7. The constant subglottal pressure is represented by the
source E,.

As will be discussed in section 8.4, a speaker may actively expand or con-
tract the volume of the vocal tract between the two constrictions during the
production of some sounds. The effect of this expansion is represented by the
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Figure 1,36 (a) Midsagittal shape of the vocal tract when there are constrictions at the glottis
and at the lips. The acoustic impedances of these constrictions are Z, and Z, respectively. (b)
Equivalent circuit for the configuration in (a). See text.

g

VOLUME VELOCITY (cm/s)
(4.
3
T
g\
[

(=]

) 10 20 30
TIME (ms)

Figure 1.37 Volume velocity response U; for the circuit in figure 1.36b when the impedance
Z of the labial constriction is abruptly changed at time £ = 0 from an open circuit to a short cir-

cuit (i.e, from a complete closure to an open configuration). The subglottal pressure P, is 8 an

H;O, and there is no active expansion or contraction of the volume, that is, U, = 0. The glottal
impedance Z, = 60 acoustic ohms, and other element values are given in the text. The vertical
amow at ¢ =0 indicates an initial puise of volume velodity (volume = 0.3 cm®) as the acoustic
compliance C, discharges through the short circuit. The horizontal dashed line shows the
steady-state airflow that is reached when ¢ is large.
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volume velocity source U, which is positive if there is an active expansion

and negative is there is a contraction of the volume. The volume velocity U,,
through the wall impedance contributes a passive expansion of the vocal
tract volume.

To illustrate how changes in flows and pressures can be estimated using
the model of figure 1.36, we consider a configuration in which the glottis is
in a relatively narrow or adducted state, so that Z is large. We assume that
there is initially a complete closure at the supraglottal constriction, so that
Z. = oo. Under these conditions, a steady pressure P; equal to the subglottal
pressure exists in the vocal tract, and this pressure appears across the com-
pliances C, and C,. An abrupt opening movement is then created by the
articulator forming the supraglottal constriction (the lips in the configuration
of figure 1.36a), so that there is an abrupt reduction of Z.. We shall assume
here that the impedance Z changes to zero instantaneously This sequence is
a rough approximation to the articulatory movements following the release
of an unaspirated stop consonant such as /b/. The airflow U, through the lips
following the release for this hypothetical situation for a subglottal pressure
P, = 8 cm H,O is shown in figure 1.37. There is an initial brief pulse in the
flow as the acoustic compliance C, discharges through the opening (Massey,
1994). The volume of this pulse is equal to P,C,. For a vocal tract volume of
about 60 cm®, C, = 4 x 10~5 cm®/dyne, so that the initial volume pulse is
P.C, =8 x 980 x 4 x 105 = 0.3 cm®. The volume expansmn due to the

compliance of the walls is P,C,, = 8 cm?, taking C,, to be 107 cm®/dyne.
This volume discharges through R,, and M, as shown in figure 1.37. There
is a relatively fast rise time, followed by a slower decay with a time constant
equal to R, Cy = 10 ms, for R, = 10 dyne-s/cm®. Following this rise and fall
in the airflow, the flow reaches a steady value determined by the glottal
resistance, which is taken here to be 60 dyne-s/cm’.

The assumption of an infinite rate of increase of the area of the supra-
glottal constriction at the release of a stop consonant gives only a rough
estimate of the airflow following the release. It indicates, however, that the
time constant of the change in pressure in the supraglottal cavity when an
abrupt change is made in the supraglottal constriction is on the order of
10 ms. More precise estimates on the changes in pressure and flow following
the release of a stop consonant are given in chapter 7, and these show a
duration of the volume velocity pulse to be a few milliseconds greater than
the estimate from figure 1.37.
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Source Mechanisms

As we have indicated in chapter 1, it is convenient to consider human speech
sound production to be the consequence of the generation of one or more
sources of sound, and the filfering of these sources by the vocal tract. To a
large extent, the mechanism of source generation is independent of the
filtering process. That is, the properties of the source tend not to be strongly
influenced by the acoustic properties of the filters. Thus it is appropriate to
discuss source mechanisms separately from the behavior of vocal tract reso-
nators in response to the sources. We will, however, encounter situations in
which there may be substantial interaction between source and vocal tract.

The generation of sound energy in the vocal tract always involves the
modulation of airflow at or near a constriction in the tract. The sources can
be the result of various kinds of modulation of the flow. One type of source
is produced by varying the airflow through quasi-periodic lateral movements
of the vocal folds, causing a periodic modulation of the giottal area. A source
of sound can also be generated by creating turbulence or random fluctua-
tions in the airflow, usually in the vicinity of a constriction or an obstacle. It
is also possible to generate a source of sound by causing an abrupt stepwise
change in the airflow in the vocal tract, through rapid release of air pressure
within an enclosed volume in the vocal tract. We shall consider each of these
source mechanisms in turn.

2.1 PERIODIC GLOTTAL SOURCE

The basic mechanism involved in producing a periodic source of sound due
to vocal fold vibration can be described with reference to the sequence of
glottal configurations shown in figure 2.1. Each panel of this figure shows a
lateral section through the vocal folds sampled at one point in the cycle of
vibration. Eight instants of time are shown throughout a typical cycle. These
sections are reconstructed from observations of vibrations of an excised dog
larynx (Baer, 1975). They are taken at a point about halfway beiween the
thyroid and arytenoid cartilages. Also displayed in the figure are plots of

the horizontal movement of the vocal fold surface }hrnllghnul- the ryg_!p at the
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upper edge and at a point 1.3 mm below the upper edge. These trajectories
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Figure 2.1 The upper part of the figure shows estimated lateral sections through the vibrating
vocal folds at eight equally spaced times through the glottal vibration cycle. Data were obtained
by Baer (1975) from an excised dog larynx. The scale of 1 mm is indicated by horizontal and
vertical lines in the upper right of each panel. The curves in the lower panel show the lateral
width of the glottal opening measured at the upper edge of the vocal folds and at a point 1.3
mm below the upper edge. These curves illustrate the time lag between the displacements of the
lower and upper portions of the vocal folds. (From Baer, 1975.)

show phase differences in the motion of these two portions of the vocal
folds, as will be discussed below. The picture in figure 2.1 will differ some-
what toward the anterior and posterior ends of the glottis, where the ampli-
tude of vibration is usually less than it is in the middle. Although there are
anatomical differences between a human larynx and a dog larynx, these pic-
tures of the canine vocal folds illustrate the basic processes.

Initially we describe qualitatively the process of vibration of the vocal folds,
and then we will attempt to develop a more quantitative analysis. For a more

Chapter 2
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Figure 2.2 Two-mass model of the vocal folds, showing compliances coupling the two masses
to the lateral walls and to each other.
detailed analysis of vocal fold vibration and of the acoustic source resulting

from this vibration, reference may be made to the work of Fant (1982a),
Ishizaka and Matsudaira (1968), Ishizaka and Flanagan (1972), Conrad (1980,
1983), Titze (1988, 1989), K. N. Stevens (1977), and Liljencrants (1991,
1994), among others.

The mechanism whereby vibration is maintained is dependent on the fact
that the inferior and superior parts of the vocal folds do not move together
as a rigid body, but that there is freedom for these parts to move relative to
one another. To a first approximation, each of these parts of a vocal fold can
be characterized by a mass and a mechanical compliance, with the two parts
being connected by a coupling compliance. This situation is schematized by
the mechanical model in figure 2.2. The mass of the superior part of the
vocal fold is considerably smaller than that of the inferior part. This mechan-
ical system has certain natural frequencies of vibration that are rather low—
usually in the range of 100 to 300 Hz for adult speakers. (This model has, in
fact, two natural frequencies or modes.) Thus the rate at which the posi-
tions of the parts of this system can change are limited to this frequency
range, assuming that there are no abrupt changes in the system parameters.
Given these limitations of the mechanical system, a mechanism is required
for modulating the airflow to produce sound energy over a broad frequency
range. The mechanism that is employed is to bring the folds together rapidly,
thus causing an abrupt cessation of the airflow. This abrupt change in the
flow produces acoustic energy over a wide band of frequencies. As we dis-
cuss the process of vocal fold vibration, then, it is useful to recognize that
the principal aim of this process is to create this abrupt cessation of the flow
(or at least a cessation or abrupt reduction of the flow through some part of
the glottis) at a particular point in time in the cycle of vibration. The motion
of the vocal folds at other points in the cycle serves to set up conditions that
will result in this abrupt change in the flow.

Source Mechanisms
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Figure 2.3 Tracings of vocal fold shapes at four instants of time during the closed phase, from
figure 2.1. (From Baer, 1975.)

We begin with the vocal folds in a closed position, corresponding to panel
0 of figure 2.1. For the model in figure 2.2, this configuration corresponds to
closure of the upper pair of masses, with some spacing between the lower
pair. There is no airflow through the glottis, the pressure above the glottis
is assumed to be atmospheric pressure, and there is a positive subglottal
pressure. A typical value of the subglottal pressure is 8 cm H,O, or about
8000 dynes/cm?. This positive pressure exerts a lateral force on the surfaces
of the vocal folds, causing these surfaces to move outward. The time course
of this movement is determined by the subglottal pressure, the mass of the
lower portion of each vocal fold, and the mechanical compliance of this part
of the vocal fold. Figure 2.3 shows a superposition of the vocal fold shapes
for several successive frames of figure 2.1 during the time interval when
there is contact between the folds. As the lower portions of the folds are
displaced laterally, the vertical length of the approximated portions of the

folds decreases. This change in the vertical length can be seen in figure 2.1 in

panels 7, 0, 1, and 2. In the model of figure 2.2, this initial part of the cycle
corresponds to a closure of the upper mass and a gradual widening of the
distance between the lower masses.

When the lateral displacement of the surfaces reaches a certain critical
value, with a configuration indicated by the line labeled 2 in figure 2.3 or by
panel 2 in figure 2.1, then airflow through the glottis begins The upper edge
of the vocal fold, which is represented by a small mass in the model of figure
2.2, accelerates rapidly in a lateral direction under the influence of the force
arising from the mechanical compliance that couples the lower portion of the
vocal fold to this upper section. As soon as airflow begins, there is a decrease
in the outward pressure on the surfaces below the upper edges of the vocal
folds. This pressure drops close to zero relative to atmospheric pressure (if
the supraglottal pressure is zero) or could become negative as a consequence
of the Bernoulli effect (Binh and Gauffin, 1983).

During the time the glottis is open and there is a flow of air through the
glottis, then, the abducting force on the larger inferior portion of the vocal
fold decreases, and can become negative. This part of the vocal fold (or the
lower of the two masses in figure 2.2) then completes its outward excursion

and begins an inward motion. This inward movement accelerates and the
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surfaces come together rapidly, as in panels 4 to 6 of figure 2.1. The flow
through the glottis immediately ceases at the time the vocal folds touch.
This medial displacement of the lower part of the vocal fold exerts an inward
force on the upper edge of the fold, through the coupling compliance
between the upper and lower parts, and this edge is also accelerated inward.
The inward motion of the upper edge is, however, delayed relative to that of
the lower part. After the vocal folds become approximated, the subglottal
pressure again exerts a force on the lower surfaces of the folds, and the cycle
begins again. Throughout the cycle of vibration, figures 2.1 and 2.3 show
that there is a continuous change in the shape of the vocal folds, particularly
during the time when the surfaces of the two folds are touching. Thus there
is a continuous redistribution of the viscous material within the vocal folds,
giving rise to energy loss within the folds.

This sequence of events during a cycle of vibration corresponds roughly
to modal voicing. The glottis closes completely during some part of the cycle
but the vocal folds are not pushed tightly together during the closed phase.

We will attempt now to be more analytical about the process. To simplify
the analysis, we shall assume that the lateral motion of the folds is suffi-
ciently small that the compliance elements in the model of figure 2.2 can be
considered to be linear. As has been shown in section 1.1.2, this assumption
of linearity is only an approximation.

During the initial phase of the vibratory cycle, when there is no airflow,
there is an outward force on a spring-mass system. If we take the average
vertical length of the lower, more massive, portion of the fold during this
interval to be dy, and if the subglottal pressure is P,, then the average force

per unit length on this lower part of the fold is P,d;. As figure 2.3 shows, the

vertical length of the vocal fold over which the pressure is applied changes
with time, so that d; must be considered as an average vertical length. We
define the mass and effective mechanical compliance per unit length of the
fold to be M; and C}, respectively, and we neglect for the moment the
losses in the fold.* The equation of motion for this part of the fold is

< 9 1\
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where x; is the lateral displacement of the surface and x, is a resting position
in the absence of any lateral force. It is possible for x4 to be negative if the
vocal folds are pushed together by adducting forces in the resting condition.
If we assume that the fold is at rest before the outward displacement begins,
then the solution to equation (2.1) is

xl(t) = (P,d]C; + xo)(I - COSCDof), (22)

where wp = 1/1/M;C}.

This curve has the form shown in the initial portion of the waveform
in figure 2.4, labeled ABD. In order to plot this curve, we have selected
some values for the parameters that are typical for adult male vocal foids:

Source Mechanisms



P, = 8000 dynes/em?, xo = 0.01 cm, d; = 0.2 em, M; = 0.1 gm/am, and
Ci =3 x 10~° eam?/dyne. These values are in the range of estimates based
on measurements of the properties of the vocal folds, as discussed in
section 1.1.2.2 of chapter 1. For these conditions, the natural frequency is
fo = wo/(2n) = 92 Hz, and the peak amplitude of x:(f) in equation (2.2) is
1.2 mm. This peak is never reached, however, since before the displacement
reaches this value, the upper edges of the vocal folds separate and the out-
ward force P.d; drops to zero or becomes negative. Experimentally it
appears that the opening of the upper edges and the onset of airflow usually
occurs for a value of x; less than 1 mm (i.e., an average separation for the
lower portion of the vocal folds of less than 2 mm). We shall select a critical
value of 0.6 mm for the purposes of illustration. This is the value of x; = xy9
in figure 2.4 indicating the end of the closed phase, labeled as point B, when
the upper edge is about to open. Since conditions change at point B on the
curve, the segment BD, which represents a continuation of the solution of
equation (2.2), is not traversed by the lower portion of the vocal fold.
Following the opening of the upper edge, we shall assume for purposes of
this analysis that the pressure within the glottis drops to zero, so that there
is no longer an outward force on the lower surfaces of the vocal folds. This
is an approximation only, but is roughly in accord with measurements on
static models of the glottis, reported by Scherer and Titze (1983) and by
Binh and Gauffin (1983). The motion of the lower mass during the .sub-
sequent interval is the unforced motion of the mass-spring combination, and
it follows a sinusoidal trajectory. As noted above, we are assuming that the
rest position of the lower portion of the vocal folds is x; = 0.01 cm, that is,
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Figure 2.4 Schematic representation of the motion of lower and upper masses during a cycle
of vibration of the two-mass model in figure 2.2. The displacement of the lower mass is given by
ABCFH, whereas the trajectory of the upper mass is EFI. The upper mass begins its lateral
motion at E, when the displacement of the upper mass is x10. The dashed line to point D is the
projected irajeciory of the lower mass if the glottis did noi open and if steady pressure on
the lower mass were maintained. The glottis is open and airflow occurs in the region marked by
the line EFH. The beginning of the second cycle is shown at the right. Assumed physical param-
eters of vocal folds are appropriate for an adult male, as described in the text.
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the lower portions of the vocal folds are slightly separated in the absence of
a subglottal pressure. The resulting movement of the lower part of the vocal
folds is shown as segment BCFH in figure 2.4. There is no discontinuity in
displacement or in velocity (i.e., the slope of the curve) at the point B where
the two segments of the curve are joined at a time of 2.7 ms. For the
assumptions we have made, it turns out that the peak value of x; is about
0.9 mm. At the point H of closure of this part of the vocal fold (which is also
the point at which the glottal area drops to zero and the airflow stops) there
is a discontinuity in the slope of the curve.

At the time the upper edges of the vocal folds separate, there is an out-
ward force on these edges due to the coupling compliance C; in figure 2.2.
Neglecting, for the moment, the change in position of the lower parts of the
vocal folds, the movement of the upper edge in relation to the lower portion
will again follow a sinusoidal trajectory, at least during the initial part of
its motion while the lower portion is passing through the maximum in its
trajectory. The movement of the upper edge during this time is approxi-
mately of the form
xz(f) = Izo(l - COSCD][‘), (2.3)

where w; = 1/4/M,C,, M; is the mass per unit length of the upper edge,
and time f is measured from the instant the upper edge begims to move.
Typical values of M, and C, are about 0.02 gm/em and 5 x 10~° cm?/dyne.
(We shall assume that C, is large compared with C..) The amplitude x5 is
approximately equal to the difference between the peak displacement of M;
and the displacement x19 of the lower mass at the time the upper edge begins
its motion. In our example, 11, is about 0.6 mm. The first part of the curve
for x, in figure 2.4, labeled EF, is calculated for these conditions. Beyond
t = 5.0 ms, the lower part of the fold begins to move inward more rapidly,
and there is a corresponding additional inward force on the upper edge,
which begins a larger inward acceleration at this point. Over this time inter-
val, however, the upper edge is not playing a part in defining the glottal area
or determining the glottal airflow, since the glottal area is determined by the
lower edges. The movement of the upper edge during this time interval is
sketched approximately as segment FI in the figure.

From this analysis, then, we observe that the upper and lower parts of the
vocal folds vibrate with a difference in phase, as shown in the trajectories in
figure 2.1. The displacement of the lower part precedes that of the upper
part. The opening phase of the glottis (segment EF in figure 2.4) is determined
by the outward movement of the upper edge of the vocal folds, and the
closing phase (seginent FH) is determined by the rapid inward movement of
the lower part of the folds. The part of the cycle during which energy is
supplied by aerodynamic forces is the interval AB in which the lower
portions of the vocal folds move apart as a consequence of the subglottal
pressure, before the upper edges begin to separate.
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When the lower portions of the vocal folds come together, the horizontal
velocity of the inner surface of each fold immediately drops to zero, whereas
points within the fold lateral to the surface continue to move inward but
with rapidly decreasing velocity. If one imagines the center of mass of the
vocal fold as being located lateral to the surface, then the kinetic energy of
this mass due to its inward movement just prior to contact becomes rapidly
dissipated within the tissue. The lower portions of the vocal folds are under
compression during this part of the cycle, and it is probable that the resistive
component of the mechanical impedance of the fold becomes much greater
than the inertial component. Thus the inward motion of the center of mass is
probably strongly damped. (The behavior of the vocal folds under compres-
sion is discussed in more detail in section 2.1.6.) After the inward motion of
the vocal folds ceases, the pressure on the lower surfaces of the folds again
becomes equal to the subglottal pressure, and these surfaces begin their
lateral movement as in the previous cycle. There is probably a delay in the
initiation of this outward movement as the vocal folds regain their shape
following the distortion in shape that arises from the rapid collision at point
H in the figure. A brief delay is shown in the curve indicating the displace-
ment of the lower mass in figure 2.4, at a time of about 8 ms. The length of
time that some part of the glottis remains closed during the cydle is equal to
the sum of this delay (HI in the figure) plus the time taken for the lower
portion of the vocal folds to move apart until the upper edges separate (AE
in the figure). In the example given in figure 2.4, the duration of this closed
interval is about 4.0 ms and the time the glottis is open is also about 4.0 ms,
so that the frequency F is about 125 Hz. This frequency is somewhat higher
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This frequency will be modified somewhat, however, depending on the

degree of abduction or adduction of the folds, since this adjustment will
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The lateral motion of the vocal folds is, of course, not the same at all points
along the anteroposterior length. The width in the middle of the glottis is
given by two times the displacement for the segment EFH in figure 2.4. In
order to calculate the cross-sectional area of the glottal opening we shall
assume initially that all points along the length of the vocal folds move in
phase, but with a smaller amplitude at either end than in the middle. (The
consequences of assuming a different waveform of lateral motion near the
ends of the vocal folds relative to that at the middle is discussed later, in
section 2.1.6.)

If we take the anteroposterior shape of the vocal folds to be roughly
sinusoidal, with a length ¢, then the area of the glottal opening is approxi-
mately equal to (2/3)¢ times the maximum glottal width. For a glottal length
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Figure 2.5 Area of glottal opening vs. time corresponding to figure 2.4, assuming an equiv-
alent rectangular glottis of length 1.0 em.

of 1.5 cm, then, we can calculate the area of the glottal opening by assuming
an effective length of about 1.0 cm over which the lateral motion of the folds
is uniform and equal to the values given in figure 2.4. Under this assumption,
the glottal area for the conditions represented in figure 2.4 is given by the
curve in figure 2.5. This curve has a discontinuity in slope at the point where
the upper edge and the lower portion of the glottis have equal widths. The
maximum glottal area during a cycle is 0.107 cm? in figure 2.5.

For a typical adult female voice, the dimensions and physical properties
that have been assumed for purposes of analysis [using equations (2.1), (2.2),
and (2.3)] are the following: P, = 8000 dynesfecm?, xo =0.005 cm, d; =
0.133 cm, M; =0.04 gm/cem, C} = 1.9 x 10~% em?/dyne, xo; = 0.03 cm,
M, =0.008 gm/cm, and C, = 3.1 x 10~ cm?/dyne. These values lead to
a natural frequency for the lower mass of wo/2n =183 Hz, and for the
upper mass of w;/2m = 294 Hz. These values of the various parameters are
roughly in accord with data given in chapter 1, except that the mass M is
somewhat greater than that estimated in chapter 1 (0.025 gm/cm). The total
length of the female glottis is taken to be 1.0 cm, and the effective length (as
defined above) is therefore about 0.7 cm.

Apphcahon of the analysis given above, based on equahons (2.1), (2.2),
and (2.3), and using these parameter values for the female voice, leads io the
displacement and glottal area curves given in figure 2.6. As in figure 2.4, the
displacement of the upper mass lags behind that of the lower mass. The
period of vibration is about 4.3 ms, corresponding to a frequency of about
230 Hz, assuming that the lateral displacement of the lower edge begins at
the time the upper edge closes. The time during which the glottis is open is
about 2.4 ms. The maximum glottal area during a period is 0.037 cm?, which
is about one third of the maximum area estimated from the model for a male
voice (see figure 2.5). Since the number of glottal pulses per second is about
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Figure 2.6 (a) Calculated displacement of the upper and lower masses for a two-mass model of
the vocal folds (as in figure 2.4), with physical parameters adjusted for an adult female. Parame-
ter values are given in the text. (b) Area of the glottal opening vs. time corresponding to the
displacement curves above, assuming an equivalent rectangular glottis of length 0.7 cm.

twice that for a male voice, the average airflow is estimated to be about two-
thirds of the flow for a male voice.

The glottal area curves in figures 2.5 and 2.6b show an asymmetry, with
the rising phase occupying a longer time interval than the falling phase. This
asymmetry occurs primarily because the upper mass is accelerated from
essentially a rest position, whereas the lower mass achieves its maximum
inward velocity just before it makes contact with the opposite mass. The
asymmetry also rises in part from the particular selection of parameters for
the model, penpmzllv the fact that the natural fr“.luency of the lower mass is
lower than that of the upper mass.

The details of the waveforms in figures 2.4, 2.5, and 2.6 are dependent on
(1) the parameters speafymg the stiffness and mass of the various elements
of the model in figure 2.2; (2) the parameters indicating the adjustment of the
spacing between the lower masses (xo in equation [2.1]) and the relative
positions of the upper and lower masses (specified approximately by X0 in
figures 2.4 and 2.6); and (3) the subglottal pressure. The influence of some of
these parameters on the area waveform is considered in sections 2.1.3 to
2.1.7.
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2.1.2 Waveform of Giottal Airflow

If a fixed subglottal pressure of 8 cm H,O is assumed, then the airflow cor-
responding to the area variation in figures 2.5 or 2.6b can be calculated from
standard aerodynamic equations. As we have seen in section 1.2, the equa-
tion relating the volume velocity U,, the transglottal pressure drop AP, and
the dimensions of the glottal slit, assuming quasi-static conditions, is

AP, = 12;;" U, +k 2’(’252 = Ry, 2.5)
where u = viscosity, h = thickness of glottal slit, ¢ = length of glottis, d =
glottal width, p = density of air, and U, is the volume flow. The constant k
depends on the shape of the glottal slit, but is approximately equal to unity.
The resistance R, has two terms: the first accounts for viscous losses, and the
second term represents the dynamic resistance. Except for the very smaliest
glottal widths, the first term can be neglected. The main features of the glot-

tal flow can be calculated, then, if we approximate equation (2.5) by

AP, = (2.6)

2.A2 !
where A; = glottal area.

If a constant transglottal pressure AP, is assumed, then equation (2.6)
shows that the airflow is proportional to the glottal area. This pressure can
be taken to be the alveolar pressure if the pressure drop in the subglottal and
supraglottal airways is small compared with the pressure drop across the
glottis. If AF, is 8 cm H;O, and the area variation is that given in figure 2.5
or 2.6b, then the airflow determined from equation (2.5) is given by the
dashed curves in figure 2.7. These airflow waveforms follow closely the
waveforms of area vs. time, except when the area is small, in which case
the viscous term in equation (2.5) becomes important.

A better approximation to the airflow can be obtained if equation (2.5) is
modified to take into account the acoustic mass My of the air in the glottis
and in the trachea and vocal tract below and above the glottis. Including a
term to account for this additional component of the pressure drop gives the
following equation:

AP = RgU, + My == d;“f (2.7)

where AP is interpreted as the pulmonary or alveolar pressure. We are
neglecting here any resistance that is introduced at a supraglottal constric-
tion. This resistance will contribute to the pressure drop only for very narrow
constrictions (less than about 0.3 cm?). The effect of such narrow constrictions
is discussed in section 2.1.7. (We are aiso negiecting the potential influences
of tracheal or vocal tract resonances on the glottal flow. An analysis of these
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Figure 2.7 Volume velocity through the glottis corresponding to area functions in figures 2.5
and 2.6 under two conditions: no acoustic mass of airways (dashed lines); and a vocal tract with
a modest constriction (area 1.0 cm?, length 3.0 cm, as in figure 2.8) (solid lines). Top panel cor-
responds to model for male vocal folds and bottom panel for female.
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Figure 2.8 Configuration of trachea and vocal tract used to calculate airflows given by solid
lines in figure 2.7.

The acoustic mass M} of a tube of length ¢ and cross-sectional area A is
given by My = p//A. If the tube consists of a series of sections of different
lengths ¢ and cross-sectional areas A;, then we have My = pX(4/A;). It can
be shown that the contribution of the glottal slit to M, is usually small
compared with the contribution of the subglottal and supraglottal airways.
If we assume a moderately constricted vocal tract, with a minimum cross-
sectional area of about 1 em? and a constriction length of about 3 cm, then
the sub- and supraglottal airways can be represented roughly as in figure 2.8.

mbimen ta aleaas Vo YU SRy Y ST R
The total acoustic mass for this configuration is about 10p (gm/cm* with p in



gm/cm?), and is not strongly dependent on constriction size as long as the
constriction area is not less than about 1 cm?2. Solution of equation (2.7)
for the volume velocity U, leads to the airflow waveforms shown by the
solid lines in figure 2.7. As might be expected, these modified waveforms
are more skewed than the waveforms that do not include the effect of the
acoustic mass, and show a steeper slope during the glottal closing phase. The
presence of the acoustic mass causes a delay in the increase in the volume
velocity during the time when the area is increasing, and the more rapid
decrease in volume velocity during the closing phase occurs because of the
constraint that the velocity must become zero at the instant of closure. This
effect of the acoustic mass of the airways in skewing the waveform has been
discussed in detail by Rothenberg (1981) and by Fant (1982a). Increasing or
decreasing the acoustic mass My, by forming a narrower or wider constric-
tion in the vocal tract, causes a greater or smaller skewing of the waveform
and modification in the slope during the closing phase.

This volume velocity waveform forms the excitation for the vocal tract
when there is glottal vibration. Since the acoustic impedance of the glottis
is usually large compared with the impedance of the supra- and subglottal
cavities, at least over most of the glottal cycle and over most of the fre-
quency range of interest for speech, the source of excitation of the vocal
tract can be approximated by a volume velocity source. As is shown in detail
in chapter 3, if the output of the vocal tract is taken as the volume velocity
U, at the lips, then the transfer function of the vocal tract with volume
velocity excitation U, at the glottis is given by U,(w)/U,(w). This is an
all-pole transfer function for nonnasalized vowels.

SR WY P | [ [

The o'utpul; of ultimate interest is the sound préssure gy at some distance r
from the mouth. This sound pressure is given approximately by

P Ut —r/c) f/C)

0 2.8
prl) = anr~ (2:8)
or, in the frequency domain.

, —jkr
pr(e0) = Ms (2.

4nr

where p =density of air, ¢ =speed of sound, and k = @/¢. Equations (2.8)
and (2.9) are based on the assumption that the volume velocity at the mouth
opening can be approximated by a simple source. This assumption is valid at
low frequencies, but may be in error by up to 5 dB for frequencies above
about 2 kHz, as noted later in section 3.7. Of interest for our purposes is the
fact that p,(f) is approximately proportional to the derivative of U,(f). Thus
in order to interpret the essential features of the glottal waveform as it relates
to the sound pressure ultimately reaching the ears of a listener, we should
examine the time derivative of the glottal waveform (Fant, 1982b; Fant et al,,
1985). The output sound pressure is the result of this differentiated waveform
applied to the ali-pole transfer function of the vocal tract. The derivatives of
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Figure 2.9 (a) Derivative of volume velocity waveforms in figure 2.7. Dashed lines correspond
to no vocal tract loading, and solid lines are for vocal tract and trachea as in figure 2.8. Left and
right panels are for male and female models, respectively. (b) Spectra of waveforms given by
solid lines in the upper panels. The dashed lines indicate a downward spectrum slope of 6 dB per
octave,

the modeled glottal volume velocity waveforms in figure 2.7 are given at
the top of figure 2.9a. The solid lines are for the condition with the effect of
acoustic loading and the dashed lines are without loading (as in figure 2.7).

The waveform of this effective glottal excitation has two main features.
One is the negative pulse with a rapid (negative) rise and an abrupt fall
to zero. The rapid decrease to zero is sometimes called the return phase. This
pulse is a consequence of the rapid closing of the glottis, as the lower por-
tions of the vocal folds come together at a relatively high velocity enhanced
by the effect of the acoustic mass of the airways, as noted above. The other
aspect of the waveform is the slowly varying positive portion prior to the
negative pulse.

The spectra of the pulses (with loading by the airways) are shown as
solid lines in figure 2.9b. The iow-frequency part of the spectrum is deter-
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mined by the gross shape of the waveform, particularly the slowly varying
positive portion, whereas the high frequencies are determined by the nega-
tive pulse, particularly the discontinuity at the trailing edge. Superimposed
on the spectra are dashed lines indicating a spectrum that decreases as 1/f
(ie. —6 dB per octave) at high frequencies. Comparison of the 1/f curves
with the spectra derived from the model indicates that the spectra at high
frequencies (above 2 to 3 kHz) decrease with frequency at a rate slightly
greater than —6 dB per octave. This high-frequency behavior arises because
the rise in the derivative curve from the negative peak is not exactly abrupt,
but the change occurs over a brief interval of time. The fluctuations or
bumps in the spectra arise in part because of the finite duration of the pulse.
The frequency region where the slowly varying positive portion dominates
is usually in the range of the first formant and below—probably 500 Hz or
lower. The spectra in figure 2.9b show a slight bulge at low frequencies.
When the pulses occur periodically, then the spectrum is a line spectrum, with
the amplitudes of individual components being proportional to the Fourier
transform of the single puise. These components occur at multiples of the
fundamental frequency Fo. The details of the spectrum and its relation to
the waveform for different shapes of the waveform are discussed further in
section 2.1.6.

The spectra for individual pulses for the male and female models in figure
2.9b are plotted to the same scale. At frequencies above about 1 kHz, the
spectrum for the male is about 5 dB higher than that for the female. If one
takes into account the higher fundamental frequency for the female speaker
(by a factor of about 2), then the amplitude of a harmonic for the female
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model is Comparapie to that for the male model.

The analysis of vocal fold vibration and of the resulting volume velocity
waveform, summarized in figures 2.4 to 2.9, has assumed that the vocal folds
perform the same lateral motion at all points along their anteroposterior
length, albeit with different amplitudes. The anterior ends of the vocal folds
are supported in fixed positions so that there is negligible amplitude of vibra-
tion at this end of the glottis. Likewise, there is probably a reduced ampli-
tude of vibration at the posterior end of the glottis where the vocal folds are
attached to the arytenoid cartilages. There are, however, some differences in
length (Hirano et al., 1981). This nonuniformity in the vocal folds can cause a
variation in the vibration pattern along their length. During a cycle of vibra-
tion the vocal folds come into contact slightly earlier near the anterior and
posterior ends than in the middle.

The overall volume velocity waveform is a superposition of the wave-
forms at different points along the length. A consequence of the lack of

synchrony of the closing time is that the waveforms of area vs. time and of

volume velocity vs. time are less steep at their trailing edges than they
would be if the entire vocal fold made contact at the same time (Fant et al.,
1985). The differentiated volume velocity waveform does not show as
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marked a discontinuity at its trailing edge as does the waveform resulting
from synchronous closing along the entire vocal fold length. The effect on
the spectrum is to reduce by a few decibels the spectrum amplitude at high
frequencies.

It is common for the arytenoid cartilages to be not completely adducted at
their posterior ends during phonation, so that a fixed opening exists between
the arytenoids while the vocal folds are vibrating in the manner described in
figures 2.4 and 2.6. This fixed opening between the arytenoids results in a .
constant airflow that is superimposed on the sequence of pulses of the type
shown in figure 2.7. The presence of the fixed opening also causes some
modification of the shape of the pulses, particularly in the vicinity of the
point of closure, as will be shown later in section 2.1.6.

The waveforms of the glottal volume velocity or its derivative derived
from the two-mass model, shown in figures 2.7 and 2.9, are in general agree-
ment with several aspects of the glottal waveform measured for a population
of male and female speakers. One of the more comprehensive experimental
studies of the volume velocity waveform for a large number of aduit maie
and female speakers was carried out by Holmberg et al. (1988), with some
newer results in Perkell et al. (1994). In these studies, an approximation to
the glottal volume velocity waveform was obtained by inverse filtering the
volume velocity waveform at the mouth, obtained with a low-resistance
mask over the mouth, to remove the effect of the vocal tract transfer func-
tion (Rothenberg, 1973). For the condition of loud voice of Holmberg et al,,
the average subglottal pressure for the different speakers was 9.0 em H;O
for males and 8.2 em H,O for females, that is, slightly greater than the sub-

o 3 ; sth tho nandal
glottal pressure used for making calculations with the model.

The relevant data from Holmberg et al. are listed in table 2.1. Also given
in the table are values of parameters derived from the calculations for the
model. The subglottal pressure was obtained by Holmberg et al. by inter-
spersing the stop consonant /p/ between the vowels being examined, and
measuring the intraoral pressure during the stop closure. The calculated
fundamental frequency and the maximum airflow declination rate are about
the same as the average measured values. (However, in a later Sl:uay with a
different group of speakers and different processing methods, Perkell et al,
1994, reported somewhat higher declination rates.) The calculated maximum
declination rates in table 2.1 and in figure 2.9a are also consistent with mea-
surements for male and female nonsingers reported by Titze (1992), for a
subglottal pressure of 8 cm H,O. The peak flow for the model (equal to the
ac flow) is about equal to the measured ac flow (i.e., difference between maxi-
mum and minimum flow) for the male speakers in table 2.1, but is somewhat
less than the measured ac flow for female speakers. There is also a discrep-

ancv between the calculated average flow for the female modsl (12 nrq3/e\
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and the average measured flow (after the dc component is removed). Some
adjustment of the parameters of the female model may be necessary to bring
the calculations for the model in line with average data for female speakers.
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Table 2.1 Comparison of average values of measured parameters for the glottal wave for the
condition of loud voice (from Holmberg et al, 1988) and values of the same parameters esti-
mated from the waveforms derived from the vocal fold model (see figures 2.7 and 2.9)

Males Females

Measured Model Measured Model
Subglottal pressure (cm H,0) 9.0 8.0 8.2 8.0
Fundamental frequency (Hz) 126 123 223 238
Sound pressure level (dB re 0.0002 dyne/cm?) 86,0 82 833 78
Maximum airflow declination rate (cm?®/s/ms) 481 490 249 230
dc component of flow (cm®/s) 110 90
ac flow (cm?/s) 380 380 180 130
Average flow (em®/s) 200 150
Average flow — dc flow (em?/s) 90 106 60 32
Open quotient 0.57 0.54 0.71 0.64

Note: Data for adult malag and ‘al'nsllﬂe are given A do component is not included in tha :nnplnl
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but data from Holmberg et al. are listed for this parameter and for average flow. The data for
sound pressure level assume a vocal tract configuration similar to the vowel /z/, and a distance
of 15 cm from the mouth opening.

However, the characteristics of the waveform from the model are well within
the ranges observed for the twenty male and twenty female speakers in the
study of Holmberg et al.

Details of the calculation of the sound pressure level at a distance of 15 cm
are not given here, since they involve deriving the vocal tract transfer func-
tion, following principles discussed later in chapter 3. The calculated values
of sound pressure level (SPL) in table 2.1 require that estimates of the vocal
tract transfer function be made for the vowel /e/ that was used in the experi-
ments of Holmberg et al. The values of SPL calculated from the waveforms in
figure 2.9 are several decibels below the average measured values, although
a small part of the difference for male voices is due to the different subglottal
pressures for the measured data and for the model. The remaining difference
of 3 to 5 dB for both male and female voices must still be explained.

Based on the spectra in figure 2.9, we have constructed prototype spectra
of Ug(#) for adult male and female voices with modal vibration. These spectra
are shown in figure 2.10. The envelopes of these spectra are smoothed ver-
sions of the spectra in figure 2.9, and assume a fundamental frequency of
125 Hz for males and 230 Hz for females. These prototype spectra will be
used in later chapters when calculations are made to compare the spectra of
the sound pressure for sounds produced with vocal fold vibration and for
sounds produced with turbulence noise or transients as the source. The spec-
tra in figure 2.10 are intended to show the root-mean-square (rms) value of
the volume velocity source for each component of the periodic waveform.

As we have ODSEI'VCQ, the specrra at mgn rrequenaes (aDOVE about 3 kHz)
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Figure 2.10 Spectra of derivative of periodic modal glottal source used as prototypes for the
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calculation of vowel specira. The fundamental frequency is 125 Hz for the male voice and 230
Hz for the female voice, The ordinate is the root-mean-square level of each spectral component
of dLL /(df) in dB re 1 em3/s?. A subglottal pressure of 8 cm H. O is assumed.

lie a few decibels below a line with a slope of —6 dB per octave passing
through the spectra in the frequency range of 1 to 2 kHz. This increased
spectrum slope at high frequencies has also been proposed by Gobl (1989).
Below 1 kHz, the spectrum amplitude rises to a broad peak that is a few
decibels above this line. The spectrum amplitude of a component with fre-
quency f in the range 1 to 2 kHz is determined by the maximum of LI(#),
designated as Llyyme. The rms amplitude of this component is Ugy(f) =
2Utmar/ (V2T, - 2f), where T, is the fundamental period. The factor of 2 in
the numerator accounts for the contribution of the positive and negative fre-
quency components in the Fourier spectrum, and the /2 in the denominator
gives the rms value.

As shown in the data of Holmberg et al. (1988), Klatt and Klatt (1990),
Hanson (1995), and K. N. Stevens and Hanson (1995), there can be consid-
erable differences in the spectrum of the glottal waveform from one speaker
to another. For example, the amplitude of the harmonics near 2.5 kHz rela-
tive to the amplitude of the first harmonic can vary as much as 20 dB across
speakers. The spectra in figure 2.10 represent speakers for whom the ampli-
tude in the 2.5-kHz range is relatively high.

Given this rather simple picture of the individual glottal pulses for a par-
ticular rest configuration of the glottis, we turn now to examine the effects
of manipulating some of the physical parameters of the vocal folds and the
subglottal and supraglottal pressure.

2.1.3 Manipulation of Frequency of Vibration

The frequency of vocal fold vibration is determined primarily by the stiffness
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small, as is discussed in section 2.1.4. In this section we consider the changes
in frequency resulting from manipulations that give rise to changes in mass
and stiffness of the vocal folds.

We shall examine the consequences of changing the stiffness of the folds
by stretching them from the ends. An increase in stiffness gives rise to an
increased frequency, and is achieved through contraction of the cricothyroid
musdc, and possu:uy tnf(‘)i.ign contraction of the postel'lor cncoarytenona
muscle, which causes a sliding of the arytenoid cartilages in a posterior direc-
tion (Hollein, 1983). At the lower end of the frequency range, a decreased
stiffness and increased mass of the vocal fold is probably achieved by con-
traction of the vocalis muscle, which causes a shortening and thickening of
the cover of the fold (Hirano, 1975). Shortening of the vocal folds, with con-
sequent reduction in stiffness, can also be achieved by lowering the larynx
through contraction of the strap muscles, as described in section 1.1.2. The
changes in vocal fold length that have been observed by various inves-

Hoators as imdamental freauency is maninulated durine snesch production
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are in the range of 20 to 30 percent. (See data cited in Hollein, 1983.) In
terms of the simple model discussed in connection with figures 2.2 and 2.4,
this increased length leads to a significant increase in the mechanical stiffness
in figure 2.2, and also to small reductions in the vertical thickness of the
vocal folds and in the mass per unit length of the folds. The principal effects
of these changes are to increase the natural Erequencies in equations (2.2) and
(2.3) nd honca to dacroace tha Lma balkan the vocal folds ¢t

nder
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thexr abduction movement during the opening phase and their adduction
movement during the closing phase. These opening and closing phases of
movement of the lower portion of the vocal folds are approximately seg-
ments of sinusoids, and these segments will decrease in duration as the fre-
quencies of the sinusoids increase. The result is a shortening of the glottal
pulse and of the closure interval, and an increase in the frequency of vibration.

In sections 1.1.2 and 2.1.1 above, we have given estimates of the mass,
stiffness, and dimensions of the vocal folds for conditions in which the
folds are not stretched. Lengthening of the vocal folds by about 30 percent is
estimated to increase the mechanical stiffness by a factor of about 3 (from
figure 1.11) and to multiply the mass per unit length by a factor of about 0.7,
leading to a frequency range that is about a factor of 2. This is approxi-
mately the range of fundamental frequency observed in the speech of female
and male adults.

The adjustments in stiffness and mass that are carried out to effect a
change in frequency lead to a modification of the waveform of the glottal
area as a function of time. These changes are illustrated schematically in
figure 2.11 for the model of the vocal folds for male speakers. The figure
shows the displacement of the upper and lower portions of the vocal folds, in
the manner previously discussed in connection with figure 2.4. The mechan-
ical compliances used to calculate the displacement in figure 2.11 are taken
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by a factor of about 1.7, sunulahng a condition for which the vocal folds are adjusted to vibrate
at a higher frequency. (b) Glottal area function corresponding to (a).

to be about 60 percent of those used for figure 2.4, and the masses are
multiplied by a factor of 0.85, leading to an increase in frequency of about
40 percent relative to the condition for figure 2.4.
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the subglottal pressure acting over the surface. The trajectory of this portion
of the cycle is determined by equation (2.2), but we now have a somewhat
decreased thickness d;, a decreased compliance Cj, and an increased fre-
quency wy. There is probably also an adjustment in the rest position of the
lower portion, defined by xo. This initial trajectory is a sinusoid with a more
rapid rise but with a smaller final value. The average displacement of this
lower portion for which the upper edge separates will probably be smaller
than in the original case in figure 2.4, since the thickness of the vocal fold is
decreased. The lateral movement of the upper edge, which determines the
opening phase of the area function, is more rapid because of the increased
stiffness, and the closing phase of the lower portion is also more rapid. The
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result is a shorter area waveform that has a somewnat reduced maximum
amplitude, as shown in figure 2.11b. The figure shows a pulse with about
75 percent of the duration and a maximum opening that is about 40 percent
of the maximum opening shown earlier in figure 2.4. The volume velocity
waveform corresponding to this area function has been calculated, and is
displayed in figure 2.12a. The volume velocity waveform is shown with and
without the effect of the acoustic mass of the airways, the airways being
defined by the configuration in figure 2.8. The differentiated waveform (for
the condition of moderate acoustic loading) and its spectrum are displayed in
figure 2.12b and ¢. Comparison of this waveform and its spectrum with the
waveform and spectrum for normal vibration (shown previously in figure
2.9) indicates that the spectrum at high frequencies when the stiffness is
increased is reduced by about 2 to 3 dB on average. This reduction is a con-
sequence of a somewhat decreased maximum slope of the volume velocity
pulse during the closing phase. The amplitudes of the harmonics for the
periodic waveform for the higher-frequency pulses, however, show an

increaace in nranarkiaon ke tha fraqizamcy an bhat btho avarall logol ~f tho
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harmonics for the low- and high-frequency pulses is about the same.

While the changes in the mechanical stiffness and mass of the vocal folds
that result from adjustments in vocal fold length constitute the principal
influence on the frequency of vibration, manipulation of the lateral position
of the vocal folds can also have an effect on the frequency. Adduction of the
folds leads to increased vertical thickness in the rest position, and the folds
T l::nlaln undcr LOmPICDlen l‘:l'unng mum OI tne CyCle, leaulng l'o a Qm.'éféﬁf
mode of vibration with a lower frequency, Manipulation of the vocal folds to
a more abducted configuration can lead to only a limited degree of contact of
the folds during a cycle, and this condition can result in a higher frequency
of vibration. These effects of adduction and abduction of the vocal folds are

considered in more detail in section 2.1.6.

2.1.4 Effects of Changes in Alveolar Pressure

Increasing or rlpr'rpaemo the alveolar pressure can chanoe the form of some
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of the curves in figure 2.4 that depict the movements of the upper and lower
portions of the vocal folds. The principal effect of a raised alveolar pressure
is to increase the force on the lower portion of the vocal folds as they are
being pushed apart before the upper edges separate. This increased force
results in a more rapid acceleration, as indicated by equation (2.2). The move-
ments of the lower and upper portions of the vocal folds for two values of
alveolar pressure (8 and 16 H,O) are compared in figure 2.13, assuming the
same vocal fold parameters as in figure 2.4. The more rapid movement of
the lower portion with the higher alveolar pressure is seen by comparing
segments ABC (16 cm H,0) and AB’C’ (8 cm H,0). When the upper edges
separate at point B (assumed to be at about the same average displacement
x10 of the lower portion of the folds as for the lower alveolar pressure), the

a1
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Figure 2,12 (a) The solid line is the volume velocity waveform corresponding to the model
with increased stiffness, for which displacements of masses are as shown in figure 2.11, and
supra- and subglottal configurations are as in figure 2.8. The dashed line corresponds to the
waveform in the absence of the effect of supra- and subglottal acoustic masses. (b} Derivative of
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Figure 2.13 Comparing displacements of lower and upper masses of two-mass model for two
different subglottal pressures: a raised pressure P; = 16 em H,O (solid lines), and a more normal
pressure P, = 8 am H;O (dashed lines). Other parameters of the model are given in the text.
Points B and B’ identify times when the upper mass opens.

vocal folds are moving apart more rapidly, and consequently the maximum
amplitude of movement following the opening time is greater. Since the
upper edges of the vocal folds separate earlier in the cycle when the alveolar
pressure is increased, the lower portion begins to accelerate toward closure
earlier, and a small increase in the frequency is expected. In the example
schematized in figure 2.13, the total duration of a cycle of vibration is
decreased by about 8 percent when the subglottal pressure is increased by a
factor of 2. This change in frequency with a change in alveolar pressure is,
however, much smaller than the frequency shift that can be achieved by
adjusting the tension of the vocal folds. Experimentally, the rate of change of
frequency with alveolar pressure has been observed to be in the range 3 to
5 Hz/cm change in H,O (Ladefoged, 1962; Ohala and Ladefoged, 1970).

The amplitude of movement of both the upper and lower portions of the
vocal fold is expected to increase roughly in proportion to the alveolar pres-
sure P, since this pressure provides the force which initiates the outward
vocal fold motion. Thus the maximum cross-sectional area of the glottis
during the cycle of vibration is roughly proportional to P,. This variation of
area (or of maximum opening) with P, is observed approximately in the
example in figure 2.13, with the amplitude of the lower and upper masses
showing an increase that is somewhat less than a factor of 2 for a twofold
increase in pressure. The maximum area at the point where the displacements
for the upper and lower masses intersect for the raised Fy, is about two
times that for the lower P,;,. The volume velocity for a given area is propor-
tional to P,I,{,z [from equation (2.6)], and for a given transglottal pressure is
roughly proporhonal to the area. Conse?uently the peak volume velocity
U, is expected to be proportional to P

Source Mechanisms
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The effect of the alveolar pressure on the waveform of the volume velocity
U, at the glottis can be examined with reference to equation (2.7), which
relates the alveolar pressure to the volume velocity. In figure 2.14 we com-
pare calculations of the U, waveform and its derivative for the two values of
alveolar pressure of 8 cm H,O (see figure 2.4) and 16 cm H,O (see figure
2.13), again assuming the sub- and supraglottal configurations in figure
2.8. The figure shows that for a doubling of pressure the peak value of
U, increases by a factor of about 2.7, which is close to the expected value
of 2%/2, It is expected, then, that the low-frequency amplitude of the glottal
pulse should increase by about 9 dB for a doubling of alveolar pressure.
This observation is verified in the spectrum in figure 2.14c, which is plotted
with the same amplitude scale as figure 2.9. Comparison of the two spectra
for a male model shows that the spectrum amplitude at low frequencies for
the increased pressure is about 8 dB higher than the low-frequency ampli-
tude in figure 2.9.

Expenmental data also show that the overall sound pressure for vowel
production increases approximately as r, ? (Ladefoged, 1962; Isshiki, 1964;
Bouhuys et al., 1968). Since the overall sound pressure of a vowel is deter-
mined primarily by the spectrum amplitude at low frequencies (below 1
kHz), these experimental data indicate that the spectrum amplitude of the
glottal source at low frequencies must increase by about 9 dB per doubling
of alveolar pressure. Thus the prediction of the amplitude change from the
model is in general agreement with experimental observations.

Figure 2.14b shows a larger negative peak in the waveform of the deriva-
tive for the increased alveolar pressure, although in this example the ampli-
tude of this peak does not change as much as the peak value of l’ Thic

tude of this peak does not change as much as the peak value of This
difference is confirmed by comparing the spectra of the denval:lve wave-
forms at high frequencies. The high-frequency amplitude in figure 2.14c is
just 5 to 6 dB greater than that in figure 2.9.

Measurements show that there is an increased spectrum amplitude at high
frequencies relative to that at low frequencies for vowels produced with
greater effort and hence with greater alveolar pressure (Holmberg et al,

e e = TLh..o vira = Aerema a alaciewe an
17'7‘3, 1armnoczy, 197 J.} 1NUS We wuu.lld mycct a \.luauls phne Gf the glcttal

area that is more rapid than that shown in figure 2.13 with increased alveolar
pressure. It is probable that a speaker increases the activity of the adducting
muscles of the larynx with increased alveolar pressure, leading to a more
abrupt closure of the vocal folds, and hence to greater high-frequency energy
in the airflow pulse. The effect of such an increased adducting force was not
included in the calculations leading to figure 2.13.

Figure 2.14 (a) Calculated volume velocity waveforms for two values of subglottal pressure

8 cm H3O {dashed line) and 16 am H;G (solid line). {b) Derivatives of waveforms in {a).

() Spectrum of dL;/dt in (b) for a subglottal pressure of 16 am H;O. Dashed line has a —6 dB
per octave slope.
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A decrease in the alveolar pressure will produce the opposite effect on the
airflow pulse. That is, there will be a reduction in the peak volume velocity
in the pulse, and an even greater proportional reduction in the magnitude
and abruptness of the pulse in the derivative waveform in the vicinity of
closure.

2.1.5 Conditions for Glottal Vibration

From the simple analysis given in section 2.1.1, we can reason that there are
several conditions that will prevent the vocal folds from vibrating. These
conditions are expressed in terms of ranges of parameters that describe the
pressure across the glottis, the configuration of the glottis, and the com-
pliance of the vocal folds.

We consider first a range of conditions for which the vocal folds are
adducted, so that in the rest position the vocal folds are pushed together.
Vocal fold vibration will occur only if the I:ransglottal pressure provides suf-
ficient force to push the vocal folds apart. Otherwise, the glottis remains
closed, and there is no flow of air. Reference to equation (2.2) indicates that
this condition under which the vocal folds are pushed apart will occur when
the quantity P,d;C} + x, is positive, or

Psd:[C; > (—Io). (2.10)

Recall that P, = subglottal pressure, d; = thickness of lower part of the vocal

-~ ! smanhaniaal acmaeliacan of tlo o 1 L. g
fuld, Cl = ulcu“lmu\.a.‘l u.uul.luduht: Uf l.ht: vocal l.'Dlu, ana Xp is a measure OI

the resting position of the vocal fold (with no pressure applied) if it were
not prevented from moving inward by contact with the opposite fold. This
resting displacement is negative if the vocal folds are exerting an inward
force on each other in the absence of P,. A number of combinations of these
parameters will satisfy the inequality in equation (2.10). Vibration will be
inhibited if the subglottal pressure is too small, if the vocal folds are too thin
(i.e., d; is small), if the vocal folds are too stiff (i.e., C} is small), or if the vocal
folds are pushed tightly together (|x,| is large).

Vocal fold vibration can also fail to occur when the glottis is sufficiently
abducted. When the alveolar pressure is applied, the energy supplied by aero-
dynamic forces in a cycle of vibration is not sufficient to overcome energy
losses in the vocal folds, and hence vibration is not maintained. This con-
dition is more difficult to analyze quantitatively, although various attempts
have been made to provide a comprehensive analysis (e.g., Ishizaka and
Matsudaira, 1972; K. N. Stevens, 1977). The basic idea, however, is that for
vibration to be initiated, the vocal folds must be in a configuration such that
there is a pressure gradient across the vocal fold thickness from the lower to
the upper edge. This gradient can be achieved only if the glottal width has a
converging configuration. If the glottal width diverges, then the pressure in
the lower section of the glottis remains approximately equal to the supra-
glottal pressure independent of the width of the lower section. Two con-

Chapter 2



81

<~} vocaLTRACT.
«—— TRACHEA.
(a) (b)

Figure 2.15 Schematization of two glottal configurations for which there is a fixed difference
in width between the lower and upper sections. The difference between the pressures P; and P;
in the two sections, for a given transglottal pressure, is much greater when the glottis is more
adducted, as in (a), than for a more abducted configuration, as in (b).

verging configurations are schematized in figure 2.15. The requirement for
vibration to be initiated is that P; > P,, such that the outward motion of the
lower edge leads that of the upper edge. In the case of the configuration in
figure 2.15a, where the upper edge is adducted in the rest position, P; — P;
at the beginning of a cydle is essentially equal to the subglottal pressure. For

mne aDﬂuCteﬂ Connguratlon OI ngure . J.DD, HOWCVEI, all approxuuatc CXPLCS>-
sion for the pressure difference in the two sections is

P,— P, = AP [1 - (ﬁi) ] (2.11)

where AP is the transglottal pressure, and A; and A; are the cross-sectional
areas of the lower and upper portion of the glottis, respectively. If both A,

and Az are increased b oy the same amount, \.uucayuu.d.'lng to an abdu‘t'".g

maneuver, the ratio Az/A; becomes closer to unity, leading to a decreased
pressure gradient P; — P,. This decreased driving force will result in reduced
energy supplied to the vibrating system. We will not go into a detailed
analysis of this situation here, but we simply note that vocal fold vibration
will be inhibited if the rest position is a relatively abducted vocal fold con-
figuration (i.e., the parameter x, is large and positive). Observations of airflow
and subglottal pressure for onsets and offsets of glottal vibration indicate that
a glottal width of about 0.12 em is needed for initiation of glottal vibration
when the subglottal pressure is 8 em H,0, corresponding to an airflow of
about 300 cm?/s for adult females and 450 cm?/s for males.

For a given subglottal pressure and vocal fold thickness, there would
appear to be an optimal rest position x for which vocal fold vibration can
occur over a wide range of values of vocal fold stiffness (K. N. Stevens,
1977). When the vocal folds are adducted or abducted relative to this rest
position, the above analysis suggests that the range of values of vocal fold
stiffness, vocal fold thickness, and transglottal pressure over which vocal
fold vibration can occur becomes more limited. We shall see in chapter 8 that
some of these manipulations are used to inhibit or to facilitate vocal fold
vibration for consonants where the formation of a constriction in the vocal
tract results in an increased intraoral pressure.

Source Mechanisms
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Experimentally, it has been determined that a transglottal pressure of at
least 3 cm H,O is needed to maintain vibration even when the other param-
eters are optimally adjusted (Finkelhor et al,, 1987; Verdolini-Marston et al,,
1990; Titze, 1992). A greater transglottal pressure is needed if these parame-
ters deviate from these values. For example, when the vocal folds are
adducted or abducted or stiffened, a greater transglottal pressure is required
if vibration is to be maintained.

2.1.6 Factors Affecting the Glottal Waveform

In sections 2.1.1 and 2.1.2 we developed a semiquantitative analysis of
the “normal” or “modal” process of vocal fold vibration, and we showed in
figures 2.5, 2.7, and 2.9 some representations of the glottal waveform in
terms of glottal area, glottal airflow, and time derivative of glottal airflow.
We also examined the effect on the glottal waveforms of changing the stiff-
ness of the vocal folds (in section 2.1.3) and the alveolar pressure (in section
2.1.4). In the model that was used to calculate these waveforms, we assumed
a configuration in which the vocal folds were almost touching in the rest
condition [i.e, xo was small in equation (2.2)] and other parameters were
selected to be within the normal range. It was also assumed that the lateral
movement of each vocal fold during a cycle of vibration was in phase at all
points along the length of the vocal folds, albeit with different amplitudes.
By appropriate manipulation of some of the parameters, particularly the rest-
ing position of the vocal foids as represented by x;, while remaining within
the range where vocal fold vibration is maintained, it is possible to generate

glottal waveforms that have shapes and spectral characteristics that are sig-

nificantly different from those in figures 2.7 and 2.9. Changes in the wave-
form will also occur if parameters such as the resting displacement and the
vocal fold compliance and mass per unit length vary along the anteroposte-
rior direction.

These different modes of vocal fold vibration correspond to configurations
that lie between those assumed for modal vibration and those leadmg to
cessation of vibration. On the one hand, the vocal folds can be rather tightly
adducted, with the static value of xo being relatively large and negative. In
the limit, if the adduction is sufficiently extreme, the vocal folds will cease to
vibrate. On the other hand, the vocal folds can be abducted, with a static
configuration for which the vocal folds are not touching. Again, if the
abduction is sufficiently extreme, vocal fold vibration is inhibited. A related
condition is one in which the vocal folds are in a modal configuration but the
arytenoid cartilages are spread apart at their posterior end to form a triangu-
lar opening or a “glottal chink.”

2.1.6.1 Pressed Voicing We consider first the mode of vibration when
the vocal folds are pushed rather tightly together in their static state. This
mode of vibration is sometimes called creaky voicing or pressed voice. For
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this condition it is probable that, except for their upper edges, the vocal
folds remain under compression throughout the cycle of vibration. This state
of the vocal folds is in contrast to the condition for modal vibration, where
the folds are probably under tension, particularly during the open phase
of the cycle of glottal vibration. Thus, as we have seen in equation (2.1) in
section 2.1.1, portions of the glottal vibration cycle are estimated by
approximating the vocal folds by a mass-spring system. In the case of
pressed voicing, we assume that there is a resistive component R; that dom-
inates the inertial component in the mechanical impedance of the lower
section of the vocal folds. The upper edge of the vocal fold, however, is
characterized as before by a combination of a simple mass and compliance.

Each vocal fold is represented then, by two sections, as in figure 2.2,
except that the mass of the lower portion is neglected, and this section is
coupled to the walls of the larynx through a compliance and a resistance. We
consider a cycle of vibration as beginning with the vocal folds approximated.
The subglottal pressure P; gives rise to an abducting force equal to P;d; per
unit length of the vocal fold, where d; is the depth of the lower portion.
Because the vocal folds are pressed together, this dimension dj is larger than
it is for a more neutral vocal fold configuration. This portion of the fold
undergoes a lateral movement x1(#) in response to this force, where x1(#) is a
solution to the first-order equation

1
Rix: +E:T(II - Io) = P.d;. (2.12)
1

In this equation, x, is the effective static position of the lower portion in the
absence of an applied subglottal pressure, and is negative if the vocal folds
are pressed together in the rest position. As in equation (2.1), Cj is the effec-
tive mechanical compliance per unit length of the lower portion of the vocal
fold.

The solution to equation (2.12) is given by
x1(f) = (Pd; C} + x0)(1 — 7RGy, (2.13)

It is assumed that the depth d; and the compliance C; are adjusted to be
sufficiently large that P.d;C} is greater than —xo. This solution for x;() is
shown as ABCD in figure 2.16. We have selected values of the parameters
that are expected to be typical of male phonation in this mode: Cj =
8 x 10~° em?/dyne, Ry = 60 dyne-s/cm?, d; = 0.4 cm, P; = 8000 dynes/cm?,
and xop = —0.22 cm.

When x;(f) exceeds some critical value x10, the upper edges separate, and
airflow through the glottis begins. In the example in figure 2.16, this separa-
tion occurs at point B, where x; = x10 = 0.02 ecm. The movement x;(f) of the
upper edges follows a trajectory that can be approximated over its initial
portion EC by a sinusoid, as in figure 2.4 and equation (2.3). As airflow
begins, the pressure within the lower portion of the glottis decreases, and

cemoaarinntle tha sobs ecr.
consequently the abducting force decreases. This pressure drops to zero
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Figure 2.16 Same as figure 2.4, except that masses are pushed together in resting position,
simulating a configuration appropriate for pressed phonation. Internal viscous forces in the vocal
folds are assumed to dominate inertia forces for this condition.

when the displacement x;(¥) exceeds x;(¥). In constructing the trajectory for
the lower mass, we have assumed that the curve in the region BC can con-
tinue to be approximated by the same rising exponential, even though the
driving pressure has begun to decrease. At the time when x; and x; are
equal, the restoring force due to the compliance C} causes the lower portion
of the fold to return to the closed position, with a trajectory given by the
solution to equation (2.12), with the right-hand side set to zero. The equa-
tion for this adducting motion of the lower portion of the fold under these
conditions is

x1(f) = x0 + (¥10 — x0)e "/ R1C2), (2.14)

This part of the trajectory for x;(#) is shown as CH in figure 2.16. It is essen-
tially a linear trajectory with a slope of —(x10 — x0)/(R:C}). At point H,
x1(#) becomes zero, and the lower portions of the vocal folds collide. The
upper portion of the vocal fold follows the trajectory CGI, and returns to a
closed position I about 2 ms following the time when the lower portion
closes.

Since x1(#) is a solution to a first-order differential equation (rather than
the second-order equation [2.1]), there is not a requirement that the deriva-
tive of x;(f) be continuous in the region where x(f) becomes non-zero.
Thus there can be an abrupt change in the direction of the x(f) trajectory, as
figure 2.16 shows at point C. There can also be an abrupt change in slope as
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After the lower portions of the vocal folds come into contact, there is an
interval in which the folds compress and the tissue redistributes itself as the
folds change their shape under compression. Following this time interval, the
lower portion again begins an abducting motion as a new cycle is initiated.
In figure 2.16, the initiation of a new cycle would occur some time after the
time at which the upper mass closes (at about 8 ms), so that a period in
excess of 8 ms might be expected.

Displayed in figure 2.17 is the calculated airflow through the glottis,
together with its derivative and the spectrum of the differentiated flow. A
glottal length of 1.0 em is assumed, as before. The airflow waveform and
spectrum for a modal glottal configuration, shown previously in figures 2.7
and 2.9, are reproduced in figure 2.17 as dashed lines. The total area of the
glottal pulse is much smaller for pressed phonation, whereas the rate of
change of area during the closing phase is about the same in the two cases.
The amplitude of the spectrum at high frequencies is slightly greater than
that for modal phonal:ion, and there is a bulge in the frequency range of 1to
2 kHz, reflecting the reduced length of the pulse. The spectrum amplitude at
low frequencies is considerably smaller than that for modal vibration.

When the vocal folds are vibrating in a modal configuration, the frequency
of the glottal pulses is determined largely by the natural frequency of the
vocal folds, which are under some tension. This frequency is given in equa-
tion (2.4). When the vocal folds are pressed together, however, the motion
of the major portion of the folds is determined by the time constant R;C;,
where R; is the resistance of the iower portion and C; is its compliance.

From figure 2.16, we observe that the time of opening of the upper edge
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certain critical value. Since the trajectory ABC is relatively flat in this region,
it is likely that this time of opening is subject to considerable variability,
depending on the state of compression of the upper portion at this time.
Furthermore, the trajectory ABC is quite sensitive to the degree of adduction
of the folds, specified in the model by a negative value xo, since the multi-
plying factor P,d;C] +x¢ is the difference between two relatively large
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of vibration for this pressed mode of phonation.

2.1.6.2 Breathy Voicing The pattern of vibration is quite different when
the glottis shows a fixed opening over some part of its length in the resting
state. We examine first the situation in which the vocal folds themselves are
in the modal configuration corresponding to figure 2.4, but there is a space
through which air can flow between the posterior surfaces of the arytenoid
cartilages. This configuration has been observed in the normal phonation of
many speakers (cf. Sédersten and Lindestad, 1990). We shall assume the area
of this mterarytenoxd space to be about 0.03 cm?, leading to a dc airflow of
about 110 cm?®/s when the vocal folds are adducted and when the subglottal

pressure is 8 cm H;O. This minimum flow during the glottal cycle is in the
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range that has been measured for both female and male speakers (Holmberg
et al. 1988).

The calculated airflow (and its derivative) during a glottal cycle for this
condition of an interarytenoid leak is shown in figure 2.18. For comparison,
the calculations from figures 2.7 and 2.9 for modal voicing (male voice) are
also displayed in the ﬁgure The volume velocity waveform with the inter-
arytenoid leak is, of course, raised relative to that with no leak, but there is
also a difference in the waveforms near the instant of vocal fold closure.
Because the leak provides a path for the airflow, an abrupt cessation of flow
does not occur, and the inertia of the flow causes a smoother transition to
steady flow during the time the vocal folds are approximated (Hanson,
1995). This difference can be seen more clearly in the derivative waveforms.
The derivative for the leak condition has a smaller negative peak, and the
return to zero derivative following this peak is more gradual. The con-
sequence of these differences is that the spectrum for the leak condition is
weaker at high frequencies. For the waveforms in figure 2.18, the spectrum
above 2000 Hz is about 6 dB weaker, on average, for the leak condition in
relation to the modal condition.

Phonation can also occur with the arytenoid cartilages separated at their
anterior as well as their posterior ends. In a resting configuration, then, the
vocal folds are somewhat abducted at their posterior ends where they insert
into the arytenoids. The type of phonation for this state of the glottis is
often called breathy voicing. A typical resting configuration might be as
shown in figure 2.19, with the vocal folds adducted at the anterior commis-
sure and gradually spreading toward the vocal processes of the arytenoid
cartilages. The arytenoid cartilages are more abducted at their posterior than
at their anterior edges. When a subglottal pressure is applied, the anterior
portions of the vocal folds oscillate in much the same way as they do when
the glottis is in a normal configuration, as described in connection with
figure 2.4. The posterior portions of the vocal folds, near the vocal processes
of the arytenoid cartilages, undergo lateral oscillation, but the vocal folds do
not touch (or just barely touch) during a cycle of vibration. There may also
be some mechanical coupling to the arytenoid cartilages, so that the carti-
lages themselves oscillate laterally with a low amplitude.

For purposes of analysis, we shall assume that the waveform of the glottal
area vs. time is a superposition of three components, as schematized in figure
2.20: (1) The anterior 75 percent of the glottis vibrates in much the same
way as for modal oscillation, except that this component is scaled to be
three-fourths of the area in figure 2.5. (2) The posterior portion of the glottis
fluctuates sinusoidally, with the vocal folds just touching at the time when

Figure 2.17 (a) Waveform of glottal airflow for vocal fold model under condition of pressed
phonation (solid line) compared with corresponding waveform for modal phonation (dashed
line). (b) Derivatives of waveforms in (a). (c) Spectra of waveforms in (b). Waveforms are calcu-
lated for conditions represented in figure 2.8,
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Figure 2.18 The solid lines give calculated airflow (top panel) and its derivative (bottom
panel) for the two-mass model adjusted for modal vibration (as in figure 2.4) except that there is
a fixed opening of area 0.03 cm? between the arytenoid cartilages. The dashed lines (labeled
mopAL) show the calculated flows without a leak, from figures 2.7 and 2.9.

they are closest together. The peak-to-peak amplitude of the area variation is
taken to be approximately equal to the amplitude of the first harmonic of the
area variation in (1). (3) There is a fixed area of the space between the aryte-
noid cartilages equal to 0.05 cm?, that is, somewhat greater than the example
in figure 2.18. Figure 2.20 shows the overall area function as well as the
individual components. As will be observed later, this particular selection
of the components of the overall area function leads to a volume velocity
waveform for which the first-harmonic amplitude is about equal to the first-
harmonic amplitude for modal vibration. This is a condition that is approxi-
mated when a speaker makes a transition from modal to breathy voicing.
The airflow waveform and its derivative are shown in figure 2.21, together
with the spectrum of the differentiated airflow. The airflow is calculated for
the condition of a moderate vocalic constriction in the vocal tract, as in
figure 2.8. For comparison, the waveform and spectrum for modal vibration
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Figure 2.19 Idealized representation of vocal folds for a configuration simulating breathy
voicing. There is a separation between the arytenoids that extends back from the vocal pro-

cesses.

oos} '

] ANTERIOR | —— T
004 o6} TOTAL -
B N o2} . -
E S
i ‘m_ ' ' I I r\igléR!O‘R_ &0“'- “
uj FOLDS « _/ \
o N d<
< olact \ \ 1 1 | 004 |- =
i T 1 1 1 1 ¥ o 1 \ 1 1 i { 1
004} INTERARYTENOID | o 2 4 €6 8
| SPACE - TIME (ms)
1 1 ] [ ] | [
°o 2 4 6 8

TIME (ms)

Figure 2.20 Showing method for constructing total area waveform (right panel) for two-mass
model in a breathy configuration similar to that in figure 2.19. The left panels show the compo-
nents that make up the area waveform: an anterior portion that vibrates in a modal fashion (fop),
a posterior portion with sinusoidal vibration (niddle), and an interarytenoid portion with a fixed
area (bottom).

are also plotted, as dashed lines. The spectrum for the breathy model is char-
acterized by a high-frequency amplitude that is about 15 dB weaker than that
for modal vibration, whereas the two spectra are approximately equal at low

freauencies. in the vicinity of the firct harmaonic. Comparison of the spectra

frequencies, in the vicinity of the first harmonic. Comparison of the specira
of vowels produced with modal and breathy voice by human speakers shows
differences of up to 15 dB at high frequencies, whereas the amplitude of the
first harmonic is about the same for the two modes produced with about the
same effort.
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Figure 2.21 (a) Calculated airflow for breathy voicing configuration, as in figures 2.19 and
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Figure 2.22 Representation of glottal area vs. time as the glottis undergoes an adducting
maneuver from a spread configuration to a configuration appropriate for modal voicing.

The presence of a substantial glottal opening means that there can be a
large continuous airflow through the glottis. This airflow can lead to the
generation of turbulence noise, particularly if it impinges on surfaces in the
region immediately above the glottis. This aspect of sound generation at
the glottis is discussed in sections 2.2 and 8.3.

As has been noted in section 2.1.5, if the vocal folds are sufficiently
abducted no vibration will occur. If the supraglottal vocal tract is not con-
stricted, the glottal airflow will be limited by the cross-sectional area of the
glottis. Turbulence noise may be generated in the vicinity of the glottis, as
discussed in section 2.2. During speech production in some languages it often
happens that the vocal folds are manipulated from an abducted configuration,
for which the vocal folds do not vibrate, to a more adducted configuration,
for which normal vocal fold vibration occurs. During this time interval, the
vocal folds pass through a configuration for which breathy phonation occurs.
The sequence of events is depicted schematically in figure 2.22. The first few
cycles of vibration tend to be smooth pulses that have weak high-frequency
energy but strong low-frequency energy, and there is a large average airflow
during this time interval when breathy phonation is initiated. As the vocal folds
become more adducted, the glottis becomes closed over a part of the cycle.

When the mode of vocal fold vibration is such that the glottis is closed or
remains sufficiently narrow over a cycle of vibration, the acoustic source at
the glottis can be approximated by a volume velocity source, as noted in
section 2.1.2. During the closed phase, the impedance of this source is, of
course, essentially infinite. During the open phase, the glottal impedance
is usually large compared with the impedance of the vocal tract (although
this may not always be true, as we shall see in the next section). Thus in this
situation we can, as a first approximation, represent the acoustic excitation at
the glottis by a volume velocity source with a relatively high acoustic impe-
dance. The supraglottal system is essentially isolated from the subglottal
system, and is excited by a monopole source.

When there is a fixed opening in the inierarytenoid space that paraliels the
vibrating portion, as in the case of breathy voicing just discussed, then the
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Figure 2.23 (a) Model of the supra- and subglottal cavities (represented as transmission lines)
with volume velodity sources U, exciting the two cavities. (b) Equivalent circuit for config-
uration in (a), where the sound pressure source p, = LiR,.

glottal impedance may become comparable to the impedance of the sub- and
supraglottal cavities, particularly at low frequencies (below about 1500 Hz).
These cavities may no longer be considered to be acoustically isolated from
each other in this frequency range. Under these circumstances, the volume
velocity variation due to vocal fold vibration can be considered as a volume
velocity U(t) entering the supraglottal tract and a volume velocity —U;(#)
entering the subglottal system. That is, we can approximate the source as a
dipole, paralleled by the constant portion of the glottal impedance, as shown
in figure 2.23a. If we represent this portion of the glottal impedance as a
resistance R,, then this dipole source can be modeled as a sound pressure
source p, = U, - R, as indicated in figure 2.23b. This representation of the
glottal source will be useful when we discuss the influence of the subglottal
cavities, in section 3.6.4.

2.1.7 Effect of a Vocai Tract Constriction on Glottal Vibration

The descriptions of the various modes of glottal vibration up to this point
have been based on the assumption that the vocal tract is in a configuration
that is relatively unconstricted. Under these conditions, changes in the con-
figuration of the supraglottal cavities have only a minor influence on the
waveform of the airflow pulses through the glottis. The principal effect is to
introduce some additional skewness or asymmetry in the waveform of the
glottal airflow, as illustrated in figure 2.7. During the production of certain
vowel-like or consonant sounds, however, a narrow constriction or a com-
plete closure may be formed at some point along the vocal tract above the
glottis. If the vocal folds are in a normal configuration for voicing at the time
the supraglottal constriction or closure is formed, then a change will occur in
the waveform of the airflow and possibly in the configuration and in the
vibration pattern of the vocal folds.

When there is a narrow constriction or a closure at some point along the
length of the vocal tract, of the type that occurs with a voiced fricative
or stop consonant, the effect on glottal vibration is substantial, and will be
discussed separately in section 2.1.7.2. For a moderate constriction size that
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is not sufficient to produce a fricative consonant, there can be smaller but
significant effects on the vibration pattern, and these are discussed first.

2.1.7.1 Moderate Constriction Sizes We showed in figure 2.7 that the
acoustic mass of the sub- and supraglottal cavities causes some skewness and
reduction in the peak amplitude of the volume velocity waveform for a
given area function Ag(f). This effect is about the same for any configuration
of the supraglottal cavities as long as there is not too narrow a constriction
in the vocal tract. For the configuration of figure 2.8, which has been
assumed in the calculation of most of the airflow waveforms in section 2.1,
there is a modest constriction with a cross-sectional area of 1 cm? and length
of 3 cm. This constriction contributes less than one-third of the acoustic mass
of the entire system, and hence is not a major factor in determining the air-
flow waveform at the glottis.

When the constriction becomes narrower, its acoustic mass can contribute
significantly to the overall acoustic mass of the sub- and supraglottal cavities.
For example, the total acoustic mass of the airways would be doubled if the
cross-sectional area A, of the constriction were decreased to about 0.23 cm?,
while maintaining a constriction length of 3 cm. When the constriction is as
narrow as this, its kinetic resistance as well as its acoustic mass can contribute
to the pressure drop in the airways. Consequently a term must be included
in equation (2.7) to account for this resistance. Equation (2.7) then becomes

o oorr o a, AU R

where the resistance of the constriction is given annrmnmai-plv by R, =
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pU,/(2A2%). As before, we make the approximation that U, is the same at the
glottis and at the constriction.

The effect on the airflow of the decreased constriction size of 0.23 em? has
been calculated for the A,(#) function in figure 2.5, using equation (2.15).
This waveform is shown in figure 2.24, and is compared with the waveform

originally shown in figure 2.7 for the relatively unconstricted vocal tract.
There ic a decrease of about 1 to 2 dR in l-!-\n nnnlr ﬂ'l!\ﬂ'!"ln“b of the nn]nn

There is a decrease of about 1 to 2 dB in plitude of the pul
and a comparable increase in the magnitude of the slope in the vicinity of
closure. Modest effects of this kind can be expected for moderate constric-
tion sizes in the range of 0.2 to 0.4 cm?.

The calculated effects on the waveform in figure 2.24 are based on a model
of the supraglottal airway consisting simply of an acoustic mass and a resis-
tance. However, the impedance of the airway can be much higher than this at
the frequency of the first formant. This high impedance can result in signifi-
cant fluctuations of the pressure immediately above the glottis, so that at
some parts of the glottal vibration cycle the supraglottal pressure may devi-
ate appreciably from the reference (atmospheric) pressure, As a consequence,
the transglottal pressure may fluctuate during the glottal cycle. The wave-
form of the volume velocity through the glottis, then, may deviate from the
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Figure 2.24 The solid line gives the calculated volume velocity waveform when the cross-
sectional area of the constriction in figure 2.8 is reduced to 0.23 am?, while maintaining a con-

striction length of 3.0 am. The dashed line gives the waveform for the less constricted config-

uration of figure 2.8, shown previously in figure 2.7a. A subglottal pressure of 8 em H;O is
assumed.

waveform that is calculated on the assumption of a simple acoustic mass and
resistance for the airway. This source-system interaction has been examined
by Lin (1987, 1990) and by Fant and Lin (1987). Their analysis has shown
that the interaction can introduce some irregularities in the glottal waveform
and in its spectrum, but the main features of the spectrum, such as the low-
freauencv amnlltude and the SlQDe at huzh frenuenmgs are not ngﬂ_!flcapﬂv
modified.

Another consequence of the fluctuation of the supraglottal pressure is a
modification of the pressure within the glottis during the open. phase of
glottal vibration. This change in pressure influences the mechanical motion
of the vocal folds. The net effect is to increase the length of time the glottis

is open during the cycle and to cause the rate of closing of the glottis to be
slower (Bickley and Stevens, 1986). The result is a reduction in the grqnl-l;-ula

Ve ewmnee Y QAL LURSVYRIALS, ATOV) e AnCwas a0 Se AT wLLALRALSAR ARG LAY,

of the glottal source of a few decibels, with a somewhat greater reduchon at
high frequencies.

Thus for these moderate constriction sizes there are further modifications
of the waveform of the glottal pulse beyond that shown in figure 2.24. These
kinds of changes can be expected in the airflow waveform at the glottis for
glides and liquids, and for vowels produced with a relatively narrow con-
striction. These modifications for glides and liquids are discussed further in
sections 9.2 and 9.3.

2.1.7.2 Narrow Constrictions or Closure When the constriction is not
too narrow, it has been reasonable to assume that the low-frequency features
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of the waveform of the airflow through the glottis and through the con-
striction are not influenced significantly by the constriction. When the
constriction is sufficiently small, however, the resistance of the constriction
increases to the point where the average airflow through the vocal tract
causes a significant pressure drop across the constriction. The increased
intraoral pressure creates abducting forces on the upper surfaces of the vocal
folds, and these surfaces displace outward in response to these forces. As a
consequence of the reduced transglottal pressure and the more abducted
configuration, the peak-to-peak amplitude of the waveform of the glottal air-
flow decreases and the relative amplitude of the spectrum at high frequencies
is reduced. The constriction area for which these effects come into play is in
the range of 0.1 to 0.2 cm?.

In order to estimate the effect of a narrow constriction on the glottal con-
figuration, we consider the behavior of the model in figure 2.25. The cross-
sectional area of the supraglottal constriction is A, and the area of the
glottal constriction is A,. If A, is sufficiently small and if the pressure drop
P, — P,, across the glottis is large enough, then the vocal folds will vibrate.
For purposes of calculating average flow and intraoral pressure, A, is taken
to be the average area of the glottis. Based on the analysis in figures 2.4 and
2.6, we assume that this average area is determined largely by the maximum
opening formed by the upper edges of the vocal folds.

When the intraoral pressure B, is greater than zero, this pressure exerts an
outward force on the upper edges of the vocal folds. The displacement of the
upper edge in response to this force is given by Axr = C,4,P,, where d; =
effective vertical depth of the edge, and C, =mechanical compliance per unit
length of this edge of the vocal fold. The average area of the glottis can be
written
Ag=Ag+2Ax- £ = Ay + 20C P, (2.16)

where Ay, is the average glottal area that would exist if there were no
intraoral pressure, and ¢ =length of the glottis. An expression for the
intraoral pressure can be derived from the equations P, — P, = pU?/(2A2)
and P, = plU%/(2A%), to obtain
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Figure 2.26 Calculations of intraoral pressure and airflow (top panel) and average glottal area
(bottom panel) for different values of A, in figure 2.25. The resting area of the glottis in the
absence of a subglottal pressure is 0.04 em?, and subglottal pressure=8 am H.O. As A,
decreases, the intraoral pressure increases and this pressure causes an increase in the glottal area.
The intraoral pressure in the top panel is calculated for two conditions: (1) assuming no passive
spreading of the glottis in response to the increased pressure, and (2) with glottal spreading.

Inserting equation (2.16) into (2.17) leads to an equation that can be solved
for P, from which we can determine A, and the airflow U.

Approximate values of parameters of the vocal folds for an adult male are:
/=10 cm, C;=5x%10"% cm?/dyne, and d, = 0.1 cm, so that 2/C.d; =
1.0 x 107°P,,. For modal vibration we assume A, = 0.04 cm”.

Figure 2.26 shows the results of calculations of B,, A, and U as A, is
manipulated from 0.2 to 0.05 cm?. The calculations for the model indicate
that the glottis widens substantially due to the increased pressure on the
upper surfaces of the vocal folds. As the supraglottal constriction narrows,
the intraoral pressure rises more rapidly than it would if there had been no
passive expansion of the glottis. There is an initial increase and then a
decrease in the airflow as the supraglottal constriction becomes narrower. As
the glottis widens with narrowing of the supraglottal constriction, the wave-
form of the glottal airflow will become more rounded, as in figure 2.21, with
a consequent reduction in the spectrum amplitude at high frequencies. At
some constriction size, possibly around 0.07 cm? in this example, the trans-
glottal pressure becomes sufficiently small and the glottis becomes sufficiently
spread that vocal fold vibration ceases. As will be seen in section 8.4, vocal
fold vibration can be maintained by active expansion of the vocal tract
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Figure 2.27 Low-frequency equivalent circuit for the configuration in figure 2.25 when
A: =0, as for a stop consonant.

volume, thereby inhibiting the buildup of intraoral pressure as the supra-
glottal constriction becomes narrow,

If a complete closure in the vocal tract is formed abruptly when the vocal
folds are in a normal configuration with constant subglottal pressure, then a
brief time interval of a few tens of milliseconds elapses before the intraoral
pressure increases to a value equal to the subglottal pressure. The time course
of the increase in intraoral pressure can be calculated approximately from the
low-frequency equivalent circuit in figure 2.27. This equivalent circuit is a
low-frequency modification of the circuit in figure 1.36b, with infinite impe-
dance of the supraglottal constriction. In order to obtain a rough approxi-
mation of the time course of the buildup of intraoral pressure following the
closure, we estimate the average glottal airflow over the initial few tens of
milliseconds following the closure to be about 150 cm?/s, with an average
glottal opening of about 0.07 cm? over this interval. The average value of
R, = pl,/(2A2) [from equation (1.12)] is then about 20 dyne-s/em®. If R,
is taken to be 10 dyne-s/an’, and C,, = 1.0 x 10~ cm®/dyne (from section
1.1.3.7), then the time constant for the intraoral pressure increase following
closure is roughly 30 ms, (Detailed calculations are given in chapter 7 where

ich Th 1 £olds will
an analysis of stop-consonant production is given.) The vocal folds will con-

tinue to vibrate for a few cycles after closure, with the amplitude of vibration
gradually decreasing as the transglottal pressure decreases and as the vocal
folds are displaced toward their steady abducted configuration during vocal
tract closure. As noted above, the time interval over which the vocal folds
continue to vibrate can be extended if the vocal tract volume is actively
increased by raising the soft palate, by advancing the tongue root so that
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or by a combination of these. On the other hand, this time interval can be
shortened by making various laryngeal adjustments, as discussed in section
2.1.5, as well as by stiffening the walls of the vocal tract or by effecting a
contraction of the supraglottal volume. Examples of these manipulations that
are used to enhance or to eliminate vocal fold vibration during a consonant
are discussed in chapter 8.

2.1.8 Models of the Glottal Source

It has been shown in the previous sections that the waveform of the glottal
volume velocity is influenced by a number of factors, including the sex of the

Source Mechanisms
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Figure 2.28 Waveform of detivative of glottal airflow 1, based on the LF model (Fant et al,
1985). The period is T, and the open quotient OQ = 50 percent. The solid line is for an abrupt
discontinuity in the derivative of U, (e, parameter T, = 0) and the dashed line corresponds to
T, = 0.025T,. See text.

speaker, the fundamental frequency, the subglottal pressure, and the resting

position of the vocal folds. Several proposals have been made for ""N‘l"!lng
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the volume velocity waveform (or 1ts derivative) in terms of a small number
of parameters, so that these parameters can then be used to describe the
waveforms for different speakers and for varying states and configurations of
the vocal folds.

One such model is that of Fant et al. (1985), called the LF model. In this
model, the flow derivative LI;(#) is represented by a portion of a single cycle

I\‘ Q'\ unAarAann‘nnA EII\IIEI\'IA
A WA ycu PihIVAIVIAM

U (f) = E.e™ sin 2nE;t (2.18)

for times # in the range 0 < f < Ty, where T; = 0Q- T,, OQ = open quo-
tient = fraction of the cycle in which the glottis is open, and T, = funda-
mental period. This waveform is displayed in figure 2.28. During the
remainder of the cycle, an abrupt return to zero or a decaying exponential is
appended to the end of the sinusoidal portion, as shown in the figure. This
waveform up to ¢ = OQ - T, is defined by the three parameters E,, &, and F,.
A fourth parameter of the LF model specifies the time constant T;, beginning
at the negative maximum of the underdamped sinusoidal portion, as the
dashed line in figure 2.28 shows. For the periodic waveform in figure 2.28,
the value of OQ is 0.5.

When the time constant T, = 0, that is, there is an abrupt return to zero at
time T;, then the limiting slope of the spectrum of the pulse at high fre-
quencies is —6 dB per octave. For a non-zero value of T, the high-frequency
slope of the spectrum increases to —12 dB per octave at a breakpoint fre-
quency of 1/(2aT,). Figure 2.29 shows the spectrum of the waveform con-
structed by repeating periodically the glottal pulse in figure 2.28, for T, = 0
and for T; = 0.1 ms, for a fundamental period of 8 ms, and for two values of
the open quotient The decreased high—frequency amplitude with the larger

value of T is apparent. Chan, the open quotient by expanding or con-
PP ging P
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Figure 2.29 Spectrum of derivative of glottal airflow for LF model for several combinations of

-----

These spectra were calculated from a version of the LF model developed by Dennis Klatt (Klatt
and Klatt, 1990).

tracting the basic pulse (but keeping T, the same) has the effect of modifying
the spectrum in the low-frequency range. For example, the difference between
the amplitudes HI and H2 of the first two harmonics changes from —5 dB to
+5 dB as OQ changes from 30 to 70 percent. The spectrum given in figure
2.10 for a male voice, which is derived from the model described earlier, is
similar to the spectrum in figure 2.29 with OQ = 0.5 and T, between 0 and
0.1 ms,

A model similar to the LF model was proposed earlier by Rosenberg
(1971) and was modified and implemented by Klatt and Klatt (1990). This
model specifies the derivative of the glottal volume velocity in the time
interval 0 < # < OQ - T, by the equation

1) =af 28— 2t
Ug(p) = a(zt 00 n), (2.19)
where a is a scaling constant. As with the LF model, this model also includes

a parameter T, that accounts for the retumn time from the negative peak of
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the waveform in equation (2.19). The parameters of this model, then, are the

amplitude 4, the frequency 1/T,, the open quotient OQ, and the return time
constant T,. The spectrum of this waveform is similar to that of the LF
model.

2.2 TURBULENCE NOISE SOURCES

2.2.1 Mechanisms ration at a Constriction

The basic mechanism for the generation of sound in speech is to create one
or more constrictions in the airways between the trachea and the lips, and to
cause a rapid flow of air through this constriction. In the previous section we
have seen one way in which sound can be produced when a constriction is
formed at the glottis. In that case, the mechanism of sound generation
involved mechanical vibration of the walls of the glottis, causing a modu-

lation of the flow of air into the vocal tract. We examine now a method of

1ie 1143 Wl oell 22Ny H2S Ll Liats. SimlasAianate ARwSVY & arswniivA

generating sound at a constriction by creating turbulence in the flow of air.
Turbulence will occur in the flow downstream from a constriction if the flow
velocity at the exit is sufficiently large. The velocity fluctuations in this tur-
bulent flow act as a source of sound.

Turbulence noise can be generated by three somewhat different mecha-
nisms, as illustrated in figure 2.30. The figure shows a tube in which there is

a ranm] flow of air I-l-nrnnaln a narrow constriction, In one case, the flow of air

from the constriction forms a jet, as in figure 2.30a, and turbulent fluctua-
tions in velocity are distributed over a region of space downstream from the
exit of the constriction. These fluctuations in velocity occur in free space
where there are no boundaries to exert a force on the medium. The second
mechanism of turbulence noise generation involves the creation of turbu-

‘I_I ®% (c)

Figure 2.30 Schematic representation of three types of acoustic sources due to turbulence in
the airstream near a constriction: (a} no obstacle; (b) obstacle in the airstream downstream from
the constriction; (c) fluctuation in flow through the constriction.
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in figure 2.30b. The obstacle or surface generates a fluctuating force on the
medium, and this fluctuating force constitutes a sound source. The third type
of turbulence noise generation is a consequence of random velocity fluctua-
tions in the airstream within the constriction. These fluctuations may arise
due to irregularities in the configuration of the airways. One type of irregu-
larity upstream from the constriction is schematized in figure 2.30c.
Experimental data have been collected with mechanical models similar to
those shown in figure 2.30, to compare the sound pressures produced in the
three situations (Shadle, 1985a; Pastel, 1987). The airflows and dimensions of
the model were comparable to those found in the production of fricative
consonants in speech. The SPL for the model with an obstacle was about
30 dB greater than that without an obstacle. This difference in level depends,
of course, on the position and orientation of the obstacle in the flow, but is
clearly a significant difference. It is evident that, for the flows and config-
urations of interest in speech, the sound energy generated by a mechanism

involving an obstacle or surface interacting with the flow is significantly

greater than that generated by turbulence in a free jet. For most if not all
cases where turbulence noise is generated to signal a phonetic distinction in
speech, the primary mechanism of sound generation involves turbulence at
an obstacle or surface. Situations can occur, however, in which the fluctuat-
ing flow within the constriction can contribute significantly to the radiated
sound.

2.2.2 Sound Pressure Source Due to Turbulence in the Flow

In figure 2.30 the obstacle is placed directly in the airstream at right angles
to the flow. In this case there is a large fluctuating force that is almost per-
pendicular to the obstacle and in the direction of the flow, and this force is
concentrated in a relatively small region defined by the dimensions of the
obstacle and the jet. In another type of configuration, illustrated in figure
2.31, the flow passes over a surface or impinges on the surface at an angle.
The fluctuating force in this case is a shear force in the direction of the flow
or is oriented normal to the surface and perpendicular to the flow. For this
configuration the turbulence may be distributed over a substantial area of the
surface. The sound generated by the obstacle in figure 2.30b is considerably

greater than that produced across the surface in figure 2.31, since the fluctu-

'1 S
— I\
Figure 2.31 Airflow impinges on the wall of a tube downstream from a constriction, to gen-
erate turbulence noise at the wall.
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Figure 2.32 Equivalent circuit representation of a turbulence noise source as a one-dimensional
dipole with two equal and opposite volume velocity sources Q (top} and as a sound pressure
source (bottom).

ating forces on the medium are much greater when there is an obstacle

against which the flow impinges almost perpendlcularly.

In either case, the fluctuating force exerted by the obstacle or surface
creates the equivalent of a distribution of dipole sources over the regions
where these sources occur (cf. Landahl, 1975). If the source is concentrated
over a narrow region of space within a tube, as it may be with an obstacle
of the type shown in figure 2.30b, then the source of excitation of the prin-
dpal mode of propagation in the tube can be represented as a single one-
dimensional dipole, as schematized in the electric network analog in figure
2.32. That is, the source can be represented by two equal and opposite vol-
ume velocity sources (depicted by Q in figure 2.32) spaced a small distance
apart (£ in the figure). This dipole source of strength Q¢ is equivalent to a
source of sound p; in series with the acoustic tube, given by

ps = jopY A, (2.20)

where A is the cross-sectional area of the tube at the point where the source
is located, and p is the density of air. The representation of a turbulence
noise source as a series sound pressure source has been proposed by Fant
(1960), based on experimental data from fricative consonants.

A turbulence noise source can be produced at any point along the vocal
tract where a constriction can be formed, including the glottis. In some

regions of the vocal tract it is possible to direct the airstream against an

obstacle to generate a relatively strong source, or to produce a weaker source
by preventing the airstream from impinging directly against an obstacle. The
various alternatives that are available are considered in chapters 7 and 8. At
the level of the larynx, when the vocal folds are vibrating, the peak velocity
of airflow can be quite high, as shown above in section 2.1. Some noise can
be generated when this flow impinges on the epiglottis or false vocal folds.

maten a PR PN TE PN Ao |
The generation of turbulence noise at the glottis is discussed in sections

2.2.6 and 8.3.
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The sound g&icia€a oy turbulence at a surface or obstacle in the vocal
tract may be concentrated primarily in a narrow region of the vocal tract
(such as at the lower incisors), or may be distributed over a region of a cen-
timeter or more downstream from the constriction. If the turbulence is dis-
tributed over a region, then a representation of the source as a single lumped
sound pressure source as in figure 2.32 may be inappropriate. A distributed
source may be needed to provide a better approximation to the sound
generation. This distributed source may, in turn, be approximated by several
lumped sources, and each source may have different amplitude and spectral
characteristics.

It has been shown experimentally that the sound power generated in the
middle- and high-frequency range by this kind of turbulent flow for a given
constriction size is proportional to the sixth power of the velocity of the air-
flow (Shadle, 1985a). Since the velocity is proportional to v/AP, where AP is
the pressure drop across the constriction, then the sound power generated
by a turbulence noise source is proportional to AP3. This relation between

entind nawrar and nrasers dran hae alea haan ahearvvad avnarimantaller (het
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with slight variations) by Hixon et al. (1967), Badin (1989), and others. Sup-
pose now that, for configurations of the type shown in figures 2.30b or 2.31,
the cross-sectional area A of the constriction is changed, keeping other
aspects of the configuration fixed. One would expect the area of the surface
over which turbulence occurs to increase in proportion to the constriction
area A, since this determines the cross-sectional area of the jet that impinges
on the surface. The total sound power generated by the turbulence noise is
proportional to the area of the region of turbulence on the surface, and
therefore is proportional to the cross-sectional area A of the constriction.
Consequently the sound power generated by the source is proportional to
AP? . A. Since the radiated sound pressure is proportional to the square root
of the sound power, then the magnitude of the sound pressure source in
figure 2.32 is proportional to AP*2A/2, Using equation (1.12) relating AP,
A, and U, we note that

ps = KUPA™2?, (2.21)

where K is a constant. As we have observed earlier, the source strength is
also influenced by the configuration of surfaces or obstacles in relation to the
jet of air flowing through the constriction. Thus this configuration influences
the value of the constant K in equation (2.21). Data from different fricative
consonants, as well as experimental data from mechanical models, suggest
that the value of K may differ by a factor of about 3 (or about 10 dB)
depending on the configuration.

The spectrum of the sound pressure source that results from turbulence at
an obstacle tends to have a broad peak at a frequency that is proportional to
u/d, where u is the velocity of the airstream and d is the cross-dimension of
the constriction (M. E. Goldstein, 1976). Experimentally it appears that the

e 4 ___.
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Figure 2.33 Spectrum of sound pressure source p, for a configuration similar to that in figure
2.30b, for two values of airflow. Distance from the constriction to the obstacle is 3 am, and the
diameter of the (circular) constriction is 0.32 cm. The cross-sectional area of the tube is 5.0 em?.
The spectra are in 300-Hz bands of frequency. (a} The ordinate is the absolute level of the sound
pressure gource, in decibels re 1 dyne/cm?. (b) The same curves are given, but with an ordinate
that is in units of volume velocity, to permit comparison with other volume velocity sources in
the vocal tract. The sound pressure source p, is nomalized by dividing by the characteristic
impedance pc/5. For 0 dB on the ordinate, 5p,/(pc) = 1 an®/s. When the area A; of the tube
downstream from the constriction is different from 5 em?, the curves in (b) should be scaled up
by 20log (A¢/5) dB. For the upper curve in both panels, the value of 20log LIPA~2% = 212 dB,
where U =volume velocity in cubic centimeters per second and- A =area of constriction in
square centimeters. When 20log UPA~2% is different from 212 dB, the upper curve should be
scaled up by 20log LI A-25 — 212 dB. Curves are based on experimental data of Shadle (1985a).

proportionality constant is in the range of 0.1 to 0.2 for the configurations of
interest in speech production. The spectrum of the source drops off slowly
above this frequency of 0.1 #/d to 0.2 u/d.

Measured spectra of the sound pressure source for a configuration like that
in figure 2.30b are shown in figure 2.33a for two different flow velocities
(Shadle, 1985a). These spectra were. calculated from measurements of the
sound radiated from the end of a cylindrical mechanical tube containing a
narrow constriction with a diameter of 0.32 am. Air flows through the tube
and the airflow through the constriction impinges on an obstacle placed
normal to the flow and 3 cm downstream from the constriction. The method
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described in chapter 3. In the spectra in figure 2.33, the frequency of the broad
spectral peak is at the lower end of the frequency range of the measurements.

The spectra in figure 2.33a are expressed as the sound pressure in a fre-
quency band of 300 Hz, in decibels relative to 1 dyne/am®. While the fre-
quency band of 300 Hz may appear arbitrary, it is selected to match roughly
the frequency resolution of the peripheral auditory filtering in the frequency
range where turbulence noise tends to play the greatest role in the genera-
tion of consonant sounds. The frequency range is about 1500 to 4000 Hz,
and the bandwidths of the peripheral auditory filters in this frequency range
are 200 to 800 Hz, as observed later in section 4.2.6. Thus a spectrum based
on an auditory representation of the noise can differ by up to 4 dB from a
spectrum with a fixed bandwidth of 300 Hz.

For the two flows of 420 and 160 cm?/s in figure 2.33, the expected differ-
ence in source ievel, from equation (2.21), is about 30iog420/160 = 13 dB.
The measured difference in this example is slightly more than this, especially

at hioh frocuencice hit ths 113 donendsncs in sauation (2 21) nrovides a

at high frequencies, but the U° dependence in equation (2.21) provides a
reasonable approximation to the variation with flow for most conditions. If
the characteristic dimension d for the data in the figure is taken to be the
diameter 0.32 cm, corresponding to a cross-sectional area of 0.08 cm?, then
the linear velocity u for the two flows is about 2000 and 5200 cm/s. The
values of 0.1 u/d are then 600 and 1600 Hz. The spectra in figure 2.33
exhibit the expected decrease above these frequencies, although the low-
fTEqi.iEﬁCy SpéCtru.m does not show a decrease. There may be a uluuopuu:
component that contributes to the low-frequency amplitude, as discussed in
the next section.

In figure 2.33b we have normalized the sound pressure of the source for a
configuration like that in figure 2.30b by dividing it by the characteristic
impedance of the tube pc/5, since the cross-sectional area of the tube that is
downstream from the constriction is 5 an®. This way of normalizing the
source expresses the source strength in units of volume velocity, and thus
permits comparison with the volume velocity source at the glottis.

As has been noted above, the magnitude of the sound pressure source
depends on the cross-sectional area of the constriction, the airflow through
the constriction (or, alternatively, the pressure drop across the constriction),
and the configuration of nearby surfaces on which the airflow impinges. The
spectra in figure 2.33 represent the source strength for the indicated values
of volume velocity and for the constriction size of 0.08 cm?, with an obstacle
oriented normal to the flow and 3 cm downstream from the constriction, as
already noted. Experimental data (to be described in chapter 8) suggest that
the levels should be scaled down (possibly as much as 15 dB) for a less direct
placement of the obstacle. The levels should be scaled up if an obstacle were
placed directly in the airstream closer to the point at which the jet emerges
from the constriction; this situation in which the levels are scaled up does

| 7 P I
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not appear to occur in normal speech production. If the cross-sectional area
of the constriction and the airflow are different from the values for which the
spectra in figure 2.33 were obtained, then the curves should be scaled up or
down according to equation (2.21). The value of 20logLI*A~2* for the
curves for U = 420 am3/s in figure 2.33 is 212 dB, and this value can be used
as a reference for scaling the spectrum up or down for different values of
U and A. The conditions of volume velocity and constriction size for U =
420 cm’fs correspond roughly to the flows and dimensions usually found for
fricative consonants in speech. Consequently the upper curve will usually be
used as a standard source spectrum which is scaled up or down depending
on the conditions for a particular speech sound. Finally, if the cross-sectional
area A; of the tube immediately downstream from the constriction is differ-
ent from 5 cm?, the spectrum in figure 2.33b should be scaled up or down by
adding 20log A;/5 dB, where A; is in square centimeters.

2.2.3 Monopole Source Due to Turbulent Flow

When air flows through a constriction in a tube with an abrupt termination,
there can be fluctuations in the velocity of the flow emerging from the con-
striction. These fluctuations in velocity constitute 2 monopole sound source,
and can be modeled as a volume velocity source. The magnitude and spec-
trum of this source is somewhat dependent on the configuration of the
constriction, including its length, its smoothness, and the abruptness of its
termination. The presence of obstacles or other impediments to smooth flow
upstream or immediately downstream from the constriction can also influ-
ence the mnn_gpnlp source. Rough estimates of these source narameters can
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be made based on measurements with models. Such measurements have been
made by Pastel (1987) for a simple configuration in which a jet of air is
introduced in a direction perpendicular to the wall of a tube with a length of
17 cm, as shown in figure 2.34. For this configuration the wall of the tube is
dlose to the outlet of the jet, and this wall is expected to cause a reaction on
the flow through the orifice, resulting in a fluctuation of the flow and hence a

monopole source. A dipole component of the turbulent noise source for this

configuration is also to be expected, although this component will couple

Figure 2.34 Airflow entering a tube normal to the axis, generating turbulence at the wall. At
low frequencies the predominant source that couples to the modes of the tube is assumed to be a

monopole source.

Chapter 2
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only weakly to the modes of the tube, especially at iow frequencies. (The
coupling of sources to the modes of the tube is discussed further in chapters
3 and 8.)

From measurements of the spectrum of the radiated sound pressure when
air flows through the configuration in figure 2.34, it is possible to calculate
the spectrum of the monopole component of the source. This calculated
spectrum is given in figure 2.35. The absolute level of this source spectrum
has been scaled (based on equation [2.21]) to correspond to the conditions of
flow for which the sound pressure source for U = 420 an®/s in figure 2.33 is
derived. The figure also shows the spectrum of the sound pressure source
from figure 2.33, normalized, as in figure 2.33b, to have the units of volume
velocity, with a tube having a cross-sectional area of 5 cm?.

The figure shows that the monopole source has a spectrum that decreases
with frequency more rapidly than that of the dipole source at the obstacle.
At low frequencies, the level of the monopole source (after normalizing the
sound pressure source by the characteristic impedance of the tube) is about
15 dB below that of the dipole source with a full obstacle. At these low fre-
quencies, the monopole source usually couples more effectively to the modes
of the vocal tract in front of the constriction than does the dipole source, as
we shall observe later, and hence may contribute substantially to the spec-
trum of the radiated sound pressure. At middle and high frequencies, how-
ever, the spectrum of the sound output is usually dominated by the dxpole
component. (See chapter 8.)
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Figure 2.35 The upper curve is the (normalized) sound pressure source at an obstacle, and is
the same as the upper curve in figure 2.33b (except for the linear frequency scale). The lower
curve is the calculated amplitude of the volume velocity monopole source based on measure-
ments with the model in figure 2.34 (after Pastel, 1987). Levels are in 300-Hz bands. For both
curves the value of 20log L’ A~25 is 212 dB, where U is in cubic centimeters per second and A
is in square centimeters. The dashed portion of the monopole curve is an extrapolation from the
experimental data.
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Figure 2.3¢ Tube with two consirictions, with turbulence noise generated at both con-

strictions. The cross-sectional areas of the constrictions are Ay and A, as indicated, representing
the glottal and supraglottal constrictions.

2.2.4 Noise Generation for a Configuration with Two Constrictions

During the production of fricative and stop consonants, the upper airways
can usually be considered to have two major constrictions—one at the glot-
tis and one in some region of the vocal tract above the glottis. The config-
uration is shown schematically in figure 2.36. In general, turbulence noise
can be generated at either of these constrictions. If we let Ag = cross-
sectional area of the glottal constriction and A, = cross-sectional area of the

supraglottal constriction, then the volume velocity is given approximately
by

_ \/% (i— 1 - )m, (2.22)

At
where P, =subglottal pressure. From equation (2.21), we can derive expres-
sions for the relative magnitude of the sound pressure source in the vicinity
of the supraglottal constriction and the source in the vicinity of the glottal
constriction.

Figure 2.37 shows the relative sound pressure (in decibels) for each of
these sources (assuming dipole or sound pressure sources) as a function of
the cross-sectional area of the supraglottal constriction, for two values of the
glottal constriction size. For a given glottal constriction, the level of the
supraglottal source shows a broad maximum. It can be shown that, when U
is given by equation (2.22), the value of A, for which U3A725 is a maximum
is Ac=Ag/V5. The level of the turbulence noise source at the glottis
increases monotonically as the cross-sectional area of the supraglottal con-
striction increases. The curve showing the source level at the glottis assumes
that the vocal folds maintain their configuration and that vocal fold vibration
is not initiated.

The relative levels of the two curves in figure 2.37 representing the source
levels at the two constrictions depend upon the configuration of the surfaces
against which the airflow is directed in the vicinity of the constrictions. The
curves in the figure assume that the constant K in equahon (2.21) is the same
for the two constrictions. For different configurations of surfaces or obsta-
cles, one of the curves in the figures could be shifted up or down relative to
the other.

Chapter 2
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Figure 2.37 Relative level of noise source at each constriction of figure 2.36, as a function of
the cross-sectional area of the supraglottal constriction. The cross-sectional area A, is fixed at a

different value for each panel. The constant X in equation (2.21) is assumed to be the same for
the noise generated at each constriction.

Ry (b)

Figure 2.38 (a) A vocal tract constriction with pressure P,, applied hehind the constriction,
The curved line is intended to represent an articulator such as the tongue blade or tongue body.
(b) Schematization of the constriction as a two-section configuration.

The curves in ﬁgure 2.37 assume that the adjustment of the cross-sectional
area of the st.i?fagl()ttal constriction is made muc‘peﬁueﬁﬂ'y of the pressure
across the constriction and the airflow through the constriction. However,
the walls of the vocal tract in the vicinity of the constriction are not rigid,
and there is some displacement of the walls in response to changes in pres-
sure at the walls, in much the same way that the vocal folds undergo dis-
placement in response to changes in the pressure at the vocal fold surfaces.
This tendency for the area to increase with increased intraoral pressure has
been noted by Badin (1989).

In order to gain some insight into the importance of this effect of yielding

walls we examine l-]-m forces on the walle for a tvnical constriction ag d'\num
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in figure 2.38. The configuration of the surface fonmng the constriction is
sketched in (a), and (b) schematizes the configuration in the vicinity of the
constriction by two uniform sections with cross dimensions d; and d,. To

Source Mechanisms



110

simplify the analysis, we take the lateral widths of the two sections to be the
same (), and their lengths to be the same (¢). A pressure B, (relative to at-
mospheric pressure) is applied behind the constriction, and a volume flow U
occurs in response to this pressure. The average pressure in the upstream
section is P, and the average pressure P; in the downstream section is taken
to be zero. (We assume that d; > d; always.) The walls of the upstream sec-
tion are assumed to have a linear mechanical compliance Cy. (We shall define
Ci as the compliance per unit area of surface, i.e., the ratio of surface dis-
placement to pressure.) In the absence of an applied pressure, the two sec-
tions assume a static configuration. When the pressure B, is applied, this
static configuration is modified due to the pressure P; on the upstream sec-
tion. If we assume that d;, > 0 as a result of this applied pressure, then the
pressure Py is P, — pU2/(2(d;w)?). Since the downstream section is the
smaller one, then we have P,, = plU2/(2(d,w)?), from which we can write

By (Y. a2

1

The pressure P; in the upstream section causes an outward displacement
of that section so that the width d4; satisfies the equation

PI = C_ (dl - le)s (224)
1

where dj is the static width in the absence of an applied pressure. Since the
pressure P; on the downstream surface is zero, the difference d; — d; remains
constant as d; increases in response to P;. Setting d; — d; = Ad, we combine
equations (2.23) and (2.24) to obtain

D -ty =1- (-2 _Y 2.25)
Cl 2 = 420) — m’ ('

where dj is the static position assumed by the downstream section in the
absence of an applied pressure. Solution of this equation leads to a relation
between the minimum width d, of the constriction after the pressure is
applied and the minimum width d;, that is assumed by the articulators in the
absence of the applied pressure. We assume that 4, > 0 after the pressure is
applied, although the static position d39 could be negative, indicating com-
plete closure in the absence of the applied pressure. The parameters of the
equation are (1) the applied pressure P,., which is often approximately the
subglottal pressure; (2) the compliance C; of the wall of the constriction; and
(3) the difference Ad which is an indication of the rate of decrease of area as
one moves toward the constriction.

For purposes of illustration, we have picked values of these parameters
that are estimated to correspond to a fricative configuration such as /s/ or
f8/: Py = 8 an H;0, and C; = 3 x 1075 cm3/dyne (somewhat greater than
the average wall compliance assumed earlier for the entire surface of the

_____ i -~

vocal tract). Figure 2.39 shows the relation between dy and dy for three
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Figure 2.39 Actual width d, of the constriction for the configuration in figure 2.38b when
pressure is applied, as a function of the “resting” width dzy that would occur in the absence of an
applied pressure. A two-constriction model like that in figure 2.36 is assumed, with a constant
subglottal pressure of 8 em H,O and a fixed area of 0.2 an?® for the glottal constriction. The
parameter Ad is the difference between the minimum constriction width d; and the width 4,
immediately upstream, as in figure 2.38b. See text.
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Figure 2.40 Relative level of naise source at each constriction of figure 2.36, as a function of
the “resting” area of the supraglottal constriction. The supraglottal constriction is modeled as in
figure 2.38, such that the applied pressure modifies the constriction size. Area of glottis is 0.2
cm? as in figure 2.37a, and Ad = 0.02 am in figure 2.39.

values of Ad: 0.02 an, 0.05 am, and 0.10 cm. These calculated curves show
that there can be an increase of 1 mm or more in the width of the constric-
tion due to the applied pressure. More important, perhaps, we observe that
in the range of d up to +0.1 am, changing the width dy by a given amount
results in a smaller change in d;. Since it is presumably dao that is under the
control of a speaker when producing a fricative, one can conclude that the
aerodynamic forces make it easier for the speaker to adjust the constriction
size to be within a certain critical range to maximize the amplitude of the
turbulence noise source, as indicated in figure 2.37.

Thie nhearatinn je illictratad in fours 2 A0 whish chawe thae rolative

lluﬂ Vol VAauivil lﬂ AlUItiaLwYw Al lleF &le"EVy YYAMNAL JLIVIYY &iLlL LG illeivV L

amplitude of the turbulence noise at the two constrictions as a function of
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a0, that is, as a function of the minimum constriction width that is set by the
speaker in the absence of an applied pressure. This figure is derived from
figure 2.37a with A; = 0.2 cm?, but with dj rather than 4, plotted on the
abscissa. The amplitude of the noise at the supraglottal constriction shows a
much broader maximum in figure 2.40 than in the corresponding curve in
figure 2.37a. The maximum occurs in the vicinity of dy = 0, that is, with a
“resting” position for which the participating articulatory structures are just
touching. A resting position with a3y < 0 for a fricative implies that, when
the articulator is in the constricted configuration for the fricative, reduction
of the intraoral pressure would cause the constriction to narrow and to form
a complete closure.

If the subglottal pressure is P, then by appropriate abduction of the vocal
folds to produce a relatively open glottis, the pressure drop across the
supraglottal constriction becomes equal to P,. The intraoral pressure between
the glottis and the constriction can, however, be raised above the subglottal
pressure by closing the glottis and contracting the volume of the space
between the two constrictions. This contraction is achieved by raising the
larynx or by manipulating the tongue root. Through this laryngeal adjust-
ment and volume contraction, the pressure drop across the constriction can
be increased to well above the subglottal pressure, and a greater amplitude
of turbulence noise can be produced. This method is used to produce so-called
ejective fricative or stop consonants.

As we have seen in section 2.1.7, it is possible to maintain vocal fold
vibration when a supraglottal constriction is formed, leading to a voiced
fricative consonant. Continued glottal vibration requires that the pressure
drop across the glottis be greater than about 3 cm H,O. A typical value of
intraoral pressure during a voiced fricative is about one-half the subglottal
pressure, whereas during a voiceless fricative the intraoral pressure might be
80 to 90 percent of the subglottal pressure. Consequently the pressure across
the supraglottal constriction for a voiced fricative is about 60 percent of its
value for a voiceless fricative. Thus the sound pressure resulting from the
turbulence noise source for a voiced fricative is expected to be about 7 dB
below that for a voiceless fricative if voicing is to be maintained (since
20log0.6'° = 7 dB). If the noise produced during a voiceless fricative is
already quite weak (as with /8/ or /f/ in English), then the level of the noise
source for the voiced cognate will be even weaker, and may be inaudible.

2.2.5 Turbulence Noise at the Release of a Stop Consonant

In the previous section, we discussed how the level of the source of turbu-
lence noise in the vicinity of a supraglottal constriction is dependent on the

cross-sectional area of the constriction and on the size of the glottal opening.

At the release of a stop consonant, the cross-sectional area of the supra-
glottal constriction increases from a complete closure, and there is a rapid
flow of air through the constriction. This rapid flow can result in the gen-
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eration of turbulence noise in the vicinity of the constriction. The pressure
that is built up behind the constriction drops to atmospheric pressure during
this time interval, while the subglottal pressure can be assumed to remain
more or less fixed. The interval of turbulence noise generation near the
supraglottal constriction is followed by a time interval in which the airflow is
limited by the glottal constriction. As the pressure drop across the glottis
becomes equal to the full subglottal pressure, several different events can
occur depending on the configuration of the glottis: (1) there can be an
interval of silence if the glottis remains closed; (2) there can be generation of
turbulence noise at the glottis; or (3) vocal fold vibration can be initiated.
Throughout this time following the release, the cross-sectional area of the
glottal opening can undergo a change, either increasing from a narrow
opening or closure, or decreasing from a relatively abducted configuration.
The situation can be examined more quantitatively with reference to the
curves in figure 2.37, which show the amplitude of the noise source as a
function of the constriction size, together with other parameters related to
turbulence noise generation. The rate at which the cross-sectional area of a
constriction increases with time has been discussed in section 1.3.3. We
observed there that the initial rate of increase of area (averaged over the
first few milliseconds) for a stop-consonant release is in the range of 25
to 100 cm?/s, depending on the articulatory structures that form the con-
striction. In order to analyze the time course of turbulence noise generation
following the release, we shall assume that the cross-sectional area follows a
rising exponential time course, as in figure 2.41, and we shall examine two
different initial rates of increase: V; = 25 cm?/s and V; = 100 em?/s. In our

1 aalocie wre chall aceirrme o olatbal aroa rem em
initial anatysis we snail assume that the slutta.ll area remains fixed at 0.2 an?.

An equivalent circuit that can be used to estimate the airflow through
the glottis (U,) and through the supraglottal constriction (U,) is shown in
figure 2.42a. This is a modification of the equivalent circuit given previously
in figure 1.36b, with U, set to zero. The elements representing the constric-
tion are time-varying. The parallel path containing the elements Ry, M, and

TIME {(ms)

Figure 2.41 Cross-sectional area A.(f) of supraglottal constriction for two initial rates of
opening V; used in calculating the time course of the turbulence noise source at the release of a
stop consonant.
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Figure 2.42 (a) Equivalent circuit of the vocal tract that can be used to estimate the time
course of the turbulence noise source at the time-varying supraglottal constriction following the
release of a stop consonant. (b) Equivalent circuit containing the principal elements that deter-

mine the turbulence noise source.

Cy represents the acoustic impedance of the walls of the vocal tract. Imme-
diately prior to release of the consonant, R, and M, are infinite (i.e., they
form an open circuit), and the pressure built up behind the constriction
causes energy to be stored in the compliance C,, as a consequence of an
outward displacement of the walls. Following the release, the volume flow
U, through the constriction is a superposition of the airflow U, through the
glottis and the flow —U,, resulting from an inward movement of the walls as
the pressure behind the constriction decreases. (The acoustic compliance C,
of the air behind the constriction also appears in parallel with R, M,,, and
Cu, but the airflow through this compliance is small in comparison with U,
in the time interval of interest here, as noted in section 1.4.2.)

The airflow U, beginning from the instant of release (f = 0) can be obtained
from the equations:

‘ U, (0 2R

'PS = Rgux + R;u; + .llvfc ddtc (2-26)

p poar A AUy 1M Py -
wJo w

Uw = Ux - u;, (2-28)

where Py is the pressure in the vocal tract at t = 0. Approximate solutions to
these equations can be obtained if we recognize that, for the rates of change
of the constriction for stop consonants (reflected in changes in R, and M,),
the acoustic masses M,, and M, have only a small effect on the airflows.
Consequently we can use the equivalent circuit of figure 2.42b to solve for
the airflows, particularly UI,.
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Figure 2.43 Calculated level of turbulence noise source vs. time at the release of a constriction
for two rates of opening as in figure 2.41. Cross-sectional area of the glottal opening is fixed at
0.2 an?, and subglottal pressure is 8 cm H,O. Other parameters are as discussed in text.

From this circuit we can find U,(#), and hence derive the relative sound
pressure of the turbulence noise source, which is proportional to UZA;2S.
This quantity is plotted in figure 2.43 for the two rates of opening noted
above. The amplitude of the noise source shows a broad maximum in each
case, the duration of the peak being somewhat greater for the slower rate of
opening. If we arbitrarily define the length of the burst to be the time the
noise is within 5 dB of its maximum value, then this length is about 9 ms and
19 ms for the two rates of opening. These curves will, of course, be different
for different values of the glottal area. In general, the glottal area also varies
with time over this interval, and consequently the amplitude of the envelope
of the noise source will be modified still further. A wider range of conditions

that Acer ab eban_cnancanank ralaacae wrill ha caneidarad in shantsre 7 and 8
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2.2.6 Simultaneous Glottal Vibration and Turbulence Noise

In section 2.1, the waveform of the glottal airflow was estimated for various
configurations of the vocal folds. For a modal glottal configuration, there is
airflow only during a part of the cycle, whereas for a more abducted config-

P S I « Py £ N . Aho ool AL | R,
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lation of the flow by the vibrating vocal folds can be modeled as a volume
velocity source at the glottis. The flow at the glottis can also give rise to
turbulence noise both in the form of a sound pressure source as the flow
impinges on laryngeal surfaces downstream from the glottis and in the form
of an additional monopole source if there are random fluctuations in the flow
through the glottis.

A rough estimate of the amplitudes of the turbulence noise sources during
glottal vibration can be made from equation (2.21), using the airflow and
glottal area waveforms described in section 2.1. For example, for modal
wbrahon for a male voice, figures 2.7 and 2.5 show peak values of airflow
and glottal area in a cycle of vibration to be about 380 cm3/s and 0.11 em?,

respectively, resulting in 20log U2A;2° = 203 dB. Similar calculations for
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Figure 2.44 Comparison of calculated levels and spectra for periodic and turbulence noise
sources at the glottis, for modal voicing. The calculations of the noise sources are averages
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average values of U, (150 am?/s), and A, (0.04 em?) give 200 dB for this
quantity. Consequently the source levels in figure 2.35 must be reduced by
about 12 dB (on average) to account for the different area and flow relative
to the values on which that figure is based. A further reduction of about
10 dB in the level of the dipole sound pressure source is made since the
obstacles in the flow near the glottis are less effective in generating noise.
Figure 2.44 shows the levels of the various sources at the glottis after
these corrections for the noise sources are made. The spectrum of the peri-
odic glottal source is derived from the spectrum of Uj(#) in figure 2.10 by

dividing the amplitudes of the components by 2xf (to obtain the spectrum of

TETS SESIEEESAAASNS L SARS LSS VARCLANS Wy &y (WU Uil i arc\.tl Wlil Wi

U, (£)), and by correcting the spectrum upward by 10log 300/125 to give a
spectrum that would be obtained with an analyzing bandwidth of 300 Hz.
Figure 2.44 shows that the monopole component of the noise source is
negligible in comparison with the periodic component, at least for this con-
dition of modal voicing. The sound pressure source of turbulence noise is
within a few decibels of the periodic component at high frequencies (3 kHz

e e entimAd Beasciss
and above). As is shown later in section 8.3, however, the sound pressure

source usually couples less effectively to the vocal tract modes than does the
periodic source, so that the noise component in the radiated sound pressure
is even less in relation to the periodic component than is indicated by figure
2.44, particularly at frequencies below about 3 kHz.

This is not the case for breathy voicing, however. As figure 2.21 shows,
the periodic component at high frequencies can be 15 dB or more below that
for modal voice. Furthermore, the value of 20log U3A;2* is about 3 dB
higher than it is for modal voicing. For breathy voicing, then the effective
spectrum amplitude of the sound-pressure source can be well above that of
the periodic source at high frequenc:es Detailed discussion of these ques-
tions is given in section 8.3.
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Figure 2.45 (a) Model for release of a stop consonant, in which the cross-sectional area A(f)
increases linearly with time over the initial few milliseconds following the release. (b) Equivalent
circuit for determining the airflow U through the constriction in the model in (a), valid for times
less than 22/c.
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2.3 TRANSIENT SOURCES

In section 2.2.5 we examined the time course of the amplitude of the turbu-
lence noise source in the vicinity of a supraglottal constriction following the
release of a closure at the constriction. When the rate of change of area of

the constrickion ig in the ranoe narmallv oheerved for ston consanants Fla"re
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2.43 shows that there is a rise in amplitude of the noise source w1thm the
initial few milliseconds, followed by a fall in amplitude as the constriction
becomes larger than the glottal constriction. This burst of noise is not, how-
ever, the only source of acoustic energy at the release of a stop consonant.
At the instant of release there is a rapid increase in the flow of air through
the constriction. If the rate of change in cross-sectional area of the constric-

[P /Ly id and if tha lanoth Af tha sanstriatian ie enffinriantly
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short, the abrupt increase in airflow at the release can produce a transient
source of sound that precedes the onset of the turbulence noise source. The
abrupt increase in airflow that gives rise to this source occurs within the first
0.5 ms following the release. This brief transient source is generated before
the noise source in figure 2.43 reaches its maximum amplitude. The presence
of a transient in the airflow at the release of a stop consonant was noted in
figure 1.37, and has been analyzed by Maeda (1987) and by Massey (1994).

In order to set the dimensions of the problem, we consider the config-
uration in ﬁlzm‘g 2.45a, consisting of a uniform tube of length ¢ and cross-
sectional area A that is initially dlosed at the right-hand end (corresponding
to a closure formed by the lips or tongue blade). We assume there is a pres-
sure P, within the tube, relative to atmospheric pressure. The constriction is
then released, such that its cross-sectional area is A.(f) and its length is £.
We are interested in the airflow through the constriction in the time interval
that is less than the roundtrip propagation time 2¢/c in the tube behind the
constriction. For example, if £ =9 cm, we consider the time interval up to
0.5 ms.

For times less than 2¢/c following the release, the equivalent circuit of
figure 2.45b can be used to estimate the airflow through the time-varying
constriction. In this equivalent circuit we are representing only the forward
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wave in the uniform tube, for which the internal impedance is the charac-
teristic impedance of the tube pc/A and the Thevenin equivalent pressure
source is P,. The resistance of the constriction is given by a viscous part and
a kinetic part, as we have seen in section 1.2, such that

L.
Re=p oz
The opening at the constriction is approximated as a narrow rectangle with
larger dimension b and smaller cross-dimension d; u is the viscosity. The
acoustic mass of the constriction is given by M, = pZ,/A.(f).

The relation between P, and U in figure 2.45b can therefore be written

_pey, L2pt  pUE pt:U )
P,= u+ o u+zA2+dt( A® (2.30)

As we shall verify later, for the consriction areas and lengths of interest for
the release of the lips or the tongue tip in speech production, the major term

in this equation over most of the 0.5-ms interval following release is the
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kinetic pressure drop across the constriction. Consequently an approxima-
tion to the flow can be derived from the equation

u) = ﬁA,(t). (2.31)

A more detailed examination of the various terms in equation (2.30) has been
made by Massey (1994).

At the release of a stop consonant, the initial rate of increase of the cross-
sectional area of the constriction, dA./dt, is determined in part by the
motion of the active articulator and in part by forces on the artlculator due
to the intraoral pressure. Because of the action of the pressure behind the
closure, the surface of the active articulator at the posterior end of the con-
striction is pushed apart, as shown schematically in figure 2.46 for a labial

V) U
i

(2.29)

- e

Figure 2.46 Schematic representation of the shape of the lips (top) and tongue surface
(bottom) as a labial or a velar stop consonant is released. At the instant of release, the length of
the constriction is relatively short, due to the distortion of the surfaces by the action of the
intraoral pressure.
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and a velar release. At the instant of release, only a short length of the active
articulator surface is involved in forming the initial change in the area. As
noted in section 1.3.3, measurements have shown that the initial rate of
increase of area is in the range 40 to 100 em?/s for labials. The initial value of

dA, /dt is nrnhah]v about the same for alveolar stop consonants, For velar

stops, the initial rate of increase of area is slower, cineradiographic and
acoustic data given in section 1.3.3 indicate that this rate is about 25 cm?/s.
Considerable variability can be expected in these rates of opening across
subjects and across phonetic contexts.

As we have seen in connection with the study of the glottal source {equa-
tion [2.8]), the sound pressure at a distance from the tube is proportional to
dU /dt, and hence, from equation (2.31), the parameter of interest for describ-
ing the effect of the transient source on the radiated sound pressure at the
release is dA,/dt. If we assume dA,/dt at the initial part of the release of a
labial stop consonant to be about 100 em?/s and the intraoral pressure to be
8 em H,O, then the rate of increase of the volume flow, from equation (2.31),
is about 4 x 10° cm®/s%. This rate of change of airflow is comparable to the
rate of change that occurs in the glottal flow in the vicinity of glottal closure
during a cycle of vocal fold vibration, as we have seen in table 2.1. Thus
the sound pressure resulting from this transient source can be of the same
order of magnitude as that produced by a glottal pulse, at least over the
high-frequency regions of the spectrum (above, say, 1000 Hz). This source is,
of course, filtered by the vocal tract, and the transfer functions for the two
types of sources will be quite different, as will be discussed in chapter 3.

Given this result that the rate of increase of volume flow is about 4 x 10°
em?/s? during the initial few tenths of a millisecond after the release, we can
determine whether we were justified in assuming that the kinetic term in
equation (2.30) is the dominant term. At time # = 0.2 ms, for example, we
would have A; = 0.02 em? and U = 80 cm®/s, from equation (2.31). If the
cross-sectional area A of the tube is taken to be 3 cm?, then the first term for
P, in equation (2.30) is (pc/A)U = 1000 dynes/em?. If we take the con-
striction length / at the moment of release to be 0.1 cm, and we select cross
dimensions d x b for the opening to be 0.1 x 0.2 em?, then the viscous term
is U - 12uf./(bd®) =~ 100 dynes/em?. For smaller values of A, and therefore

°mauef “’1"‘° Af d, t!‘uw term increases rap"‘"y. If Ll increases in yluyui’lﬁuu

to A.(#), then the last term in equation (2.30) is essentially zero. These calcu-
lations indicate that each of the terms on the right-hand side of equation
(2.30) except the quadratic term is reasonably small compared with P,, and
hence it is valid to use equation (2.31) to determine at least an approximation
to the initial value of dUI/dt over the first few tenths of a millisecond. This
conclusion may be somewhat less valid for the slower rate of increase of
A{t) assumed for velar releases.

The brief transient flow through the constriction at the release can be rep-
resented by a volume velocity source located at the constriction. An approxi-

mation to the spectrum of this source can be made by assuming that du /dt
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has a discontinuity at { = 0. The Fourier transform U(f) at frequency f as a
consequence of this discontinuity is given by

dul 1

at |, (2nf)*
where |dU/dt|, represents the discontinuity in the slope of the volume
velocity waveform. Thus, for example, within a frequency band of 300 Hz
centered at a frequency of 1000 Hz, one would expect an amplitude? of
about [2 x 4 x 10° /(27 x 1000)?] x 300 = 6.1 cm?/s. The rms value is 0.707
times this amplitude. Consequently at 1 kHz the rms spectrum amplitude of
the transient source in a 300-Hz band is about 13 dB re 1 cm®/s. At higher
frequencies, LI(f) decreases more rapidly than equation (2.32) indicates, since
the rate of increase of () in the initial few tens of a millisecond is less rapid
than that predicted in equation (2.31), due to the viscous term in equation
(2.30). If we assume this time interval of slower rate of increase is about
0.2 ms (corresponding to a value of A.(f) of about 0.02 cm?), then we would
expect the spectrum U(f) to decrease by 1/f* above 2.5 kHz (taking 0.2 ms
to be about three time constants). The initial transient of volume velocity
will eventually decay and will reverse in amplitude, probably after 1 to 2 ms.
This reversal will limit the spectrum amplitude of the transient below about
1000 Hz. Taking all of these factors into consideration, we settle on the curve
in figure 2.47 as the spectrum amplitude (in 300-Hz bands) for the initial
volume velocity transient at the instant of release of the labial or alveolar
stop consonant, for a rate of area change of 100 em?/s and an intraoral pres-
sure of 8 cm H,O. At the release of a velar stop consonant, for which the

u(f) = (2.32)

£ 285 mnlfe th
initial rate of increase of area is assumed to be about 25 cm?/s, the source

strength in figure 2.47 should be reduced by 12 dB.

When the length of the constriction is greater than a few tenths of a centi-
meter, or when the rate of increase of the cross-sectional area is sufficiently
small, the viscous term in equation (2.30) becomes important, and the value
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Figure 2.47 Estimated spectrum of volume velocity transient at the lips when a labial stop
consonant is released. A point on this curve represents 1/+/2 times the Fourier transform of the
{ransient, integrated over a 300-Hz band. The rate of increase of the cross-sectional area at the

release is taken to be 100 cm?/s, and the intraoral pressure prior to release is 8 cm H;O.
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of dUi/dt following the release becomes much smaller. Thus there is a lim-
ited range of conditions for which the initial transient is a significant compo-
nent of the sound at the release of a stop consonant. Comparison of the
absolute level of the transient with that of the turbulence noise source at the
constriction and of the periodic glottal source show, however, that there are
configurations and frequency ranges for which the transient makes a signifi-
cant contribution to the radiated sound (Massey, 1994). These questions are
be discussed further in chapters 7 and 8.

When the constriction under static conditions is relatively long (e.g., 1 cm
or more), as in the bottom portion of figure 2.46, it is possible that more
than one transient release occurs as the moving articulator is displaced away
from the fixed surface with which it makes contact during the consonant clo-
sure. Multiple transients are sometimes observed at the release of velar stop
consonants or laminal stop consonants. The mechanism by which multiple
transient releases occur is probably similar to the mechanism of vibration of
the vocal folds. The pressure behind the constriction causes the walls imme-
diately upstream from the constriction to be displaced outward, as shown in
figure 2.46. The most anterior part of the closure then separates, and air
flows through the opening. A consequence is that the pressure within the
constriction falls, and the walls of the constriction are displaced back to the
closed position, causing the airflow to be cut off. The process then repeats
itself, and another pulse of air is generated. As these oscillations occur, the
articulator is being displaced from the closed position. Depending on the
rate of opening, two or more oscillations might occur before the separation
becomes too great to permit further oscillation.

2.4 SOURCES PRODUCED BY SUCTION

The sources of sound that have been discussed up to this point are all pro-
duced by building up a positive pressure behind a constriction and modulat-
ing the outward flow resulting from this pressure. Another mechanism that
is used in some languages for generating sound creates a negative pressure
(relative to atmospheric pressure) behind a constriction, and the release of
the constriction causes an inward flow of air through the constriction. The
negative pressure is produced by forming a complete closure with the
tongue body in the vicinity of the soft or hard palate and forming another
constriction at a location anterior to the closure formed by the tongue body.
For most clicks, the more anterior constriction is formed with the tongue
blade, but clicks formed as a consequence of a lip closure are also possible.
A typical vocal tract configuration with the two constrictions above the
glottis is shown in figure 2.48. The volume V between the two constrictions
is expandcd &Gﬁi a shape ;abeled as 1to shape , ucﬂl.u15 a negau Ve pres-
sure in this volume. Release of the configuration into a following more open
configuration of the vocal tract occurs by first releasing the more anterior

constriction and then later releasing the tongue body constriction.

Source Mechanisms
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Figure 2.48 Midsagittal section of the vocal tract at four successive points in time as a neg-
ative pressure is created in the enclosed volume prior to release of the click /!/. (From Traill,
1985.)

The anterior constriction generally forms a complete closure during the
expanding maneuver. The release can be either abrupt, with a rapid move-
ment of the articulator and an abrupt onset of the sound, or more gradual,
with a slower onset and decay of the sound.

The magnitude of the negative pressure in the volume V between the two
constrictions can be large compared with the subglottal pressure. Suppose,
for example, that the volume V has dimensions 2 x 1 x 0.5 em, giving a
volume of 1 em’. If the narrow dimension is expanded by 0.05 cm, then
there is a 10 percent change in volume, resulting in a decrease in pressure
within V equal to 10 percent of atmospheric pressure, that is, about 100 cm
H;O. Apparently, then, it is relatively easy to achieve a pressure drop across
the anterior constriction that’is at least ten times the subglottal pressure.
Cineradiographs, such as the one in figure 2.48 (Traill, 1985; Ladefoged and
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Traill, 1994), suggest that a volume increase greater than 10 percent can
occur, with a correspondingly larger pressure difference.

In the course of the expansion, the negative pressure in the enclosed space
creates an inward force on the walls of this space, particularly the tongue
surface. If the mechanical compliance per unit area of the tongue surface is
assumed to be linear, and has an average value in the range of 1.0 x 10~%

cm?/dyne (i.e, a value at the lower end of the range given in section 1.1.3.7),

then the average inward displacement of these walls in response to the neg-
ative pressure is substantial: the movement of the tongue surface is in the
range of 1 cm or more. While the assumption of linearity may not be valid
for such a large negative pressure, nevertheless it is apparent that, following
the release of a click, there is a rather large outward movement of portions
of the tongue surface. As we have seen earlier in section 1.4.2, the time
constant of this movement in response to a sudden change in pressure is
roughly 10 ms.

When the anterior constriction is released rapidly, the volume velocity
through the constriction rises abruptly. This kind of release occurs only for
clicks produced with the tongue tip or tongue blade as the active articulator.
The initial discontinuity in dU/dt occurs because of the abrupt discharge of
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pressure within the enclosed space between the two constrictions. Within
a millisecond or so following the release, the contribution of the outward-
collapsing walls is probably small compared with the contribution due to the

“charging” of the acoustic compliance of the air within the enclosed space.
The inertia of the walls of the enclosed space limit the rate at which these
walls can begin their outward movement.

If the initial (negative) pressure in the space between the constrictions is
Py, and if the initial rate of increase of the cross-sectional area A, of the con-
striction is dA./dt then the initial rate of increase of volume velocity

through the constriction is given by

dU  [2P1dA,
&\ p ar
analogous to the result we have seen before in equation (2.31). In the case of
these abruptly released clicks, we shall assume that dA./dt is about the same
as it is for the releases discussed in section 1.3. If the magnitude of P; is
about twelve times the subglottal pressure used in calculating the transient
in section 2.3, then the discontinuity in dLI/dt at the release for this two-
constriction case is +/12 times as great, that is, about 1.4 x 10° am?/s®. That
is, we can expect the high-frequency spectrum amplitude of the transient at
the release to be about 11 dB greater than that for a normal stop-consonant
release.

The total volume of ingressive air that occurs during this initial release is
about C - P;, where C is the acoustic compliance of the volume. For a volume
of 1 cm?, and P; = 100 em H,O, the volume of the ingressive air is about
0.1 an®. In the case of a pulmonic stop consonant such as a labial or alveolar,
the total volume of egressive air during the initial transient release is about
0.4 an?, assuming an initial intraoral pressure of about 8 cm H,O. The low-
frequency spectrum amplitude for the transient release should be roughly
proportional to the total volume of air involved in forming the transient.
Consequently the low-frequency spectrum amplitude of the transient for
the click is expected to be about 12 dB weaker than that estimated for the
pulmonic transient. At high frequencies, however, the spectrum amplitude of
the click transient is about 11 dB greater, as noted above.

Figure 2.49 shows the estimated spectrum amplitude for the transient
source for an abrupt click, compared with that for a transient that accom-
panies a pulmonic release of a labial or alveolar stop consonant, from figure
2.47. These transient sources are, of course, modified by the transfer function
of the vocal tract. Preliminary acoustic data show general agreement with
these estimates (Traill, 1994), although figure 2.49 may underestimate the
amplitude of the transient, presumably due to underestimation of the magni-
tude of the negative pressure in the enclosed space prior to the release.

In contrast to the click with an abrupt release, a source that is more dis-
tributed in time can be generated by releasing the anterior constriction more
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slowly. The release is sufﬂcnently slow that the ingressive air through the

(2.33)
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Figure 2.49 The solid line gives the estimated spectrum amplitude (in 300-Hz bands) of the
transient source that occurs at the abrupt release of a click, as in figure 2.48. An enclosed volume
of air equal to 1.0 am?® is assumed, with a negative pressure of 100 cm H;O within this vohmne
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stop consonant is'shown for comparison, from figure 2.47 (dashed line).

constriction can be largely a consequence of passive expansion of the walls
surrounding the enclosed space. That is, the elastic properties of these walls
cause them to return to their static configurations as the ingressive air
reduces the magnitude of the negative pressure. We have observed above
that, for a wall compliance of 1.0 x 10~ cm?/dyne, and assuming a wall area
of 2 em? that is susceptible to deformation, a negative pressure of 100 cm
H;O would cause a wall displacement of 1 an, and a volume increase of
2 cm®. Consequently there could be an ingressive volume flow of about
2 am? due to the inward displacement of the tongue surface during the time
of this more gradually released click.

Experimental data show that the duration of the release phase for these
types of clicks is about 20 ms (Traill, 1994). During the release, it appears
that a random series of brief pulses are created as narrow channels are
formed and extinguished at the constriction. Thus the source consists of a
random series of pulses of the type observed for an abrupt release, although
the individual pulses may be somewhat weaker.

2.5 VIBRATION OF SUPRAGLOTTAL STRUCTURES

Any one of the transient sources described in section 2.3 usually consists of
a single transient that is a consequence of the abrupt release of a closure at
some point along the vocal tract. With appropriate adjustment of certain
of the articulators, it is possible to produce vibration of the structure as a
consequence of interaction between aerodynamic forces and mechanical
forces within the structure. The mechanism of vibration involves principles
similar to those involved in the vibration of the vocal folds (McGowan,
1992). Supraglottal structures that have the physical characteristics that favor
this type of vibration are the tongue blade, the uvula, and possibly the lips.

Chapter 2



125

&]/\
Figure 2.50 Schematic representation of the position of the tongue blade when a trill is

occurring. The dashed line indicates the configuration of the midline just prior to release of the
closure. The lowering of the surface of the tongue blade from the solid contour to the dashed

PR I, mm e o e L Dl

contour occurs in response to l:ne pressure venina e consiriction.

AT~ ahall dicnean [} TP, Iy SRy | SN P TR R SNty W | TP Ry

YVE dlidil WUWDLUDY LT LIITUIaILSIID U VlUId(lOll W":n ICICICIICC to e toﬂgu.e
blade, but the mechanism would be similar for the other structures. A more
detailed analysis has been given by McGowan (1992). The configuration of
the tongue against the hard palate is schematized in figure 2.50. There is a
pressure in the space behind the closure that exceeds the atmospheric pres-
sure, and this pressure exerts a downward (in the figure) force on the surface
of the tongue blade. This part of the tongue responds by undergoing a
downward displacement, much like the outward displacement of the vocal
folds in the initial part of the glottal vibration cycle (figure 2.4 and equation
[2.2]). The dlsnlac'ement of this part of the tongue surface is shown in the

figure. The physxcal constants (the mass and comphance per unit area) of this
part of the tongue blade are, of course, somewhat different from those of the
vocal fold, with a larger compliance and a larger mass. Consequently the
natural frequency is considerably lower than it is for the vocal folds. As this
outward displacement behind the closure proceeds, the length of the closure
(dashed line in the figure) decreases, and finally there is release of the closure.

A rapid flow of air occurs, creating a source of sound that probably includes a

turbulence noise component and a transient component defined by an abrupt
rise in volume velocity. The tongue tip is displaced downward rapidly. As
airflow is initiated, the pressure in the channel immediately behind the point
of release decreases, and the restoring force due to the mechanical com-
pliance of the tongue surface causes an upward or inward movement of this
surface to begin. This movement eventually results in a closure with a con-
figuration similar to the solid line, the airflow stops, the pressure behind the
constriction increases, and the cycle begins again.

The frequency of vibration is determined by the natural frequency of the
mechanical system. Very roughly, the tongue surface area involved in the
vibration is estimated to be about 1 cm?, and the mass M of the vibrating
tongue tip is approximately 1 gm. If the mechanical compliance C per unit
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area is taken to be 3 x 10~ cm*/dyne, that is, at the upper end of the
range of C, given in section 1.1.3.7, then the natural frequency is given by
1/(2nv/MC) = 30 Hz. This is the range observed experimentally for tongue
tip trills.

By this mechanism, then, a series of transient sources or noise bursts, or
both, is generated, and these are spaced about 30 ms apart. If the vocal folds
are in a configuration appropriate for vibration, there is a modulation of
the amplitude of the glottal pulses as the intraoral pressure increases and

decreases during the trill.
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Basic Acoustics of Vocal Tract Resonators

3.1 SPEECH PRODUCTION IN TERMS OF SOURCE, TRANSFER
FUNCTION, AND RADIATION CHARACTERISTIC

Chapter 2 was concerned with the properties of the sources that form the
acoustic excitation for the vocal cavities during speech production. To a first
approximation, these source properties are independent of the shapes of the
cavities that are anterior and posterior to the source locations, and depend
only on interaction between the airflow and the structures forming the con-
striction that accelerates the flow. The sound output of the acoustic cavities
is usually taken as the volume velocity U,(f) at the lips, although for nasal
sounds and for certain voiced consonants the volume velocity U,(f) at the
nostrils and the volume velocity at the outer surfaces of the neck may also
be components of the output. The sound pressure at a distance from the lips
is usually the quantity that is of ultimate concern, since the human ear is
sensitive to fluctuations in sound pressure, and most microphones respond to
pressure variations.

The sound pressure p,(f) at distance r from the lips is linearly related to
the volume velocity U,(f). The precise form of the relation depends on the
shape of the mouth opening and on the head of the speaker. To a first
approximation, for frequencies up to about 4000 Hz, the mouth opening can
be regarded as a simple source of strength U, (f), radiating uniformly in al]
directions. The sound pressure produced at distance r (where r is greater

than a few centimeters) from such a source is given by

pi(t) = 4—”,,;61({—) (31)

where ¢ is the velocity of sound and p is the density of the air. Equation (3.1)
states that the sound pressure at time ¢ is proportional to the time derivative
of the volume velocity at time r/c prior to . If the time functions are repre-
sented in exponential form, that is, p,(f) = p,(f)e/* and U,(¥) = U,(f)e2*",
where f = frequency, then we have the following relation between the com-

piex amplitudes p,(f) and U,(f):
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is called the radiation characteristic. We are usually concerned only with the
magnitude

_fr
IR =2, - (3.4)

The radiation characteristic is proportional to frequency, that is, it rises with
frequency with a slope of 6 dB per octave. Equation (3.4) is quite valid up to
about 1000 Hz and is accurate to within a few decibels up to 4000 Hz, but
above this frequency it is a poor approximation. The form of a more precise
radiation characteristic is discussed in section 3.7.

If we denote the Fourier transform of the source as 5(f), and if we con-
sider the vocal tract as a time-invariant linear system, then the filtering of the
source by the vocal tract can be represented by a transfer function

U,(f)
I(f) = ===, 3.5
(=35 (33)
where U,(f) is the Fourier transform of the output volume velocity. That is,
any frequency component of the source of complex amplitude S(f) and fre-
quency f appears at the output as a volume velocity of complex amplitude

Uo(f) = T(f)5(f). (3.6)

The Fourier transform of the sound pressure p, at distance r is given, then,

by

pr(f) = S()T(FIR(f), (3.7)

that is, the sound pressure is the product of a source function, a transfer
function, and a radiation characteristic (Fant, 1960).

In general, the radiation characteristic R(f) and the spectrum envelope of
the source function S(f) are smooth and monotonic functions of frequency.
Typical spectra of S(f) for the glottal source and for a turbulence noise
source have been shown previously in figures 2.10 and 2.35. These spectra
usually have no major peaks or other irregularities (although sometimes the
glottal spectrum can show rather sharp minima). The transfer function T(f),
however, is usually characterized by several peaks corresponding to reso-
nances of the acoustic cavities that form the vocal tract. Large changes in the
positions and amplitudes of these peaks can be effected by manipulating the
shapes of these cavities. Thus the character of the output sound for a given
type of source is determined primarily by the transfer function.

The situation is depicted qualitatively in figure 3.1, which shows vocal
tract configurations corresponding to a vowel, where the source is at the
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Figure 3.1 Sketches indicating components of the output spectrum |p,(f)| for a vowel and a
fricative consonant. The output spectrum is the product of a source spectrum 5(f), a transfer
function T(f), and a radiation characteristic R(f). The source spectra are similar to those derived

in figures 2.10 and 2.33 in chapter 2. For the periodic source, S(f) represents the amplitudes of

spectral components; for the noise source, 5() is amplitude in a specified bandwidth. See text.

glottis, and a fricative consonant, for which the source is in the vicinity of a
constriction. The approximate form of the source spectrum 5(f), the transfer
function T(f), the radiation characteristic R(f), and the sound pressure p,(f)
is shown in each case.

The determination of the transfer function for various vocal tract config-
urations and source locations involves application of the theory of sound
propagation in tubes of arbitrarv shapg_ Solutions of the acoustic wave
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equation must be found, given that appropriate boundary conditions are sat-
isfied on the walls of the vocal tract and at either end of the tract. Except at
low frequencies, the vocal tract walls are relatively hard surfaces acoustically,
that is, the impedance of the walls (per unit area) is very large compared to
the characteristic impedance of air. If we are interested only in the frequency
range up to 5000 Hz, then the cross-dimensions of the vocal tract are sub-
stantially less than a wavelength of the sound, and the solutions that can
exist in the tube depend only on the position along the midline of the tube,
extending from the glottis to the lips. The sound pressure is approximately
the same at all points in a plane that is perpendicular to the midline. In other
words, the only mode of propagation that can exist in such a tube consists of
plane waves parallel to the axis of the tube. The solution for these one-
dimensional waves depends only on the cross-sectional area and not on the
shape of the cross section at each point along the length of the tube, as long
as the circumference of the cross section is less than a wavelength.!

The determination of the transfer function of the vocal tract reduces,
therefore, to finding a solution to the one-dimensional wave equation in a
tube whose cross-sectional area is a function of position x measured along
the midline from the glottis, subject to appropriate boundary conditions at
the ends of the tube and with a prescribed source. The cross-sectional area as
a function of x, designated by A(x), is called the area function.

complex frequency vari-

If we express the transfer function in terms of the

= SApATOS LLiT ARIIGINI LA

able s, that is, we replace j2af by s in T(f), then T(s) can be represented, up
to a certain frequency, by the following quotient:

B(s) _p5=s)(s—sp)(s—5c)...
TGs) —KA(s) =K (s—s51)(s—s2)(5s—53)..." (3.8)
where K is a constant, s,,53,... are the zeros of T(s), s1,s,. .. are the poles
of T(s), and B(s) and A(s) are polynomials in s.

For most vocal tract conflgurahons that are of interest, the poles and zeros
occur in complex conjugate pairs, and the real parts of these complex fre-
quencies are usually much less than the imaginary parts. Physically, this
means that the peak acoustic energy stored in the vocal tract at the frequency of
the pole or zero is much greater than the energy lost in one cycle of oscillation.
(The validity of this statement will be demonstrated later.) It is possible, there-
fore, to express the poles of T(s) as a product of terms of the form

1 l . SIS; . 525 . (3 9)
— e Me_e*\ fo— e VWMo __ o*) H *
Als) Kp (s—s)s—51) (s—5,){(s—53)

where the stars indicate complex conjugates and K, is a constant. The
numerators are selected so that each of the terms is normalized to unity at
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Figure 3.2 A plot of one of the terms of equation (3.9), that is, the component of the transfer

function T(s) associated with one conjugate pair of poles. The equation for this component is
$uSt .

(5 —3a)(s —53)

where s = j2nf, s, is complex frequency of pole, and s, = g, + j2nF,. Ordinate represents mag-

nitude of T,(s) on a decibel scale. Abscissa is frequency f. The bandwidth of the pole for this

example is approximately F, /12, so that g, = F,/12x.

T, (S) =

s=0. The zeros of T(s) can be expressed by similar terms but with the
numerator and denominator interchanged.

The poles represent the complex natural frequencies of the vocal tract. The
imaginary parts indicate the frequencies at which oscillations would occur in
the absence of excitation, and are called the formant frequencies.2 They are
normally designated as F1, F2, ..., Fn, ..., in increasing order of frequency.
The real parts give the rates of decay of these oscillations. Thus for a partic-
ular pole s, = o, + j2nf,, the sound pressure and the volume velocity at any
point in the vocal tract, in the absence of excitation, would have the form
e%* cos(2nf,t + ¢), where ¢ is a constant. For a real system, of course, o, is
negative, indicating source-free oscillations that decay with time. Since the
vocal tract is a distributed system, the number of natural frequencies is, in
principle, infinite. If the acoustic system is to be represented only up to a
certain maximum frequency, then a finite number of poles and zeros provides
an adequate description of the transfer function.

One of the terms in equation (3.9) is plotted in figure 3.2, with frequency f
as the abscissa, and with the magnitude of the function expressed in decibels.
The constant K, is taken to be unity. It is assumed that the magnitude of the
real part of the pole is much less than the imaginary part, that is, |o,| « 2xf,.
To this approximation, the height of the resonance peak is |nf,/0,|, and the
bandwidth B, at the points 3 dB down from the peak is |6,/7|. The height of
the peak is therefore approximately equal to f,/B,. For frequencies well
above the peak, that is, for f > f,, the amplitude of the curve falls with
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The natural frequencies of the vocal tract are excited by a source or
sources located either at the glottis or at some point along the length of the
tract. When the spectrum of the source is relatively broad, then the spectrum
of the sound pressure or volume velocity at any point in the vocal tract is
characterized by a peak in the vicinity of each natural frequency or formant,
similar to the peak shown in figure 3.2. For each natural frequency there is a
distribution of spectral amplitudes of the sound pressures and volume veloc-
ities throughout the tract. The amplitude of the entire distribution of sound
pressures and volume velocities throughout the tract for a given natural fre-
quency depends on the degree of coupling of the source to that natural fre-
quency. Thus the spectral amplitude of the output volume velocity at the lips
in the vicinity of a natural frequency depends upon (1) the relative size of
that volume velocity in comparison with other volume velocities distributed
throughout the tract at the natural frequency, and (2) the amount of coupling
of the source to the natural frequency.

The amount of coupling between the source and the output volume

anidiza ~f T\ aF
velocity at a given natural frequency s, is given by the residue of T(s) at

s = sy. In general, the coupling is small if there is a zero in T(s) in the vicin-
ity of s =s,, is larger if there is no such zero, and is even larger if there is
another pole close to s = s,..

When the source is at the glottis and there is no acoustic coupling to the
subglottal or nasal cavities, it can be shown that the transfer function has
only poles and no zeros. (See section 3.5.) For this rather common situation
in speech production, the magnitude of the transfer function, expressed in
decibels, is the sum of a number of terms of the type shown in figure 3.2,
with a different complex frequency for each conjugate pair of poles. The fre-
quencies at which the poles occur depend, of course, on the conﬁgurahon of
the vocal tract, that is, on the area function A(x).

Figure 3.3 shows four resonance curves corresponding to equally spaced
formants at 500, 1500, 2500, and 3500 Hz, together with a fifth curve repre-
senting the contribution of poles higher than the fourth, assuming these
poles to be equally spaced every 1000 Hz above 3500 Hz. {As will be shown

later, this set of formant freauencies occurs when the length of the vocal
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tract is 17.7 cm and its cross-sectlonal area is uniform, i.e., A(x) is constant.
This configuration is roughly the area function for the schwa vowel /o/ pro-
duced by an adult male speaker.] For purposes of illustration, all formants are
assumed to have the same bandwidth of about 80 Hz (an assumption that is
roughly valid only for the lowest two or three formants). The overall trans-
fer function, obtained by adding the component curves in decibels, is also -
shown in the figure. For these particular formant locations, the amplitude of
each resonant peak is the same, and the peaks are about 18 dB higher than
the valleys. In order to obtain the spectrum of a vowel with these formant
frequencies, it is necessary to add to this transfer-function curve the spec-
trum of the glottal source (in decibels), which has the form shown in figure
2.10, and the radiation characteristic (also in decibels).
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Figure 3.3 (a) The components of the vocal tract transfer function corresponding to four for-
mants F1, E2, E3, and F4, together with the effect of higher formants (dashed curve, labeled HP).
The sum of all these curves (in decibels), vielding the overall transfer function, is shown in (b).

Changing the vocal tract configuration, expressed by the area function
A(x), causes a shift in the formants to different frequencies. Shown in figure
3.4a are three curves representing the contribution of the first formant to the
overall transfer function, for three different values of the first formant fre-
quency F1. The peaks of the curves are, of course, at different frequencies
but, in addition, the amplitude of the peak increases as the formant frequency
increases, as shown in figure 3.3a, and the level of the curve at high fre-
quencies also rises. The overall transfer functions corresponding to these three
first formants are shown in figure 3.4b, assuming the higher formants remain
fixed at the values used in figure 3.3. There is an appreciable shift in the relative
amplitudes of the formant peaks as the frequency of the first formant is changed.

Examples of the all-pole transfer function for several other combinations
of formant frequencies are shown in figure 3.5. The overall spectrum enve-
lope of a vowel with a glottal source is the result of multiplying (or adding,
in decibels) a transfer function of this type by the spectrum envelope of the
source (as in section 2.1) and the radiation characteristic (equation [3.4]). The
result is a spectrum envelope with a shape like that of the transfer function
but with the high frpqupn_r'ipg tilted downward, and with a downward tilt of

the amplitude at the low frequencies (below F1). The examples in figure 3.5
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Figure 3.4 (a) The component of the vocal tract transfer function (in decibels) corresponding
to the first formant for three different values of F1. Note the change in amplitude of the peak and
the shift in level at higher frequencies. (b) The effect of a change in F1 on the overall transfer
function, assuming formants above F1 remain fixed. The labels 1, 2, and 3 identify low, medium,
and high values of F1.

further demonstrate that changes in the formant frequencies produce not
only shifts in the positions of the spectral peaks but also modifications of the
entire form or balance of the spectrum.? These modifications in the spectrum
are governed by three general rules (Fant, 1956, 1960): (1) The overall the
amplitude of the vowel for a given source spectrum, which is determined
primarily by the amplitude of the first formant peak, increases as F1 rises
in frequency. This attribute is illustrated by the curves in figure 3.4a. (2)
Increasing a particular formant frequency raises the amplitude of the spec-
trum at frequencies above that formant, as illustrated in figure 3.4b. (3) When
two or more formants come close together, there is an increase in the spectrum
amplitude in the vicinity of these formants. Examples are shown in figure 3.5.
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Figure 3.5 Computed transfer functions for three different configurations of formant frequen-
cies, illustrating changes in relative amplitudes of peaks and valleys in the transfer function.
Bandwidths of all resonances are fixed at 80 Hz.

The spectra of certain speech sounds can also be strongly influenced by
the presence of zeros in the transfer functions. As will be shown in sections
3.5 and 3.6, zeros can occur in the transfer functions of a nasal sound and of a
sound produced with a source at a vocal tract constriction above the glottis.
Figure 3.6 shows the transfer function corresponding to a conjugate pole and
zero pair, the different curves representing various amounts of separation
between the pole and the zero. Again, for purposes of illustration, the same
fixed bandwidth is assumed for both pole and zero. When the pole and the
zero are close together, they almost cancel each other. There is a local per-
turbation in the transfer function, but the influence of the pair at more
remote frequencies is small. The effect of the pole-zero pair on the overall
shape of the spectrum increases, however, as the separation between them
increases, illustrated by curves 1, 2, and 3 in the figure.

For certain source locations and vocal tract configurations, the transfer

.function from source to output is dominated in a particular frequency region

Basic Acoustics of Vocal Tract Resonators
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Figure 3.6 Effect of a pole-zero pair on the transfer function. The contribution of the pole-zero
pair to the transfer function is

ITo(s) = %)= %) %%

17 P&N"71 (s_s,)(s_s;) %

where s = j2xf, so and s} are a conjugate zero pair, and s, and s; are a conjugate pole pair. The
three curves represent different spacings between s, and s, curve 1 corresponding to zero spac-
ing. Ordinate is 201og| T;z(f)| in decibels. The peak and valley become more pronounced as the
pole and the zero become more separated.

by two poles and a zero. The magnitude of the transfer function for various
locations of the zero with two fixed poles is sketched in figure 3.7. The rela-
tive amplitudes of the spectral peaks corresponding to the two poles are very
much influenced by the location of the zero. For example, the peak corre-
sponding to the lower of the two poles is obliterated when the frequency of

the zero is equal to that of the nole (curve 2 in the ficure). Also, the magni-

LTLTS A0 TReARRL LU b PUAt \TRi VO & Ak LT Lijleuly. Jaaovy, it siagius

tude of the transfer function at hlgh frequencies is affected by the zero loca-
tions, much as the frequency of a pole influences high-frequency amplitudes,
as in figure 3.4.

3.3 NATURAL FREQUENCIES AND TRANSFER FUNCTIONS FOR
VARIOUS RESONATOR SHAPES

In our initial discussion we shall be concerned with the natural frequencies
corresponding to various vocal tract area functions in the absence of loss, so
that the complex natural frequencies have no real parts. Later (in section 3.4)
we shall include the effect of energy loss, both at the walls of the vocal tract
and at the terminations. Since the losses are usually small, however, they do
not greatly influence the imaginary parts of the complex natural frequencies,
and consequently calculations of formant frequencies based on the assump-

tion of zero acoustic loss are generally quite valid. Furthermore, measure-
ments show that formant bandwidths, which are determined hv losses in the

vocal tract, are a more or less fixed function of frequency, at least for vowels.
Hence knowledge of formant frequencies, combined with bandwidth esti-
mates from this function, are sufficient to determine the approximate overall

spectrum shape for a vowel. In our initial analysis we shall also assume that
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Figure 3.7 Shape of transfer function characterized by two poles and a zero, that is,
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for s = j2nf. The two poles remain fixed as shown at the top. Curves are shown for three zero
locations, the frequencies of the zeros being indicated by the numbered arrows at the bottom.
For case 2, the zero cancels one of the poles. The zero is below the two poles for case 1, and
between the two poles for case 3.

the walls of the vocal tract are hard, the radiation impedance at the mouth
opening is zero, and the impedance of the glottal opening is infinite. There is
a reactive component to each of these impedances, and this reactance can
cause shifts in the formant frequencies, but these shifts are usually small.
These effects are also discussed later, in section 3.4.

The sound pressure p(x,f) and the volume velocity U(x,f) for one-
dimensional wave propagation in an acoustic tube are related by equations
derived from Newton’'s law and compressibility considerations (cf. Beranek,
1954). These equations are

dp _ pou

- TAH (3.10)
and

u__ 4y

dox ~  yPot' (3.11)

where A is the cross-sectional area of the tube at the point x, P, is the ambi-
ent pressure, p is the ambient density of the air (0.00114 gm/cm? for air at
body temperature), and y is the ratio of specific heat at constant pressure to
specific heat at constant volume (y = 1.4 for air).

If we assume exponential time dependence, then we can write p(x,#) =
p(x)e’ and U(x,f) = U(x)ei?*, where p(x) and U(x) represent complex
amplitudes of sound pressure and volume velocity, respectively, and f =
frequency. In terms of these complex amplitude functions, equations (3.10)

Basic Acoustics of Vocal Tract Resonators
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and (3.11) become

dp __ j2nfp

and

du _ j2afA

=" P (3.13)
Elimination of U from these equations leads to

dp 1dAdp .,

E-Fzﬁa-l-k p=0, (3.14)

where k = 2zf/c, and ¢ = 1/yP,/p, the velocity of sound. (For air at the
temperature of the body, ¢ = 35,400 cm/s.) Equation (3.14) is known as the
Webster horn equation (Morse, 1948). Solutions to this equation can be
found in closed form for just a few area functions A(x).

The natural frequencies of an acoustic tube with area function A(x) are
values of the frequency f for which equation (3.14) has a solution, subject to
the boundary conditions at either end of the tube. If we take x = —¢ as the
position of the glottis, and x = 0 as the mouth opening, then, as just noted,
the boundary conditions we shall apply in our initial analysis are p(0) = 0
and U(—¢) =0, corresponding, respectively, to zero impedance at the
mouth opening and infinite impedance at the glottis. In terms of the sound
pressure, the latter boundary condition can be written [from equation (3.12)]
dpfdx=0atx = —¢.

- e

.1 Unifiorm Tubes

[

3.

We consider first the natural frequencies for a tube of uniform cross-sectional
area, closed at the end corresponding to the glottis and open at the other
end. The configuration is shown in figure 3.8. For A(x) = constant, equation
(3.14) reduces to the one-dimensional wave equation

dp ., .
—=+kip=o. (3.15)
Solutions of this equation, subject to the boundary condition at x = 0, are
p(x) = Pnsinks, (3.16)
ler |

| £ -

x=-4 x=0

e+ |
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where P, is a constant whose magnitude represents the maximum vaiue of
the sound pressure. The volume velocity corresponding to this sound pres-
sure, from equation (3.12), is given by

U(x) = jP,,,écoskx. (3.17)
Plr
The boundary condition at x = —¢ is satisfied only if coskZ =0, or if

LY o ¥ DR £ Y N /A carlemn oo 2o flm YR iy L
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tube are, therefore,

2n—1c
where the formant number n = 1,2, 3,.. .. For a plane wave of frequency Fn,

the wavelength is 1, = ¢/Fn, and consequently the natural frequencies for
the uniform tube correspond to ¢ = (2n — 1)4,/4, that is, the length of the
tube is an odd multiple of a quarter-wavelength

For an average adult female speaker, the vocal tract length is estimated to
be 14.1 am, from table 1.1. When a speaker produces the schwa vowel /5/,
the cross-sectional area of the vocal tract is roughly uniform. Thus the for-
mant frequencies are Fn = [(2n — 1)/4] - (35,400/14.1), or approximately
630, 1880, 3140, ... Hz. We will observe later that the effect of the radiation
impedance at the mouth causes these frequencies to be about 5 percent
lower. Table 1.1 gives an average vocal tract length for an adult male
speaker as 16.9 cm, leading to formant frequencies for the schwa vowel of
520, 1570, 2620, ... Hz. Again there is a radiation correction, described in
section 3.4.1, that lowers these frequencies, again by about 5 percent. This
correction is equivalent to adding 5 percent to the length of the vocal tract.
In the case of adult male speakers, addition of this correction to the vocal
tract length leads to a corrected length of 17.7 cm. For a uniform vocal tract,
this length gives formant frequencies of 500, 1500, 2500, ... Hz.

At the frequency of the nth formant, the distribution of pressure amplitude
p(x) along a uniform tube is

. . . 2nFnx -
p(x) = Py sin . (3.19)
Tl\ﬂ vnlump vplnm F 0N pennnrhna i-n I1|G amy A nrag1rs FI' m aniartsan
The volume velocity corresponding to this sound pressure, from equatior

(3.12), is given by

o A2
U(x) )Pmpccos (3.20)
These equations indicate the usual properties of a pure standing wave: the
pressure and volume velocity at a particular point x are 90 degrees out of
time phase, and the pressure and velocity distributions are 90 degrees out of
phase in the x dimension, that is, the pressure amplitude is a maximum where
the velocity amplitude is zero, and vice versa. The latter property of the
standing waves is illustrated in figure 3.9, which shows the distribution of
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Pigure 3.9 Distribution of sound pressure amplitude |p(x)| and volume velocity amplitude
|U(z)| in a uniform tube for the first three natural frequencies F1, F2, and F3. Tube is closed at
the left-hand end and open at the right-hand end.

() (b)
x=-L x=0 x=-f x=0

Figure 3.10 (a) Uniform tube open at both ends. (b) Uniform tube closed at both ends.

sound pressure and volume velocity amplitude along a uniform tube for each
of the first three natural frequencies.

For a tube that is open at both ends, as in figure 3.10a, the boundary con-
ditions at both x =0 and x = —¢ are approximately p(x) =0, and hence,
from equation (3.16), we have k¢ = 0,7, 2n, 3, . ... The natural frequencies
for such a tube, therefore, are given by

c ¢ 3
F—O,ﬂ,;,ﬂ,.... (3.21)
In the case of a tube of length ¢ that is closed at both ends (figure 3.10b),
the boundary conditions are U(0) = U(—¢) = 0. Solution of equation (3.15)
subject to these boundary conditions can be readily shown to lead to natural
frequencies that are the same as those given in equation (3.21).

3.3.2 Lumped Acoustic Mass and Compliance

The acoustic impedance looking into one end of a uniform tube at = —¢,

when the tube is open at the end x = 0, is the ratio of the complex amplitude

of the sound pressure to the complex amplitude of the volume velocity at
= —{:

an(

Za jAt

This impedance has poles at the natural frequencies f, = [(2n — 1)/4]c/Z,

(3.22)
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and zeros at frequencies between these natural frequencies, that is, at f = 0,
c/2¢,c/¢,3c/2¢,. ... If the length ¢ of the tube is small compared with a
wavelength, such that 2xnf//c « 2z, then we have the following approxi-
mation for the impedance of a short open tube:

pay J

Zp = j2nf %- (3.23)

This impedance can be regarded as the ratio of the complex amplitude of the
pressure across the ends of the tube to the volume velocity through the tube.
From equation (3.17) it can be seen that the volume velocity is approxi-
mately uniform when k¢ « 2z. The quantity p£/A is the acoustic mass M,
of the tube, and its acoustic impedance is analogous to that of an electrical
inductance.

Since the volume velocity is the same throughout an acoustic mass, then
there is no compression of the air in the tube, and hence only kinetic energy
is stored in the tube. The average kinetic energy stored in an acoustic mass

P PRy SN [T I PR & SRR S
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shown to be
T= %MA|U|2. (3.24)

The acoustic impedance looking into a tube of length ¢ that is closed at
the other end is given by

2nft (3.25)

Za= —chot
If the length of the tube is short compared with a wavelength, that is,
2nf¢/c « 27, then an approximate expression for the impedance is

1

(5

The quantity AZ/pc® is the acoustic compliance C4 of a short tube, and
equation (3.26) is analogous to the expression for an electrical capacitance.

The sound pressure amplitude in a short tube that can be represented as an
acoustic compliance is approximately uniform, and hence there is no pressure
gradient within the tube. Consequently, only potential energy is stored. The
average potential energy stored in an acoustic compliance C4 in which there
is a sound pressure of complex amplitude p is

Za= (3.26)

1
V= ZCA|p1|. (3.27)

3.3.3 Helmholtz Resonator Another configuration that approximates a
vocal tract shape encountered in speech production is a relatively wide tube
terminated at one end by a complete closure (such as the glottis) and at the
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Figure 3.11 Helmholtz resonator.

3,5,

MAI MAZ

Figure 3.12 Configuration consisting of two Helmholtz resonators.

other end by a narrow constriction. Such a configuration, illustrated in figure
3.11, is sometimes called a Helmholtz resonator. At sufficiently low fre-
quencies, the large volume can be regarded as an acoustic comphance Ca
and the narrow constriction as an acoustic mass My. This combination of an
acoustic compliance and an acoustic mass has a natural frequency

1
> g

This expression for the natural frequency is valid provided that the dimen-
sions of the volume and of the constriction are small compared with the
wavelength A; = ¢/f1. If the cross-sectional area and length of the wide tube
are Ay, 41 and of the narrow tube A, 4, then Cu= Ai4/pe?, and
My = pf3/A; , and the natural frequency is

fi= 4,
o s

There are some vocal tract configurations that can be approximated by a
resonator of the type shown in figure 3.12. The natural frequencies for this
combination of two Helmholtz resonators is a rather complicated function of
the two acoustic compliances C4, and C,, and the two acoustic masses My,
and My,. There are two natural frequencies f; and f,. In the case where MA,
is large, the two natural frequencies are not greatly different from the natural
frequencies of the individual resonators.

(3.28)

(3.29)

3.3.4 Natural Frequencies for Coupled Resonators

A number of vocal tract shapes, both for vowels and for consonants, can be
approximated by two or more resonators or uniform tubes of different cross-
sectional areas connected together. The natural frequencies for such a configu-
ration are not simply the natural frequencies for each component separately,
since the individual resonances are changed due to acoustic coupling between
the components. There are, however, many situations of interest in which

the coupling is small, and approximations to the natural frequencies of the
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Figure 3.13 Two-tube configuration used to illustrate coupling of resonators.

entire configuration can be obtained by estimating the frequencies of the in-
dividual components, and then perturbing them slightly. We shall illustrate
this procedure for two configurations, one of which approximates the area
function for a vowel and the other for a consonant.

Consider first the two-tube configuration shown in figure 3.13. The vocal
tract shape for a low vowel like the vowel /a/ in father has an area function

rn“al\lv gimilar to thic r'nnﬁa“ral-lnn A narrow tube of uniform eross-secHonal

area AI and length ¢ is closed at one end and opens at the other end into a
larger uniform tube of area A, and length 4. We shall assume the total
length #; + £, remains constant, and we shall examine the natural frequencies
of the configuration for different values of . If A; « A;, then the narrow
tube at the left end behaves almost like a tube that is open at one end, since
for most frequencies the impedance looking to the right at the junction is
very small,4 being proportional to the reciprocal of A, [see equation (3.22)].
The natural frequencies of the narrow tube if it is open at the right-hand
end are given by c/441,3c/4f1,5¢c/4t, . . .. Likewise, the larger section of
the configuration behaves like a tube that is open at one end and is almost
closed at the other, since the impedance looking left at the junction is very
large at most frequencies. The natural frequencies of the wide tube are
c/4aty,3c/4ts,5¢/44,,. ... The lowest natural frequencies of the individual
tubes are plotted as a function of ¢ as solid lines in figure 3.14, for a partic-
ular value of 4 + 4. The natural frequency of the narrow tube decreases as 4
becomes larger in relation to 4, while that of the wide tube increases.

The acoustic impedance looking to the right at the boundary between the
two tubes is not zero, however, and hence this impedance has some effect on
the natural frequencies of the narrow tube. Similarly, since the acoustic
impedance looking to the left at the junction point is not infinite, it influences
the natural frequencies of the wide tube. The natural frequencies of the com-
bined system are the frequencies for which the sum of the reactances at the
junction is zero, that is,

—Ecot k{1 +A—2tank{z = (3.30)

When A1 « A,, the frequencies for which this equation is satisfied are shifted

P E 3 R | ') My SRSy SR o § NG S CHCYS SR, B S SRy pigs [t RySEEpN
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The greatest shift occurs when the natural frequencies of the front and
back tubes are equal. Under these conditions the natural frequencies of the
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Figure 3.14 First two natural frequencies of the two-tube resonator in figure 3.13 as a function
of the back-cavity length ¢4, for various area ratios A;/A;. Area ratio A;/A, = 0 corresponds to
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Figure 3.15 Uniform tube with a narrow constriction, used to approximate area functions for

consonants.

combined system are not equal, but are split apart, one being higher than
the natural frequency of each tube individually, and the other being lower.
If the natural frequency of the uncoupled tubes is f,, then the natural fre-
quencies for the combined system turn out to be

. zfa(I + % %), (3.31)

assuming that the ratio A;/A; is much less than unity. When the natural
frequencies of the two tubes are remote from one another, the influence of
the coupling on the natural frequencies is small.

The actual natural frequencies for the coupled tube are represented by
dashed lines in figure 3.14. Curves for two values of area ratio are shown,
and indicate that as the coupling becomes greater, that is, as the ratio A; /A,
becomes closer to unity, the separation of the natural frequencies from the
frequencies for the uncoupled tubes is greater and extends over a wider fre—
quency range.

o ad H Hila
Another example of a system of coupled resonators is a tube having an

area function with a single narrow constriction. An idealized form for such a
configuration is shown in figure 3.15 and is a rough approximation to the
vocal tract shape for a fricative consonant. The configuration consists of two
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Figure 3.16 Relations between natural frequencies and the position of the constriction for the
configuration shown in figure 3.15. The overall length of the tube is 16 cm and the length of the
constriction is 2 cm. The lines sloping up to the right represent the resonances of the front cav-
ity (anterior to the constriction); the lines sloping down to the right represent the resonances of

the back cavity. The solid lines are the resonances if there is no coupling between front and back

cavities. The dashed lines near the point of coincidence of two resonances at ¢y = 9.3 cm illus-
trate the shift in the resonant frequencies for the case where there is a small amount of coupling
between front and back cavitics. When the area of the constriction is very small, F1 =0 as
shown. When the constriction is larger, F1 increases as shown by the dashed line. The reso-
nances of a 16-cm tube with no constriction are shown by the labeled marks at the right. The
curves are labeled with the appropriate formant numbers.

uniform tubes of length ¢; and ¢4 and cross-sectional area A; separated by a
short narrow tube of length 4 and cross-sectional area A;, where A; » A;.
The short constriction can be represented as an acoustic mass My = pf2/A;,
and, if A; is sufficiently small, the impedance of this acoustic mass is large
compared to the characteristic impedances of the front and back tubes.

The uncoupled natural frequencies of the back tube are c¢/24,¢c/4,
3c/24y,. .., and those of the front tube are c¢/44,3c/44;, 5¢/44s,. ... There is
also a low-frequency Helmholtz resonance between the acoustic compliance
Ca of the back cavity and the acoustic mass M, of the constriction. (We
neglect here the acoustic mass of the front cavity, although it could con-
tribute to the total acoustic mass under some circumstances.) The fre-
quency OI tms resonance is }‘1 = 1/ \AnVIVIAL. A)r where IVIA p&z/nz and
Ca = A1f1/pc?; this resonance theoretically approaches zero frequency as A;
becomes very small compared with A;. The lowest natural frequencies of the
front and back cavities are plotted in figure 3.16 (solid lines) as a function of
the back cavity length ¢;, assuming the overall length 4 + 4 + 4 is constant.
The constriction length 4 is held fixed, and hence 4 decreases as ¢
increases. Thus the back-cavity natural frequencies fall as ¢ increases,
whereas the front-cavity resonances rise in frequency. When ¢ = 24, two
natural frequencies are equal. The lowest natural frequency of the back cavity

is zero when A, « A;. The curves in -ﬁm:re 1.16 are labeled with formant
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number, beginning with FI at zero frequency.
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At the right of figure 3.16, the lines labeled F10, F20, and so forth, indicate
the frequencies of the first four formants if the constriction area A2 were
increased to equal the area A; of the remainder of the tube in figure 3.15,
that is, if the area of the tube were uniform. These frequencies for the uni-
form tube are higher than the natural frequencies when the constriction is
near the front of the tube (4 = 14 cm), but the frequencies for the uncon-
stricted configuration can be lower than the natural frequencies of the con-
stricted tube for certain constriction locations.

If now there is a small amount of coupling between the two tubes as a
consequence of a noninfinite acoustic mass of the constriction, then there is a
shift in the natural frequencies of the coupled resonators relative to those of
the tubes in isolation. This shift for the condition A;/A; = 0.067 is shown
by dashed lines in one region of figure 3.16 (near the point where 4 = 24).
The effect of a small amount of coupling in this case is always to shift the
natural frequencies upward, except when the individual natural frequencies
are equal, in which case one of the frequencies remains unchanged and the
other is shifted upward by a greater amount. The shift in the natural fre-
quencies is proportional to the arearatio A, /A;. The low-frequency Helmholtz
resonance is, of course, no longer zero, as shown by the dashed line near the
bottom of figure 3.16.

At the point where the individual natural frequencies are equal, the distri-
bution of pressure and volume velocity in the two tubes and in the constric-
tion are-quite different at the two natural frequencies. For the lower of the
two, the sound pressure in the front and back tubes rises and falls in phase,
and there is no velocity in the constriction. At the higher of the two natural
frequencies the sound pressure variations in the two tubes are 160 degrees
out of phase, and there is a large velocity in the constriction. These two
modes are often called symmetrical and antisymmetrical modes of the system.

The two configurations shown in figures 3.13 and 3.15 illustrate a general
property of coupled resonators. When the coupling is sufficiently small, the
resonances of the coupled systems may be estimated by first finding the res-
onances of the individual components and then shlftmg these frequencies
slightly to account for the coupling. In general the shift is greatest when the
uncoupled natural frequencies are close together.

The production of a syllable consisting of a stop consonant (such as /b/,
/d/, or /g/) followed by a vowel mvolves mampulatmg the cross-sectional
area of a constriction from zero (complete closure) to a larger value appro-
priate for the vowel. During this manipulation, the formant frequencies
follow trajectories beginning at values appropriate for the constricted con-
figuration. In order to indicate how these trajectories depend on the change
in cross-sectional area at the constriction, we have calculated the frequencies

of the first four formants for the ideal case in which the constriction size in a

tube like that in figure 3.15 is increased until it becomes equal to the size of
the larger tube. The results are shown in figure 3.17. Two different con-
striction lengths (0.2 cm and 2.0 em) are selected, and two different positions
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Figure 3.17 Plots of calculated values of first four formant frequencies vs. cross-sectional area

of constriction for the configurations shown. Solid lines represent short constriction (length 0.2
cm) and dashed lines represent longer constriction (length 2.0 cm). (a) Constriction at end of
tube. (b) Constriction located at a point one-third of the length posterior to the open end
Length of tube = 16 cm. See text.

of the constriction are illustrated. These are at the anterior end of the tube
(figure 3.17a), as in the consonant /b/, and at a point about one-third of
the distance along the tube from the anterior end (figure 3.17b), as in /g/.
The frequency of the lowest resonance has been corrected to account for the
mass of the walls, which in the human vocal tract has the effect of shifting
this resonance up in frequency relative to the value it would assume if the
walls were hard. (This effect is discussed in section 3.4.2, and a consequence
is that the lowest resonance does not go below about 180 Hz when the area
of the constriction is zero.)

For the configuration with the constriction at the front of the tube, we
observe the expected rise of all of the natural frequencies as the cross-
sectional area of the constriction is increased. The increase is much more
pronounced for small cross-sectional areas when the length of the con-
striction is small. The lowest two natural frequencies are more sensitive to
small increases in area than are the third and fourth.

When the constriction is centered one-third of the distance from the open
end of the tube, we again observe that the frequencies tend to be more
sensitive to constriction area changes (for small constriction sizes) for the
shorter constriction. For a very narrow constriction, the natural frequencies
of the front and back cavities (F2 and F3 in the figure) are equal. As the con-
striction size is increased, the lower of these two resonances changes very

little, whereas the upper one (F3) increases rather rapidly. The lower reso-
nancs ie characterized ]'nr csuymmetrical or ln-nhaep vanahons l_‘l'l I:he sound
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pressure in the front and back cavities, and, since there is no volume velocity
through the constriction for this mode, it is essentially independent of con-
striction size. The higher resonance, with antisymmetrical sound pressure
variations and a large volume velocity through the constriction, is quite sen-
sitive to constriction size.

These variations of the natural frequencies of a constricted tube with con-
striction area have implications for the interpretation of the acoustic prop-
erties of various classes of consonants (K. N. Stevens, 1972, 1989). These
implications are discussed in chapters 7, 8, and 9.

3.3.5 Effects on the Formant Frequencies of Perturbations in the
Area Function

Further insight into the relations between vocal tract configurations and for-
mant frequencies can be gained if we examine the changes in the formant
frequencies that occur as a result of small perturbations of the area function
in some region along the length of the vocal tract (Chiba and Kajiyama,
1941; Schroeder, 1967; Fant, 1980). Data with regard to such perturbations
can be used to determine the effects on the formant frequencies of move-
ments of the vocal tract from one configuration to another during speech
production. The data also indicate how a given vocal tract configuration
should be manipulated to shift the formant frequencies in particular ways.
Furthermore, the perturbation data can help to specify the vocal tract shapes
for which one or more formant frequencies are minimally sensitive to changes
in the configurations, as well as those for which the formants are maximally

sensitive to nprhwkahnne in the nnnﬁm:r:hnne Chiidioc af thie Lind ara rala_

vant to the establlshment of appropnate phonetic categories in language
(K. N. Stevens, 1972, 1989).

Some data on the effects of perturbations in the area function can be
obtained from graphs like those already shown for certain idealized config-
urations. It is possible, however, to formulate a general theory that predicts
the changes in formant frequencies for small perturbations of an arbitrary

evalan comeral thooo Lo Lo el e
area function. We will not develop this general theory here, but will give

some results that apply to simple vocal tract shapes for which the pressure
and velocity distributions for the various natural frequencies are known
approximately.

In order to determine the effect of a perturbation in an area function on
the formant frequencies, we make use of a theorem of electric network
theory which states that, in a network containing inductances and capaci-
tances, a perturbation in the inductance or capacitance values that causes an
increase in the average stored energy at a given natural frequency results in a
decrease in that natural f:eauencv For small Qhapags, the chift in the natural
frequency is proportional to the change in average stored energy (Staelin
et al, 1994). The theorem applies to perturbations in the shape for any con-
figuration of acoustic resonators.
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A(x)

Figure 3,18 Ilustrating a perturbation AA in the area of an acoustic tube at a short segment of
length A/ centered at point x = 1.

Consider an acoustic tube with area function A(x), in which a small change
in area AA is made over a short length AZ, as shown in figure 3.18. Let us
assume that the distributions of sound pressure and volume velocity ampli-

tude along the unperturbed tube corresponding to a particular natural fre-

quency En are given by p,(x) and U,(x). In general both p,(x) and U,(x)
pass through zero n times, that is, there are n nodes, and p,(x) is a maximum
where U, (x) is zero, and vice versa.® In a short section of length A¢ located
at point 1 in the tube, the average stored potential energy [from equation
(3.27)] is

1 LAZA
= 7 ()] >’ (3.32)
and the average stored kinetic energy [from equation (3.24)] is
AL
= U GPEE. (3.33)

We now change the cross-sectional area for this section AZ by an amount
AA, but assume that for this small perturbation the distributions of pressure
and velocity amplitude for the formant frequency Fn remain unchanged.
Under these conditions, the changes in average stored potential and kinetic
energy are, respectively,

AV, =§ipn(xﬂi27c7 (3.34)
and

AT, =~ 2,2 (3.35)
The increase in stored energy is, therefore,

AW, = 8%, + 8T, = $2258 Tipa? - (B et (3.36)

As noted earlier, the shlft AFn in the natural frequency Fn is proportional to
—AW,. (Note that AA is negative in figure 3.18.)

Basic Acoustics of Vocal Tract Resonators
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Equation (3.36) shows that the shift in a formant frequency due to a local-
ized perturbation in the cross-sectional area of the vocal tract depends on the
distribution of sound pressure and volume velocity amplitude along the tract.
At a point x; where the sound pressure is close to a maximum (and the
velocity is near zero), a reduction in cross-sectional area causes an increase in
the formant frequency. If the cross-sectional area is reduced at a point where
the volume velocity is a maximum, the formant frequency decreases. At an
intermediate location, where the sound pressure amplitude and the volume
velocity amplitude are between their maximum and minimum values, or, more
precisely, where |p,(x1)|*> = (pc/A)|U,(x1)|%, a perturbation in the cross-
sectional area causes no shift in the formant frequency Fn. The shifts in for-
mant frequencies due to a small increase in the cross-sectional area at point x;
are, of course, also given by equation (3.36) but with a positive sign for AA.

When the acoustic tube representing the vocal tract has a uniform cross-
sectional area A, we have seen that the distribution of sound pressure and
volume velocity are sinusoidal and are given by

2rEnx
1

p(z) = Pysin (3.37)
and
U(x) = 1Pm§cos 2mbnz (3.38)

where Fn = [(2n — 1)/4] - ¢/¢ is the formant frequency and P,, is the maxi-
mum sound pressure in the tube. A decrease in cross-sectional area of AA at
point x; over a length A/ causes a shift AFn in the formant frequency Fn
proportional to the increase in stored energy, which is

2A{AA dnFnz
c

The form of equation (3.39) for the first three formants of the uniform tube
is shown in figure 3.19. At a particular point x for any one of these functions,
the ordinate ‘is proportional to the change in the formant frequency that
results from a decrease in cross-sectional area over a small length located at
this point. Conversely, an increase in cross-sectional area of the short section

AW, = AV, + AT, ———|P |

(3.39)

would give a AFn of sign opposite to that shown in the figure.

The curves show that a decrease in cross-sectional area at the open end,
corresponding to the lip opening, causes a downward shift in all formants.
This perturbation approximates the change in vocal tract configuration for a
vowel when the lip opening is reduced, as for rounding. This general rule
applies not only to the uniform tube but to an arbitrary configuration that is
open at one end, since there is a minimum in sound pressure and a maximum
in volume velocn'y at this point. Likewise, at the closed end, near the glottls,
a decrease in cross-sectional area causes a rise in all the formant frequencies.
Again, this rule applies generally to an arbitrary configuration that is closed

e LIS appiee sLslelly R &l 40l4 ALLDWARIAVAL ALY A0 Vo
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Figure 3.19 Curves showing the relative magnitude and direction of the shift AEn in formant
frequency Fn for a uniform tube when the cross-sectional area is decreased at some point along
the length of the tube. The abscissa represents the point at which the area perturbation is made.

The minus sign represents a decrease in formant frequency and the plus sign an increase.

at one end. A reduction in area at any point in the anterior half of the uni-
form tube produces a drop in F1, the effect being greater when the perturba-
tion is closer to the open end. Similarly a reduction in area in the posterior
half of the uniform tube results in an increase in F1.

At a point where a curve for a given formant passes through zero, a per-
turbation in the cross-sectional area causes no shift in the formant frequency.
The number of such points on a curve is always equal to 2 ~ 1, where n is
the formant number for that curve (Mrayati et al, 1988). This result applies
to an arbitrary area function as well as to the uniform tube. In the case of the
uniform tube, all curves have a zero at the midpoint, indicating that a per-
turbation in cross-sectional area at this point has no effect on any formant
frequency.

The general result given in equation (3.36) can, of course, be applied to an
arbitrary configuration if the distribution of sound pressure and volume
velocity along the length of the vocal tract is known. Two examples of some
interest in speech production are shown in figure 3.20.

Figure 3.20a (solid lines) is the approximate shape that was used in figure
3.13 to illustrate a vowel-like configuration that can be approximated by two
uniform tubes. This shape is roughly appropriate for the vowel /&/, except
that this vowel tends to have a wider mouth opening than that indicted by
the solid lines. The dashed lines represent a modified version of the original
configuration. The resonances of the left-hand narrow tube all have a veloc-
ity maximum at the right-hand end of this tube, whereas the resonances

of the right-hand wider tube all have a sound pressure maximum at the
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Figure 3.20 The configurations represented by the solid lines are idealized versions of the
vocal tract shapes for (a) a low front vowel like /=/ and (b) an alveolar consonant like /s/. The
dashed lines represent a closer approximation to the vocal tract shape. The directions of the for-
mant shifts from the solid to the dashed line configurations can be predicted from the perturba-
tion principles given in the text.

left-hand end. The perturbation given by the dashed line represents a widen-
ing of the right end of the narrow tube and a narrowing of the left end of the
wide tube. From the relations that have just been derived, this modification
tends to increase all the formant frequencies, including F1, which in this case
is a resonance of the front cavity.

The configuration in figure 3.20b is an idealized version of a consonant
configuration with a constriction in the alveolar region. A better approxi-
mation to a true consonant configuration would be the shape represented by
the dashed lines, which is formed by decreasing the cross-sectional area at
the front end of the back cavity. Since the back cavity resonances are essen-
tially those of a tube closed at both ends, this modification of the shape will
increase the natural frequencies of the back cavity. (See discussion in con-
nection with figure 7.22 in chapter 7.)

The techniques that have been used to estimate the effects of perturba-
tions in cross-sectional area over a short length of the vocal tract can also be
applied to small changes in the length of a section of the vocal tract. The
calculation here is simple, since an increase in length of a short section
always increases the energy stored in that section, assuming the distributions
of sound pressure and volume velocity remain unchanged. Thus an increase
in length of any portion of the vocal tract (and hence of the vocal tract as a
whole) always tends to cause a downward shift in the formant frequencies. If
two or more sections of the vocal tract are not closely coupled, then a length
increase for a particular cavity clearly has the greatest influence on the reso-

nant frequencies that are associated primarily with that cavity.

Two simple perturbations of the vocal tract that cause a change in length
are rounding and protruding of the lips and lowering of the larynx. Both of
these movements cause the formant frequencies to decrease. The opposite
maneuvers—spreading of the lips and raising the larynx—tend to shorten
the vocal tract and hence to raise the frequencies of the formants.

o
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LOSSES AND EFFECTS OF WALLS OF RESONATORS

The major acoustic attributes that distinguish one class of speech sounds from

JI b2 a3a UL apectdl 30

another are determined primarily by the type and location of the acoustic
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excitation of the vocal tract and by the natural frequencies of the vocal tract.
A first approximation to the natural frequencies can usually be obtained on
the assumption that the vocal tract has no losses and is terminated by an
infinite impedance at one end and zero impedance at the other. Generally,
acoustic energy losses and finite terminating impedances are second-order
effects that do not play a determining role in forming phonetic categories.
These effects must, however, be considered if the detailed properties of the
speech signal are to be understood. Furthermore, there are instances where
losses and terminating impedances do indeed have an important influence on
the primary attributes of certain speech sounds.

The effects of acoustic losses in the vocal tract will be expressed in terms
of the contributions of these losses to the bandwidths of the resonances. The
contribution B of a particular resistive component to the bandwidth of a
resonance at frequency f (Adler et al., 1960) is given by

power dissipated at frequency f

= . 3.
27 x (fotal stored energy at frequency f) (3.40)

If there are several resistive components in the resonator, each of these
components contributes to the power dissipated, and each contributes an
increment to the bandwidth. This method of determining the bandwidth is
approximate, and is based on the assumption that the distribution of sound
pressure and volume velocity in the resonator at frequency f in the presence
of losses is not significantly different from the distribution for the lossless
case.

wexen

The radiation impedance of the mouth opening can be approximated by the
radiation impedance of a circular piston in a sphere, the sphere representing
the effect of the head surface. Analytical expressions have been derived for
this impedance (Morse, 1948; Fant, 1960). Up to a frequency of about 6000
Hz, the acoustic radiation impedance can be written approximately as

2
z, =Aﬁm(’f—2Am)K,(f) +72nf 2550 (3.41)

where A,, is the area of the mouth opening, a is the effective radius (7a? =
An), and K(f) is a dimensionless frequency-dependent factor that accounts
for the baffling effect of the head. For a simple source, K; is unity, and for a
piston in an infinite baffle, K, = 2. If the head is assumed to be a sphere of
radius 9 cm, then K; is unity at low frequencies, up to a few hundred hertz,
and then rises to a maximum value of about 1.7 at about 2000 Hz. Above
2000 Hz, the behavior of K, with frequency depends upon the size of the
mouth opening, but for mouth areas of principal interest for most speech
sounds, it is probably a reasonable approximation to take K as 1.5 in the
frequency range of 2000 to 6000 Hz. Figure 3.21 shows the resistance R,

Basic Acoustics of Vocal Tract Resonators
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Figure 3.21 Approximate radiation resistance R, and reactance X, for a piston in a sphere of
radius 9 cm, for three different cross-sectional areas of the piston, as shown. In equation (3.41),
K, is taken to be 1.5.

and reactance X, of the radiation impedance for three different areas of the
mouth opening. As equation (3.41) indicates, only the reactive part of the
radiation impedance is influenced by the mouth opening.

The reactive term in Z, is wntten in a form to show that the radiation
reactance is that of an acoustic tube of area A,, and length 0.8a. The reac-
tance, therefore, increases the effective length of the vocal tract relative to
the length that is assumed under conditions of no radiation loading. Thus,
for example, for a uniform tube of length 14.1 ecm and cross-sectional area
3 am? (radius 1 em) (corresponding to the average vocal tract length for

an nrln"' fomala ensalkar ac diermicend in eoctkian 2 2 1) tha and sarvactian ie

dult female speaker, as discussed in section 3.3.1), the end correction is
0.8 cm. This causes a decrease of all natural frequencies by 5 percent, with
the result that the natural frequencies are in fact at 600, 1790, 2990, ... Hz
rather than 630, 1880, 3140, ... Hz, as calculated in section 3.3.1. Similarly,
as noted in section 3.3.1, for a uniform tube of length 16.9 em (approximat-
ing an adult male vocal tract length) the end correction is also about 0.8 cm,
leading to an effective length of 17.7 cm, and natural frequencies of 500,
1500, 2500 . .. Hz. For most vocal tract configurations, the area of the mouth
opening is less than 3 cm?, and hence the shift in the natural frequencies due
to radiation loading is generally less than 5 percent.

The resistive part of Z, in equation (3.41) increases as f2, but at all fre-
quencies of interest is much smaller than pc/A., the characteristic impedance
of a tube of area A,,. A perturbation calculation (Staelin et al,, 1994) can be
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Figure 3.22 Examples of resonator shapes with a relatively narrow front cavity. The config-
uration of the front cavity at the right end influences the contribution of radiation to the band-
width of the front cavity resonance. Three different terminations are illustrated.

made, therefore, to estimate the contribution of the radiation resistance to
the real parts of the complex natural frequencies (or, equivalently, to the
bandwidths of the formants). For a uniform tube of area A,, and length ¢, the
contribution of the radiation loss to the bandwidth of a formant turns out to
be

Ks(f), (3.42)

where f is the frequency of the formant. If the length of the tube is 17.7 cm,
and the cross-sectional area is 3 cm?, then for the formants at 500, 1500,
2500, and 3500 Hz, B, is about 2, 16, 50, and 90 Hz, respectively.

The component of the total formant bandwidth that is due to the radiation
impedance depends, of course, on the configuration of the acoustic tube that
represents the vocal tract. For example, suppose the vocal tract configuration
is such that it can be approximated by a two-tube resonator, as shown in

fio“rn 3.22a Some of “‘“ “’h"'" "“‘qh%.ﬂes Gf t}‘un \.unu‘.iamnhuu al'e asso-

cxated primarily with the back cavity and others with the front cavity. For
back-cavity resonances, the bandwidths are only weakly influenced by the
resistive component of the radiation impedance. The contribution of the radi-
ation resistance to the bandwidths of the front-cavity resonances can be cal-

culated from equation (3.42), with A,, and ¢ taken to be the cross-sectional

area and length of the front section of the configuration In this example,
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of 2950 Hz. The contribution of Z, to the bandwidth of this resonance is
37 Hz. However, if the narrow portion of the configuration is terminated at

the open end by a wider section, for example, as indicated in figure 3.22b,
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Figure 3.23 Resonator with a narrow constriction. Front-cavity resonances are influenced by
radiation losses but back-cavity resonances are not.

then the contribution of the radiation resistance to the bandwidth of the res-
onance of the narrow portion may be increased significantly. For the config-
uration of figure 3.22¢, which is an approximation to that in figure 3.22b, the
contribution of Z, to the bandwidth of the lowest resonance of the narrow
section (at 2950 Hz) increases to about 200 Hz.® We will observe in section
6.6 that this ability to control the bandwidths of resonances in the frequency
range of 2000 to 3500 Hz through modification of the shape of the vocal
tract near the mouth opening is a contributing factor in producing a distinc-
tive class of vowels.

As another example of the effect of the radiation resistance on the band-
width of a resonant frequency, we consider the model of a consonant con-
figuration of figure 3.23. Again, for this configuration the bandwidth of
front-cavity resonances may be strongly influenced by radiation loss, whereas
back-cavity resonances are unaffected by the radiation impedance. The fre-
quency of the lowest front-cavity resonance is approximately c/4¢, where ¢
is the length of the front cavity, and hence the bandwidth of this front-cavity

resonance is

4P Am
= cz

Figure 3.24 shows this bandwidth as a function of frequency (and of the
front-cavity length) for such a resonance, for three values of mouth opening
Am. The bandwidth rises sharply with frequency, and if the front-cavity res-
onance is above 4000 to 6000 Hz, the bandwidth can be in excess of 500 Hz

PN

(compared with a 50- to 100-Hz bandwidth for the lower formants of a vowel).

B,

Ky(f)- (3.43)

3.4.2 Impedance of Vocal Tract Walle

Femedd Y et v >=a aa > ¥ Y Smaad

Calculations of natural frequencies for various simple vocal tract shapes, dis-
cussed in section 3.3, have assumed that the walls of the conduit have in-
finite impedance. The fleshy surfaces of the tongue, cheeks, and pharynx are,
however, not rigid; the acoustic effect of these surfaces can be represented
by a specific acoustic impedance (acoustic impedance per unit area),

Zsw = Raw + jXsw, (3.44)

where Ry, and X, are both large compared with pc, the specific acoustic
impedance of air.
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Figure 3.24 Contribution of radiation loss to bandwidth of lowest front-cavity resonance for
the configuration in figure 3.23. The abscissa is the natura) frequency of the front cavity (bottom
scale), which is inversely related to the length of the front cavity (top scale). The parameter is
the cross-sectional area of the front cavity.
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vocal tract and an increase in the bandwidths of the formants, parhcularly
the first formant. For a uniform tube of cross-sectional area A and cross-
sectional perimeter S, the contribution of this resistance to the bandwidth of
a formant is

GewSpc?

2nA ’
where Gg, is the specific acoustic conductance (i.e., conductance per unit
area) of the walls, given by Gy = Rep/(R2, + X2,). For this calculation it is
assumed that the conductance is the same over all the surfaces of the vocal
tract walls. The wall impedance is probably smaller over the surfaces in the
pharyngeal region than in the oral region.

Estimates of the impedance of the inner surfaces of the vocal tract have
been made from data on the impedance of the skin at other parts of the
body, as discussed in section 1.1.3.7. In the frequency range of the first
formant for vowels, this impedance (per unit area) is approximately Z,,, =
1000 + j2rf x 2.0 dyne-s/cm®. (At very low frequencies, below about 50 Hz,
a series mechanical compliance must be added in series with Zg, to give a
good estimate of the wall impedance.) We observe that X,,, > 3R,,, in this
first-formant frequency range, and consequently G, 2 Ryp/X2%,. Calculation

; . : : e A Lwnk Lawnnnmb ~L
of the bandwidth contributions of the wall resistance for the first formant of

a circular uniform tube of length 17.7 cm and diameter 2.0 cm gives B, ~ 11

B, = (3.45)
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Figure 3.25 (a) Midsagittal section for a vocal tract configuration with closure at the lips. The
resistance and mass of the walls are shown, together with the acoustic compliance of the vocal
tract volume. (b) Low-frequency equivalent circuit for the configuration in (a) with closed glottis.
A, is the surface area of the vocal tract walls, and M, and R,,, are mass and resistance of walls
per unit area.

Hz. This calculated bandwidth would be somewhat greater if account were
taken of the fact that G, is larger in the pharyngeal region than in the oral
region. For formants above the first, the reactive component of the wall
impedance becomes even more significant in relation to the resistive compo-
nent, with the result that G;,, decreases and B,, becomes smaller.

When the vocal tract configuration is a uniform tube, the reactive compo-
nent of the wall impedance has a negligible effect on the frequencies of the
formants. For a more constricted configuration, however, which gives a low
first-formant frequency, the mass reactance of the walls can cause a signifi-
cant shift in the first-formant frequency (Fant, 1972). The amount of this shift
is greatest for a completely closed vocal tract, such as the configuration for a

voiced stop consonant. Consider, for example, a configuration appropriate

for a labial stop consonant, as illustrated in figure 3.25a. The vocal tract is
closed at the lips and has an average cross-sectional area of, say, 3 cm?, and a
length of 15 ecm. The total surface area is about 90 cm?, and we shall assume
that this surface has an average specific acoustic impedance of Zg, =
R + jXsw, where Xg, = 2.0 x 2nf dyne-s/cm?, that is, equivalent to a mass
of 2 gm/em? of surface area. The equivalent circuit for this configuration is

i e, PR Aebmemn o ad L Ll o e o
shown in ﬁg'ure 3.25b. The natural fr ITequendcy rJ., is determined Dy wn€ mass

and the acoustic compliance C4 of the closed cavity and is given by

Fr,=—Yao _ (3.46)
© 2nyMouCy '
For a vocal tract volume of 45 em?, F1, turns out to be about 190 Hz. If hard
walls were assumed, this natural frequency would, of course, be zero. Con-
sequently the vocal tract walls have a primary influence in this case. Actual
measurements of the resonant frequency for a bilabial stop configuration
give values of about 180 Hz for an adult male talker and about 190 Hz for a
female talker (Fujimura and Lindqvist, 1971; Fant et al., 1976). The band-
width of the resonance is fairly broad, but apparently the losses are not
sufficient to cause critical damping. The calculated bandwidth for this case
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Figure 3.26 (a) Model for a constricted vocal tract configuration with yielding walls. (b) Low-
frequency equivalent circuit for the model in (a).
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Figure 3.27 Natural frequency F1 for configuration in figure 3.26, with yielding walls, as a
function of natural frequency FI’ computed on the assumption of hard walls (ie, M, = © in
figure 3.26). Deviation of the curve from the diagonal line is a measure of the effect of the walls,

[ﬁ'om equation (3.45), which also can be shown to apply to this configura-
] is about 90 Hz (Fant et al., 1976).

When the vocal tract configuration is constricted at some point, but not
closed, as in the model in figure 3.26a, the equivalent circuit for low fre-
quencies is as shown in figure 3.26b. The first-formant frequency assuming
hard vocal tract walls (i.e., with M, = oo in the equivalent circuit} is [from

equation (3.29)]

<

F1' =

N

2n

LoLe bl o e
thlt: ‘!’ = vulunlc pemna wne LUanCl'lUn, ana 6; anu I'lc are U'IE lengtn al'lCl

cross-sectional area of the constriction. When the impedance of the walls of
the vocal tract are included, the first-formant frequency becomes

F1 = /(FI')> + F13, (3.47)
where F1' is the first-formant frequency that would be obtained on the
assumption of hard vocal tract walls, and where F1, is the resonant fre-

quency for the closed conficuration. Fioure 1,27 ic 2 oranh of the sorrectad
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first-formant frequency F1, taking into account the effect of the walls, as a
function of the first-formant frequency calculated from the configuration
with the assumption of hard vocal tract surfaces. This curve shows that for
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Figure 3.28 Contribution (B,) to bandwidth of the first formant due to iosses at the waiis of
the vocal tract. The vocal tract is modeled as a Helmholtz resonator with the dimensions shown
in (a), in which the resonant frequency F1 is changed by manipulating the cross-sectional area of
the opening. The bandwidth contribution B,, as a function of F1 is shown in (b).

large values of F1 the wall impedance has a negligible effect on the formant
frequency, as noted earlier.” Another feature of this relation is that for low
values of F1, the frequency becomes less sensitive to the configuration of the
vocal tract. For example, for F1 = 250 Hz, the first formant is only one-half
as sensitive to a change in some aspect of the vocal tract configuration (such
as the cross-sectional area of the constriction) as it would be if the vocal tract
walls were assumed to be hard. (Possible implications of this reduced sensitiv-
ity of F1 to perturbations in vocal tract shape are discussed further in chapter 6.)

Using equation (3.45) we can calculate the contribution to the FI band-
width of the resistive component of the wall impedance for the model of
figure 3.28a. The bandwidth B,, is plotted in figure 3.28b as a function of the
first-formant frequency. This frequency is manipulated by changing the size
of the opening in the front part of the tube. The bandwidth component B,
decreases with increasing frequency, as expected.

3.4.3 Heat Conduction and Viscosity

The propagation of sound in a tube is accompanied by two kinds of losses at
the walls of the tube, in addition to the losses due to the yielding walls (Fant,
1960; Flanagan, 1972). One type of loss is caused by viscous friction at the
wall of the tube. This effect of viscous friction can be represented by an
equivalent resistance R, per unit length of the tube, given by

n _ S /—= e
Ry = = vopu]2, (3.48)
where S =circumference of the tube, A = cross-sectional area of the tube

vviltic LRIuTICliLe Ll T RSy UL 1 - L =L O 8 L RSy

o = 2nf, and p = coefficient of viscosity = 1.86 x 10~* poise (dyne-s/cm?).
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For small iosses, the contribution of K, to the bandwidth of one of the natu-
ral frequencies of a uniform tube that is closed at one end and open at the
other is given by
RuA

L 7PN
l.n.p

B, = (3.49)

Another source of loss arises because energy is drawn from the acoustic
wave by heat conduction at the walls of the tube. The effect of heat con-
duction can be represented by an equivalent conductance per unit length
along the transmission line representing the tube. This equivalent conduc-
tance is given by

Aw
Gy=52, /22 (3.50)
pct \ 2c,p
where A = coefficient of heat conduction = 5.5 x 10~* cal/'a‘r‘l-s-aegree, =

specific heat of air at constant pressure = 0.24 cal/gm-degree.

The contribution of Gy to the bandwidths of the natural frequencies of a
uniform tube of cross-sectional area A, closed at one end and open at the
other, is given by

Gupc?
By = SrA (3.51)

that is, the equation is the same as equation (3.45). [Note that G, is a con-
ductance per unit ]enqlrh whereas G, in equation (3.45) is a qDemﬁc acoushic
conductance, ie,a conductance per unit area.]

Both B, and B, are proportional to the square root of frequency. When
the lowest natural frequency is 500 Hz, and for a circular cylindrical tube of
cross-sectional area 3 cm?, we obtain B, =5 Hz and B, = 3 Hz. As can be
seen in the discussions in other parts of this section, there are other contri-
butions to the formant bandwidths that are substantially greater than the
contributions arising from viscosity and heat conduction.

Equations (3.48) to (3.51) indicate that the contributions of viscosity and
of heat conduction to bandwidth are each proportional to S/A. Con-
sequently both contributions become larger as the cross-sectional area of the
tube decreases, assuming the shape of the cross section of the tube does not
change as the cross-sectional area changes. These components also increase
as the surface area of the tube increases, for example, if the surface contains
undulations or irregularities. The nasal cavity has surfaces of this kind, as
shown in figure 1.18.

3.4.4 Summary of Effects of Radiation and Wall Losses

We have observed that a number of different physical mechanisms can cause
acoustic losses in a resonator like the vocal tract, and each of these contrib-

______ ' Y S IR T JRS
UIBS to lIlCI'BﬂSIIIg tne Danuwmms o1 tne narural rrequenues Ol.' me resonator.
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Table 3.1 Calculation of contributions of radiation (B,), vocal tract walls (B,), viscosity (B),
and heat conduction (B to the formant bandwidths for two different vocal tract configurations

a. Uniform tube, length 15 cm, cross-sectional area 3 am?

Formant

frequency B, B, B, B, Total B

(Hz) Hz) (Hz) (Hz) (Hz) (Hz)
First formant 592 3 8 6 3 20
Second formant 1682 24 1 10 4 39
Third formant 2804 67 0 12 5 84
Fourth formant 3927 131 0 15 6 152

b. Resonator with dimensians in figure 3.28a, with area of opening equal to 0.32 cm?

Formant

frequency B, B, B, B, Total B

(Hz) (Hz) Hz) (Hz) (Hz) (Hz)
First formant 300 0 28 12 2 42
Second formant 1475 0 1 8 3 12
Third formant 2950 0 0 11 5 16

Each of the bandwidth contributions has a different dependence on fre-
quency and on the dimensions of the resonator.

The contributions of viscosity (B,), heat conduction (By), radiation (B,),
and vocal tract walls (B,,) for two different resonator conﬁgurations are sum-
marized in table 3.1. The formant frequencies given in the table have been
corrected for the effects of the walls and the radiation impedance. The band-
width estimates are approximate only, particularly in the case of B,,, since we
do not have good data on the impedance of the vocal tract walls, or how this
impedance varies over the wall surfaces. Furthermore, the surface area of the
walls is greater than the area based on a circular cross section, and this
increased surface area will add to the estimates of B,,, B, and By, The figures
in the table serve to indicate roughly, however, what are the principal sources
of loss in different frequency ranges. For the uniform tube (table 3.1a), radia-
tion contributes the most to the formant bandwidths at high frequencies,
whereas the other three components are more important at low frequencies.
In the case of the resonator with a narrow opening (table 3.1b), radiation
contributes little to the bandwidth for F2 and F3, since these are resonances
of the back cavity. The walls contribute most to the bandwidth at the low
frequency resonance of the Helmholtz configuration.

A more detailed analysis of the different sources of loss in the vocal tract

is given in Fant (1972) and Liljencrants (1985). A comparison of these theo-

retical estimates of formant bandwidths with measurements of bandwidths of
vocal tract resonances (with a closed glottis) is given in section 6.1.

Chapter 3
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3.4.5 Effect of Airflow at a Constriction

The sources of loss described in sections 3.4.1 to 3.4.4, and summarized in
table 3.1 for particular configurations, arise from the configuration of the
vocal tract independent of the shape of the glottal opening or of airflow
through the glottis or the vocal tract. Airflow through a constriction can
introduce acoustic loss in the form of a nonlinear resistance. This resistance
can have a significant effect on the bandwidths of vocal tract resonances and
hence on the overall shape of the spectrum of the sound produced by vari-
ous sources and configurations. We turn now to examine acoustic losses
arising from airflow at a vocal tract constriction or at the glottis.

We have noted in chapter 1 that when air flows through a constricted
portion of a tube, there is a pressure drop across the constriction over and
above the pressure drop due to viscous losses at the walls. For most con-
striction sizes and shapes of interest in speech production, this pressure drop
is given approximately by
pU?

m ’

where p is the density of air, U is the airflow, and A, is the cross-sectional
area of the constriction. As a consequence of this nonlinear relation between
AP and U, there is an acoustic resistance for small fluctuations in AP and U,
given by
_ru
=T

This resistance can contribute acoustic losses and can therefore contribute to
the bandwidths of the resonances.

As an example, we consider the lowest natural frequency of the Helmholtz
resonator shown in figure 3.28a, in which the narrow opening has a cross-
sectional area of 0.32cm?. This is the configuration for which the various
contributions to the bandwidth were calculated in table 3.1b. If we consider a
resistance R, to be in series with the acoustic mass M, of the narrow tube,
then the contribution of R, to the bandwidth of the lowest resonance is
given by

R,
B.= 2nM,’
The acoustic mass M, = p#,/A., where . and A, are the length and cross-
sectional area of the constriction. Substitution for R, and M, leads to the
following expression for the bandwidth:

u
2nd,A,

AP = (3.52)

R, (3.53)

(3.54)

B =

e

~~
W
W
n

S’
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For the given dimensions of the resonator, and assuming a volume velocity
U = 200 ecm®/s to represent the mean volume velocity during the glottal
open phase for a male voice, we obtain B, = 25 Hz. At the time of maximum
flow during the cycle, the volume velocity can be about 400 cm®/s, leading
to a maximum bandwidth of 50 Hz, existing over at least part of the glottal
cycle. Thus the contribution of the constriction resistance to the first-formant
bandwidth is comparable to the contributions from other sources, indicated
in table 3.1b. Equation (3.55) shows that the contribution of B, to the total
bandwidth increases as the cross-sectional area of the constriction decreases.

The resistance at a short and narrow constriction can have a significant
effect on the bandwidths of resonances of cavities anterior or posterior to
the constriction in addition to that of the low-frequency Helmholtz resonance.
For example, for the configuration shown in figure 3.23, the acoustic resis-
tance R, of the constriction contributes a bandwidth increment to the front-
cavity and back-cavity resonances equal to

pcz fn =2\
n _
B, = T (3.56)
4 M,
n{ARc(I +%)
C

where ¢ is the length of the front or back cavity that is being considered, A
is its cross-sectional area, and M. is the acoustic mass of the constriction. If
the constriction has a length ¢ and cross-sectional area A, then M, = p4,/A..

Typical values of 4 and A; for a consonant configuration are 1.0 cm and
0.1 an?, respectively, and R, = pU/A2. If we select U = 300 cm®/s and A =
1 an?, and we note that the frequency of the resonance of the front cavity
(of length (I:) is C.'/ ( 4_4'), then we calculate the contribution of the resistance to

the bandwidth of the front-cavity resonance F to be the following:

F(Hz) B (Hz)
1000 278
2000 170
3000 114
4000 84

Comparison with figure 3.24 shows that this effect on the bandwidth is
greater than that of the radiation resistance at low frequencies and less at
high frequencies. The reason for the decrease in B; with increasing frequency
is that the term containing f2 in the denominator of equation (3.56) begins to
dominate at high frequencies.

Similarly, the natural frequency of the lowest back-cavity resonance for
the configuration of figure 3.23 (except for the Helmholtz resonance) is
¢/(24,), where ¢, = length of back cavity. We shall assume a cross-sectional
area of the back cavity to be 3 cm?. Values of B, for various values of ¢, (and
of the lowest back-cavity resonance F,) are as follows:

Chapter 3
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feam FHz) B Hz

15 1180 42
12 1480 35
9 1970 27
6 2950 19

These calculated values of B in the above two tables are shown to illus-
trate that the resistance due to airflow at a constriction can make an impor-
tant contribution to vocal tract losses. These values are, however, strongly
dependent on the dimensions of the resonator, particularly the cross-sectional
area of the constriction, and on the airflow.

3.4.6 Impedance of Glottal Opening

The acoustic impedance of the glottis for small ac signals is of the form
Z, = Ry +j2afM,, (3.57)

where R, = 12ph/(4d%) + KpU, /(4d)>, M, =ph/td, p= coefficient
of viscosity, d = width of glottal slit, 4 =length of glottal opening, & =
thickness of glottis, U, = volume flow through the glottis, and K = constant
that we take to be close to unity. During vocal fold vibration, this impedance
varies with time.

Estimates of the shifts in the real and imaginary parts of the complex
natural frequencies of a vocal tract configuration can again be made using a
perturbation procedure. The contribution B, to the bandwidth of a formant

oo mooaa o a
due to losses at the glﬁl.ua is 51vc:| uj’ an eqhahuu identical to °q"°hcu

(3.56) for B, above, that is,

2
B, = pe

- 4 2 ZMZ )
lARg (1 + %)

when the glottis forms the termination of a uniform tube of length ¢ and

cross-sectional area A. At the frequency of the first formant, 27fM; < R,,

whereas above about 1500 Hz the term 4n%f2M?/R% is greater than unity

(assuming a subglottal pressure of about 8 cm H,0). Thus the glottal impe-

dance has the greatest influence on the bandwidth of the first formant.
Calculations of B, for the first formant as a function of the glottal area

(3.58)

A, = 4,d, assuming a uniform tube of length 17.7 cm, a cross-sectional area

of 3.0 am?, and a subglottal pressure of 8 ecm H;O, show that By =
2.0 x 10*°A,, where A, is in square centimeters, and B, is in hertz® The
squared term in the denominator of equation (3.58) can be neglected for
these conditions. During normal voicing a typical value for the average glot-

tal opening during the open phase is about 0. 06 am?, and this opening would
contribute about 120 Hz to the average first-formant bandwidth in this part
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Figure 3.29 Two-tube resonator with narrow posterior portion, illustrating a configuration for
which losses at the glottal opening make a large contribution to the bandwidth of the lowest
natural frequency of the back cavity. .

of the glottal cycle. When the average glottal opening is greater, as it might
be during an aspirated consonant, the first-formant bandwidth is consider-
ably greater. The bandwidth may be so great that the perturbation method
used to calculate it is no longer valid. A glottal area in excess of 0.2 cm?
would probably lead to a bandwidth that is comparable to the frequency of
the first formant. A wide  average bandwidth would also be expected during
breathy voicing, when the average glottal area over the entire cycle of the
glottal vibration may be 0.06 cm? or more.

The contribution to the bandwidth of the second formant for 2 uniform
tube (length £ = 17.7 cm), for the conditions described above (A; = 0.06 cm?,
A= 3.0 an?) from equation (3.58) is equal to about 80 Hz during the open
phase of the glottal cycle. For higher formants, the value of B, drops rapidly.

The effect of the glottal impedance on the bandwidth of a formant depends
to some extent on the configuration of the vocal tract above the glottis. The

effect can be particularly large when the vocal tract is constricted in the region

lmmpdml-plv above the aInH-m (Fant, 1979). Consider, for examyu__’ the two-

tube resonator shown in ﬁgure 3.29, with the glottis terminating the narrow
portion at the left. A typical cross-sectional area for this narrow section is
0.5 am?, with a length of, say, 9.0 cm. The natural frequency of this section is
about 980 Hz. With these reduced values of # and A in equation (3.58), and
assuming airflow and glottal dimensions as above, B, for this resonance turns
out to be very large. In fact, this resonance has a bandwidth that is wider
than the frequency of the resonance during the open portion of the glottal
cycle.

The reactive part of the impedance terminating the posterior end of the
vocal tract causes an upward shift in the natural frequencxes calculated on the
assumption of infinite terminating impedance. This shift, expressed as a frac-
tion of the formant frequency, is given by
AF,  pc? M,

T AR ran P (3.59)
for a uniform tube of length ¢ and cross-sectional area A. The relative shift is
greatest for the first formant, where R, dominates the denominator of the
expression in equation (3.59), and becomes progressively smaller for higher
frequencies. The results of calculations of the shift AF, for a uniform tube of
length 17.7 cm and cross-sectional area 3.0 cm? show that when the maxi-
mum glottal area is, say, 0.11 an? (figure 2.5), there is a modulation of the
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first-formant frequency of about 30 Hz.? For a relatively wide glottal open-
ing of the type that would be used during an aspirated consonant like /h/,
the glottal impedance could cause an upward shift in FI of 50 to 100 Hz. A
fall in F1 can in fact be observed in a syllable like /ha/, in which a relatively
open glottis for /h/ is followed by a more constricted opening during the
vowel.

3.5 EXCITATION OF AC
3.5.1 Some General Principles

We have seen that an acoustic tube or resonator of arbitrary shape, such as
the vocal tract, can be characterized by a set of natural frequencies. For one-
dimensional wave propagation, which applies as long as the cross-dimensions
of the tube are small compared with a wavelength, these natural frequencies
are dependent only on the area function, that is, the area as a function of dis-
tance along the tube. Corresponding to each natural frequency there is a dis-
tribution of sound pressure and velocity within the resonator, similar to that
shown in figure 3.9 for a uniform tube. This distribution corresponding to a
given natural frequency is called a normal mode. In the absence of sources,
all of these normal modes can exist in the system with arbitrary relative
amplitudes, depending on some previous excitation of the system. If there
are small amounts of loss in the system, each of these natural frequencies is
observable at all points in the system as a sound pressure or volume velocity
waveform that is a decaying sinusoid. The decay rate depends on the

amount of loss. and the frequency is almost equal to the natural freauencv

BRI R AVSS, SN0 AR LARAERRS 2o &2N0aL LR N 1€ 1ldidiial

calculated on the assumption of a lossless system.

The normal modes must be excited by some configuration of acoustic
sources. In chapter 2 we described the properties of several kinds of acoustic
sources that can be produced in the vocal tract. These sources can be mod-
eled either as volume velocity sources inserted in the vocal tract or as
sources of sound pressure in series with the vocal tract. There are some gen-

1 3 fmlae aavarmine th £ § i et
eral principles goveming the acoustic excitation of the normal modes of a

resonator by volume velocity sources or by sound pressure sources. Theo-
retical justification for these principles will not be given here, since they are
in standard texts (e.g., Staelin et al., 1994), and we will simply state the prin-
ciples without proof.

If a source is placed at some point in a system of acoustic resonators, it
will excite the normal modes in different relative amounts depending on the
location of the source relative to the pressure and volume velocity dis-
tributions for the modes. If the source is a volume velocity source, it will
excite a normal mode in proportion to the relative amplitude of the sound
pressure distribution at the point where the source is placed. On the other
hand, if the source is a sound pressure source, it will excite a normal mode in
proportion to the relative amplitude of the volume velocity distribution at the

Basic Acoustics of Vocal Tract Resonators
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Figure 3.30 The lower panel shows the distribution of amplitude of sound pressure p and
volume velocity U for the second natural frequency of a uniform tube, shown in the upper panel.
At points 1 and 3 a volume velocity source gives maximum excitation of this mode, whereas at
points 2 and 4 a sound pressure source gives maximum excitation.

point where the source is placed. In effect, the principle states that if a volume
velocity source sees a high acoustic impedance (corresponding to a maximum
of sound pressure across the source) at a particular natural frequency, then
that frequency will be strongly excited. Likewise, if a sound pressure source
sees a high acoustic admittance (corresponding to a maximum of volume
velocity through the source) at a particular natural frequency, then that fre-
quency will be strongly excited.

As an example, consider the distribution of sound pressure and volume
velocity for the second normal mode of a uniform tube that is closed at one
end and open at the other, as shown in figure 3.30. A volume velocity source
inserted at the closed end (point 1) or at the two-thirds point (point 3) will
maximally excite this mode. However, insertion of this source at points
where the sound pressure distribution is a minimum (points 2 and 4) will not
excite this mode. On the other hand, a sound pressure source in series with
the tube at points 2 and 4 will maximally excite the mode, but will give no
excitation at points 1 and 3. Both sources will produce some excitation of
the mode at intermediate points.

3.5.2 Excitation from Glottal Vibration

abbal < tlae. bl g |
In section 2.1 we ="'ﬂwed that '.mder most cor I.d-lh\.ula un 51.uu.¢u Vioration ana

for most vowel-like vocal tract configurations, the impedance of the glottal
slit when it is maximally open during the cycle is large compared with the
impedance looking into the vocal tract from the glottis. Consequently, to a
first approximation the glottal source can be modeled as a volume velocity
source, with a relatively high internal impedance.

We first calculate the transfer function for a lossless uniform acoustic tube

of length ¢ that is open at one end, and a volume velocity source U, is

applied at the other end. The output of the tube is taken as the volume
velocity U, at the open end. We assume mlhallv that there are no losses. In

)
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equation (3.17) we can write U, = U(—7¢), and U, = U(0), and we obtain

1
—_°=_
T(f) = U, cosk?’

where k = 2nf/c. If we replace j2nf by the complex frequency variable s,
equation (3.60) becomes

T(s) = . 7"
cosh—
c

(3.60)

[+
=

—
W
b

e

This function has poles at the natural frequencies F, = (21 — 1)c/(4¢), as
noted before, where 7 is a positive or negative integer. It can be shown that
equation (3.61) can be written in the following form to identify explicitly the
poles (cf. Morse and Feshbach, 1953):

T(s) =

(3.62)

The constant in the numerator guarantees that the transfer function is unity
at zero frequency.

The magnitude of T(s), with s = j2zf, is shown graphically in figure 3.31a.
The transfer function goes to infinity at the natural frequencies. In terms of
the principles of excitation of acoustic resonators just discussed, we note that
the volume velocity source is applied at the closed end of the tube where the
distribution of sound pressure is a maximum for every normal mode. Thus
every normal mode is excited maximally by this volume velocity source, as
figure 3.31a shows.

If we assume that there are small losses in the tube or at the ends of the.
tube, then the natural frequencies have bandwidths that are small in relation
to the frequencies. Setting Z = 15 cm, corresponding to an average vocal
tract length for an adult female, then the magnitude of the transfer function
has the form given in figure 3.31b if the bandwidths are assumed to be
roughly those observed in vowels, corresponding to the calculations given
in section 3.4. A transfer function similar to this has already been shown in
figure 3.3. The ratio of the amplitudes of the spectral peaks to the amplitudes
in the valleys is about 20 dB in the vicinity of the first two formants, and
decreases to about 12 dB near F3 and F4. The ratio of the amplitude of the
transfer function at the peak to the amplitude at the valley for uniformly
spaced formants is dependent on both the bandwidth B of the formants and
their spacing S = ¢/(2¢). I equation (3.62) is modified to include the effect of
losses, it can be shown that the peak-to-valley ratio of the transfer function is
25/(nB). Thus, for example, for a spacing of 1180 Hz (corresponding to a
15-cm vocal tract) and formant bandwidths of 80 Hz, the peak-to-valley ratio
is about 19 dB.

Perturbing the shape of the tube so that it is no longer uniform has the
effect of shiftine the natural freauencies and hence the npalre in the transfer

SIITWE WA Saldilaicg ARELRAL QL LT RRAIITS Qs d SRS 220 AN MaadiaEltl
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Figure 3.31 (a) Plot of magnitude of transfer function T(f) = Li,/LL, expressed in decibels for
an ideal uniform, lossless acoustic tube, shown in figure 3.8. (b) Magnitude of transfer function
T(f) for an ideal uniform tube of length 15 cm with losses similar to those occwrring in the

vocal tract.

function. The relative amplitudes of these peaks change as their frequencies
change in accordance with the principles already discussed in section 3.2.
Furthermore, the bandwidths of the different formants may change with fre-
quency, as we have observed in section 3.4.

The overall spectrum of a vowel is obtained by multiplying the transfer
function by the spectrum of the glottal source, discussed in section 2.1, and
by the radiation characteristic, given in equation (3.4). The spectrum of the
glottal source is taken to be the spectrum in figure 2.10 for a male speaker
with a subglottal pressure of 8 em H;O. The radiation characteristic is calcu-

]2+PA Fﬂ‘l' a A‘l&*ﬂ'ﬂl“ﬂ ﬂF 1 g om Frnm ""lﬂ lihﬂ 1!\ Gmnﬁn 3 29 wa chaw tha nal.ﬂlu,

lated spectrum envelope for three dlfferent vocal tract configurations, making
reasonable assumptions about the bandwidths of the formants in accordance
with the discussion in section 3.4 above. The ordinate in figure 3.32 is
the calculated sound pressure level for the individual harmonics at a distance
of 15 cm from the lips. Noted on each spectrum is the calculated overall
sound pressure level for each vowel, as determined by adding the intensity

ammatlad oo oo Jrgh Iy IR |
of the individual harmonics in the output. The same method was used to cal-

culate the overall sound pressure levels for the vowel /2/, shown earlier in
table 2.1.
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Figure 3.32 Computed spectrum envelopes approximating the vowels /a/ (left), /i/ (middle),
and /u/ (right). The formant frequencies are indicated in each panel, and formant bandwidths are
selected to approximate those observed in natural utterances. The ordinate is the calculated
sound pressure level for each harmonic at a distance of 15 cm from the lips, assuming a funda-

mental frequency of 125 Hz. A smooth curve is drawn through the amplitudes of the individual
harmonics. The spectrum of the glottal source is that for a male voice, from figure 2.10. The cal-
culated overall sound pressure levels are shown in each panel.

3.5.3 Excitation by Turbulence Noise in the Vicinity of the Glottis

A turbulence noise source can exist in the vicinity of the glottis as well as
near a constriction above the glottis. If the principal source of turbulence
noise is near the glottis, then the noise is called aspiration noise. The situation
is represented schematically in figure 3.33a. The glottis is relatively open,
and we shall assume it is not vibrating (although it is possible for vocal fold
vibration and aspiration noise to occur at the same time). The noise source
probably is located throughout a region above the glottis in the vicinity of
the false vocal folds and the epiglottis. (A more detailed discussion of aspi-
ration noise is given in section 8.3.) These structures form surfaces at which
fluctuating forces occur, giving rise to sources of sound pressure, as dis-
cussed in section 2.2. In the model of figure 3.33b, a distributed sound pres-
sure source is used to represent this turbulence noise. The section over
which the source is distributed extends over a distance from the glottis. An
equivalent circuit for this model for a particular location of the source at dis-
tance 7 from the glottis is shown in figure 3.33c. There is a short section of
transmission line of length £ between the source and the glottal impedance.
The resistance R, accounts for acoustic losses at the glottis. A typical glottal
cross-sectional area is about 0.2 em? when aspiration noise occurs, and, as we
have seen, this area is sufficient to cause a large amount of acoustic loss at
the first-formant frequency when there is airflow through the giottis. In fact,
for most vocal tract configurations this glottal opening will give rise to crit-

Sl Jocmentom e Al OT Tha d:l.
ical damping of F1. The differential glottal resistance in figure 3.33c is given
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Figure 3.33 (a) Midsagittal section of vocal tract showing possible distribution of turbulence
noise source during aspiration. (b) Idealized representation of vocal tract with distributed source.
The dimension ¢, indicates the distance from the glottis to one component of the source. (c)
Equivalent circuit for configuration in (b} for one location of source. Z,,4 is the impedance of the
subgiottal cavities and Z, is the radiation impedance.

approximately by R, = pU/A?, where U =glottal airflow and A = glottal-
area. The model also shows a glottal acoustic mass M, and a subglottal
impedance Z,,;. In this analysis, the magnitude of Z,,; is assumed to be small
compared with R,.

The contribution of different portions of the distributed source in figure
3.33b to the excitation of the different normal modes of the vocal tract
depends upon the distribution of volume velocity within each mode. As
examples, we show in figure 3.34 the distribution of volume velocity for the
first and third modes, assuming that the glottal impedance is large compared
with the characteristic impedance of the tube. The portion of the source that
contributes most to the excitation of the third mode is the section where the
volume velocity distribution is a maximum. For any mode for which there is
a maximum in the volume velocity distribution within the region of the
source, we can expect that mode to be excited maximally by the sound pres-
sure source. At low frequencies, however, when the length of the source is
less than a quarter-wavelength (as for the lowest mode represented by the
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Figure 3.34 Model of figure 3.33b, showing idealized source distribution and distribution of
volume velocity for first mode (dashed line) and third mode {soiid iine). Voiume velocity disiri-
bution indicates strength of excitation of mode by the sound pressure source at different points

along its length.

dashed line in figure 3.34), the maximum amplitude of the response of the
mode to excitation by an element of the source will be reduced.

In figure 3.33c we define p, to be the amplitude of the component of the
sound pressure source located at distance ¢ from the constriction. The
length of the cavity in front of the constriction is 4, and its (uniform) cross-

sectional area is A;. If we neglect losses, and if we assume the impedance of

the glottis is large, then the transfer function from p, to the output volume
velocity U, is

u, At sin kZ;
ps | |pccoska|

If we assume k¢, « 7/2, that is, we assume that the distance 7 from the con-
striction to the source is emall r-n-mnarpr'] with a wavplenal'h then eauahon

(3.63) reduces to

(3.63)

T

=07 |
uo An]' v 1

ps|  pet  |coskd|

where V is the volume of the space between the source and the constriction.
The radiated sound pressure is calculated by multiplying this transfer function
by the source spectrum, obtained from figure 2.33a, and the radiation char-
acteristic. As discussed in section 2.2, it is necessary to adjust the amplitude
of the source spectrum to take into account the airflow and the constriction
area. An additional correction to the amplitude of the source spectrum may
be needed to account for the fact that surfaces in the airstream immediately
above the glottis may not be as effective in generating turbulence noise as
the obstacle in the configuration on which figure 2.33 is based.

Calculations of the spectrum of the output sound pressure have been made
for particular source locations in the model of figure 3.33b, based on the
above assumptions and procedures. If the glottal cross-sectional area is taken
to be 0.2 cm?, and the subglottal pressure is 8 cm H;O, then the airflow is
about 750 cm?/s, which is a typical airflow through the glottis for aspirated
consonants. The acoustic resistance R, is then 21 acoustic ohms. The factor
20 log U% A-25 for the constriction is about 207 dB, that is, 5 dB less than the

4 PRU BUS By S ia lnaa
value of 212 dB on which figure 2.33a is based. The cross-sectional area of

(3.64)
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Figure 3.35 The solid lines show the calculated spectrum of the radiated sound pressure due
to turbulence noise at surfaces downstream from the glottis for the model of figure 3.33b. Dis-

tance from mouth is 20 em. Calculations are given for two values of the distance ¢, from glottis

to source. The dashed line gives the estimated contribution from a monopole source of turbu-
lence noise at the glottis, See text.

the portion of the tube where the turbulence noise is generated [A; in equa-
tion (3.63)] is taken to be 2 em?, which is a typical value for the area of the
larynx tube. An additional correction of —5 dB is applied since it is assumed

that the surfaces downstream from the glottis are not as effective in generat-

ing turbulence as the obstacle in the model used to obtain figure 2.33. The
total correction applied to the source spectrum of figure 2.33 to obtain the
source spectrum p; for the con.ﬁgurahon in figure 3.33b is therefore —10 dB.
Two values for the distance  from constriction to source will be considered:
1 cm and 2 cm. In order to simplify the calculations we assume the formants
to be equally spaced at 500, 1500, 2500, ... Hz, corresponding to a vocal
tract length of about 17.7 cm. That is, we ignore any shifts in the formants
resulting from the radiation impedance and the glottal impedance. The band-
widths of the formants are calculated following the procedures described in
section 3.4, The bandwidths of the first five formants are approximately 400,
300, 250, 250, and 300 Hz, respectively.

The calculated spectra of the radiated sound pressure under these condi-
tions are shown by the solid lines in figure 3.35. The most striking aspect of
figure 3.35 when compared with the spectrum envelope for a vowel with a
periodic glottal source is that the spectrum for the aspirated sound shows
essentially no peak for the first formant and a greatly widened and attenu-
ated peak for the second formant. These effects arise from acoustic losses at
the glottal resistance and from the reduced amplitude of response of F1 to
the noise source close to the glottis. At higher frequencies the loss at the
gloths is smaller because the impedance j2zfM, dominates the resistance R,.
In the frequency range of the third formant and higher, the spectrum of the
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noise in figure 3.35 is roughly comparable to the spectrum amplitude for a
vowel, shown in figure 3.32. (Note, however, that the noise spectrum in
figure 3.35 is specified for 300-Hz bands, whereas the spectrum of the peri-
odic sound in figure 3.32 is specified in terms of harmonic amplitudes, the

harmonic spacing l-mma 125 Hz in this case.) As expected, the outnut amnh-

fiGiliviue spa Lo 124 20 LUS LSS0, o TAPILITES 2% LR r e &

tude is greater for a 2-cm than for a 1-cm source dlstance

The general shape of the spectrum of the radiated sound pressure for a
noise source near the glottis may be modified further by the effects of sub-
glottal resonances. These effects are discussed in section 3.6.4.

The airflow through the glottis shown in figure 3.33 may give rise to a
monopole noise source as well as the sound pressure source just considered.
We can use figure 2.35 to obtain an estimate of the amplitude and spectrum
of this monopole source for the conditions of flow and constriction size for
this model. We again multiply this source spectrum by the all-pole transfer
function and the radiation characteristic to obtain the radiated sound pres-
sure resulting from the monopole turbulence noise source. This component
of the radiated sound pressure is given by the dashed line in figure 3.35. The
figure shows that this source component contributes to the output only at
low frequencies, primarily in the range of the first and second formants. The
sound pressure or dipole source is dominant in the mid- and high-frequency
ranges.

The relative amplitudes of the radiated sound from the periodic glottal
source, the dipole turbulence noise source, and the monopole noise source
cannot be compared directly with the relative amplitudes of the sources
themselves, shown in ﬁgure 2.44. (The dipole source in ﬂgure 2.44 is con-
verted to an equivalent volume velocity source.) The transfer functions for
the sources are different. The transfer function for the dipole source contains
a zero at zero frequency which, in effect, results in decreased coupling of the
source to the lower-frequency modes. For both noise sources there are
increased bandwidths for the lower formants (relative to those for modal
glottal vibration) due to the greater glottal opening.

A more detailed analysis of the spectrum of the radiated sound due to
turbulence noise at the glottis is given in section 8.3.

2 e A4 QA
3.5.4 Sources Al

In chapter 2 we found that several types of acoustic sources can be produced
in the vicinity of a constriction that is formed at some point along the vocal
tract when there is pressure buildup behind the constriction. The source can
be a continuous noise if the constriction is narrow, or can be a brief noise or
transient at the time of release of a closure. We examine now the form of the

el _f__ PP ese sources
vocal tract transfer function when one or more of these sources is active.

3.5.4.1 Turbulence Noise Source at an Obstacle or Surface We con-
sider first the type of source that is a consequence of turbulence when the
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Figure 3.36 (a) Model of acoustic resonator with noise source in front of the constrictior. b)
Equivalent circuit of configuration in (a). (c) Equivalent circuit neglecting the effect of the back
cavity.

airstream is directed against an obstacle or past a surface. As we have seen,
this source can be represented as a sound pressure source in series with the
tube if the turbulence at the obstacle is concentrated in a narrow region of
the vocal tract.

The source and acoustic resonator can be modeled as shown in figure
3.36a, with an equivalent circuit as in figure 3.36b. The source is located at
some distance in front of the constriction, and we assume that the constric-
tion can be represented as an acoustic mass M, in series with a resistance R;.
The transfer function of the system is defined as the ratio of the volume
velocity U, at the mouth opening to the sound pressure p, of the source. The
sound pressure at a distance from the opening of the tube, at the right of
figure 3.36a, is obtained by multiplying the spectrum of U, by a radiation
characteristic.

A first approximation to the transfer function can be obtained by assuming
that the impedance of the constriction is large compared to the impedance
looking into the back cavities behind the constriction. This approximation is
equivalent to assuming that there is no acoustic coupling to the cavities
behind the constriction. Under these circumstances, the equivalent circuit
reduces to that shown in figure 3.36¢. This is the same as the equivalent cir-
cuit for the situation in which the turbulence noise source is near the glottis,
as in figure 3.33¢, except that in figure 3.33c the length of the cavity in front
of the constriction is the entire vocal tract length, whereas it is only a por-
tion of the vocal tract in figure 3.36c. The surfaces of the resonator over

AL S |

which turbulence noise is generated may extend over a region downstream

from the constriction.
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Figure 3.37 (a) Model for illustrating calculation of radiated sound pressure when a noise
source is located in front of a constriction in the vocal tract. Three different source locations are

indicated. (b) The natural frequencies of this configuration are the zeros of the transfer function

U,/p, of the configuration of (a), with the leftmost source location. (c) Same as (b) but with the
rightmost source location.

The spectrum of the sound output for the model of figure 3.36c (or for the
equivalent model with a distributed source) can be calculated following pro-
cedures similar to those used to calculate the spectrum when there is a source
of aspiration noise, in figure 3.35. The length of the cavity is shorter, so that
the natural frequencies are higher, and there are differences in the bandwidths
of the resonances. In order to determine the spectrum of the sound pressure
at some distance from the opening of the model, we first calculate the trans-
fer function U,/p;. This transfer function is then multiplied by the spectrum
of the source (which can be estimated from figure 2.33), and by the radiation
characteristic, which is assumed to be proportional to frequency, as in equa-
tion (3.4).

In figure 3.37a we show a model of the configuration in figure 3.36 with
three different source locations. The source is a consequence of turbulence at
the wall of the vocal tract, and, depending on the configuration of the con-
striction and the walls, it could be distributed over a region downstream
from the constriction. The transfer function U,/ps for each of the source
locations in the figure has poles at the natural frequencies of the front cavity.
The lowest of these natural frequencies is approximately c/(4¢;), where # is
the length of the front cavity. As noted above, a correction to 4 should be
made to account for the radiation reactance.

. The transfer function also has zeros at frequencies for which the impe-
dance looking back from the source is infinite. The frequencies of these zeros
are, in effect, the natural frequencies of the configuration behind the source
when a hard termination is placed at the location of the source. This con-
figuration is shown in figure 3.37b and c for two of the source locations. In
the case of the source at the more anterior positions (1 or 2 cm from the

constriction), there is a zero at the frequency of the Helmholtz resonance
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between the acoustic compliance of the volume behind the source and the
acoustic mass of the constriction (again neglecting the effect of the back
cavity). Since there is airflow through the constriction, the constriction resis-
tance will contribute substantially to the bandwidth of the zero (as in equa-
tions [3.54] and [3.55]). When the source is just 1 cm in front of the
constriction, the zero is at a higher frequency than for the 2 em location,
since the volume of the cavity between the source and the constriction is
smaller. For a source location immediately in front of the constriction the
zero moves to a very high frequency.

We shall calculate the spectrum of the radiated sound pressure for the
configuration in figure 3.37a for a particular selection of dimensions and for
the three source locations. We take the front-cavity length to be 2.5 cm, and
hence there is one major peak in the transfer function in the frequency range
up to 5 kHz, corresponding to the front-cavity resonance at about 3.0 kHz.
A constriction area A; = 0.1 cm® and a constriction length ¢, = 1.0 em is
assumed, and the cross-sectional area of the front cavity is taken to be
A=1.0 cm? The bandwidth of the resonance is calculated to be about
350 Hz based on acoustic losses at the constriction and due to radiation. The
effect of the back cavity is neglected in calculating the spectra, that is, the
impedance looking into the back cavity from the constriction is assumed to
be small compared with the impedance of the constriction. (The effect of the
back cavity is discussed later.)

To estimate the absolute levels for the spectra of the radiated sound pres-
sure, we have assumed that the pressure drop across the constriction is 8 em
H;O. The airflow for the 0.1-cm? constriction is thus 370 cm?/s and the
value of 20log U?A;2% is 204 dB, and hence we subtract 8 dB from the
source spectrum in figure 2.33 (which is based on 20log U?A;2* = 212 dB).
In this example, we shall assume that there are obstacles or surfaces in the
airstream that cause the generation of turbulence noise with an efficiency
similar to that for the model used to obtain the spectrum in figure 2.33.1

Changing the position of the source in figure 3.37a does not change the
frequency of the principal resonance, but it does modify the transfer function
and the output spectrum in other ways. There is a zero in the transfer func-
tion at the Helmholtz resonance of the anterior part of figure 3.37b, which is

at about 1780 Hz for the source location at 1 ¢m and at 1260 Hz for the

source at 2 em. The bandwidth of each of these zeros is calculated to be
about 600 Hz.

If we neglect losses, the transfer function from the source sound pressure
ps to the output volume velocity U, can be approximated at low frequencies
(up to f = ¢/(2¢p)) as
Iu"|~ 1 1 If2 le (2.65)
|ps| = 2nfM; fZ [coskés | R
where f; = frequency of the zero, which is assumed to be well below c/(4%).
The factor 1/(27fM;) is the limiting expression for the transfer function at
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low frequencies, neglecting losses. Equation (3.65) applies when the source
location is downstream from the constriction. When the source is located at
the outlet of the constriction, the lossless transfer function becomes

|§_ 1 1
|ps | 2mfMy |coskéy|

(3.66)

Losses are incorporated into equations (3.65) and (3.66) by including band-
widths in the poles and zeros (including the pole at the origin).

Figure 3.38a shows the spectra of the radiated sound pressure based on
the above assumptions. Each spectrum is calculated by multiplying the
source spectrum by the appropriate transfer function—equation (3.65) or
(3.66) (with losses)—and by the radiation characteristic (equation [3.4]) for a
distance r of 20 an. The figure shows that the level of the peak would
increase by about 13 dB as the source is displaced downstream from the
constriction if the spectrum and strength of the source were the same for the
three source locations at 0, 1, and 2 cm from the constriction. This increase
in amplitude is in accord with the earlier discussion (see section 3.5.1) which
notes that the excitation of a resonator with a sound pressure source is pro-
portional to the amplitude of the volume velocity in the standing-wave
pattern. This volume velocity is small at the end of the constriction, but is
relatively large at a point downstream from the constriction, as in figure
3.34. The assumption that the source strength would be the same at the end
of the constriction as it would be at an obstacle (such as the teeth) down-
stream from the constriction may not be valid. A greater source strength is
expected if the airstream impinges directly on an obstacle normal to the flow

than if tha turhulonce ic oenerated by the airstream lnmﬂpn_l' on H'ip Unral
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tract wall at an oblique angle immediately downstream from the constriction.
Thus the difference in level for the two downstream source locations may be
greater than the difference shown in figure 3.384, as a result of differences in
source strength at the two locations.

An approximation to the spectrum of the radiated sound for source loca-
tions downstream from the constriction in figure 3.37a can be obtained by

anton o Lol thn macmcbiiabiam hao jnloiba fmmadanas Tha fmenadancs laal
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ing back from the source is then a short tube terminated by a hard wall. The
transfer function U,/p, for this configuration has a zero at zero frequency.
The procedure for calculating the transfer function for this case is similar to
that used in calculating the transfer function when the noise source is near
the glottis (equation [3.63]). Figure 3.38b shows the calculated spectrum for
the source location 2 cm downstream from the constriction for this case,
compared with the spectrum given in figure 3.38a for this source location.
The spectra are similar in the vicinity of the major peak and above, but there

are differences at lower Freauenmgc

3.5.4.2 Effects of Back Cavity The effects of the acoustic cavity behind
the constriction in figure 3.37a were neglected in calculating the spectra in
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Figure 3.38 (a) Calculated spectrum of radiated sound pressure (at a distance of 20 cm) for the
three source locations in the model in figure 3.37a. See text. (b) Comparison of calculated spec-
trum of radiated sound pressure for the source located 2 cm from the constriction when the con-
striction is modeled by an infinite impedance (solid line) and by an acoustic resistance and mass
(dashed line). (c) Spectrum obtained by adding the contributions of the three source locations in
(a), approximating the sound pressure for a distributed source,

figure 3.38a, since it was assumed that acoustic coupling to this cavity was
small. We can, however, account for this coupling to the back cavity by
introducing modifications in the spectra of figure 3.38a. The transfer function
U,/ps has a set of poles that are the natural frequencies of the entire system,

men rvabsiea £~
mclud..ma both '.'!'-e Eron'.' and back cavities. Thcac nm{“uual ucqucuuca Ior a

constricted configuration have been discussed earlier in this chapter in con-
nection with figure 3.16. The transfer function also has a set of zeros at fre-
quencies for which the impedance looking back from the source (i.e,, looking
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to the left of the source in figure 3.37a) is infinite. These zeros of the transfer
function are the natural frequencies of the configurations in figure 3.37b or
3.37c. This way of interpreting the zeros is valid if the source is a point
source.

We shall examine in detail the effect of the back cavity for the case in
which the source location is at the anterior end of the constriction. When the
constriction between front and back cavities is sufficiently narrow, the natural
frequencies of the configuration in figure 3.37b are almost equal to the natural
frequencies associated with the back cavity of the configuration in figure
3.37a. That is, the poles of the transfer function U,/p, corresponding to
back-cavity resonances are almost equal to the zeros of the transfer function.
These poles and zeros cancel, and we are left with a transfer function that is
characterized only by front-cavity resonances, as we have seen in figure 3.38.
For a small but finite cross-sectional area of the constriction, however, the
natural frequencies of the back cavity in figure 3.37a are slightly different
from the natural frequencies of the resonator in figure 3.37b, and con-
sequently there is not complete cancellation of the poles and zeros of the
transfer function. At each of these natural frequencies the pole-zero pair will
introduce a perturbation in the transfer function of the type illustrated in
figure 3.6. The amount of perturbation depends on the separation between-
the pole and the zero and on their bandwidths. This separation, in turn, is
dependent on the cross-sectional area and length of the constriction that
separates the front and back cavities. The fact that there is almost cancella-
tion of these poles and zeros indicates that the natural frequencies associated
with the back-cavity resonances are excited only weakly by a sound pres-
sure source located anterior to the constriction. The distribution of volume
velocity associated with these back-cavity resonances has a very small ampli-
tude at the location of the source, and hence the source excites these natural
frequencies with a very low amplitude,

If the constriction is small, and if the impedance of the constriction is
dominated by its acoustic mass in the frequency range of interest, then the
spacing between the pole and zero resulting from acoustic coupling to the
back cavity can be calculated directly. We assume a back-cavity length of 4,
and of uniform cross-sectional area A;. The admittance looking into the back

cavity (from the posterior end of the constriction) is
A
Y, = ;p—"tan ke, (3.67)
c

The natural frequencies of the configuration in figure 3.37b are the zeros of
Y:. These are at frequencies nc/(24,), where n=1, 2, 3 ..., and represent
the zeros of the transfer function U,/p,. The frequencies of the poles that are
associated with these zeros are the frequencies satisfying the equation

1
L= (3.68)

IVie

ﬂtank{;, -
nc

r

Basic Acoustics of Vocal Tract Resonators



182

SPL in 300-Hz BANDS
(dB re 0.0002 dyne/cm?)

FREQUENCY (kHz)

Figure 3.39 The solid line shows the calculated spectrum of the output of the model of figure
3.37a with a source location immediately anterior to the constriction, taking into account acous-
tic coupling to the back cavity. The dashed line is the spectrum given in figure 3.38a for the
0 cm location, neglecting the effect of the back cavity. See text.

where M, is the acoustic mass of the constriction, given by M, = p#./A..
We neglect the impedance looking into the front cavity from the constric-
tion. In the vicinity of kf, = nr (n=1,2,3...), that is, in the vicinity of the
zeros, we can make appropriate approximations for the tangent, leading to
the following expression for the frequency difference Af between the pole
and the zero:

A c

where 7 is an integer, defined above. For the model of figure 3.37a we shall
assume the following dimensions for the back cavity: A, = 4 cm?, £, = 14 cm.

ey — e Tha L.l
The constriction area A, = 0.1 an? as before, and 4 = 1.0 cm. The back-

cavity resonances (zeros of the transfer function) are 1260 Hz and multiples
of this frequency. The pole-zero separation is about 45 Hz for this lowest
resonance, and is proportionately less for the higher resonances. The calcu-
lated spectrum is shown in figure 3.39, assuming nominal values of 100 Hz
for the bandwidths of the poles and zeros. (The actual bandwidths will
depend on factors such as the glottal opening and the airflow. Bandwidths of

N Ll men waribllen Lo o ot P, o

100 Hz are within the cxpt:ucu range for vocal tract connguranons of this
type.) The gross features of the spectrum are the same as those in figure
3.38a for the 0 cm location (dashed line in figure 3.39), but superimposed on
that spectrum we observe the perturbations resulting from coupling to the
back cavity. The perturbations will, of course, be larger if the length of the
constriction is less, or if its cross-sectional area is greater. The perturbations
are also larger at lower frequencies.

When the natural frequencies of the front and back cavities are close
together, the degree to which a natural frequency can be associated with one

cavity or another becomes blurred, and both normal modes may be excited

QIR PR VAL AL de [aIE UL IIVLIMNU LML S IRy UL TAaLileW

by a turbulence noise source located anterior to the constriction. In effect,
there is a cluster of two poles and a zero in the transfer function U,/p,. As
we have illustrated earlier in figure 3.7, this situation can lead to an output

(3.69)
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spectrum with two peaks that are close together. One or both of these peaks
may be greater in amplitude than the single spectral peak that would occur
as a consequence of just the front-cavity resonance, with no coupling to the

back cavity.

3.5.4.3 Distributed Sources In the examples just discussed, we have
assumed that the turbulence noise source is concentrated at one point along
the length of the tube. In general, turbulence is distributed over a region of
the vocal tract downstream from the constriction, and consequently the noise
source may be distributed over a region. We can determine the output for
this distributed source by calculating the output for each location within the
region of turbulence and superposing these outputs in the manner discussed
above when we considered turbulence noise sources near the glottis. This
calculation has been done for the configuration in figure 3.37a, to give an
approximation to the spectrum for a distributed source, in figure 3.38¢c. This
spectrum is estimated by calculating separately the power spectra for the
three source locations (assuming the total source strength is distributed uni-
formly among the individual sources) and then adding the power spectra
assuming that the sources at the different locations are uncorrelated. The
spectral prominence corresponding to the front-cavity resonance is evident
in figure 3.38¢, but there is no longer a sharp spectral minimum correspond-
ing to a zero, as there was in some of the spectra in figure 3.38a. When there
is a distributed source, it is expected that minima in the spectrum arising
from zeros in the transfer function will be smoothed out.

In the examples in figures 3.38a and 3.38c we have represented the turbu-

lence noise source either as being located at a point, corresponding to turbu-
lence at an obstacle in the airstream, or as being distributed uniformly over a
region, corresponding to turbulence over a surface parallel to the airstream.
The situation that exists in practice is probably somewhere between these
two extremes. For any source distribution, the peaks in the spectrum of the
response are at the same frequencies, since these are the natural frequencies
of the system. The magnitude of the excitation of these normal modes will
be different for each source position, and hence the amplitudes of the spec-
tral peaks will vary with source distribution.

In section 2.2, it was shown that, depending on the relative cross-sectional
areas of the glottal and supraglottal constrictions, it is possible for turbulence
noise to be generated primarily at the glottis, primarily at the supraglottal
constriction, or in the vicinity of both constrictions, as noted in connection
with figures 2.36 and 2.37. Thus it is not unusual to observe excitation of a
cavity behind a constriction by a glottal source while there is also strong
excitation of a front-cavity resonance by a source near the supraglottal
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3.5.4.4 Monopole Turbulence Noise Source As has been noted in sec-
tion 2.2, turbulence noise in the vocal tract can take the form of fluctuations in
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volume flow through a constriction. These fluctuations can be modeled as a
monopole or volume velocity source U,,,, with a spectrum as shown in figure
2.35. The excitation of the vocal tract by a volume velocity source of this kind
can be treated much like excitation by a quasi-periodic glottal source, except
that it is the portion of the vocal tract downstream from the constriction that is
being excited. The transfer function U, /U s from the monopole source to the
output volume velocity is all-pole (assuming no acoustic coupling to the back
cavity), in contrast to the transfer function for a sound pressure source, which
contains zeros as well as poles.

As an example, we consider the excitation of the configuration in figure
3.37a by a monopole turbulence noise source. The transfer function has
poles corresponding to the natural frequencies of the front cavity, the lowest
of which is about 3000 Hz in this case. If we take the source spectrum in
figure 2.35, multiply by this transfer function, and include the radiation char-
acteristic, we obtain the spectrum shown as the dashed line in figure 3.38a.
As before, the source spectrum is scaled down by 8 dB to account for the
different airflow and area compared to the values for which figure 2.35 is
constructed. The spectrum for the monopole source has the expected peak at
3000 Hz, but the amplitude of this peak is considerably weaker than the
amplitudes for the different locations of the dipole source. Thus the dipole
source appears to dominate in this frequency range. On the other hand, at
lower frequencies, below about 1.5 kHz, the contribution of the monopole
source to the output spectrum is dominant. In spite of the weaker amplitude
of the monopole source relative to the dipole source (see figure 3.35), the
monopole source couples to the vocal tract more effectively at low fre-
quencies than does the sound pressure source. A similar comparison of the
radiated sound pressure due to dipole and monopole sources was made
in section 3.5.3 for the case of turbulence noise in the vicinity of the glottis.

3.5.4.5 Transient Source In section 2.3, methods were given for esti-
mating the magnitude and spectrum of the initial transient of volume veloc-
ity that occurs when pressure behind a closure in the vocal tract is released.
This transient source provides acoustic excitation for the vocal tract, and the
radiated sound pressure is a consequence of the filtering of the source by the
vocal cavities.

In order to examine this process further, we consider the model shown in
figure 3.40a. The front- and back-cavity dimensions for this model are the
same as those in figure 3.37a. We assume that a steady pressure B, exists in
the portion of the model behind the constriction. The cross-sectional area of
the constriction is then abruptly increased, so that the pressure P,, decreases
rapidly.

The radiated sound pressure that results from the transient release can be
approximated as the sum of two components: (1) the result of the initial
transient excitation of the acoustic cavity in front of the constriction, and (2)
the result of excitation of the part of the vocal tract posterior to the con-
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Figure 3.40 (a) Model for calculation of the transient that occurs at the release of the closure
for a stop consonant, with a pressure P,, behind the closure. (b) Spectra of two components of
the transient immediately following the release of the closure in (a). The initial response (solid
line) represents the response of the front cavity, and the later response (dashed line} is the output
resulting from excitation of the back cavity, assuming that the opening movement is essentially
completed. See text.

striction. The initial component can be estimated by using the source spec-
trum in figure 2.47 (or a modified version of this spectrum depending on the
pressure and on the rate of change of cross-sectional area at the release) as
the volume velocity excitation for the front cavity, and filtering this source
by the front-cavity transfer function and the radiation characteristic. The rate
of increase of cross-sectional area for this source was assumed to be 100 cm?/s,
with an initial pressure P, of 8 cm H;O. The front-cavity transfer function

has a peak at about 3 kHz, but, in contrast to excitation by turbulence noise

(ag in fioure 3. a6), the transfer funchon is all-nole and there is no zero at low
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frequencxes Addmg (in decibels) the source spectrum, the all-pole transfer
function, and the radiation characteristic yields a calculated spectrum shown
as the solid line in figure 3.40b. The frequency of the spectral prominence
depends, of course, on the length of the front cavity.

The transient also excites the cavity behind the constriction, so that
acoustic energy oscillates at the natural frequencies of this cavity. These
natural frequencies change rapidly as the area of the constriction increases
following the release. For example, figure 3.17 shows that, for a short con-
striction, F1 has undergone most of its movement to the steady-state value
after the area has increased to about 0.3 cm*—a movement that takes about
3 ms if the rate of increase of area is taken to be 100 cm?/s. A rough
approximation to this component can be obtained by assuming that the same
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transient volume velocity is injected into the back cavity (with negative
sign) but taking the natural frequencies to be those of a uniform tube (i.e.,
assuming for the present purposes that the model quickly takes the shape of
a uniform tube). The spectrum of the radiated sound pressure under these

conditions is the dashed line in Ficmrp 3.40b. This component would be

naialll ad saln [RGdaiie fe 2 02 0 7% AipAIlaie FrUsuL

observable in the signal only if mmunal turbulence noise were generated at
the glottis immediately following the release—a condition that might occur
only if the glottis were narrow or closed, as, for example, for an ejective stop
consonant. The formant bandwidths used for calculating the spectrum are
relatively narrow, since it is assumed that the losses at the glottis and at the
constriction are small.

The spectra in figure 3.40b have amplitudes that are comparable to or
greater than those for turbulence noise sources, in figures 3.35 and 3.38.
Thus the spectrum amplitude of sound from the transient at the release can,
at least in some cases, be comparable to that from other sources. The total
energy in the transient is, however, usually smaller than that in the burst of
turbulence noise, which extends over a duration of several milliseconds. The
role of the transient is discussed in greater detail in chapters 7 and 8.

3.5.4.6 Clicks with an Abrupt Release A somewhat different kind of
transient is generated at the release of a click, as we have seen in section 2.4.
The general approach to calculating the radiated sound pressure will be dis-
cussed in terms of the model in figure 3.41a. In this case the pressure P, in
the small cavity that is formed between the tongue body constriction (at
the posterior end) and the tongue blade constriction (at the anterior end) is
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Figure 3.41 (a) Model for calculation of the transient that occurs at the release of a dick, with
a (negative) pressure P, behind the closure. (b) Spectrum of transient response for the model in
(a). See text,
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negative relative to atmospheric pressure. The spectrum and amplitude of
the initial inward transient in volume velocity has been estimated in figure
2.49. If we assume a very rapid opening at the constriction, then within a
few milliseconds the cavity anterior to the tongue body constriction can be

assumed to ha nnanrm We can, then calculate the oublput assuming an inikial

Seiilwel WS AN weRdiaAlsaais LARCAL, LALLWALT U Vuipul aoowiiliig Qi llilvida:

unidirectional volume velocity pulse. The spectrum of the output volume
velocity at the opening of the tube can be obtained by adding (in decibels)
the spectrum of the source (from figure 2.49) and the all-pole transfer func-
tion for the tube. For the tube in figure 3.41a, with a length of 6 cm, the
lowest two natural frequencies are about 1400 and 4200 Hz. There is no air-
flow in this resonator, and hence the bandwidths of these two resonances are
rather narrow: about 50 Hz and 150 Hz, assuming a cross-sectional area of
about I an? for the front cavity. These bandwidths arise primarily from radi-
ation losses and losses due to viscosity and heat conduction. (See section 3.4.)

The calculated spectrum of the radiated sound pressure at a distance of 20
cm for this idealized click is shown in figure 3.41b. Comparison with figure
3.32 indicates that the amplitudes of the spectral peaks for the click are
usually considerably greater than the amplitudes of corresponding peaks for
a following vowel, as has been shown in the data of Traill (1994).

3.6 NASAL COUPLING AND OTHER SIDE BRANCHES

We have observed in section 3.5.2 that when there is excitation of the vocal
tract by a volume velocity source at the glottis, the transfer function from
source volume velocity to volume velocity at the mouth opening contains
only poles. This all-pole transfer function occurs when there is a single
acoustic path from source to output, with no side branches. It is possible,
however, to adjust the configuration of the articulatory structures to create a
side branch or a parallel branch in this path. This additional branch can be
produced either by forming an opening between the oral and nasal cavities
at the velopharyngeal port, or by raising the tongue blade and placing it in a
lateral position that creates more than one path for the sound to propagate
through the vocal tract, or by forming a short side branch on the underside
of the tongue blade. In each case, the result is to modify the all-pole transfer
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The way in which the transfer function from glottal source to output is
modified by the introduction of an additional branch can be illustrated with
reference to the models in figure 3.42. In the case of the model in figure
3.42a, the cross-sectional area of the opening to a side branch is small com-
pared with the cross-sectional area of the main acoustic tube, whereas for the
models in ﬁ'gure 3.42b and c the cross-sectional area of the side branch is
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branch is located near the midpoint of the main tube—a situation roughly
analo(zous to nasal consonants and vowels—and its Iength is annrnmmatnlv

one-half that of the main acoustic tube. In figure 3.42¢, the main tube is
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Figure 3.42 Five models for which there is a side branch in the acoustic path from source vol-
ume velodity U, to output volume velocity (U, or U, or U, + U,). (a) and (b) Models for nasal
vowels with different degrees of opening of the velopharyngeal port. () A model for a nasal
consonant. (d) A model for a consonant for which a side branch is formed by the tongue blade.
(e) A model for a con

model iguration in which there are two acoustic oure

some portion of the length of the tube.

(e)

curation in which there are two acoustic Pa_l_'hg_ from eource to output over

closed at a point anterior to the place where the side branch is coupled to it,
and the output is the volume velocity LI, at the end of the side branch. This
model is analogous to the configuration for a nasal consonant. The models in
figure 3.42a and b are analogous to nasal vowels with two degrees of open-
ing for the velopharyngeal port. For these nasal vowel configurations there
are two volume velocity outputs: U, from the main tube and U, from the
side branch.

In figure 3.42d, the side branch is located at a more anterior position, and
is shorter than in the other models, simulating one aspect of the config-
uration for certain lateral and retroflex consonants. These lateral and retro-
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Figure 3.43 Schematization of nasal cavity with two sinuses. Volume velocity at velopharyn-
geal port is U,, and output volume velocity at nostrils is L.

flex configurations are produced by shaping the tongue blade and tongue
body in such a way that sound can propagate around the sides of the tongue
body as well as along the midline. These two acoustic paths have different
lengths, as schematized by the model in figure 3.42e. This split acoustic path
can also introduce zeros into the transfer function from the glottal source to
the output volume velocity.

For all of the conhguratlons in figure 3.42 there is a general principle con-
cerning the distribution of poles and zeros in the transfer function from the

o b tha o o Erla PR TP IS
glcttal source to the output. The total number of poles in the transfer func-

tion up to a certain frequency f (up to, say, 4 kHz) is given by n, = 24f/c
where /; is the total length of all of the tube components in the model,
including side branches and parallel branches. If the distance from glottis to
output by the most direct path is ¢, then the number of zeros in the transfer
function up to frequency f is given by n, = 2f(& — ¢)/c. Another way of
expressing this principle is that the net number of poles n; — n, is given by
2f¢ /¢, that is, the average net spacing of the poles is ¢/(2¢). In addition to
this set of poles there are a number n, of pole-zero pairs, that is, every addi-
tional zero can be viewed as being paired with an additional pole. When the
side branch or the parallel branch is obliterated through an appropriate artic-
ulatory movement, the pole and zero in a pair come together and are elimi-
nated, leaving an all-pole transfer function with 2fZ/c poles in the range
below frequency f. For all of the configurations in figure 3.42, we are inter-
ested in the transfer function from the source volume velocity U to the out-
put, whether it be LI, LI,, or a combination of the two.

3.6.1 Acoustic Properties of the Nasal Tract

As described in section 1.1.3, the nasal tract begins at the velopharyngeal
opening, for which the cross-sectional area can be adjusted. Over a part of its
length, the nasal tract splits into two branches that are usually roughly sym-
metrical, and it ends at the two openings of the nostrils. Several sinuses con-
nect to either side of the nasal cavity through narrow passages. Two such
sinuses are shown in the schematic representation of the nasal tract in figure
3.43. Because of the sinuses, the acoustic properties of the nasal tract are
complicated, and certain details show considerable variability from one indi-
vidual to another. Furthermore, for some speakers, the two channels within
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the nasal cavity are not symmetrical, and this asymmetry has an effect on the
acoustic output. We shall attempt, however, to summarize the main features.

Two system functions for the nasal tract are important for determining the
response of a system like that in figure 3.42a, b, or c. One is the impedance
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looking nasal tract at haryngeal port. This impedance has
an influence on the transfer function U,,,/ U; in figure 3.42a and b, since it
acts as a shunt in the acoustic path from U, to U,,. The other is the transfer
function of the nasal cavity from the volume velocity U, at the velophar-
yngeal port to the output U,. This transfer function has an influence on the
overall transfer function U, /U..

Both the transfer function and the driving-point impedance have, of
course, the same poles. Experimental data (Lindqvist and Sundberg, 1972)
indicate that the lowest of these is probably in the range of 450 to 650 Hz.
(See also Dang et al.,, 1994.) The volume of the sinuses appears to play an
important role in determining the lowest natural frequency of the nasal tract.
The sinuses also introduce additional pole-zero pairs in the driving-point
impedance and in the transfer function. One of these is in the frequency
range around 400 Hz and another is around 1300 Hz (Bivegard et al., 1993).
Each sinus constitutes a resonator that is coupled through a narrow opening
to the nasal tract proper, as schematized in figure 3.43. The spacing between
the additional pole and zero depends in part on the cross-sectional area of
this opening. The frequencies of the zeros in the driving-point impedance
will be slightly different from those in the transfer impedance. One might
expect the frequency and spacing of these pole-zero pairs to vary from one
individual to another, since they depend on the volumes of the sinuses and
the sizes of the openings to the sinuses. At higher frequencies, above about
1.3 kHz, the sinuses probably do not play a significant role in shaping the
acoustic behavior of the nasal tract because the acoustic impedance of
the narrow opening to a sinus becomes large. The second main resonance
of the nasal tract (when it is closed at the posterior end) is in the vicinity of
2000 Hz. The first main minimum (i.e., zero not associated with a sinus) of
the driving-point impedance is probably in the range of 1000 to 1500 Hz.
The magnitude of the transfer function of the nasal tract as a function of
frequency is schematized in ﬁgure 3.44. The two principal lowest resonances
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zero pairs in the frequency range above the lowest resonance. Considerable
variability in this transfer function is expected from one individual to another,
particularly in the pole-zero pairs corresponding to sinus resonances. Pole-
zero pairs are also introduced if there is an asymmetry in the nasal passages
on the two sides of the septum.

by (. _l_ M as___ ___9 r 1T~ ____ T __ __
3.6.2 Tr Function with Nasal Coupling

For the models in figure 3.42a to ¢, which contain a side branch in the Pgth

from source to output the transfer function U,,/U; or LI,/U; can be calcu
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Figure 3.44 Estimate of transfer function of nasal cavity (cutput volume velocity U, relative
to volume velocity U, at velopharyngeal port), based in part on measurements of Lindqvist and
Sundberg (1972). Considerable interspeaker variability is expected in this transfer function.

lated by examining the susceptances looking into the parallel configuration
of three tubes at the junction. In the model of a nasalized vowel in figure
3.45a, these susceptances are labeled By, B, and B, representing the suscep-
tances looking into the pharynx, mouth, and nasal tubes, respectively. If
there are no losses, the poles of the system function LI, /LI or LI, /U, are the
frequencies for which B, + By, + B, = 0. The zeros of L,/LI; are the fre-
quencies for which B, = oo, and the zeros of U,/U; are the frequencies for
which B, = . The determination of the poles and zeros of either transfer
function reduces, then, to estimation of these susceptances. If the losses are
small, the poles and zeros calculated in this way will be modified to have
small bandwidths.

The procedure will be illustrated for the system function U,,/U; for the

model of figure 3.45a. The sum B, + B,, has zeros at the natural frequencies
of the uniform tube. For simplicity, the length of this tube is selected so that
the natural frequencies are 500, 1500, 2500, ... Hz. The cross-sectional area
is taken to be 3 cm®. The negative of the susceptance B, + By, is plotted as
the solid line in figure 3.45b, assuming the junction point to be at the middle
of the tube. We model the connection to the nasal cavity as a narrow tube
with cross-sectional area A, and length 1 cm. The remainder of the nasal
cavity has acoustic characteristics similar to those given in figure 3.44. The
susceptance B, has zeros at 600 and 2000 Hz, and the pole intermediate
between these two zeros is at a frequency that depends on the area A,. This
susceptance is plotted as a dashed line in figure 3.45b for A, = 0.2 cm? and
as a dotted line for A, = 0.1 am?. The effects of the sinuses in causing addi-
tional pole-zero pairs are ignored here.

The points of intersection of the curve representing —(B, + B,,) and a
curve B, are the natural frequencies of the system, and hence are the poles of
the transfer function l].“/I]. or U./1LL. A nole of B. is the frequency of a

wadlalel RO L2 Lny Rge 43 pRUIT UL Dy 0 M LULGSRIRy I =
zero of the transfer funchon U,/ U;, that is, a frequency at which the trans-
mission path from source to lips encounters a short circuit. The transfer
function U, /U has zeros at frequencies for which B,, = oo (2000 Hz in this
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Figure 3.45 (a) Model of the vocal tract configuration for a nasal vowel, showing the suscep-
tances looking into the three directions at the junction. (b) The solid line gives the calculated
value of the susceptance —(B, + B,) in (a), assuming a tube with uniformly spaced natural fre-
quencies and with a cross-sectional area of 3 cm®. The curves labeled B, are estimated suscep-
tarices looking into the nasal cavity for two areas of the opening to the nasal cavity. See text.

example). We restrict the discussion here to LI,,/L,. We note that the fre-
quencies of the original formants for no nasal coupling (at 500 Hz and
1500 Hz) are shifted upward slightly when there is an opening to the nasal
cavity. An additional pole-zero pair (F, and f;) appears in the transfer func-
tion. For a coupling area of 0.1 em?, F, = 700 Hz and f; = 680 Hz, whereas
with the larger coupling area, the pole-zero spacing is somewhat greater,
with F, = 800 Hz and f, = 750 Hz. (If the output LI, from the nose were
taken into account, the frequency of the zero for the combined output would
be considerably higher. Nasalization of vowels is discussed in more detail in
chapter 6.) The effect of the pole-zero pair on the transfer function U,,/U,
with a coupling area of 0.2 cm? is shown in figure 3.46. There is the expected
perturbation of the transfer function in the vicinity of 700 Hz, as a con-
sequence of the acoustic coupling to the nasal cavity.
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Figure 3.46 Calculated transfer function Ll,,/U, for the configuration of figure 3.45a for no
acoustic coupling to the nasal cavity (dashed line) and for a coupling area of 0.2 cm?, as esti-
mated from figure 3.45b.

As described in chapter 1, the nasal cavity has a large surface area, and is

lined with soft tissue. These surface properties lead to losses at the walls that
are greater than those for the vocal tract, particularly at low frequencies.
Consequently the bandwidths of poles and zeros in the low-frequency range
will be greater than the bandwidths normally observed or calculated for non-
nasal vowels. No bandwidth adjustments were made, however, in calculating
the transfer function in figure 3.46 for the nasal configuration.

When a complete closure is made at some point in the oral cavity, the
mouth output Uy, is zero, and the only output is the volume velocity U,
from the nasal cavity. A resonator configuration that models this situation
has been shown in figure 3.42c.

For this configuration, the transfer function U1,/Ll; again has a set of poles
and zeros, which can be calculated in the manner shown in figure 3.45b. The
zeros occur at frequencies for which the acoustic susceptance B, looking into
the mouth cavity is infinite. If this cavity is idealized as a uniform tube of
length ¢, then the frequency of the lowest zero is c/(44,,). In the case of a
nasal consonant that is produced with a closure at the lips, the length ¢ for
an adult is approximately 8 cm, and the frequency of this lowest zero is
about 1100 Hz. The frequency of this zero increases as the position of the
closure is displaced in a posterior direction from the lips.

The lowest natural frequency or pole of U,/U; when there is a closure at
the lips can be computed to be approximately 250 to 300 Hz, after correc-
tion for the effective mass of the walls (Bivegird et al, 1993). The next
highest natural frequency can be computed roughly from figure 3.45b if the
curve for —(B, + B,,) is modified to correspond to a tube closed at both
ends. For a velopharyngeal area in the range of 0.2 to 0.4 cm? (beyond the
range given in the figure), this frequency is expected to be in the range of
750 to 1000 Hz.

A typical transfer function for a nasal consonant in the low-frequency
range, then, would have the form shown in figure 3.47. There is a low-
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Figure 3.47 Transfer function U, /L] for a model of the type shown in figure 3.42¢. The zero
at 1200 Hz is the frequency at which the impedance looking to the right at the coupling point
goes to zero. No attempt is made to represent accurately the poles and zeros above about 2 kHz.

1000 Hz, and a spectral minimum that occurs somewhat above it. A more
detailed discussion of the acoustic attributes of nasal consonants is given in
section 9.1.

3.6.3 Side Branch or Bifurcation Within the Vocal Tract: Lateral and

Retroflex Consonants

Figure 3.42d and figure 3.42e are models for a class of vocal tract config-
urations that are produced by shaping the tongue body or tongue blade in a
way that creates a bifurcation or a side branch, or both, in the acoustic path
between the pharyngeal region and the incisors. This type of configuration is
achieved by bunching the tongue, or by forming a lateral or a retroflex con-
sonant. The tongue blade usually forms a significant narrowing of the airway
in the anterior portion of the tract. Like the nasal configurations, these models
also have transfer functions U,,/L; that deviate from the all-pole pattern for
non-nasal vowels. These transfer functions are also characterized by the
presence of additional poles and zeros, but with a pattern that is different
from that for nasal vowels and consonants.

The model in figure 3.42d shows a side branch that is considerably shorter
than the main acoustic tube, and the side branch is located closer to the open
end of the tube than in the models of figure 3.42a and b. The side branch
introduces zeros into the transfer function LI,,/LI, and for the ideal model of
figure 3.42d the frequency of the lowest zero is ¢/(44), where ¢ is the length
of the side branch. The side branch also has an influence on the positions of
the poles of the transfer function. When there is no side branch, the average
spacing of the poles for the main acoustic tube (of length ¢) is ¢/(2¢),
whereas the average spacing with the side branch in place is ¢/2(¢ + 4).
That is, the average distance between the poles is less when there is a side
branch. The overall effect of the side branch for this case is schematized in
figure 3.48. Comparison of the two cases (with and without side branch)
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Figure 3.48 (a) Configuration with a side branch near the end of a tube, as in figure 3.42d. (b)
The solid line shows the transfer function U, /L, for a configuration of the type in (a). Total
length of tube = 16 cm; length of side branch= 4 cm; distance from end of tube = 3.5 cm. The
dashed line is the transfer function of the tube without the side branch.
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Figure 3.49 Simple configuration of tubes for which there are two unequal paths #; and ¢;
from source L, to output L.

shows that there are more spectral peaks when the side branch is present,
and there is a significant minimum in the spectrum at the frequency c/(47,).
The position of the minimum and the frequencivs of the poles can, of course,
be manipulated by adjusting the configuration of the main acoustic tube and
the configuration and length of the side branch.

Some insight into the behavior of the model of figure 3.42e can be
obtained by considering the simpler configuration of figure 3.49. In this sim-
pler model, there are two acoustic paths, each with the same uniform cross-
sectional area: one with length ¢ and the other with length 4. The volume
velocity at the input is U, and we assume that the volume velocities at the
two ouputs, U1, and Uy, add, without significant interaction,!! to give a
combined output U, = Upz + Ume. The overall transfer function (assuming
no losses) can then be written
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This transfer function has poles at the natural frequencies of the component
tubes. The numerator term cosk(¢; + 4)/2 indicates zeros at odd multiples
of frequencies ¢/[2(¢1 + £)], which are intermediate between the frequencies
of the poles. There are also zeros at odd multiples of the frequency
¢/[2(41 — 4)), which is at a much higher frequency than the other poles if ¢
is not too different from 4.

The model of figure 3.42e is somewhat more complex than the configura-
tion in figure 3.49, since the bifurcation is part of a larger concatenation of
tubes, and since the two paths are not of equal cross-sectional area. We can,
however, expect a similar interpretation of the transfer function relative to
that for a simple tube with no bifurcations. That is, certain poles of the
transfer function for the simpler tube are replaced by pole-zero-pole clusters,
as illustrated earlier in figure 3.7. The lowest frequency at which this type of
perturbation in the transfer function can be expected is the frequency for
which the combined length 4 + 4 of the component tubes in the bifurcated
section is equal to a half-wavelength, that is, in the vicinity of frequency
¢/[2(41 + 4)].

In section 9.3 we will see examples of these kinds of modifications of the
transfer function for lateral and retroflex consonants. The sections ¢ and 4
for these configurations probably extend over the oral cavity from the front
of the hard palate back to the soft palate or upper pharyngeal region—a
total length ¢; + 4 of about 8 to 15 cm for an adult male. The most signifi-
cant acoustic effects of these vocal tract adjustments, then, would be in the
frequency range of 1200 to 2200 Hz. Much of this range is normally between
the second and third formants for vowels.
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As we have seen above, the acoustic properties of the main airway from the
glottis to the mouth opening can be modified by opening the velophar-
yngeal port and providing acoustic coupling to this side branch of the vocal
tract. Another acoustic system that is located adjacent to the vocal tract is
the configuration of airways consisting of the trachea, bronchi, and lungs.
The acoustic impedance looking into the trachea at a point just below the
glottis is characterized by a series of poles and zeros much like the impe-

dance looking upward into the vocal tract. One difference is that the config-
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Figure 3.50 (a) Model of vocal tract with acoustic coupling to the trachea through the glottis.
Volume velocity through the glottis is ;. (b) Equivalent circuit showing volume velocity
sources exciting supra- and subglottal tracts.

uration of the subglottal system is essentially fixed, and hence the poles and
zeros of the impedance for a given individual are fixed. The lowest three
poles have been observed to be about 600, 1550, and 2200 Hz for an adult
male with bandwidths that are in the range of 200 to 400 Hz (Fant et al.,

1972; Ishizaka et al., 1976; Cranen and Boves, 1987; Klatt and Klatt, 1990),
These are the three lowest natural frequencies of the subglottal system with
closed glottis. These frequencies are generally higher for female speakers,
and can show individual differences from one speaker to another.

The subglottal system can influence the sound output from the mouth
opening only when the glottis is open. When there is normal vocal fold
vibration, acoustic coupling to the subglottal cavities can occur periodically
during the open phase of the glottal cycle. The coupling is continuous when
the glottis (or portions of the glottis) remains open, as it often does during
the production of voiceless sounds or when there is breathy voicing.

In section 2.1 we showed that the glottal source during normal vocal fold
vibration can be approximated by a volume velocity source. The impedance
of this source is roughly equal to the impedance of the glottal opening,
which for many glottal configurations is large compared with the impedance
of the subglottal and the supraglottal cavities. The subglottal cavities are also
excited by a volume velocity source that is equal and opposite to the source
for the supraglottal cavities. The configuration is schematized in figure 3.50a,
and an equivalent circuit is given in figure 3.50b.

If the impedance Z, of the glottis is large compared with the impedance of
the supraglottal and subglottal airways, then the excitation of the vocal tract
above the glottis is essentially the right-hand volume velocity source. When
there is a finite glottal opening, then at frequencies for which the subglottal
impedance is infinite, no volume velocity will flow into the vocal tract. That
is, there will be zeros in the transfer function U,,/L; at these frequencies,
which are the natural frequencies of the subglottal system when the glottis is
closed. The poles of the configuration in figure 3.50a are at frequencies that
are roughly equal to the natural frequencies of the separate subglottal and
supraglottal configurations. These natural frequencies are shifted slightly
from their values for the uncoupled system because there is some coupling
between the two parts. The zeros in the transfer function will be close to the

poles representing the natural frequencies of the subglottal airways. The

Basic Acoustics of Vocal Tract Resonators
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Figure 3.51 The solid line gives the magnitude of the transfer function of the vocal tract
including the effect of acoustic coupling to the subglottal system. The dashed line shows the
transfer function when there is no coupling to the subglottal cavities. See text.

spacing between the members of the pole-zero pair will depend in part on
the cross-sectional area of the glottal opening.

In order to illustrate the effect of subglottal coupling on the transfer func-
tion U, /LI, in figure 3.50, calculations have been made for a particular set of
dimensions corresponding to an adult male vocal tract with a cross-sectional
area of the glottal opening of 0.1 cm?. The bandwidths of the zeros are taken
to be 200 Hz, and calculations of the bandwidths for the poles take account
of the losses due to airflow at the glottis. The calculated transfer function is
shown in figure 3.51, together with the transfer function with no coupling to
the subglottal cavities. A vocal ract shape with the first three natural fre-
quencies equal to 400, 1800, and 2500 Hz is selected as the starting point
with no subglottal coupling. In this example, there are perturbations in the
transfer function of about +3 dB as a consequence of the subglottal cou-
pling. The magnitude of these perturbations depends not only on the
glottal opening but also on the supraglottal configuration. Further discussion
of the influence of subglottal resonances on vowel spectra is given in section
6.8.

We have shown in figure 3.35 the calculated spectrum for an aspirated
sound neglecting the effect of subglottal resonances. A more accurate esti-
mate of the spectrum can be obtained by including the influence of the pole-
zero pairs arising from coupling to the subglottal cavities. The principal
modification of the spectrumn is in the vicinity of the second and third sub-
glottal resonances, since there is very little spectral energy in the vicinity of
F1.

In summary, then, we observe that acoustic coupling to the subglottal
cavities can modify the spectrum of the sound output from the vocal tract by
introducing perturbations in the vicinity of the subglottal resonances. The
amount of perturbation depends upon the size of the glottal opening. The
overall effect of this coupling is to produce a sound in which the principal
spectral peaks are less prominent, since additional peaks and valleys are
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Figure 3.52 Ratio of the sound pressure (in the far field) for a point source located on the sur-
face of a sphere (shown at right) to the sound pressure for the same source in the absence of the
sphere, The radius of the sphere is 9 cm, approximating an adult human head. Sound pressure is
measured on the axis through the center of the sphere and the source.
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3.7 RADIATION OF SOUND FROM THE VOCAL TRACT
3.7.1 Radiation from the Mouth Opening

The principal opening from which sound is radiated during speech produc-
tion is the mouth opening. Estimates of the sound pressure at a distance from
the lips can be made by approximating the mouth opening by a small piston
in a sphere. The radius of the sphere, representing the head, is about 9 cm for
an adult, and the area of the piston depends, of course, on the size of the
mouth opening, which is usually smaller than 4 cm?. At low frequencies, for
which the circumference of the sphere is smaller than, say, half of a wave-
length (i.e., less than about 300 Hz), the radiation from the mouth opening is
approximately the same as that from a simple source. If the volume velocity
of the piston is U, the sound pressure p, at a distance r from the piston in
this low-frequency range is given by
= jopU, =ikt

dmr ’
as we have seen before in equation (3.2), where k = w/c and @ = 2xf. In this
low-frequency range, p, is independent of angle, and is dependent only on

(3.71)

‘the distance . In our calculations of the radiated sound pressure for various

resonator configurations and sources up to this point, we have assumed that
t'ﬁc ladlauun LhﬁfaLTeﬁSlilL 'ﬁa:s tl‘ua fuﬁi‘l. T"na% ia, we have assumed (hdl’
pr/U, is proportional to .

At higher frequencies, the radiated sound pressure deviates somewhat
from equation (3.71), and is dependent on the angle from the midline of the
piston. The difference between the actual sound pressure on the midline and
the sound pressure calculated on the assumption of a nondirectional simple
source is shown as a function of frequency in figure 3.52. For these calcula-
tions the source on the sphere is assumed to be a point source (Morse, 1948).

Above about 300 Hz, this function increases gradually to about 5 dB at

2 kHz and remains annrrnﬂmal-p]v fixed for hlahpr Frmupnmm T\mmal n]nl-e

of the sound pressure level vs. angle from the n'udhne for two frequencnes in
this range are shown in figure 3.53. Measurements of this type for a more

Basic Acoustics of Vocal Tract Resonators
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Figure 3.53 Sound pressure level at a distance from a point source in a sphere (radius 9 cm) as
a function of angle from the midline, relative to level from a nondirectional source with the same
strength. Calculations are given for two different frequencies.

realistic model of the human head and body show similar trends, but with
some differences in the detailed shapes of the curves (Flanagan. 1972).
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from the nose during the production of sounds for which the velopharyngeal
port is open. The nostrils are sufficiently close to the mouth opening that
radiation from the combination of nose and mouth can be approximated
by radiation from a source for which the volume velocity is the sum of the
volume velocities at the mouth opening and at the nostrils.

3.7.2 diation from the Walis of the Vocal Tract

In section 3.4 we observed that the vocal tract walls cannot be considered to
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be hard surfaces, particularly at low frequencies, and that the impedance of
the walls can influence the acoustic behavior of the vocal tract. Another con-
sequence of the yielding walls is that sound is transmitted through the tissue
and is radiated from the outer surfaces of the head and neck.

Above about 100 Hz, the impedance of the walls can be represented by an
acoustic mass in series with a resistance, as discussed earlier in section 3.4.

Wh tricted eoresented
Vhen the vocal tract is somewhat constricted, so that it can be represented

as a Helmholtz resonator at low frequencies (up to and including the fre-
quency of the first formant), the equivalent circuit of the system with a glot-
tal source can be represented as in figure 3.54. The volume velocity U, is
responsible for radiation from the mouth opening, and U, represents the
volume velocity of the surfaces of the vocal tract. Presumably some fraction
of LI, gives rise to a volume velocity LI, on the outer surfaces of the head
and neck, as a consequence of transmission through the tissue. It is estimated
that U, = U,/3, based in part on measurement of the amplitude of the
sound during a voiced stop consonant for which all of the sound output
comes from U,. In effect, we assume that the bony structures that parhally
surround the vocal tract block the transmission of vibrations to the outer
surfaces of the head and neck. The relative contributions of U,, and U, to
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Figure 3.54 (a) Helmholtz resonator approximating vocal tract shape when there is a con-
striction in the anterior part of the tract. (b) Low-frequency equivalent circuit for resonator in (a),
showing the two volume velocities U,, and U,.
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Figure 3.55 Solid line shows ratio of volume velocity L, of vocal tract walls to total volume

velocity U + U, {in figure 3.54b), in decibels, as the natural frequency F1 of the resonator is

changed by manipulating the size of the constriction (i.e, by decreasing M, in figure 3.54b).
Dashed line is estimate of ratio of volume velocity LI, of the outer walls of the face and neck to
total volume velocity Uy, + U, in decibels, assuming U, = (1/3)U,.

the radiated sound pressure depend on the magnitude of M, (the acoustic

mass of the constriction) in relation to M,, (the effective acoustic mass of the
vocal tract wa“c\ (The rasistances R, and R, are assumed to be small com-

pared with the lmpedanoes of the acoustic masses.)

As we have seen in section 3.4, when M, is infinite (i.e, when there is
complete closure of the vocal tract), the natural frequency F1 of the combi-
nation of M,, and C, is about 190 Hz for an adult. For this condition, if the
vocal folds continue to vibrate and glottal pulses continue to be generated,
all of the radiated sound is a consequence of LI, that is, the sound is radiated
from the surfaces of the head and neck. As the area of the mouth opening is
increased, the natural frequency F1 of the system increases, the contribution
of U,, to the radiated sound pressure increases, and the contribution of U,
decreases. The difference between the total output and the contribution from
U, (in decibels) increases at about 12 dB per doubling of the frequency F1
above 190 Hz. This difference is plotted in figure 3.55. Thus, for example,

Basic Acoustics of Vocal Tract Resonators



when FI = 300 Hz, the value of LI, is about 8 dB below the total volume
flow U, + Uy, and, if we assume U, = UI,,/3, then the contribution of neck
radiation is about 18 dB below the contribution from U,,. We assume that
the shape of the glottal pulses does not change with constriction size. If
there is a change in the glottal pulse as the constriction size decreases, as
indicated in section 2.1.7, then there will be a further change in the amph-
tude of the spectrum envelope as the formant frequency decreases.

In any event, figure 3.55 shows that when F1 is below about 300 Hz, the
sound radiated from the head and neck surfaces can make a significant con-
tribution to the overall sound pressure at a distance from the mouth opening.
The relative contribution of the sound radiated from the neck will be smaller
if the sound pressure is observed close to the lips, such that the distance to
the observation point from the lips is significantly less than the distance from
the neck surfaces immediately above the larynx.

Chapter 3
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Auditory Processing of Speechlike Sounds

The processing of speech by a listener requires that the speech signal
be interpreted in terms of a discrete linguistic representation consisting of
sequences of words. As a first step in this processing, the speech waveform
passes into the ear, where it is transformed first into mechanical movements
of structures within the ear and then into elecirical activity in the auditory
nerve and in structures that are higher in the central nervous system. The
manner in which speech or speechlike sounds are processed can be examined
through physiological studies of neural signals at various levels in the audi-
tory system, usually with animals, and through psychoacoustic studies of the
responses of human listeners to sounds with speechlike properties.

In this chapter we review some findings in auditory physiology and psy-
choacoustics that have some relevance to the interpretation of the acoustic
attributes of speech sounds. A discussion of the perception of vowel sounds,

including potential auditory bases for vowel classification, is given in chapter 6.

4.1 AUDITORY PHYSIOLOGY
4.1.1 External and Middle Ear

Sound reaching .a listener enters the ear canal and impinges on the eardrum,
which forms the inner termination of the ear canal. A sketch of the ear canal
and of the middle ear structures is given in figure 4.1. The length of the ear
canal for an adult of average size is about 2.5 cm, and its diameter at the
outer end is about 0.7 cm, with a cross-sectional area of 0.4 cm?. The cross-
sectional area becomes smaller toward the inner end, and the tympanic
membrane at the inner end is oriented at a small angle relative to the midline,
leading to a tapered termination over a length of about 0.8 cm.

The transfer function relating the sound pressure at the tympanic mem-
brane to the free-field sound pressure that would exist at the head location is
shown in Ficmrp 4.2 for several different angles of arrival of the sound (Shaw,

1974). The transfer function is clos; t-ou;xl'y -((') ;lB)—a—lt lo_w- freq-u;;;e.s- where
the wavelength is large compared with the head size and the length of the

ear canal. The head influences the transfer function at frequencies above about



Outer Ear

Middie Ear

Figure 4.1 Sketch of the outer, middle, and inner ear. (From Berlin, 1994.)
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Figure 4.2 Ratio of the sound pressure at the tympanic membrane to the sound pressure that
would exist (in the absence of the subject) at the point located at the center of the head, as a
function of frequency for several values of azimuth of the source in the horizontal plane. Zero
degrees azimuth is straight ahead, and 90 degrees azimuth is in line with the ears. (From Shaw
1974)

500 Hz, and the detailed shape of the pinna has an effect at frequencies
above about 4000 Hz. The first peak in the transfer function is at about 3000
Hz, representing the lowest resonance of the ear canal. The response at the
peak is 15 to 20 dB greater than the response at low frequencies. The band-
width of this peak is determined primarily by energy loss in the resistive
component of the impedance of the tympanic membrane. There are addi-
tional peaks and valleys in the response at higher frequencies.

The sound pressure at the tympanic membrane provides the driving force
that causes displacement of the membrane and, consequently, displacement
of the malleus, which is the middle ear bone or ossicle that is attached to the
tympanic membrane. The positions of the malleus and the other ossicles are
shown in figure 4.1. The displacement of the malleus is transmitted through
two additional small middle ear bones, the incus and the stapes, to provide
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Figure 4.3 Transferlfunchon of the middle ear, expressed as the ratio of the volume velocity
ak

at the stapes to the sound pressure at the tympanic membrane. (Data from Kringleboin and

Gundersen, 1985.)

mechanical excitation of the fluids within the inner ear. The transfer function
relating the volume velocity L at the stapes to the sound pressure pr at the
tympanic membrane is displayed in figure 4.3. This transfer function has
a broad peak at about 1 kHz (Kringlebotn and Gundersen, 1985). At 1 kHz,
the volume velocity at the stapes for a sound pressure of I dyne/cm? at the
tympanic membrane is about.4 x 10™° cm®/s, which corresponds to a dis-

?Inrmanl- amnlitude of ahout 2 1n_7 mm
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The middle ear structures contain small muscles which, when contracted,
can modify the transfer function of the middle ear. There is a reflex mecha-
nism whereby these muscles are contracted when the sound pressure at the
ear exceeds about 90 dB re 0.0002 dyne/cm?. The effect of this contraction
of the middle ear muscles is to decrease the magnitude of the transfer func-
tion by about 10 dB over the frequency range below about 1 kHz when the

sound pressure level (SPL) is about 110 dB re 0.0002 dyne/cm? (Rabinowitz,

1977). This reflex mechanism helps to protect the inner ear against the
effects of high-intensity sound. When a listener is exposed to the speech of
other talkers, the SPL is usually less than the level that brings into play the
middle ear muscles. However, the level of one’s own speech at the ear is
often high enough to trigger this middle ear reflex.

4.1.2 Cochlear Mechanics

As shown in figure 4.1, the endplate of the stapes is coupled to the cochlea,
which is a hqmd-ﬁl]ed channel w1th a length of about 35 mm and an effective
diameter in the range of 1.3 to 2.2 mm. The cochlear channel takes the form

of a spiral, with about two and one-half turns. The representation of the

Auditory Processing of Speechlike Sounds
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Figure 4.4 Schematic representation of the ear in a longitudinal section, with the cochlea
“unrolled” to form a straight channel. OW, oval window; RW, round window; BM, basilar

Figure 4.5 Section through the cochlear duct showing structures that form the cochlear parti-
tion, SV, scala vestibuli; ST, scala tympani; BM, basilar membrane; CC, cochlear channel (scala
media); TM, tectorial membrane; RM, Reissner's membrane; OC, organ of Corti; SG, spiral gan-
glion. (Adapted from Davis, 1951.)

cochlea as a liquid-filled channel divided by a partition is shown schemati-
cally in figure 4.4, in which the cochlea is “unrolled” into a straight channel.
The cochlea is divided into two main parts along its length by a flexible par-
tition. The stapes is coupled to the end of one of these chambers (the scala
vestibuli) through an opening called the oval window, and adjacent to this
opening, at the end of the other chamber (the scala tympani), is an opening
covered by a flexible membrane, called the round window. The round and
oval windows are located at the base of the spiral, and there is a small open-
ing between the two scalae at the apex of the spiral.

The partition that divides the cochlear channel, shown in figure 4.5, con-
sists of two membranes: the basilar membrane on which an array of sensory

cells is located, and Reissner's membrane, which is thinner and more delicate
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Figure 4.6 Schematic diagrams showing the dimensions of the basilar membrane (top) and of
the scalae of the human cochlea (bottom). (Adapted from Fletcher, 1953, by Yost and Nielson,
1977)

than the basilar membrane. These two membranes form a triangularly shaped
liquid-filled enclosed space, called the scala media, and the sensory cells on
the basilar membrane lie within this space. The physical properties of the
basilar membrane vary with position along its length. A thin spiral plate of
bone projects into the cochlear channel, and forms a portion of the partition
dividing the channel. Some of the relevant dimensions of the scala, the basilar
membrane, and the spiral plate are given in figure 4.6. The basilar membrane
is wider and more compliant at its apical end, and is narrower and stiffer at
the basal end.

When the cochlea is driven with a sinusoidal displacement at the oval

-window, the basilar membrane oscillates normal to its length, and the ampli-

tude of these oscillations is greatest over one region along the length.
Changing the frequency of the input signal changes the point on the basilar
membrane at which the amplitude of motion is a maximum. For high fre-
quencies, the point of maximum amplitude is near the base, and for low fre-
quencies it is nearer to the apex. Examples of measurements of the amplitude
of vibration as a function of position along the basilar membrane near the
apical end for several different frequencies are given in figure 4.7. This figure
shows that, for a given input frequency, there is some motion of the parti-
tion in the region between the base and the place where there is a peak in
response, whereas the amplitude drops rapidly to essentially zero a short
distance beyond the point of maximum excitation. Thus if one examines the
amplitude of motion of the basilar membrane at a particular point as the
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rapid drop in response above this frequency, and a more gradual decrease
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Figure 4.7 Relative amplitude of vibration along the cochlear partition for several frequencies
of a sinusoidal stimulus (in hertz), as shown. (From von Békésy and Rosenblith, 1951)
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Figure 4.8 TFrequency response for the amplitude measured at six places along the basilar
membrane. The distance from the stapes is indicated on each frequency-response curve, and the
amplitudes are normalized to have unity value at the peak. (From von Békésy and Rosenblith,
1951.)

in response for frequencies below the frequency at which the response is a
maximum. Examples of the frequency response measured in this way are
given in figure 4.8,

While the response patterns shown in figures 4.7 and 4.8 illustrate the
gross patterns of basilar membrane motion as a function of frequency, more
detailed studies of cochlear mechanics have demonstrated the presence of
nonlinearities in the responses. Apparently some of the sensory cells on the
cochlear partition change their mechanical properties with increased level of
stimulation, and these changes are believed to cause a compression in the
mechanical response at frequencies near resonance (Allen and Neely, 1992).

When a brief transient excitation is applied at the oval window, there is a
time delay before the displacement of the basilar membrane at a particular
point along its length occurs, depending on the distance along the cochlea.
The maximum time delay, for a point close to the apical end, is about 3 ms.
For points near the base, corresponding to high-frequency components of

the clgnal above, say, 1000 Hz, the Aalgm is less than 1.0 ms.

The mechanism whereby motion of the stapes at a given frequency is
transferred into motion of a localized region of the basilar membrane is dis-
cussed in detail in a number of publications (von Békésy, 1960; Peterson and
Bogert, 1950; Zwislocki, 1950). A few general comments will be made here,
however, to indicate the main features of this mechanical process. In the fre-
quency range of interest for hearing, the fluid in the cochlea can be con-

accibkle wave mabian o the O 1
sidered to be incompressible. That is, wave motion in the fluid does not play

a role in the mechanical process. As described above, the mechanical proper-
ties of the basilar membrane vary with position along its length. An element
of length of the basilar membrane can be characterized by a stiffness, mass,
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Figure 4.9 Equivalent circuit of an n-section transmission-line model of the cochlear partition.
Some of the components of the model are nonlinear. The final section at the apex is at the right.
(From Furst and Goldstein, 1982.)

and resistance, and an element of the cochlear fluid can be modeled as a
mechanical mass. Thus the cochlea forms a nonuniform transmission line that
can be approximated by a series of lumped elements, as shown in figure 4.9
(Peterson and Bogert, 1950; Schroeder, 1973; Hall, 1974; Furst and Gold-
stein, 1982). The resistance, inductance, and capacitance elements that form
the parallel path are tuned to different frequencies, with the highest fre-
quency (corresponding to the smallest mass and smallest compliance) at the
basal end, and the lowest frequency (largest mass and compliance) at the api-

cal end. As the fioure shows, the resistance and compliance elements in the
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shunt branches are nonlinear.

For a given frequency at the input, one of the parallel paths will have a
resistive impedance, and this path will have a large current (corresponding to
a large velocity at this point along the basilar membrane). The parallel paths
to the right of this point all have resonant frequencies that are below the
driving frequency, and hence at this frequency they all have inductive impe-

Anmnne Thero fm Hhic wooine ~f bha ada a~bia
aances. 1nus In uuds region or wuie mudcl I.}‘ICJ.C 15 ant u.ldu\.uvc ladder net-

work, and a rapid decrease in amplitude with increasing distance along the
line. In effect, propagation to the right of the point of resonance is evanescent.
To the left of the point of resonance, the parallel paths can be approximated
by capacitances, C, with smaller values of C at the input end. Consequently
in this region for this frequency we have a nonuniform transmission line ter-
minated in a small resistance. The velocity of propagation of a disturbance
gradually decreases as one proceeds along the line. There will be a standing
wave on the line with a maximum velocity at the point of resonance and
a gradually decreasing velocity for points to the left of this maximum. As
the frequency of the input is mcreased or decreased, the point of resonance
moves to the left or to the right on the line.
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Figure 4.10 Relation between frequency and the point at which there is maximum response of
the basilar membrane for the human cochlea. The dots are based on measurements made by von
Békésy (1960) (solid dots) and on a study from which hearing loss and cochlear damage in
pathological ears were correlated (Zwislocki, 1965) (open dots). The solid line is the mathemati-
cally caleulated location of the vibration maximum, based on a cochlear model. The dashed line
represents a pitch scale derived from psychophysical methods. (From Zwislocki, 1981.)

The relation between the frequency and the point at which there is max-
imum response of the basilar membrane for the human cochlea is shown in
figure 4.10 (von Békeésy, 1960; Zwislocki, 1981). This function indicates a
roughly linear relation between frequency and position up to about 500 Hz,
and then a gradual transition to a logarithmic relation. The midpoint along
the cochlea corresponds to a frequency of about 1700 Hz.

This description gives a qualitative view of the behavior of the cochlea at
different frequencies, at least over a substantial part of the frequency range.
From this general description, one can conclude that when a sound impinges
on the ear, the spectrum of the sound is translated into a distribution of
amplitudes of motion along the basilar membrane.

When a narrow acoustic pulse or click is applied at the stapes, there is a
transient displacement of the basilar membrane at all points along its length.
As noted earlier, the initiation of this displacement is delayed by 2 to 3 ms

toward the apex of the cochlea At any one ?Od‘lt alun" I‘-he basilar mem-

brane, the response to the click is a damped osallahon with a frequency
about equal to the frequency of a sinusoid that gives maximum displacement
at that point. The time constant of the decay of the envelope of the oscil-
lation is roughly proportional to the reciprocal of the bandwidth of the fre-
quency response measured at this point, that is, the bandwidth of a response
function like that shown in figure 4.8. Since the bandwidth of the response

a ~emlalaa PR mmane L L
increases toward the basal end of the cochlea, the rate of decay of the re-

sponse of the basilar membrane is more rapid.
The higher-frequency basal end of the cochlea provides the fine time res-
olution (but broader frequency resolution) necessary for the analysis of cer-
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Figure 4.11 (a) The arrangement of inner and outer hair cells on the basilar membrane, and the
configuration of the tectorial membrane. (b) A schematic representation of a hair cell. (From
Hudspeth and Markin, 1994.)

tain consonants with rapidly time-varying properties. (These properties are
discussed in chapters 7 to 9.) On the other hand, the finer frequency resolu-
tion at the low-frequency apical end is appropriate for exh'acting relevant
acoustic properties for slowly varying signals such as vowels and glides, for
which fine time resolution is not necessary.

A series of sensory cells are located within the organ of Corti, which lies
on the surface of the basilar membrane within the scala media, as shown in
figure 4.5. These cells consist of three or four closely spaced rows of outer
hair cells and a nearby single row of inner hair cells. It is estimated that there
are about 12,000 outer hair cells and about 3500 inner hair cells, spaced more
or iess uniformiy along the iength of the basiiar membrane. The arrangement
of these cells on the basilar membrane is shown in figure 4.11a. The hair
colle ana nf 1A1k1f“\ is schematized in Fimn-a 4, 1'1l1 take the form of upfhr':\"v

WAl WALG AV Swilviiidtiowie

oriented cylinders about 5 A in dlameter and 20 to 50 A in length. A m.unber
of small hairs or stereocilia (about 100 per outer hair cell and about 50 per
inner hair cell) project out of the upper surface of each cylinder, the length of
each cilium being 2 to 6 A. A soft ribbon-like structure called the tectorial
membrane makes contact with the tallest row of cilia of the outer hair cells.
About 30,000 nerve fibers innervate the hair cells. The large majority of
these are sensory nerves or afferent fibers that carry information from the
sensory cells to the brain. Most of these fibers innervate the inner hair cells,
with an average of about eight fibers for each hair cell. Some afferent fibers

also innervate the outer hair cells, as shown in figure 4.11b.
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The hair cells are polarized with a voltage of about —70 mV in their rest
condition. Displacement of the basilar membrane causes deflection of the
cilia on the hair cells through contact with the tectorial membrane, One
direction of deflection causes a depolarization of the cells, whereas the other
direction causes an increase in polarization. Depolarization of a hair cell
favors the generation of a voltage spike on the nerve fiber that mnervates
the hair cell, whereas hyperpolarization inhibits the generation of a spike.
Thus when there is mechanical displacement of some portion of the basilar
membrane, there is an increased firing rate of the neurons that innervate the
hair cells located in that region. The nerve fibers tend to fire at times when
the basilar membrane is displaced in one direction.

There is a much smaller number of efferent fibers that carry information
from higher levels of the auditory system primarily to the outer hair cells.
The function of these efferent fibers is to inhibit auditory nerve responses
over a wide range of sound levels. The role of efferent fibers in shaping the
pattern of auditory nerve responses to complex stimuli is not yet well
understood, but it is thought that they give rise to mechanical amplification
and to sharpening of the frequency resolution (Hudspeth and Markin, 1994;
see also Guinan, 1988). The existence of this sharpening process suggests
that certain details in the response curves of the kind shown in figures 4.7
and 4.8 should be revised.

The connections in the auditory pathways above the level of the auditory
nerve are displayed schematically in figure 4.12. As the figure shows, the
signals in the auditory nerve undergo a complex series of processing steps
via the cochlear nucleus, which has several components the components of
the superior olivary complex; the inferior colliculus; the medial geniculate
body; and the cortex. Efferent pathways are not shown in this figure.

4.1.3 Basic Auditory Nerve Responses

The responses of an individual fiber of the auditory nerve to various kinds of
acoustic stimulation can be described in terms of the discharge rate and the
temporal pattern of discharges on the fiber in relation to the characteristics
of the stimulus. The response of a particular fiber is stochastic in the sense

that the naH-prn of r‘]lcﬁl\arabe is related in 2 "“'Gbi‘-b.lm'du fashion to the char-

actenshcs of the stimulus. When there is no acoustic stimulation, most fibers
exhibit a spontaneous response, and different fibers may have different spon-
taneous rates. These spontaneous rates vary from 0 to more than 100 spikes
per second for different fibers, although for most fibers the rates are in the
narrower range of 40 to 80 spikes per second (Liberman, 1978). The distri-
bution of the time intervals between spikes for the sponta'neous activity in a
typical auditory nerve fiber is approximately a Poisson distribution, except
that there is a minimum interspike interval, indicating that after a nerve fiber

fires there is a refractory period in which another firing cannot occur.
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Figure 4.12 A schematic diagram of the bilateral central ascending afferent auditory path-
ways. (From Yost and Nielson, 1977, based on a similar diagram by Lindsay and Norman, 1972.)

213 Auditory Processing of Speechlike Sounds



214

on Conden
mﬂarehﬂl sation

f s

% 4 8o 4 8
msac msec

LMY PIESCLULGLALLE L WIT LULA, Gl aLLULLILUALULLE, LIICIT UVULUITEIILES UL EEUl O a IWUnper o1 ame
bins. Data are given for two polarities of the click, and show the shift in the time of the re-
sponse. The characteristic frequency of the fiber is 1.65 kHz. (From Kiang et al,, 1965.)

When an acoustic impulse or click is applied at the ear, we have seen that
the displacement of the basilar membrane at a particular point has the form
of a damped sinusoid. We have also observed that the depolarization of the
hair cell that favors the initiation of a spike occurs for only one direction of
the displacement of the basilar membrane. A consequence of this property is
that, following presentation of a click, there are some time intervals when
generation of a spike is enhanced and other time intervals when it is inhibited.
The poststimulus time (PST) histograms in figure 4.13 illustrate this pattern of
response. This display is obtained by presenting the click many times, and,
for each repetition, measuring the time from the click onset to the spikes that
occur subsequent to the click. These times are quantized into narrow inter-
vals or bins, and the number of spikes occurring in each of these bins after a
large number of repetitions of the click is accumulated. The ordinate in figure
4.13 gives this number and the abscissa is the time following presentation of
the click.

The figure shows that the spikes tend to concentrate in particular time
intervals following the click, and tend to be sparse in the intermediate times.
The time interval between peaks in the histogram for a given auditory nerve
fiber corresponds to the resonant frequency of the point on the basilar mem-
brane where the hair cells are innervated by that nerve fiber. If the click is
reversed in polarity, the spikes now concentrate in the regions that were
sparse for the opposite polarity, as shown in figure 4.13. If recordings are
obtained from another fiber, a different periodicity is obtained in the PST his-
togram, but otherwise the pattern of response is similar. This is the expected
behavior, and supports the concepts that different points along the basilar
membrane are tuned to different frequencies and that the generation of spikes
is facilitated for one direction of motion of the hair cell and inhibited for the
other.

When a pure tone is applied at the stapes, there is an increase in the dis-
charge rate for fibers that have connections to regions of the cochlear parti-
tion that respond maximally to this frequency. For a given fiber, there is a
frequency for which there is a maximum in the discharge rate. A “tuning
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Figure 4.14 Tuning curves for three auditory nerve fibers with different characteristic
frequencies. The level of the stimulus needed to reach the threshold of the unit is plotted as a
function of the frequency of the stimulus. (After Kiang and Moxon, 1972.)

curve” can be specified, giving, for each frequency of a sinusoidal stimulus,
the amplitude of the stimulus that gives rise to a given increase in response
rate over the spontaneous rate. Examples of tuning curves for auditory nerve
fibers in a cat are shown in figure 4.14. Associated with each fiber there is a
characteristic frequency which is the frequency to which the fiber is most sen-
sitive, that is, the frequency with the lowest threshold on the tuning curve.
The tuning curves have sharply increasing slopes at frequencies above the
characteristic frequencies, particularly for the higher-frequency fibers. For
low frequencies, the widths of the tuning curves (on a logarithmic frequency
scale) are considerably greater than at high frequencies. The low-frequency
sides of the tuning curves for higher characteristic frequencies have “tails,”
indicating that a fiber with a given characteristic frequency responds to
sinusoids with lower frequencies if the levels of these tones are sufficiently
high (Kiang and Moxon, 1974).

On a linear frequency scale, the widths of the tuning curves are relatively

narrow at low frequencies, and become increasingly greater at high fre-
quencies. This change in frequency resolution with increasing frequency is
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similar to the changes observed in the mechanical response of the basilar
membrane.

The region above the tuning curve for a particular fiber is the response
region for that fiber, that is, for stimuli with amplitudes and frequencies in
this region, the firing rate of the auditory nerve fiber is above the sponta-
neous rate. When a second tone is presented simultaneously with the first
(primary) tone, there can be an interaction such that the presence of the
second tone inhibits the response to the primary tone (Sachs and Kiang,
1968). The frequency and amplitude of the second tone that causes this
inhibition in a region is generally outside the V-shaped response region for
the fiber. That is, the second tone is in a region that would not produce a
response of the fiber if it were presented alone. This two-tone inhibition
phenomenon shows that caution should be used in inferring the response of
an auditory nerve fiber to a complex stimulus based on examination of the
responses to single tones.

If the average discharge rate is measured for a pure tone stimulus at l'he
characteristic frequency (CF) as the amplitude of the stimulus is increased,
rate level curves of the type shown in figure 4.15 are obtained. These func-
tions indicate that saturation occurs when the level is about 30 to 40 dB
above the threshold for the fiber. For some fibers, saturation is not complete,
and the rate level curve has a knee where the curve continues to rise but at a
decreased slope (Sachs and Abbas, 1974). As the figure shows, fibers with
different spontaneous rates (i.e., the rates for low stimulus levels) respond
over different ranges of levels from threshold to saturation.

The data in figure 4.15 represent the average response rates for steady-
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curve. The curves illustrate a variety of shapes, spontaneous rates, and stimulus ranges. (From
Sachs and Abbas, 1974
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the response rate above this average rate for a time interval immediately fol-
lowing the onset of the stimulus. When the stimulus is turned off abruptly,
there is a decrease in the spontaneous rate immediately following cessation
of the stimulus. This response pattern is illustrated in figure 4.16. This figure
is a PST histogram for a particular fiber at its characteristic frequency, where
the stimulus time is deﬁned as the onset of the stimulus. The response rate
immediately following stimulus onset is much greater than the steady re-
sponse, and this onset effect is greater for higher levels of the stimulus.
There is an immediate rapid adaptation within approximately the first 5 ms,
followed by a continuing slower adaptation with a time constant of about
40 ms. Data for longer stimuli show that there continues to be a small
amount of adaptation even beyond 100 ms after stimulus onset. Rate level
functions measured in the few milliseconds following stimulus onset show
a much greater dynamic range than do those observed for the steady-state
response.

Figure 4.16 shows that there is a time interval of several tens of milli-
seconls after stimulus offset before the spontaneous rate returns to its aver-
age long-term rate in the absence of stimulation. Other experiments have
shown that the response of auditory nerve fibers to a brief tone can be influ-
enced by a preceding stimulus. An example is given in figure 4.17. An adapt-
ing tone of 200-ms duration is followed after 60 ms by a brief test tone with
a duration of 20 ms. A PST histogram is obtamed from responses to an audi-
tory nerve for different intensities of the adapting tone. As the intensity of the
adapting tone increases, the response to the test tone decreases significantly.

256
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Figure 4.16 Response pattern of an auditory nerve unit to bursts of noise, for two levels of
the stimulus, labeled as —60 and —40 dB. The burst duration is 50 ms, and the responses are
displayed as poststimulus time histograms. Zero time of each histogram is 2.5 ms before the

onset of the electrical input to the earmhane, The snontansous rate for the unit is about 50 on
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the vertical scale. (From Kiang et al,, 1965.)
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Figure 4.17 Poststimulus time histograms for an auditory nerve fiber in response to a test
tone (TT) of duration 20 ms preceded by an adapting tone (AT) of duration 200 ms, with an
interval between tones of 60 ms. The timing of AT and TT is shown at the bottom. The differ-
ent panels show data for different levels of the adapting tone, with the test tone fixed at 27 dB
SPL. (From Delgutte, 1980)

When the response to a pure tone is above threshold, the individual spikes
in the response are distributed in a way that shows a preference for firing
at jparticular points in time in relation to individual cycles of the stimulus
(Johnson, 1980). This synchrony can be represented by an interspike interval
histogram which displays the probability that a particular interval occurs
between responses of a fiber, as a function of the time interval. This syn-
chrony with the period of the stimulus can be observed for low-frequency
periodicities, but at higher stimulus frequencies, above about 3 kHz, there is
a greatly reduced tendency for synchrony. When the stimulus is reversed in
sign, the firings tend to occur at times that are displaced by half a period of
the tone. This pattern of response is further evidence that nerve fibers tend
to fire when the cochlear partition is displaced in one direction.

4.1.4 Auditory Nerve Responses to Speechlike Stimuli

We have reviewed some aspects of the pattern of responses of auditory
nerve fibers to simple stimuli such as clicks and pure tones. These aspects
include frequency selectivity, adaptation, dynamic range, and phase locking.
These attributes can also be observed in the responses of auditory nerve
fibers to more complex stimuli that have some of the characteristics of vowel
and consonant sounds in speech.

The patterns of responses of auditory nerve fibers in cats to stimuli con-
sisting of steady-state vowels have been examined by several investigators
(Sachs and Young, 1979, 1980; Young and Sachs, 1979; Delgutte, 1980,
1984ab; Delgutte and Kiang, 1984a). In a typical set of experiments, mea-
surements of firing rate are obtained from a number of different fibers of the
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Figure 4.18 Ilustrating the pattern of responses of auditory nerve fibers in cats to a steady-
state vowel /e/ presented at five different levels, as shown. The abscissa is the CF of the fiber.

The ordinate is the rate of firing, normalized to the maximum rate for the fiber. Each curve is
obtained by smoothing the data across fibers with different CFs. The arrows show the positions
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of the formant fr frequendies for the vowel. (From Sachs and Young, 1579.)

same animal when the stimulus is a steady-state vowel. For each fiber that is
examined, the CF, the saturation rate, and the spontaneous rate are also
measured. At relatively low levels of presentation for the vowel, fibers with
CF near the first and second formant frequencies show greater response rates
than other fibers. At higher SPL, however, there is saturation in the firing
rate, and the formant pattern is less discernible in the firing rates of fibers
with different CFs. An example of the results is shown in figure 4.18. The
ordinate in this plot is a normalized firing rate, equal to the measured firing
rate for the fiber expressed as a fraction of the range of firing rates (satu-
ration rate minus spontaneous rate) for that fiber when tested with a sinus-
oidal stimulus at its CF. As the figure shows, there are peaks in the pattern
when the CF is close to F1 and F2 (and sometimes F3) for low levels of the
vowel stimulus, as indicated by the arrows. At higher levels, however, the
formants no longer are evident as peaks in the pattern of responses.
Examination of the fine time patterns of discharge of the auditory nerve
fibers reveals further detail about the spectral characteristics of vowel stimuli

Nnnng and Qar'l'\c 1979; Sache and Vnqu 1020. Dalaitis and Kianoe 10844)

1980; Delgutte and Kiang, 1984a).
Processing of the dlscharge patterns for a given auditory nerve fiber begins
with the PST histogram of the response to a series of presentations of the
vowel. This histogram shows a periodicity corresponding to the funda-
mental period of the vowel. Period histograms are then computed by adding
together a series of periods of the PST histograms. The fine details of the
period histograms reveal that some auditory nerve fibers tend to show syn-

PR AU sy Npipiy ERSIUVLY | R N RPN JUNI JRSRpIY iy [NURPIUK P i SV RN (PR 1 = e

Circny iy Ofuy wiun i€ ruiniqaimental peiioa but aiso Wlt[l t[lc pcuc‘)us or Fi
and F2. These details of the periodicities of firings become evident in the
Fourier transform of the period histogram.
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Figure 4.19 Harmonic spectra of period histograms illustrating how the auditory nerve fiber
responses to vowels can show synchronization to the fundamental frequency and to the different
formant frequencies for the vowel /x/, as well as to the CF for the fiber. Data for nerve fibers
with four different CFs are given. The frequencies FI and F2 are marked above the harmonic
spectra, and the arrows below these specira indicate the CFs for the fibers. See text. (Adapted
from Delgutte and Kiang, 1984a.)

Some examples, taken from Delgutte and Kiang (1984a), are given in
figure 4.19. These are Fourier transforms of period histograms obtained
from fibers with several different characteristic frequencies and for the two-
formant steady-state vowel /fe/. The relative amplitude of a particular fre-
quency component of this Fourier transform is a measure of the degree to
which the ﬁrings of the auditory nerve fiber show synchrony with that

P | [ I, PR g -
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F2 of the vowels are indicated on the spectra. These transforms all have a
fundamental frequency of 125 Hz, corresponding to the period of the vowel.
Delgutte and Kiang pointed out several features of these spectra depending
on the frequencies of the vowel formants and the characteristic frequencies
of the fibers. For example, in figure 4.19 synchrony with F1 is evident for the
vowel /&/ for the fiber with a CF of 0.65 kHz. These and other data show
that when the CF for a fiber is in the general vicinity of F1, synchrony with

F1 occurs in the fiber. A similar statement can be made for F2: figure 4.19
shows etmrlnrnnv with F2 for /m/ at 1.8 kHz On the other hand, the low-

frequency (0.23 kHz) fiber shows synchrony with its own CF (as shown by
the arrow at the bottom of each panel). For high CFs (3.1 kHz in this case),
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Figure 4.20 Schematic diagram showing five CF regions in which different synchronized re-
sponse patterns of auditory nerve fibers are observed for vowels. The dashed lines show the
positions of FO, F1, and F2 on the frequency axis, as well as the line F =CF. For purposes of
exposition, the extents of different CF regions are greatly exaggerated, and not all regions are
observed for any one vowel. (From Delgutte and Kiang, 1984a.)

synchrony with FO, F1, and F2 can be observed. In some cases, synchrony is
observed with components that are products of nonlinearity, such as 2F1 or
F2 - F1. A similar general pattern of synchrony responses is observed over
a range of stimulus amplitudes, in contrast to the response patterns based
simply on average response rates.

Delgutte and Kiang summarize the synchronization responses with the
schematic diagram in figure 4.20. This diagram shows the five CF regions
that might exist for a hypothetical vowel with F1 = 600 Hz and F2 = 2000
Hz. In the low CF region, there is synchrony with F0 and some evidence for
synchrony with CF. Synchrony with F1 and F2 occurs in the regions labeled
as such. For CF between F1 and F2, there is synchrony with CF and Fo.
When the CF is in the high region, there is synchrony with F0, F1, and F2.
Depending on the values of F1 and F2, some of these regions may be miss-
ing from the response pattern. As will be shown in chapter 6, these patterns
of response provide some evidence for organizing vowels into different
classes.

When the auditory input has a broadband spectrum with no major spec-
tral prominences, it is expected that the dominant component of the PST
histogram for each auditory nerve fiber response will be at the characteristic
frequency for that fiber. That is, there is no spectral component of the PST

histogram that is dominated by a peak in the spectrum of the stimulus. If
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the stimulus has only a broad spectral prominence at sufficiently high fre-
quencies, above 3 to 4 kHz, there is again no dominant speciral component in
the PST histogram, since there is greatly reduced synchrony of firing at these
high frequencies. For this type of stimulus, then, different spectral shapes are
represented by the pattern of average firing rates across fibers with different
charactenshc frequencxes (Delgutte and Kiang, 1984b).

Figures 4.16 and 4.17 show that the pattern of response of auditory nerve
fibers at a given time to an acoustic stimulus depends not only on the char-
acteristics of the stimulus at that time but also on the context in which the
stimulus occurs. During speech production, a particular acoustic pattern such
as that corresponding to a vowel can be preceded by a variety of different
patterns corresponding to different consonants. For example, the acoustic
pattern following the initial burst in the syllable /da/ is similar to the acous-
tic pattern following the consonant release in syllables like /na/ and /3a/, and
in a two-syllable utterance like /ada/.

Responses of auditory nerve fibers in cats to synthetic speechlike stimuli
of this kind have been reported by Delgutte and Kiang (1984c). The stimuli
were synthesized in such a way that the properties of the vowel and of the
transitions of the formants after the consonant release were the same in all
stimuli. Results showing the mean discharge rate during the time interval in
which the formant transitions occurred are given in figure 4.21. Each point
represents the discharge rate for one auditory nerve fiber, with the charac-
teristic frequency of the fiber given on the abscissa. It is evident that the
context that precedes the test interval has a significant influence on the re-
sponse. For example, when the nasal consonant /n/ precedes the vowel, the
responses of 10w-rrequency fibers are uepressea, because of aaaptanon Dy
the low-frequency energy in this consonant. On the other hand, the con-
sonant /§/ causes a decrease in responses of high-frequency fibers. When the
responses of the fibers are analyzed in terms of synchronized response com-
ponents (in a manner similar to that displayed in figure 4.19), the response
pattern in the transition interval is not greatly affected by the preceding
context.

Sinex and McDonald (1988) measured the discharge rate in chinchilla
auditory nerve fibers in response to synthetic consonant-vowel stimuli con-

Palnlng el-nn consonants with Al#m-nnl- voice-onset Hmes (s'dfh as Igﬁ / and

/ka/). Thelr data showed that the patterns of average discharge rates for
fibers with low CF were generally different depending on whether the voice-
onset times were greater or less than 20 ms. For longer voice-onset times,
there was an increase in average discharge rate at the onset of glottal vibration
(as well as at consonant release), whereas for voice-onset times less than 20
ms changes in discharge rate were independent of voice-onset time.

The responses of auditory nerve fibers to consonant-vowel syllables were
examined further in a series of studies carried out by Geisler and his colleagues

(Carney and Geisler, 1986; Deng and Geisler, 1987; Silkes and Geisler, 1991;

Chapter 4



e ] %

T rrrT———r—rrrrm [—T—rrrrTT—r—rrrrm
41 I 0 ol I 0
CHARACTERISTIC FREQUENCY (kHz)

Figure 4.21 Mean discharge rate during the time interval in which formant transitions occur-
red in several consonant-vowel syllables (preceded in one case by an initial vowel), as indicated.
The stimulus level is 75 dB SPL. The abscissa is the CF of the fiber, and each circle represents the
average discharge rate for one fiber. The continuous lines represent band averages of the data.
(From Delgutte and Kiang, 1984c)

Geisler and Silkes, 1991). These investigators looked at differences in the re-
sponse patterns of fibers with relatively high and relatively low spontaneous
firing rates, and they observed the effects of noise on these patterns. The
responses of the fibers were displayed as PST histograms and as Fourier
transforms of PST histograms. In general, they observed robust synchrony
" of high-CF fibers to transitions in FI and F2, particularly for fibers with high
spontaneous rates. Fibers with low spontaneous rates appeared to preserve
synchrony with formants more robustly when the syllables were mixed with
noise (Silkes and Geisler, 1991). These fibers also showed strong synchroni-
zation with the fundamental period (Geisler and Silkes, 1991). These and
other data suggest that both the high and the low spontaneous rate fibers
have a role to play in the auditory representation of speech syllables
depending on the noise conditions.

These few examples of auditory nerve responses to speechlike stimuli
indicate that some acoustic attributes that help to signal a phonetic dis-
tinction are preserved and may be enhanced in the activity of auditory nerve
fibers. However, special processing of the firings from groups of fibers are
undoubtedly necessary at higher levels in the auditory pathways in order to
extract the required distinctive properties.

Auditory Processing of Speechlike Sounds



4.2 BASIC AUDITORY PSYCHOPHYSICS

The study of audition through psychophysical methods has a long history,

and a number of reviews of the field have been written (for example, Yost
and Nielson, 1977; Green, 1976). We shall present here just a few of the
results that are most directly related to an understanding of speech percep-
tion. The methods of auditory psychophysics will not be discussed in detail.
We point out simply that there are standard experimental and analytical
techniques for determining whether a listener can perceive that two stimuli
are different, or, as a special case, can make a response that a stimulus is

present in a particular time interval.
4,.2,.1 Absolute Thresholds for Tones

The minimum sound pressure of a tone that can be detected by a listener
with normal hearing depends on the frequency of the tone. This absolute
threshold of hearing for tones as a function of frequency is shown in figure
4.22. For this particular threshold curve, called minimum audible field (MAF),
the ordinate is the sound pressure that would be measured at the position of
the listener’s head with the listener removed from the sound field, and with a
plane wave incident from a direction in front of the listener. The threshold
sound pressure increases as the frequency decreases below about 1 kHz. The
minimum in the curve between 3 and 4 kHz is a consequence of the lowest
resonance of the ear canal. The minimum is not as sharp as the resonance
curve for an individual ear canal (see figure 4.2) because the threshold curve
of figure 4.22 represents an average over a number of subjects, whose ear
canals presumably have slightly different lengths and hence slightly different
resonant frequencies. The threshold at very high frequencies rises very
sharply, and the frequency at which this sharp rise occurs decreases with
increasing age of the listener, on average. At 20 years of age, this cutoff fre-
quency (which we define arbitrarily as the frequency at which the threshold
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Figure 4.22 Absolute threshold for pure tones as a function of frequency for young listeners.
The sound pressure level is the minimum audible field. See text.

SOUND PRESSURE LLEVEL
(dB re 0.0002 dyne/cm2)

Chapter 4



225

SPL is 50 dB re 0.0002 dyne/cm?) is about 17 kHz, on average, whereas at
65 years it is about 8 kHz.
The threshold curve in figure 4.22 was obtained for tones with a duration

of 500 ms or more. For durations in this range, the threshold is essentially
!nr]pnpnrlpnl' of duration. When the duration is shorter, the threshold in-

creases, but the duration at which this increase begins depends on frequency
(about 400 ms at 500 Hz, and 200 ms for frequencies of 2 to 5 kHz). There
are apparently substantial individual differences in the effect of duration
in the range of 100 to 500 ms. When the duration is 100 ms or less, the
threshold increases by about 3 dB for each halving of duration, that is, the
threshold is determined by the total energy in the signal.

At the other end of the scale, the SPL of a sound can be increased to the
point where it causes discomfort, tickle, or even pain to a listener. The levels
at which listeners report discomfort is about 120 dB re 0.0002 dyne/cm?, and
tickle is reported at about 140 dB. These thresholds are relatively indepen-
dent of frequency, at least in the range of 200 to 5000 Hz.

4.2.2 Loudness; Sensitivity to Changes in Amplitude or Spectrum

When the amplitude of a sound is increased, listeners judge the sound to be
louder. It is possible for listeners to assign a numerical value or magnitude to
the relative loudness of sounds presented at different intensities. The results
from a series of experiments of this kind (S. S. Stevens, 1936) show that a
power function is a good fit to the curve relating the assigned loudness value
L and the intensity I of the sound, that is

L=Kr, (4.1)

where K and « are constants. If the magnitude L is plotted on a log scale,
then the relation between log L and the SPL is a straight line. The slope of
this line is such that an increase in SPL of 10 dB corresponds to a doubling of
loudness.

The loudness of a steady broadband noise is relatively independent of the
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when the sound is heard at an SPL of 60 to 80 dB re 0.0002 dyne/cm?. For
shorter durations, the loudness is determined by the product of intensity and
duration, that is, by the total energy in the signal (G. A. Miller, 1948).
Several studies have examined the sensitivity of listeners to change in the
amplitude of a stimulus. In a typical experiment, a stimulus with root-mean-
square (rms) sound pressure p is presented to a listener, immediately followed
by a stimulus with rms sound pressure p + Ap. This pair of stimuli is preceded
or followed by another pair in which both stimuli have a sound pressure of

r. The task of the listener ic to determine the nair in which the stimuli are
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different. The just noticeable difference (JND) is usually defined as the ratio
(p + Ap)/p for which a correct response is obtained 75 percent of the time.
In decibels, the ]ND is 20log,,(p + Ap)/p. Typical values of the JND in
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amplitude for a pure tone or wide-band noise at amplitudes in the normal
range for speech are in the range of 0.3 to 1.0 dB (Riesz, 1928; G. A. Miller,
1947). For tones the JND is slightly greater at low frequencies, and also
increases somewhat at levels near threshold.

In {'hp experiments summarized ahnvp the stimuli were maninulated bv
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changing the overall amplitude. For stimuli with more than one frequency
component, or for broadband stimuli, experiments have been carried out to
determine the sensitivity of listeners to changes in the amplitude of one part
of the spectrum while leaving the amplitudes of the remaining spectral com-
ponents unchanged. In general, the sensitivity to changes in spectrum ampli-
tude over a limited portion of the frequency range is substantially poorer than
the sensitivity to changes in the overall amplitude of the stimulus.

One experiment of this kind examined the sensitivity of listeners to
changes in the amplitude of one spectral peak of a vowel while keeping all
other spectral peaks fixed (Flanagan, 1957). A typical result, in which the
discrimination of the amplitude of the second-formant peak was determined
for a vowel having equally spaced formants, showed that the JND in F2
amplitude was about 3 dB—considerably greater than the JND for overall
amplitude noted above.

The sensitivity of listeners has also been determined for changes in the
bandwidth of a stimulus characterized by a single spectral prominence (K. N.
Stevens, 1952). The stimulus was generated with white noise excitation or
with periodic impulsive excitation of a single tuned circuit whose bandwidth
was in the range of bandwidths of speech formants. With noise-excited for-
mants, the JND in bandwidth is 15 to 20 Hz for relatively narrow formants
(bandwidih of 50 Hz), and increases to 20 to 30 Hz for formants having a
bandwidth of 100 Hz, for formant frequencies in the range 500 to 3000 Hz.
For the wider formants, discrimination becomes poorer than this at lower
formant frequencies. When the excitation is a periodic series of pulses, the
JND is somewhat greater than it is with noise excitation (35 to 80 Hz), with
the best discrimination occurring for formants in the frequency range of 1 to
2 kHz

In another experiment, a flat-spectrum noise was used as the starting
point, and this noise was modified by introducing a narrow peak or notch in
the cnnnl'ﬂlm (Mnlmp 10'-'\'0\ 'pvnnnmnﬂl-e wers carried out to determine ¢ the
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helght of the peak or the depth of the notch that was just detectable by lis-
teners. The effective bandwidth of the peak or notch was about one-tenth of
the center frequency of the peak or notch. In the case of peaks at 300, 1000,
and :3000 Hz, the height of the peak that was just detectable was 9, 4, and
5 dB, respectively. The corresponding notch depths that were just detect-
able were 14, 7, and 9 dB. Thus listeners were less sensitive to the introduc-

Hoan Af 2 natah in an athamaios ol acics geasbes thoam thasy waraes b tho
MWIL VI QA iivViull I.l.l <all UIIICI.W.IDC 1G4 LIVIOG EPC\-[IU.III llld.ll ulcy wekic w lll:

introduction of a peak. These ]NDs are, of course, substantially greater than
the JND in amplitude of a pure tone at the same frequency.
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Still other experiments (e.g., Green et al, 1984) have examined the sensi-
tivity of listeners to the amplitude of one component of a signal that consists
of a sum of a number of sinusoidal components with different frequencies
but the same amplitudes. Depending on the number of components in the
sound (from 2 to 20 in different experiments), the JND in amplitude for one
of the components is in the range of 1 to 4 dB. This JND is greater for dura-
tions less than 100 ms, but is approximately constant for longer durations.

4.2.3 Pitch Perception; Discrimination of Frequency of Tones and
Other Spectral Prominences

When a sequence of two pure tones with the second higher in frequency
than the first is played, a listener can report that the second tone has a higher
pitch than the first if the frequency difference is sufficiently large. A listener
can adjust the frequency of the second tone so that it sounds twice as high in
pitch as the first. From a series of such judgments, a scale can be constructed
such that frequencies that are spaced at equal distances along this scale are
judged to be related by the same pitch ratio. This scale is shown in figure 4.23

PITCH IN MELS

20 100
FREQUENCY IN CYCLES PER SECOND

Figure 4.23 The pitch function. This curve shows how the perceived pitch of a tone (mea-
sured in mels) changes as a function of the frequency of the stimulus. This pitch function was
determined at a loudness level of 60 phons. The mel scale was constructed by assigning arbitra-
rily the number 1000 to the pitch of a 1000-Hz tone. The number 500 is assigned to the pitch of
a tone that sounds half as high, and so on. (After S. S. Stevens and Volkmann, 1940.)
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(S. S. Stevens and Volkmann, 1940). The pitch scale is in mels, and is defined
such that a pure tone with a frequency of 1000 Hz has a pitch of 1000 mels.
At frequencies below about 500 Hz, equal changes of the frequency in hertz
correspond approximately to equal changes in pitch. At higher frequencies,
the relation is approximately logarithmic. That is, equal changes in log fre-
quency correspond roughly to equal changes in pitch.

The ND in frequency for a pure tone depends on both the frequency and
the amplitude of the tone. The dependence on amplitude is greatest for low
amplitudes, within about 50 dB of threshold, but for normal listening levels
(roughly 60 to 80 dB above the absolute threshold) the JND is relatively
independent of amplitude. The ]ND under these conditions tends to be
constant at about 1 Hz for frequencies up to about 1 kHz. At higher fre-
quencies the JND increases to about 2 Hz at 2 kHz and to about 10 Hz at
4 kHz, and increases rapidly above 5 kHz. The JND for frequency turns out
to be approximately equal to a fixed number of mels, independent of the
frequency.

Of perhaps greater relevance to the study of speech perception are data
on the discrimination of changes in frequency of a spectral prominence of the
type associated with a formant of a vowel. When the stimulus contains a
single spectral prominence, with a periodicity similar to that observed in a
vowel, the JND in the frequency of the prominence is in the range of 10
to 20 Hz, for formant bandwidths and frequencies in the range normally
observed for the first and second formants in naturally produced vowels
(K. N. Stevens, 1952).

Discrimination of changes in formant frequency has also been determined

for vowel-like stimuli containing several formants (Flanagan, 1955; Kewley-

Port and Watson, 1994). As we have seen in section 3.2, when the frequency
of a formant in a vowel is changed, it is accompanied by changes in the
amplitudes of the spectral peaks associated with that formant and with other
formants. The sensitivity of formant amplitude to a given change in formant
frequency is especially great when two formants are close together in fre-
quency. Results show that the JND in the second-formant frequency is in the
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range 20 to 100 Hz, ucycuduls on the relation of F2 to other formants. For

the first formant, the JND is in the range of 10 to 30 Hz. For these multi-
formant stimuli, listeners are presumably basing their judgments both on the
shift in the frequency of the spectral prominence and on the changes in
amplitudes of the spectral peaks.

4.2.4 Discrimination of Duration and Temporal Order

The sensitivity of listeners to small changes in the duration of a stimulus
depends upon the stimulus duration (Creelman, 1962). When the duration T
of a burst of noise or a tonal stimulus is less than about 100 ms, the JND AT
for changes in duration is approximately proportional to v/'T. For T = 100

ms, AT is about 10 ms, whereas for a 10-ms burst, AT is about 3 ms. Dis-
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crimination is poorer than this when the duration exceeds 100 ms, such
that AT is roughly proportional to T in the range 100 < T < 500 ms. Thus
for T = 200 ms, AT is about 20 ms. One might speculate that two different
mechanisms come into play in the discrimination of duration: one plays a
predominant role for T < 100 ms and the other is dominant for larger T.

Another type of experiment related to the discrimination of temporal
events examines the ability of listeners to identify the temporal order of two
sounds that are presented with different onset times. Experiments of this
kind have been done with several kinds of stimuli: two tones with different
frequencies (Pisoni, 1977), a noise and a periodic “buzz” (J. D. Miller et al,,
1976), and various combinations of tones, bands of noise, and clicks (Hirsh,
1959). The common finding for all of these experiments is that the time of
separation between the onsets of the two stimuli needs to be 15 to 20 ms
before listeners can reliably report which of the two sounds preceded the
other.

4.2.5 Masking: Simuitaneous and Nonsimuitaneous

The acoustic patterns of speech can be represented in terms of short-time
spectra that change with time. The information concerning the phonetic
content of these patterns is determined by interpreting particular spectral
components in relation to other spectral components that occur approxi-
mately simultaneously, and by evaluating the spectrum at one time in rela-
tion to the spectrum that occurs at an adjacent time. It is of some interest,
then, to determine how a listener responds to a particular test stimulus when
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simultaneously with or immediately preceding or following the test stimulus.
How is the listener response to the test stimulus changed as a result of the
presence of the second stimulus? In a sense, one might regard the two stimuli
as being different components of a single, more complex stimulus.

A special case of this interaction between two stimuli examines the con-
ditions-under which the test stimulus is rendered inaudible by the presence
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be masked and the second stimulus is called the masker. The increase in the
threshold of the test or probe stimulus due to the presence of the masker is
called the amount of maskmg

The amount of masking for a given test stimulus and a masker is usually
greatest when both stimuli are presented simultaneously. For nonsimultaneous
masking, the amount of masking depends on the time interval between the
masker and the test stimulus. Figure 4.24 schematizes the kinds of results
that are obtained with simultaneous and nonsimultaneous masking. In this
example, the masker is a narrow band of noise centered at 5-kHz and the fest
shmulus is a brief 5-kHz tone. There is appreciable forward masking up to
50 ms after the end of the masker, with smaller amounts of masking beyond

50 ms. Backward masking, on the other hand, extends over a much shorter
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Figure 4.24 [llustrating backward, simultaneous, and forward masking. The time interval of
the maskmg sound M (a narrow band of noise) is indicated by the black bar. The ordinate is the
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the abscissa is the location of the tone pip relative to the onset of M. B, regions of backward
masking (T precedes M); S, simultaneous masking; F, forward masking (T follows M). (Adapted
from Zwicker, 1975.)

time interval. Larger values of forward masking, extending over longer time

intervals, are observed when the level of the masker is greater.
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just heard in the presence of this masker depends upon the frequency of the
tone (Hawkins and Stevens, 1950). The amount of masking can be described
by the ratio (in decibels) of the intensity of the tone at the masked threshold
to the intensity of the noise in a 1-Hz band centered at the frequency of the
tone. This ratio is independent of the amplitude of the masking noise as long
as the masked threshold of the tone is well above its absolute threshold in
the absence of the noise. This signal-to-noise ratio as a function of frequency
is displayed in figure 4.25. The figure shows that this ratio remains approxi-
mately constant (at about 17 to 18 dB) in the frequency range up to 1 kHz,
and increases at higher frequencies. This ratio can be interpreted as the
bandwidth of the noise (in decibels) that has the same intensity as that of the
tone at threshold. It has been called the critical ratio.

A more general case is a situation in which a test stimulus is presented in
the context of a masking stimulus but the test stimulus is above the thresh-
old. One approach to assessing the effect of the masking stimulus is to make
a comparison between the loudness of the test stimulus under two situations:
(1) in the absence of the masking stimulus, and (2) with the masking stimulus
present. The level of the test stimulus under condition (1) is adjusted so that
its loudness is the same as that of the test stimulus under condition (2). This
matching is most conveniently done by presenting the test stimulus alone in
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Figure 4.25 Ratio between the monaural masked threshold of a pure tone and the level
per cyde of the masking noise measured at the frequency of the pure tone. The circles show
experimental values. The smooth curve is from data obtained at Bell Telephone Laboratories.
{(Adapted from Hawkins and Stevens, 1950

Figure 4.26 Sound pressure level at which a 1000-Hz tone in quiet is judged equal in loudness
to a tone partially masked by white noise, The parameter on the curves is the level of the mask-
ing noise in decibels. (Adapted from S. S. Stevens and Guirao, 1967, by Scharf, 1978

A typical result is shown in figure 4.26, in which the masker is white noise
and the test stimulus is a 1000-Hz tone (S. S. Stevens and Guirao, 1967). The
data show that, for a given level of the masking noise, there is a wide range
of levels for the tone where its loudness is reduced by the presence of the
masker. For example, when a tone with an SPL of 70 dB is heard in the pres-
ence of noise with an SPL of 80 dB, it is judged to have the same loudness
as a 50-dB tone in quiet. When the level of the tone is sufficiently high in

relation to the masker, its loudness is almost the same as the loudness of the
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Figure 4.27 Example of masking of a tone by a tone. The frequency of the masking tone is
1200 Hz. Each curve corresponds to a different masker level, and gives the amount by which the
threshold intensity of the masked tone is multiplied in the presence of the masker, relative to its
threshold in quiet. The dashed lines near 1200 Hz and its harmonics are estimates of the masking
functions in the absence of the effect of beats. (From Wegel and Lane, 1924.)

tone in quiet (except at very high levels of the masking noise). This example
demonstrates that a masker can have an effect on the response of a listener

to a probe tone not only at threshold but also at levels that are well above
threshold.

4.2.6 Masking and Frequency Selectivity

When the masking stimulus is a pure tone, and a probe tone is presented in
the presence of the masker, the threshold level for the probe tone depends
on the difference in frequency between the two tones. The masking as a
function of the frequency of the probe tone is displayed in figure 4.27 for a
masker frequency of 1200 Hz (Wegel and Lane, 1924). Data for three levels
of the masker are given. The ordinate for these curves is the amount by
which the threshold intensity of the probe tone in quiet must be multiplied
so that the tone is just heard in the presence of the masker. The greatest
amount of masking occurs for frequencies in the vicinity of the masker. For
the higher levels of the masker, the amount of masking at frequencies above

the masker frequency is considerably greater than the masking at lower fre-

guencies, There are some irrecularities in the curves in the vicinity of the
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masker frequency and its harmonics because of some nonlinearities in the
ear, and because of the presence of “beats” when the frequency difference
between the probe tone and the masker (or its harmonics) is small.
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Figure 4.28 Psychophysical tuning curves illustrating masking of a tone by a tone. On any
one of the curves the.level of the probe tone is constant, and different points along the curve
indicate the sound pressure level L,, of the masking tone (with frequency f,) that is required

to mask the probe tone. Different curves correspond to different frequencies of the probe
tone. The level of the probe tone is always 10 dB above threshold and its duration is 50 ms.
The dots give the levels of the probe tones and the arrows give their frequendies. The dotted

line is the threshold of audibility for the masker. Point-A is discussed in the text. (From Vogten,
1974.)

Another way of examining masking data when the test stimulus and the
masker are pure tones is to fix the amplitude and frequency of the probe tone
and to vary the frequency of the masking tone. At each frequency, the level
of the masking tone is adjusted so that the probe tone is just masked. Data
from a series of experiments on the masking of probe tones of different fre-
quencies, with simultaneous presentation of masker and probe, are shown in
figure 4.28 (Vogten, 1974, 1978b).

Several curves are displayed, each curve being associated with a probe
tone of a different frequency. A point on one of these curves indicates the
frequency and level of the masking tone that will just mask the probe tone.
Thus, for example, the curve on which point A is marked represents data
for a probe tone whose frequency is 1000 Hz, with a level of 10 dB above
threshold. Point A indicates that, for a masking tone at a frequency of about
800 Hz, an SPL of about 60 dB (re 0.0002 dyne/cm?) is needed to mask the
probe tone.

Curves of the type shown in figure 4.28 have been called psychophysical
tuning curves, and they provide one type of evidence with regard to the fre-
quency resolution of the auditory filters. The ratio of the width of the curve
(near the tip) to the center frequency appears to be roughly constant at high
frequencies (above about 1 kHz), and to increase at lower frequencies. If the
curves are plotted on a linear frequency scale, the widths are approximately
constant at lower frequencies and increase in proportion to frequency above

- lyy_

about 1 kHz.
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Figure 4.29 Sound pressure level L. of a pure tone masker necessary to mask a 1-kHz probe
tone (duration = 50 ms) as a function of the masker frequency £, for various levels L, of the
probe tone. (From Vogten, 1974.)

For the higher-frequency probe tones, there is considerable asymmetry in
the tuning curves. A probe tone is masked more effectively by a tone that
is lower in frequency than by a higher-frequency tone. This observation can
also be made from figure 4.27. The slope of the upper edge of the tuning
curve is very sharp. There is an extended tail on the lower frequency end of
the higher-frequency curves, indicating that a higher-frequency tone can be
effectively masked by a tone that is several octaves lower, if it is of sufficient
intensity.

The psychophysical tuning curves in figure 4.28 have shapes that are very
similar to the physiological tuning curves, examples of which have been
given in figure 4.14. Both sets of curves have the same asymmetrical form
for the higher frequencies, with low-frequency “tails.” The sharpness of the
curves in the vicinity of the tips is approximately the same, except that there
are anomalies in the psychophysical curves near the frequency of the probe
tone because interaction of probe and masker give rise to beats.

The tuning curves of figure 4.28 were all obtained with a fixed level of the
probe tone that is about 10 dB above threshold. Figure 4.29 shows a series
of tuning curves corresponding to a number of different levels of a probe
tone, all at the same frequency. The curves have similar overall shapes, with
a sharp rise above the frequency of the probe tone, and a more gradual rise
below that frequency. There are some differences as a function of level,
however, particularly in the shapes of the curves at low frequencies.

Tuning curves of the type shown in figure 4.28 can be obtained using a
forward-masking paradigm in which the probe tone is presented a few milli-
seconds after termination of the masker (Vogten, 1978a; Moore, 1978). While
these curves have a gross shape that is similar to the curves for simultaneous
masking, there are some differences. The tips of the curves are deeper, pre-
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sumably because there is not a problem with interaction between probe and
masker as there is when the two tones are presented simultaneously. Another
difference is that the forward-masking curves show a much more abrupt rise
above the frequency of the probe tone.

The tuning curves in figure 4.28, as well as the curves in figure 4.27,
obtained through experiments on masking of one tone by another, provide
some insight into the frequency selectivity of the peripheral auditory system.
Not unexpectedly, they show that a probe tone of a given frequency is
masked most effectively by a masker whose frequency is centered within a
narrow region in the vicinity of the probe tone. Another approach to exam-
ining this frequency selectivity is to measure the masking of tones centered
in bands of noise with different bandwidths (Fletcher, 1940; Greenwood,
1961a). A series of experiments of this type has shown that when the noise
bandwidth that is centered at a particular frequency is smaller than a certain
critical value, then the masking of the tone is dependent on the overall level
of the masking noise, and not on its bandwidth. In fact the level of the tone
at the masked threshold is about 4 dB below the overall level of the noise.
When the bandwidth of the noise exceeds the critical value, the frequency
components of the noise that are outside of this critical range do not con-
tribute to the masking of the tone. Another way of interpreting this result is
to consider the masking noise to have a fixed sound pressure level per hertz,
and to vary the bandwidth with this constraint. The threshold level of the
probe tone centered in this band increases as the bandwidth increases until
the critical width is reached. Increasing the bandwidth beyond this value
does not change the threshold level of the tone.
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called the critical bandwidth. The critical bandwidth obtained through these
kinds of masking experiments is plotted as a function of frequency in figure
4.30 (Zwicker et al., 1957; Greenwood, 1961a). The variation with frequency
of this measure is similar to the frequency dependence of the bandwidths of
the psychophysical tuning curves (see figure 4.28) or of the physiological
tuning curves (see figure 4.14). The frequency dependence of the critical
band is also similar to the frequency dependence based on pitch judgments
and on frequency discrimination for tones. The width of a critical band is
equal to about 140 mels, on average, where the mel scale is defined as
in figure 4.23. The function relating position of maximum amplitude on the
cochlear partition to frequency also has a similar shape (Greenwood, 1961b).
Figure 4.30 shows for comparison the “critical ratio,” from figure 4.25, that
is, the ratio of the intensity of a tone at the masked threshold to the intensity
of the masking noise in a 1-Hz band.

Another approach to examining the frequency selectivity of the peripheral
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as the bandwidth is increased. Typical data are shown in figure 4.31 (Feldt-
keller and Zwicker, 1956). On any one of the curves, the overall level of the
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Figure 4.30 The upper curve plots the width AF of the critical band as a function of the center
frequency of the band, as measured in masking experiments that manipulate the bandwidth of
the masker. The lower curve gives the bandwidths calculated from the critical ratio, as in figure
4.25. (From Greenwood, 1961a.)
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Figure 4.31 The loudness level of a band of noise centered at 1000 Hz, plotted as a function
of the width of the band. The parameter labeling each curve is the sound pressure level of the
noise. The vertical dashed line marks the bandwidth at which the loudness begins to increase.
(Adapted from Feldtkeller and Zwicker, 1956, by Scharf, 1978.)
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Table 4.1 Values of critical-band rate (in bark) and critical bandwidth as a function of
frequency

Center Center Critical Center Center Critical
frequency  frequency bandwidth frequency  frequency bandwidth
(bark) (Hz) (Hz) (bark) Hz) Hz)

1 50 100 13 1850 280

2 150 100 14 2150 320

3 250 100 15 2500 380

4 350 100 16 2900 450

5 450 110 17 3400 550

6 570 120 18 4000 700

7 700 140 19 4800 900

8 840 150 20 5800 1100

9 1000 160 21 7000 1300
i0 ii7C 1%0 22 8500 1800
11 1370 - 210 23 10500 2500
12 1600 240 24 13500 3500
From Zwicker and Terhardt (1980).

noise is held constant while its bandwidth is increased, as indicated on the
abscissa. The ordinate gives the loudness level of the noise band, obtained
by determining the SPL of a 1000-Hz tone that is judged to be equal in
loudness to the band of noise. The figure shows that, independent of the
overall level of the noise, the loudness level is independent of the bandwidth
below a certain critical value, and increases when the bandwidth exceeds this
value. Within this critical bandwidth, the loudness level depends only on the
overall level of the signal independently of how the spectral energy is dis-
tributed in the band. Bandwidths obtained from this kind of loudness match-
ing experiment are similar to those derived from masking experiments of the
type described above.

Data from these masking and loudness experiments, as well as other
experimental evidence, have led to use of the critical band concept as a basis
for designing filter banks for the analysis of auditory signals, including
speech. When a series of critical-band filters is arranged in a nonoverlapping
manner from low to high frequencies, there are twenty-four such filters
(Zwicker and Terhardt, 1980). A scale on which critical bands are arranged in
equal steps from 1 to 24 has been called a bark scale. The center frequencies
and bandwidths of the critical-band filters, as proposed by Zwicker and
Terhardt (1980), are listed in table 4.1. These authors have also proposed the
following analytic formula for the critical band CB in hertz:

CB =25 + 75[1 + 1.4 f3°%,

where f is the frequency in kilohertz. This formula approximates the data in
table 4.1 with an accuracy of +10 percent.
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4.2.7 Perception of Sounds with Two or More Spectral Prominences

As we have seen in chapter 3, there is a class of sounds that are generated
with quasi-periodic excitation of the vocal tract at the glottis. The spectrum

i i i s e PR JIPIY B S
of the sound is characterized by a series of harmonics, and the formants give

rise to several narrow prominences in the spectrum envelope. As the larynx
and the vocal tract assume various states, the fundamental frequency (i.e., the
frequencies of the harmonics) and the frequencies of the spectral prominences
shift up or down.

The mechanism of perception of these types of sounds has been examined
in a number of different experiments where listeners are asked to respond to
stimuli in which the fundamental frequency and the formant frequencies are
manipulated in various ways. The listener response can be either an identi-
fication of the stimulus, a discrimination between two different stimuli, or a
matching of one stimulus against another. The matching can be determined
by a phonetic comparison or by an auditory comparison (Chistovich, 1985).
In one type of manipulation, the spacing between two adjacent spectral
prominences in the stimuli is adjusted. As discussed in chapter 3, manipu-
lation of the vocal tract shape from that of a uniform tube has the effect of
bringing some adjacent pairs of formants rather close together and increas-
ing the separation between other pairs.

We examine first the effect of manipulating the relative amplitudes of the
spectral prominences in a stimulus with two formants. The spectrum of a
typical stimulus is schematized in figure 4.32. Chistovich and her colleagues
(Chistovich and Lublinskaya, 1979; Chistovich et al., 1979; Chistovich, 1985)
have investigated the auditory processing of these stimuli by a technique in
which a stimulus with a single spectrum prominence (with frequency F') is
adjusted so that it sounds similar in quality to the two-formant stimulus with
prominences at frequencies F, and F,. The relative amplitudes of the two
prominences are manipulated by the experimenter, and the subject adjusts
the frequency F’ to obtain a best match. The frequency spacing F, — F, is set
to different values in different experiments. Results reported by Chistovich
and Lublinskaya for two subjects are shown in figure 4.33. When the spacing

AMPLITUDE (dB)
(-3

FREQUENCY

Figure 4.32 Schematization of the spectrum envelope of a two-formant sound used in the
matching experiments of Chistovich and Lublinskaya (1979). The frequency spacing F, — F, and

the relative amplitudes of the spectral prominences were manipulated.
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E, — E, is less than a certain critical distance, the results on the left side of the
figure are obtained. The matching frequency F' gradually changes through a
set of intermediate values from F, to F, as the amplitude of the F, peak is
decreased in relation to the amplitude of the F;, peak (i.e. the ratio A;/A;
in the figure is increased). That is, F’ is set at some measure of the “center
of gravity” of the two-peaked spectral prominence. When F, — F; is greater
than a critical distance (right side of figure 4.33), the matching behavior
is different: one subject tends to set F' equal either to F, or to F, depending
on the relative amplitudes, and the other subject shows large variability
in the setting when the relative amplitude is in the middle range. These
experiments were repeated for various frequencies of (F; + F;)/2 in the nor-
mal range of the first and second formants in adult speech. The critical dis-
tance dividing these two types of matching adjustments was such that the
F, — F, was equal to about 3.5 bark.

——— i —— —— - - - - P LY L LY L LT R e ]
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Figure 4.33 Results of the matching experiments in which the frequency F* of a one-formant
vowel is adjusted to match a two-formant vowel. The spacing between the two formant fre-
quencies (shown by dashed lines) is fess than 3.5 bark for the left column and more than 3.5 bark
for the right column. The points give the mean and a measure of variability for the judgments as
a function of the relative amplitude A;/A; of the formant peaks for two subjects: L.C. (top) and

V.L. (bottom). (From Chistovich and Lublinskaya, 1979.)
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Figure 4.34 The horizontal lines give the first four formant frequencies of a set of Swedish
vowels used in a matching experiment. The boxes show the mean frequency of the second
formant (F2’) of a two-formant stimulus that gave a best match to the full vowel. FI of the
two-formant matching stimulus was set to F1 of the vowel. (From Carlson et al, 1970.)

The perceptual consequence of manipulating the spacing between two
spectral prominences in a vowel-like sound has also been examined in an
exnenmenf in which a svnthetic vowsel with five farmante wae matchad

Si221%2s At o SEVARR LAY VRSPV LA PV ALAL LAV W AWLALWING FYHP MJlWKVWILIGW

agaihst a two-formant synthehc vowel (Carlson et al, 1970). The first-
formant frequency was the same for both vowels, and the subjects adjusted
the frequency F2' of the two-formant vowel to give a best match in quality
with the five-formant vowel. This matching task was carried out for a num-
ber of configurations of the five formants, corresponding to a variety of dif-
ferent vowels (in Swedish). The third formant for these vowels was always in

the range of 2140 to 2960 Hz. The results of this experiment are shown in

figure 4.34. The frequencies of the first four formants of the vowel are
shown, together with the frequency F2' of the two-formant matching vowel.
When the spacing between F2 and F3 was less than about 3.0 bark, as it was
for the front vowels (the first six vowels on the figure), subjects placed F2' at
a frequency that was usually between F2 and F3, and was sometimes
between F3 and F4, depending on the values of F2 and F3 in relation to F4.
Once again, then, there appears to be a critical spacing of F2 and F3 that
leads to an interpretation of the two-peaked spectral prominence as a single
broad prominence whose perceptual “center” is determined by its detailed
shape, It should be noted, however that adjustment of F2' to give a best
match does not lead to identical quality between the two-formant and the
five-formant vowels. For vowels having F1 and F2 relatively close together
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(spacing of 300 to 400 Hz, corresponding roughly to 3.0 to 3.5 bark), we
have seen (in section 3.2) that the third and higher formant peaks in the
spectrum have amplitudes that are relatively low compared with the ampli-
tudes of the F1 and F2 peaks. The best matches of two-formant vowels to
these vowels occur when the two formants are adjusted to be equal to F1
and F2 of the five-formant vowel.

The implication of these matching experiments is that some aspect of the
response of the auditory system undergoes a qualitative change when the
spacing between two spectral prominences becomes less than a critical value
of about 3.5 bark. Other experiments on vowel perception indicate that this
concept of a critical distance between spectral prominences also applies to
the distance between the fundamental frequency and the first-formant fre-
quency of a vowel. These observations about critical spacing are relevant to
the classification of vowels, as will be discussed in chapter 6.
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Phonological Representation of Utterances

5.1 WORDS, SEGMENTS, FEATURES

At one level an utterance can be described as the sound that results from
movements of various structures that surround the airways from the lungs to
the lips. The adjustments of the sublaryngeal respiratory system and the
articulatory structures that lie between the larynx and the lips cause sound
sources to be generated, and these sound sources are filtered by the airways
that are shaped by the articulatory structures.

These continuous articulatory and respiratory movements for an utterance
are highly coordinated, and are the surface manifestation of units in a struc-
tured linguistic system whose elements are stored in memory in a discrete
form. A basic unit in this system is the word. When we speak, we string
together sequences of words in memory. The acoustic signal that results

from a sequence of words may contain markers such as pauses indicating the

grouping of words, but generally the boundaries between adjacent words are
not marked by pauses. There may, however, be subtle cues in the sound for
the beginnings of words, and these cues may be used by a listener to assist
in the segmentation of the sound stream so that word sequences can be
recovered. For example, when a stressed vowel occurs in the sound, there is
a reasonable probability that the syllable containing this vowel is at the
beginning of a word (Cutler and Carter, 1987). Also, there may be segmental
cues to word beginnings; for example, a voiceless stop consonant is always
aspirated when it is in word-initial position even if the following vowel is
reduced, but is not aspirated before a reduced vowel in other positions in a
word (e.g., /p/ is aspirated in pif or in potato, but not in supper).

There is also ample evidence that words are stored in memory as sequences
of discrete segments. Part of this evidence comes from acoustic data showing
that the implementation of most segments is signaled by landmarks in the
speech stream. (This concept of acoustic landmarks is discussed in section 5.2.)
A different kind of evidence comes from observations of the modifications of
segments that occur when affixes and stems are joined to form words. For
example, the prefix spelled in- in English takes on several different forms

depending on the initial segment in the word, as in in-fallible, im-possible,



il-legal, im-moral, ir-regular. In all of these examples, except the first, the last
sound in the prefix is either deleted or undergoes assimilation depending on
the following consonant. Evidence of this kind supports the view that words
are stored in memory as sequences of discrete segments.

There is also evidence in support of the proposition that each segment
is represented in memory in terms of a set of discrete classes or features
(Jakobson et al, 1952; Chomsky and Halle, 1968; Halle, 1990). For example,
a segment such as /m/ can be classified as being produced (1) with a com-
plete closure in the oral tract, (2) with the closure made by the lips, and (3)
with the velopharyngeal port open. Some of these classes are shared by
other segments, so that, for example, item (2) is a feature of /p/ and /b/ as
well as /m/, and item (3) is a feature of /n/ and /g/ as well as /m/. Evidence
for this discrete representation of segments comes both from articulatory
and acoustic data (as in the examples just given) and from phonological
observations. The phonological evidence is illustrated by the examples with
the prefix in- given above. We observe that /n/ changes to /m/ ]ust in case
the word begins with the class of consonants that are produced with a com-
plete closure of the lips (the consonants /m/ and /p/ in the examples). Fur-
thermore, if the initial consonant is produced with no pressure buildup in the
mouth (a so-called sonorant consonant, such as /r/ and /1/), then /n/ assimi-
lates to the following consonant. Thus the rules governing the modification
of /n/ apply to particular groups of segments that are characterized in terms
of discrete classes or features.

We suppose, then, that words are stored in memory as sequences of seg-
ments, and each of these segments is represented as an array of distinctive
features. The particular inventory of features that are used to make dis-
tinctions between words in languages is determined both by the properties
of the articulatory system that generates speech and by the characteristics of
the human auditory system that processes speech. The features have corre-
lates both in the articulatory and in the acoustic and auditory domains. The
features for each segment within an utterance that is stored in memory
define which articulators are to be controlled, and provide a broad specifica-

tion of how these articulators are to be manipulated. The features also specify

the intended attributes of the sound that arises from the articulatory move-

ments. These constraints on the articulation and on the sound pattern deter-
mine the detailed pattern of articulatory movements that are needed to
implement the features within a segment.

There are two classes of features—articulator-free features and articulator-
bound features (Halle and Stevens, 1991a). Articulator-free features are so
named becaused they are defined without reference to any particular articu-
lator. Articulator-bound features specify which articulators are active in pro-
ducing the sound, and how these articulators are to be shaped or positioned.
These features are binary in the sense that a given segment can either have
the articulatory and acoustic attributes of the feature or not. The convention
is to assign a value of + or — to a feature in a given segment.
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Table 5.1 List of articulator-free features and their values for different classes of segments

Conso-
Feature Vowels Glides nants

Vocalic -
Consonantal - -
Continuant

Sonorant

Strident

2
L
o
&L
>

+ 0+

I+
+ 0+ +
I+ 4

Note: The segment labels at the top of the last four columns are examples of the segments with
the given feature values,

5.2 ARTICULATOR-FREE FEATURES AND LANDMARKS

An inventory of the articulator-free features is given in table 5.1. The fea-
tures Ivocalic] and [consonantal] are listed in columns 2 to 4 of the table,

togetner W'.IIII tneu valueb IUI' tne Il'l.l' ce Droau Clabhes 0[ beglnem:s VOWCIB,
glides, and true consonants. In the case of consonants, additional articulator-
free features [continuant], [sonorant], and [strident] are defined, as shown
by the feature listings in the last four columns of the table for particular
groups of consonants. These additional features can only be relevant when
a sufficiently narrow constriction is formed in the vocal tract, that is, for
[+consonantal] segments, and are not required for vowels and glides.

A segment with the feature {+vocalicj forms the nucleus of a syliable. Such
a segment is generally produced with a maximum in the vocal tract opening

in the oral cavitv, Ac hac heen shown in chanter 3 a maximum mouth open-

el el RAVASY . S8 ks DURSAN 82X A AR Oy @ LRI IR ¥

ing generally causes a maximum in the ﬁrst-fonnant frequency, and this
maximum in F1 also gives rise to a maximum amplitude of the F1 spectral
prominence. These attributes of vocalic nuclei are illustrated in figure 5.1,
which shows a spectrogram of the sentence Samantha came back on the plane.
Below the spectrogram is a contour of FI vs. time during the voiced por-

tions of the utterances. The points where there are maxima associated with

‘-l\n ﬂ‘ﬁ‘\‘- c-lfnsl'ur\ mitalai arve markad hy arrawre I\AIA!A’ ‘-l\a enartraavram Tha
L2 ‘lﬁlll w]u.avls A1WENAGE AL S LLl1GL W U’ GALLVYYDO VLIV YY M EVG\-\-IVBLWII J.ll;

presence of such a maximum or landmark in the sound is acoustic evidence
that a [+vocalic] segment has been implemented. Also shown below the
spectrogram is a plot of the amplitude of the FI spectral prominence vs.
time. Peaks in this amplitude correspond roughly with peaks in the fre-
quency of F1, except for influences of nasalization in some of the vowel
nuclei.

For a segment classified as [+consonantal], a constriction or narrowing is
formed in the oral cavity, and the cross-sectional area of the constriction is
sufficiently small that an abrupt discontinuity occurs in the spectrum when
such a segment is produced. Any one of three articulators can potentially be
active in forming the constriction: the lips, the tongue blade, and the tongue
body. The acoustic discontinuity arises either because of a rapid increase or

Phonological Representation of Utterances
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decrease in intraoral pressure or because of an abrupt change in the acoustic
path in the vocal tract, such as the closure or release of a nasal consonant.
The formation or release of a constriction in the oral cavity always results in
a rapid movement of the first-formant frequency F1—a downward move-
ment of F1 when the constriction is formed and an upward movement when
it is released. Some examples of these acoustic dlsconhnmtles are marked by
arrows at the top of the spectrogram in figure 5.1. The movements of F1 in
the vicinity of the discontinuities, shown below the spectrogram, illustrate
the tendency for F1 to fall near a consonant closure and to rise following a
release. These discontinuities constitute landmarks in the sound and are evi-
dence for a segment with the feature [+consonantal]l. The low-frequency
amplitude contours at the bottom of the figure also show rather abrupt
increases and decreases in the vicinity of most of the consonantal landmarks,
although the rapid amplitude changes also occur at mid and high frequencies
at these landmarks.

In principle, two acoustic discontinuities should occur when a [+con-
sonantal] segment is produced—one when the oral articulator forms a
constriction and one when the articulator is released. Although the paired
closing-release articulatory movements are always present, it is possible that
one of these components may not generate sound. An example occurs in the
sentence in figure 5.1, where the time the tongue blade is raised to make
contact with the palate for /l/ in the word plane occurs when the lips are
closed for /p/. Consequently there is no sound to mark the time of contact
for the tongue blade. Such an omission of an acoustic discontinuity is often
observed when two or more consonants occur in sequence.

The feature values [-vocalic, —consonantal] identify glides. The special
acoustic attributes of glides are a minimum in the low-frequency amplitude
(relative to that in an adjacent vowel) and relatively slow movements of the
formants. The principal cause for the minimum in low-frequency amplitude
for a glide is a reduction of the amplitude of the glottal source. This reduc-
tion occurs either from an active abduction or adduction of the glottis, or as
a consequence of a narrowing of the airway downstream from the glottis.
(See section 9.2.) The segments that show these properties in the sound
include /w/ and /j/, as well as sounds produced by forming a narrowing in
the pharyngeal region (i.e., pharyngeal consonants) and the sounds /h/ and
/2/, which are formed with a widening or constricting of the glottis but with
no major constriction in the vocal tract. There are no rapid movements of F1
toward or away from a low frequency for any of these segments.

The spectrogram in figure 5.2 gives examples of some glides. The sen-
tence is The yacht was a heavy one. Displayed below the spectrogram are
contours of the formant frequency movements and of the low-frequency

amplitudp changes in the regions of the glides. The measure of low-frequency

amplitude is the spectrum amplitude of the first-formant prominence. Arrows
indicate the approximate times where the low-frequency amplitude is a mini-
mum. These arrows identify glide landmarks. In the case of the glides /j/ (in

Phonological Representation of Utterances



248

FREQ (kHz)

[~
n
2

g

5

5
S
N
‘;
\

&

REL. AMPLITUDE (d B)

(~—
\ 1L

\-\ -—
>
D
~

</
.~

:6gggosooaoosoosoo700300900|600u
TIME (ms)

(=1

Figure 5.2 The spectrogram is the sentence The yacht was a heavy one, produced by a female
speaker, illustrating acoustic attributes of glides. The first-formant frequency in the vicinity of
the glides is shown immediately below the spectrogram. The plot at the bottom is the amplitude
of the F1 prominence. The arrows at the amplitude minima for the glides identify the glide land-
marks. The irregularities in the amplitude for /h/ are smoothed with the dashed line. Measure-
ments are made at 10-ms intervals using the procedures described in the legend for figure 5.1.

yacht) and /w/ (in was and one) there are slow changes in amplitude, with a
minimum in amplitude assumed to occur where the vocal tract is most con-
stricted. For the segment /h/, there is a minimum in amplitude, and the
lowest spectral prominence shows a rise in frequency during the aspiration,
presumably because of the partially open glottis. (See section 3.4.6.) The
low-frequency amplitude changes more slowly adjacent to glide landmarks
than adjacent to consonantal landmarks.

In summary, then, we observe that implementation of the articulator-free
features [vocalic] and [consonantal] provides a segmental structure to the
speech stream. These features give rise to three types of landmarks in the

sound: (1) vocalic landmarks at syllabic peaks, indicating the presence of
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a [+vocalic] segment in the utterance; (2) abrupt consonantal landmarks at
acoustic discontinuities, signaling a [+consonantal] segment; and (3) land-
marks defined by a particular type of minimum in low-frequency amplitude
that is evidence for a glide with the features [—vocalic, —consonantal]. The
presence of these landmarks provides acoustic evidence for the representa-
tion of words as sequences of discrete sounds or segments.

In the case of a [+consonantal] segment, it is necessary to specify whether
the articulator that forms the constriction creates a complete closure (the
feature [—continuant]) or a partial closure ([+-continuant]). In the latter case,
continuous turbulence noise is formed near the constriction. Examples are
shown in table 5.1 and in figures 5.1 and 5.2 (/s/ and /8/ in Samantha, [z/ in
was, and /v/ in heavy). The feature [strident] can apply only to [+continuant]
segments, and indicates whether an obstacle is placed in the airway down-
stream from the constriction, to enhance the acoustic excitation of the
front cavity by turbulence noise. Thus the consonants /s,§/ are [+strident],
whereas /0,8/ are [—strident]. Finally, the value attached to the feature
[sonorant] specifies whether pressure builds up behind the constriction
(I—sonorant]), or whether a bypass path for the airflow is provided to pre-
vent the increase in pressure behind the constriction ([+sonorant]). Examples
of [+sonorant] segments are the nasal consonants /m,n/ and the lateral /1.
Consonants produced with pressure buildup behind the constriction are
sometimes called obstruent consonants.

A vocalic landmark signals a syllabic nucleus, as we have noted above.
The syllable onset is indicated by one or more consonant or glide landmarks,
with the constraint that a glide landmark must immediately precede a vocalic
landmark. Another constraint on the sequencing of articulator-free features is
that [+sonorant] consonants must occur immediately adjacent to [+vocalic]
segments (or to glides). Thus sequences like snail or mufe ([mjut]) are possi-
ble, but not sequences like [nsap), at least within a syllable.?

8.3 ARTICULATOR-BOUND FEATURES

The articulator-bound features specify which articulators are active in pro-
ducing phonetic contrasts, and prescribe how these articulators are to be
configured. There are six articulators that can be actively manipulated to
produce sounds with distinctive acoustic attributes. These consist of the lips,
the tongue blade, the tongue body, the soft palate, the pharynx, and the
glottis. In addition, a seventh type of manipulation that can produce a dis-
tinctive acoustic output is the stiffening or slackening of the vocal folds.
These seven articulators or adjustments can be organized into three classes
according to their anatomical location and to the acoustic pattern that results
from manipulation of the articulators. One of these classes consists of the
lips, the tongue blade, and the tongue body. As noted above, one of these

articulators is z]wavc active in forming the constriction in the oral cavitv for
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[+consonantal] segments, and it is the movement of this articulator that cre-
ates the consonantal landmark. This articulator is sometimes called the major
articulator (Sagey, 1986). As we have noted, the constricting movement for a
consonant causes a decrease in the first-formant frequency. The surfaces of
these articulators also have the common characteristic that they are rich in
sensory receptors. These articulators can, of course, also be active in produc-
ing vowels and glides.

The activity of the lips can be either through lip rounding (+round]) or
through narrowing or closing the lip opening without rounding ([—round]).
When the tongue blade is active in producing a segment, it can be posi-
tioned with the tongue tip making contact with the alveolar ridge or at a
more forward location ([+anterior]) or with contact posterior to the alveolar
ridge ([—anterior]). Each of these positions leads to a sound with distinctive
characteristics, as will be seen for fricative consonants in section 8.1. For each
of these tongue tip locations, the contact of the edges of the tongue blade
with the palate can be adjusted to produce a relatively short narrow channel
(—distributed]) or a longer channel ([+distributed]). Each of these adjust-
ments again gives rise to an acoustic output with distinctive properties. The
shape of the tongue blade can also be modified to permit sound to propagate
around the edges of the blade to form a lateral consonant ([+lateral]) or
a type of retroflex consonant ([—lateral]). Manipulation of the tongue body
is controlled by three features: [high], [low], and [back]. The articulatory and
acoustic correlates of these features are discussed in detail in chapter 6 for
vowels and in chapter 7 for velar consonants. The three articulators in this
dass, together with the features that describe the possible manipulations
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structure? as in figure 5.3. When one or more of these articulators is active in
producing a sound, the features arrayed under the articulators are assigned
values of + or —.

AN
N

TONGUE TONGUE
BODY BLADE LIPS
back low high  dist. antenor loteral round

Pigure 5.3 Showing the three oral articulators that are active in producing phonetic dis-
tinctions, together with the features specifying how these articulators are positioned or shaped.
dist.. distributed. (Adapted from Keyser and Stevens, 1994
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The second class of articulators includes the soft palate, the pharynx, and
the glottis. For most segments, the soft palate is raised, creating a closure of
the velopharyngeal port. The soft palate is lowered to produce nasal con-
sonants and vowels. The value of the feature [nasal] indicates whether the

anfl malata chanld ha vaicad ar lawvarad Tha mharsnyw i mareacead her jmanla
SOIT paiar€ SnowG ve raisea or 1I0WereQ. 1ne€ pnarynx is narrowea oy linpie-

menting the feature [+constricted tongue root] and is widened if the feature
is [+advanced tongue root]. The combination [+constricted tongue root,
+advanced tongue root] is not possible. A similar pair of features is asso-
ciated with narrowing and widening the glottis; the features are [spread
glottis] and [constricted glottis]. Again it is not possible for a segment to
have +values for these two features,

The third dass of articulatory manipulations consists of two kinds of
actions: (1) a raising or lowering of the larynx through contraction of the
suprahyoid muscles or strap muscles, leading to a generalized stiffening or
slackemng of the vocal folds and of the soft tissue surfaces of the vocal fract
above the glottis, and (2) independent adjustment of vocal fold tension by
contraction of the cricothyroid muscle, causing a stretching of the vocal
folds. These two methods of adjusting the larynx have been described in
section 1.1.2. Thus there appear to be two features that underlie these
adjustments of stiffness or slackness of the vocal tract walls and of the vocal
folds. We call these features [stiff vocal folds] for direct adjustment of vocal
fold tension, and [slack vocal folds] for adjustments of stiffness or slackness
of the pharyngeal walls and the vocal folds by contraction of the strap mus-
cles or-the suprahyoid muscles. In contrast to the features specifying the
movements of the articulators in the first two classes, that is, in the oral and
in the pharyngeal and laryngeal regions, these features govern the stiffnesses
of surfaces rather than the control of orifice positions and sizes within the
vocal tract.

The feature [stiff vocal folds] gives rise to an increase in the fundamental
frequency of vocal fold vibration relative to a lower “resting” frequency. For
vowel segments, it is one of the features that specifies fundamental frequency
contours in tone languages. The feature [slack vocal folds] is normally imple-
mented for obstruent consonants. For an obstruent consonant with [—slack
vocal folds], the stiffening of the vocal tract walls and of the vocal folds as
the larynx is raised by suprahyoid muscles accelerates the buildup of pres-
sure during the constricted interval for the consonant, and also inhibits vocal
fold vibration during this interval. On the other hand [+slack vocal folds]
assists in maintaining vocal fold vibration during the consonant. These issues
relating to facilitation or inhibition of glottal vibration for obstruents are
discussed in section 8.4. The feature [slack vocal folds] can also influence the
frequency of glottal vibration during vocalic intervals. For vowels, these two
features are thought to provide two modes for adjustment of the funda-
mental frequency: there are two “registers” defined by [—slack vocal folds]

and by [+slack vocal folds], and within each of these registers the feature

SAACR SRR 10%%ey a8 +22010 &aldl L2 25eT O Cv=aS AT DAl

Phonological Representation of Utterances



252

Table 5.2 List of articulator-bound features, organized into three groups: oral region, pha-
ryngeal and laryngeal region, and surface stiffness in laryngeal and pharyngeal region

Oral region
Round
Anterior
Distributed
Lateral
Low

Back

Pharyngeal-laryngeal region
Nasal

Advanced tongue root
Constricted tongue root
Spread glottis
Constricted glottis

Surface stiffness
Stiff vocal folds
Slack vocal folds

values [+stiff vocal folds] can be active, leading to four different levels of
fundamental frequency.

The list of articulator-bound features is summarized in table 5.2. This list is
organized into three groups corresponding to the three classes of articulators
discussed above. A complete feature description of a segment consists of
the values of these articulator-bound features together with the values of
the features [vocalic) and [consonantal). In the case of [+consonantal] seg-
ments, it is also necessary to specify the articulator-free features [continuant],
[sonorant], and [strident], together with the articulator that produces the
consonantal constriction (i.e., one of lips, tongue blade, or tongue body).

As noted above, the acoustic manifestation of the articulator-free features
[vocalic] and [consonantal] in terms of landmarks provides evidence for the
sequence of vowel, glide, and consonant segments. We will see in chapters 6
to 9 that acoustic evidence for the articulator-bound features for each ‘seg-
ment resides in properties of the acoustic signal in the general vicinity of the
landmark or landmarks for that segment.

We can regard a landmark as a point in time when specified articulators
achieve approximations to particular intended positions or configurations,
or, in the case of consonants, when they produce constricting or releasing
movements, The articulator-bound features for the landmark describe these
intended positions, configurations, or movements. However, more often than
not the acoustic correlates of these features are dependent on the adjacent
segments, and it is necessary to examine acoustic attributes of the sound
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Table 5.3 Feature values for some vowels and glides in English

Feature i 1 e ¢ ® a » 0o 4 v u = wij h]
Vocalic +

+

Lo+
L+
L+
o+
+
+
+
+
+
+

I

I

I
+

|
+ 1+ 1+

Advanced tongue

Constricted tongue

Stiff vocal folds
Slack vocal folds

over time intervals preceding and following the landmark in order to make
.inferences about the intended articulatory states at the landmark. In chapter
1 it was observed that the time taken for an articulator to move toward a
target configuration from a previous position or to move to a future position
from a target is usually in the range of 70 to 100 ms or even greater. There-
fore one may need to examine attributes of the signal over a time interval of
70 to 100 ms or more on either side of the landmark to be able to estimate
the articulator-bound features for that landmark.

The feature values for a number of vowels and consonants in English are
listed in tables 5.3 and 5.4, respectively. The glides are included in table 5.3.
The syllablic /1/ (as in the word apple) is included in table 5.3 as an example
of a syllabic consonant. For the affricate segments /&/ and /j/ in table 5.4, the
features [Fcontinuant] are assigned. As will be seen in section 8.2, this
assignment of both [—continuant] and [+continuant] reflects the fact that
these segments are produced with an initial complete closure of the airway
with the tongue blade, followed by a release of just the anterior part of the
constriction (the [—continuant] phase). An interval of continuous turbulence
noise then occurs, followed by a second release of the entire tongue blade
(the [+continuant] phase).

A number of entries are left blank in tables 5.3 and 5.4. There are several
conventions for omitting feature values. In some cases it is not possible to
implement a particular feature when other features are in the same segment.
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For example, the feature [strident] is only relevant when continuous turbu-
lence noise is being generated at a constriction, and hence this feature is not
specified for segments that are [+sonorant] or [—continuant]. If a particular
feature in a segment is not distinctive in English, then it is usually omitted. A
feature is distinctive if it can potentially be used to distinguish between
words in a language, all other features in the segment being the same. Thus
the feature [back] is distinctive for vowels in English. An example is the
word pair bet and but. However, the feature [nasal] is not distinctive for
vowels in English and therefore is not specified. For consonants, [nasal] and
[lateral] are not specified for segments that are [—sonorant]. There are restric-
tions on which features for consonants (in English) are specified depending
on whether the major articulator for the consonant is the lips, the tongue
blade, or the tongue body.?

Phonological Representation of Utterances



Vowels: Acoustic Events with a Relatively
Open Vocal Tract

We turn now to an examination of the various acoustic properties that can

result when the vocal tract is in a rp]ahuplv open mnﬁmwnhnn We have
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seen in chapter 2 (section 2.1.7) that there is a limiting cross-sechonal area of
the constriction in the vocal tract below which the acoustic resistance and
acoustic mass of the constriction will show a significant effect on the spectrum
of the sound output relative to the spectrum for a less constricted configura-
tion. With a constriction that is too narrow there may be a modification in
the amplitude and spectrum of the glottal source and a reduced amplitude
and increased bandwidth of the first-formant spectral peak and possibly of
other formants. (See discussion of glides and liquids in sections 9.2 and 9.3.)
The constriction size for which this condition occurs is generally in the range
of 0.2 to 0.4 cm?. In our discussions in this chapter, we are concemned pri-
marily with sounds produced when the narrowest point in the vocal tract is
not sufficiently constricted to cause this effect on the sound output when the
acoustic source is the volume velocity resulting from modal (or pressed)
vocal fold vibration, that is, for modes of vibration for which the average
airflow is not large enough to cause a significant pressure drop at the con-
striction. These configurations are normally associated with syllabic nuclei or
vowels.

Since the pressure drop across the constriction is small, negligible noise is
generated due to turbulent airflow in the vicinity of the constriction. Thus
the principal source of sound is in the vicinity of the glottis. In this chapter
we are concerned with situations in which the vocal folds are vibrating to
yield a quasi-periodic source of volume velocity at the glottis. In section 8.3
we discuss the properties of the sound when there is a noise source near the
glottis, as a result of turbulent airflow near the glottal constriction.

Several kinds of articulatory manipulations are available for producing
distinctively different acoustic characteristics for vowels. The shape of the
vocal tract between the glottis and the lips can be manipulated through
adjustment of the position and configuration of the lips, the tongue blade,
the tongue body, and the tongue root. Various adjustments can be made

to the state of the laryngeal structures to produce different glottal source

characteristics. And a velopharyngeal opening can be created to introduce
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acoustic coupling to the nasal cavity. These characteristics can also be pres-
ent in the sound during the time intervals immediately preceding or follow-
ing a constricted consonantal configuration. Acoustic properties in these
time intervals can often indicate features of the consonant, as discussed in
chapters 7, 8, and 9.

In the following sections we examine the kinds of acoustic distinctions
that are produced by various manipulations of the articulatory and laryngeal
structures. We review some data on the responses of listeners to sounds with
these acoustic properties, and we comment on the physiological responses of
the ear to these sounds.

6.1 FORMANT BANDWIDTHS FOR VOWELS

As has been shown in chapter 3, when the source of sound is a volume
velocity source at the glottis, and when the vocal tract can be regarded as a
tube with no side branches and no cross modes, the transfer function from
the source volume velocity to the volume velocity at the mouth opening
is an all-pole function. The transfer function is completely defined, then, by
the frequencies and bandwidths of the poles. When the vocal tract shape is
modified by adjusting the position of the tongue body and other structures,
the frequencies of the poles, or formants, shift to new positions, and there
may be changes in the bandwidths of the formants. Much of the discussion
in this chapter is concerned with relations between vocal tract shapes and the
formant frequencies. However, under some circumstances, the formant band-
widths can play a role in determining the spectrum shape that results from
ulanipl.uauﬁﬁ of the vocal tract Cﬁl‘mg‘ufanun

The formant bandwidths are determined by the acoustic losses in the
vocal tract. As has been shown in section 3.4, these losses can arise from
many sources, including the vocal tract walls, viscosity, heat conduction, and
radiation. The contribution of each of these sources of loss to the formant
bandwidths is roughly the same for different speakers, except for differences
in scale. Each of these loss mechanisms has a different dependence on fre-
quency, with the wall losses tending to dominate at low frequencies and
radiation loss dominating at high frequencies. Some examples of the contri-
bution of these losses to formant bandwidths have been given in section 3.4.

Measurements of the average formant bandwidth resulting from these
four sources of acoustic energy loss, plotted as a function of frequency, are
given in figure 6.1 (Fant, 1962, 1972; Fujimura and Lindqvist, 1971). The
data in the figure were obtained from sweep-tone measurements, in which
estimates of the transfer function were made by applying a transducer to the
neck surface and measuring the sound pressure radiated from the mouth

1|ﬂlhﬁ a sinenidal saures Tha olatbie wrae slnead whan thas maacuramante
1ify @ SUlUSUIUGA SUMILC, 110 BIUtuds vwas Wustl Wil uiC AabuiCliclis

were made. Two figures are shown, one for the first-formant frequency (figure
6.1b), and the other for a wider range of formant frequencies (figure 6.1a).
These bandwidth data are in reasonable agreement with data of House and
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Figure 6.1 Measurements of formant bandwidths for a variety of vowels with a cdlosed-glottis

condition. The data in (a) were obtained using a sweep-tone method (Fant, 1962), and cover a
range of vowel formants. The first-formant bandwidths in (b) were obtained by Fujinura and
Lindqvist (1971), also using a sweep-tone method. Average curves are given for male and female
speakers.

Stevens (1958), who obtained formant bandwidths for a closed glottis con-
figuration by measuring the decay rate of the vocal tract transient response.
Average values of the bandwidths of the first three formants for several
vowel configurations were 54, 65, and 70 Hz, respectively, with the first-
formant bandwidth varying from 39 to 73 Hz for different vowels. In the
high-frequency range above about 2000 Hz, a major contributor to the band-
width is acoustic loss due to radiation. Figure 6.1a shows that there is consid-
erable variability in the formant bandwidths at these frequencies, depending

Vowels
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primarily on the size of the mouth opening and on the cavity affiliation of
F2, F3, and F4. In the first-formant range there is less variability, and some
differences between male and female speakers can be observed. In the curves
in figure 6.1b, there is a slight upturn at low frequencies, due to the effect of
wall losses. There is a more abrupt upturn at high frequencies (in figure 6.1a)
due to radiation losses. For certain vocal tract configurations, the bandwidth
of a particular formant may deviate somewhat from the average curves in
figure 6.1, as shown by scattering of points. For example, the bandwidth of
the third formant for some vowels which have a relatively large mouth
opening is relatively wide because of the increased losses due to radiation
from the mouth (Fant, 1972).

The closed-glottis bandwidths in figure 6.1, as well as those reported by
House and Stevens (1958), are somewhat greater than the bandwidths calcu-
lated for some simple resonator shapes, in table 3.1. Those shapes are a uni-
form cylindrical tube and a tube constricted near the open end. Actual vocal
tract shapes are not cylindrical, and would have a greater surface area and
hence greater acoustic osses at the walls.

In addition to losses arising from viscosity, heat conduction, wall impe-
dance, and radiation, there may be losses at the glottis and at a narrow vocal
tract constriction when there is flow through the constriction. These contri-
butions to formant bandwidths (described in sections 3.4.5 and 3.4.6) depend
on the glottal configuration used by the speaker and on the subglottal pres-
sure, and may vary somewhat from speaker to speaker. Acoustic losses at the
glottis can add substantiaily to the bandwidths of the first and possibly the
second formant, Bandwidths estimated by fitting resonance curves to spectra

thne Ll ..l
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given in figure 6.1 (Dunn, 1961). It is not unusual for the bandwidth at low
frequencies to be two to three times the value given in figure 6.1 if the glottal
configuration for the speaker is such that there is a glottal opening through-
out the cycle of vibration (cf. K. N. Stevens and Hanson, 1995; Hanson, 1997).

Increases or decreases in the bandwidth of a formant can influence the
prominence of the spectral peak corresponding to that formant. The peak—l:o-

vaucy l'ﬂl'lU IUI' two aujacent Iormant Pea.Ks m [ne Irlag]'umae 01' tne Vocal
tract transfer function when the formants are equally spaced is given by
25/nB, where S is the spacing (in hertz) between the formants and B is the
bandwidth. (See also section 3.5.2.) Changes in the bandwidth of a formant
can have a marked effect on this peak-to-valley ratio.

As we consider the effects of various articulatory manipulations on the
formant frequencies for vowels, we will, in particular cases, comment on the
possible influence of formant bandwidth changes on the spectrum shapes.

The principles underlying the relation between vocal tract shape and formant
frequencies have been discussed in section 3.3 of chapter 3. If one begins
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Figure 6.2 Midsagittal vocal tract configurations for the high vowels £/ (left) and /u/ (right).
Adult male speaker of English. (From Perkell, 1969.)

(v

with a uniform tube that is closed at one end (the posterior end, or the glottis)
and open at the other (the lips), then narrowing of the cross-sectional area in
the front part of the tube, or widening of the cross-sectional area in the back
half, results in a decrease of the first-formant frequency F1. The decrease of
F1 is accentuated if both of these changes occur, that is, a narrowing of the
front part of the tube (corresponding to the vocal tract anterior to the velo-
pharyngeal region), and an increase in the volume of the back part of the
tube (corresponding to the pharyngeal region). A narrowing in one part of
the vocal tract will automatically be accompanied by a widening in other
parts, since there is a constraint that the vocal tract volume is roughly con-

nl-nn‘ an nl\canrnf‘ in cochion T 1 2 A QIHM I»l'\o antormnr l‘lﬁl‘ I\‘ ’kﬂ \!Af‘ﬂl "'FQA

length is horizontal, the narrowing in this region is accomplished most effec-
tively by raising the tongue body, so that the dorsum of the tongue on the
midline approaches to within a few millimeters of the hard or soft palate.

Sketches of midsagittal vocal tract configurations for two vowels with a
raised tongue body are shown in figure 6.2. These vowels are referred to as
high vowels, since the tongue body is in a raised or high position The high
tongue body position is most readily achieved by adjusting the mandible
to a raised position as well as by raising the tongue body in relation to the
mandible. The combination of the acoustic compliance of the volume behind
the narrowing and the acoustic mass of the narrow air passage between the
dorsum of the tongue and the palate leads to a low-frequency first formant.
The high vowels in figure 6.2 are produced with a fronted tongue body (the
vowel /i/ on the left) or with a backed tongue body position (the vowel /u/
on the right).

§=Z=1

As the tongue body is raised to decrease the cross-sectional area of the con-
striction formed between the dorsum of the tongue and the palate, F1
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decreases in frequency. If the vocal tract is assumed to have hard walls, the
frequency of the first formant is approximately that of a Helmholtz reso-
nator, as discussed in section 3.3.3. This frequency is given approximately by

FI'=— 1/%: (6.1)

where ¢ = velocity of sound, V = volume behind the constriction, and ¢, and
A; are the length and cross-sectional area of the constriction. As has been
shown by Fant (1972), and as noted in section 3.4.2, an assumption of hard
walls is not valid at low frequencies, and the mechanical mass of the vocal
tract walls plays a role in determining the lowest natural frequency. A better
approximation for the actual F1, for typical vocal tract wall characteristics, is
given by

Fi= V (F1')2 + F2, (6.2)

where F. is the lowest natural frequency of the vocal tract when there is a
complete closure. The value of F. is in the range of 150 to 200 Hz for an
adult, depending on the size of the vocal tract (Fant, 1972). We have seen in
section 3.4.2 that the wall effects cause F1 to be less sensitive to constriction
size than it would be if hard walls were assumed for the vocal tract.

The principal articulatory maneuver for producing a first formant that is in
the required low-frequency range for a high vowel is to raise the tongue
body to create a relatively narrow constriction of sufficient length (roughly
4 cm for an adult) in the oral cavity. Since the vocal tract volume remains
about constant, this raised tongue body position leads to a large volume in
the pharyngeal region relative to the pharyngeal volume when the vocal
tract is in a neutral configuration with no major constriction. In terms of per-
centage change, this pharyngeal volume is rather insensitive to changes in
the constriction size when the tongue body is high, and consequently it is
the constriction size and length that are the principal determinants of F1. The
high tongue body position is achieved in part through contraction of the
posterior fibers of the genioglossus muscle, which widens the vocal tract in
the pharyngeal region and causes an upward displacement of the tongue
body (Baer et al., 1988).

With a raised mandible, we have seen (section 1.1.3.4) that the total vocal
tract volume is about 50 em? for an average adult female and about 70 cm?
for a male. The volume of the cavity behind the constriction formed by the
tongue body when a high vowel is produced forms a substantial fraction of
this total volume, and is probably in the range of 40 to 60 cm?® for a male,
depending on whether the tongue body is in a fronted or a backed position
(Baer et al,, 1991). For example, if we select a value of V in equation (6.1) of
50 am® and a constriction with a length of 4 cm and a cross-sectional area of
0.4 cm?, F1' is about 250 Hz from equation (6.1), and F1 from equation (6.2)

(after correction for the wall impedance) is about 310 Hz. Reducing the con-
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striction size to 0.2 an? causes a lowering of F1 to about 250 Hz. Thus we
observe considerable stability in F1 over this 2:1 range of constriction areas.

In the case of the vowel with the more backed tongue body position, the
volume behind the tongue body constriction is somewhat less than it is for
the more fronted vowel. Consequently the first-formant frequency from
equations (6.1) and (6.2), assuming that the only constriction is the one
formed by the tongue body, is somewhat higher than the values calculated
above for the fronted vowel. However, by narrowing and lengthening the
lip opening, an additional acoustic mass is created, and the actual FI is
decreased relative to this calculated value. (The effects of rounding of the lips
are discussed in more detail in section 6.6.) Again, the influence of the
acoustic mass of the vocal tract walls contributes to the stability of FI to
perturbations in the size of the constriction formed by the tongue body or
the lips.

Another factor that contributes to the stability of FI for vowels produced
with a high tongue position arises from physiological considerations. For a
high vowel, it is estimated that the position of the upper surface of the
tongue body in the midline needs to be adjusted to within an accuracy of
about 1 to 2 mm if the first-formant frequency is to lie within a range of 250
to 350 Hz. This estimate is based on calculation of F1 for Helmholtz reso-
nators with different constriction sizes (making appropriate assumptions
about the cross-dimensions of the vocal tract in the vicinity of the constric-
tion). This degree of precision would be a difficult control task for a speaker
if this adjustment were effected by raising the entire tongue body as a whole
and positioning it at the desired point in space. A different strategy seems to
be used by speakers when they n:gd_l_]gg a high vowel like /i/ (Fujimura and
Kakita, 1978; Perkell and Nelson, 1982). In tlus view, the surface of the front
part of the tongue is shaped and possibly stiffened in a local region near the
midline by means of the intrinsic muscles, and by the upper more vertical
fibers of the genioglossus muscle, so that in the lateral direction the surface
is flat or slightly concave, with a depression in the midline. The tongue body
is then displaced upward by contraction of the appropriate extrinsic muscles

(particularly the lower fibers of the genioglossus muscle) so that the lateral

and dorsal surfaces of the tongue are pressed against the contours of the
hard palate. An open passage is preserved in the midline, however, as shown
in figure 1.22 for the vowel /i/, because of the shaping of the tongue surface
and because of the domed shape of the hard palate in lateral section, as in
figure 1.20b. The shape of the tongue surface in relation to the hard palate is
shown schematically in lateral section in figure 6.3. The cross-sectional area
of the narrow part of the vocal tract is relatively insensitive to the amount of
force exerted by the extrinsic tongue muscles to raise the tongue body.
Some precision is required to shape the tongue surface locally so that it is flat
or has a slight depression of 1 to 2 mm in the midline, but considerable vari-
ability is possible in the degree of contraction of the muscles that cause an
upward movement of the tongue body.
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Figure 6.3 Lateral section of hard palate, with a sketch of the estimated shape of the tongue
surface when the tongue is in the position appropriate for the vowel i/,

The bandwidth of the first formant for high vowels is primarily a con-
sequence of acoustic losses at the vocal tract walls and at the glottis, with
smaller contributions due to viscosity and heat conduction at the walls.
Theoretical estimates, given in section 3.4, show an average F1 bandwidth
for modal voicing that is approximately 80 Hz for high vowels. The band-
width is somewhat greater during the open phase of glottal vibration, and
somewhat less during the closed phase (as shown in figure 6.1). For some
speakers, the glottis does not completely close during a cycle of vibration,
and the average FI bandwidth is greater for such individuals.

Spectra of two high vowels /i/ and /u/ (and, for contrast, a low vowel /a/
having a high F1) are shown in figure 6.4. Spectra are given for config-
urations and fundamental frequencies appropriate for both adult female and
adult male speakers. The waveforms for each of the vowels are displayed
below the spectra. We concentrate here on the shape of the spectrum at low
frequencies, in the range of the first formant. For the high vowels, the first
formant is low and close to the fundamental frequency (F0), whereas for

the low vowels the spacing between F1 and FO is larop and there is a deeper

spectral “valley” in the frequency range below F1. The periodicity at the
fundamental frequency is evident in the waveforms. Within each period, the
damped oscillation at the frequency of the first formant can be seen. There
are just one or two such oscillations per fundamental period for the wave-
forms of high vowels, but several oscillations in the case of the low vowel.
High vowels, then, can be described acoustically as having spectra with

onlv a narrow A‘n(] e]'la"nw Inw.‘rnnnmmr din i in the ensctriim halawr tha firct

only d shallo frequency dip in the spectrum below the first
spectral peak. This property is evident in the examples of spectrograms in
figure 6.5. The spectra for constructing the spectrogram are calculated with
an effective filter bandwidth of about 300 Hz. For the high vowels, the lower
edge of the first-formant prominence is close to the baseline, whereas for the
low vowel there is a substantial gap between the baseline and the lower
edge of the first-formant peak.

6.2.2 Perception and Auditory Response for High Vowels
With our present limited knowledge of the mechanisms of vowel perception,

one can only speculate on possible ways in which the auditory system might
respond to these vowels having a low F1. One possible explanation is based
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Figure 6.4 Spectra of the two high vowels /i/ and fu/ (top and middle panels) and the low
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an adult female speaker (left column) and an adult male speaker (right column). The waveform is
shown below each panel. The window used to calculate the spectrum is shown on each wave-
form. The vowels were synthesized using a Klatt synthesizer (Klatt and Klatt, 1990).

on the concepts of auditory nerve synchrony to the stimulus, as developed

by Srulovicz and Goldstein (1983), Sachs and Young (1979), Young and
Sachs (1979), and Delgutte and Kiang (1984a). Another represents an exten-

and Delgutte and Kiang (1984a). Another represents an exter
sion of the ideas of Chlstowch and her colleagues (Chistovich and Lublin-
skaya, 1979; Chistovich et al., 1979) concerning auditory perception of
vowel-like stimuli with spectral prominences.
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Figure 6.5 Spectrograms of 100-ms portions of the three vowels in figure 6.4 for the simu-
lated male speaker.

A distinguishing characteristic of high vowels is that the first-formant fre-
quency is generally within 100 to 200 Hz of the fundamental frequency

Qin wditary Bltare ab lawr fromiionciac——ab lanet ae doborminad frorme
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physiological tuning curves—have gently sloping skirts (cf. figure 4.14), the
synchrony in the waveforms at the outputs of these filters up to, say, 400
Hz, is expected to be dominated by a single frequency component, probably
the harmonic of the fundamental that is closest with the first-formant spectral
peak. Thus the synchrony of the responses of the low-frequency auditory
nerve fibers is dominated in this low-frequency region by the first formant,
and there is little or no synchrony with the fundamental frequency. That is, if
the waveforms for high vowels shown in figure 6.4 were passed through
the low-frequency auditory filters, a single dominant synchrony would be
observed at the outputs of the different ﬁlters, and this frequency would be
that of the harmonic closest to F1. This is, in effect, the dominant frequency
of occurrence of the waveform peaks in the waveforms below the spectra for
/if and /u/ in figure 6.4. A pattern of synchrony of this type for high vowels
has been reported by Delgutte and Kiang (1984a), although their data on
responses to low-frequency fibers are rather limited. This pattern of response
is in contrast to the response for non-high vowels, for which the first for-
mant is sufficiently displaced from the fundamental component that there are
different populations of auditory nerve fibers that show primary synchrony
with the fundamental frequency and the first-formant frequency. An example
of such a response pattern for the vowel /2/ has been shown in figure 4.19.

s cw

Whether these different response patterns form a firm auditory basis for
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the high/non-high distinction for vowels must await the results of further
research.

The frequency difference between the first formant and the fundamental
frequency for high vowels is generally less than 3 bark for all speakers,
whether they be adult males, adult females, or children (Syrdal and Gopal,
1986). (In the frequency range below 500 Hz, 1 bark is equal to 100 Hz, from
table 4.1 and figure 4.30.) That is, the frequency range within which there is
spectral energy below the first formant is less than 3 bark. For the spectra in
figure 6.4, the differences FI-FO in bark for the three vowels /i/, /u/, /a/ are
0.9, 1.4, and 5.5 for the female examples, and 1.6, 1.7, and 5.2 for the male
examples. As has been discussed in section 4.2.7, Chistovich and her col-
leagues have suggested that there is a mode of auditory analysis for vowels
that estimates the center of gravity of a spectral prominence that spans 3.0
to 3.5 bark without regard to fluctuations of the spectrum within this band.
That conclusion was based on experiments on the perception of vowel-like
sounds with two formants. This concept has been extended to the low-
frequency region for vowels, encompassing a group of the first few harmon-
ics (Traunmidler, 1981; Hoemeke and Diehl, 1994). This mode of analysis
would then interpret a cluster of harmonics that included both FO and F1 as a
single prominence, if the difference FI — FO were less than 3.0 to 3.5 bark.
That is, when a high vowel is processed by such a mode of analysis, the peak
that results from the first formant is the lowest peak. As we shall see later,
the non-high vowels do not have this property.

It is noted that speakers tend to produce high vowels with a fundamental
frequency that is 10 to 20 Hz higher than FO for non-high vowels (Peterson

S B . DR ITmsinn amd Batudlaawl. 10 S -
ana parney, J.vaa, I10USE ana rairvaiiks, 1753) for vacla in citation utter-

ances. This intrinsic effect on FO also occurs in running speech, although the
amount of change depends on the position in the sentence (Shadle, 1985b).
This adjustment of FO would tend to reduce the difference F1 — FO for a high
vowel, and would therefore enhance the listener’s identification of the vowel
as a high vowel.

F o)
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We observe, then, that a number of acoustic, nhvsmlomcal and audltorv
factors combine to define a category of vowels that are produced with a hlgh
tongue body position and a low first-formant frequency. The impedance of
the vocal tract walls contributes to stability of the first formant, the tongue
surface in the lateral direction can be shaped to produce a stable acoustic
output (at least for fronted tongue body positions) that is insensitive to the
degree of contraction for the muscles controlling tongue height, and the

auditory response to sounds with a low F1 appears to have distinctive prop-

erties. Two ways have been suggested of characterizing the auditory re-
sponse to high vowels. One approach is based on the hypothesis that a
sound with spectral peaks that are separated by less than 3.0 to 3.5 bark
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gives a response that is distinctively different from that for a sound with a
wider spacing of the peaks. In the case of high vowels, the spacing between
FO and F1 is generally less than 3 bark, and this is a possible basis on which
the class of high vowels can be specified. Another, possibly related, basis for
defining the class of high vowels is in terms of the synchrony of discharges
of low-frequency auditory nerve fibers. For high vowels, it appears that syn-
chrony with FI dominates the response of these fibers. The effect of these
various factors is to produce a class of vowels that have a relatively stable
acoustic property and that yield a relatively well-defined type of response in
the auditory system.

Within the class of high vowels, there are a number of acoustic and articu-
latory properties that can define other categories, depending on the tongue
body position in a front-back direction, the rounding of the lips, the position
of the tongue blade, the maximum degree of constriction formed by the lips
and tongue, the positioning of the tongue root, and the state of the laryngeal
structures. Some of these categories are described later in this chapter.

6.3 THE NON-HIGH VOWELS: HIGH FIRST-FORMANT FREQUENCY

For non-high vowels, F1 is higher than for high vowels, and the spacing
between FO and F1 is usually greater than 3 bark. There is a significant fall in
the spectrum amplitude below the first-formant peak, as the bottom panels of
figure 6.4 show. The spacing between FO and F1 is sufficient that auditory
nerve fibers with characteristic frequencies near FO show synchrony with
Fo, and their synchrony is not dominated by F1, as it is for high vowels.

an fem a asiotel r ozrenmlecmencs
Fibers with characteristic frequencies in the vicinity of F1 show synchrony

with F1, that is, with the high-frequency fluctuations in the waveforms
shown in the lowest panels of figure 6.4. For non-high vowels there tends to
be a fall in the amplitude of the broadband spectrum below the first-formant
peak.

Within the class of non-high vowels there are two principal possibilities:
low vowels that are characterized by a maximally high first formant, and ron-

low vowels for which the first-formant frequency is intermediate between

that for a high vowel and that for a low vowel, We shall see that each of
these two classes of non-high vowels has its distinguishing articulatory,
acoustic, and perceptual attributes. We consider first the low vowels

6.3.1 Articulatory and Acoustic Characteristics of Low Vowels

When a narrowing is made in the posterior one half of the vocal tract, the

acoustic consequence is an increase in the frequency of the first formant rela-
tive to the value of FI for a vocal tract of uniform cross-sectional area This

S AT vl Ll I 2 ¥ wudes uidans A LA ARLL Wi WIOTOWWLALLIG Gl CH. 1 ALLD

result comes directly from the perturbation theory outlined in section 3.3.5.
This increase in F1 is enhanced if the cross-sectional area in the anterior one
half of the vocal tract is increased. Both modifications of the vocal tract
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Figure 6.6 Midsagittal vocal tract configurations for the low vowels /a/ (left) and /=/ (right).

The horizontal lines show the approximate location of the plane of the surfaces of the upper
teeth. Adult male speaker of English. (From Perkell, 1969.)

shape—the narrowing in the posterior region and the widening in the ante-
rior region—are achieved by constricting the vocal tract in the vicinity of
the tongue root and by lowering the tongue body. Both of these maneuvers
lower the superior dorsal surface of the tongue in the mouth cavity, and
consequently these vowels are referred to as low vowels. Midsagittal con-
figurations for two low vowels /a/ and /=/ are shown in figure 6.6. The
narrowing in the pharyngeal region is especially apparent for /a/. Both con-
figurations show the low tongue body position and wide mouth opening,
which are achieved by lowering the mandible. The place in the pharyngeal
region where the maximum constriction occurs, or the extent of the region
over which the narrowing occurs, can be adjusted by moving the tongue
body in an anterior or posterior direction, as in /e/ and /a/, respectively.

There are several physiological constraints or landmarks that are available
to help a speaker to achieve a stable and repeatable articulatory configura-
tion and a sound output with stable properties for low vowels. The tongue
surface is placed low in the front part of the vocal tract, and this low position
can be guaranteed by ensuring that the lateral edges of the tongue are below
the upper teeth, at least for the teeth anterior to the rearmost molars. That is,
there is no contact between the tongue and the maxilla or these upper
teeth. The lateral edges of the anterior portion of the tongue are usually in
contact only with the lower teeth. Lowering the position of the jaw will
help to achieve this goal. This property of the tongue position for a low
vowel can be observed in figure 6.6, in which the plane of the upper teeth is
shown.

The downward movement of the body of the tongue is achieved in part
by lowering the mandible and in part through contraction of the hyoglossus
muscle, at least for the vowel /a/ (Baer et al, 1988). This muscle projects
superiorly and anteriorly into the sides of the tongue from the superior sur-
face of the hyoid bone, as seen in figure 1.21. Contraction of the hyoglossus

L _f. fomlo e Ll Lo Ph DA vd amd i A mactor
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direction. Additional narrowing in the pharyngeal region is presumably real-
ized by contraction of the pharyngeal constrictor muscles.

Limitations on the minimum pharyngeal cross-sectional area that can be
achieved for low vowels are determined by acoustic and aerodynamic fac-
tors. As in the case of high vowels, as the cross-sectional area at the con-
striction is reduced, a point is reached where airflow through the constriction
during production of the vowel causes a pressure drop across the constric-
tion, and can cause turbulence noise to be generated at the constriction. This
buildup of pressure and possible generation of noise is not consistent with
production of a vowel, and thus the reduction in constriction size for a low
vowel should be limited to cross-sectional areas that are greater than this
critical value. This value is probably in the vicinity of 0.2 to 0.4 em? for adult
vocal tracts, as noted earlier, and as illustrated in figure 1.26. The strategy
for producing a low vowel, then, is to adjust the pharyngeal constriction to
give an F1 that is as high as possible consistent with this limitation imposed
by aerodynamic factors.

The acoustic consequences of narrowing the vocal tract in the pharyngeal
region and widening it in the oral region can be estimated by referring to the
discussion of two-tube resonator models in figures 3.13 and 3.14. The vocal
tract shape for the low vowel /a/ can be approximated by a configura-
tion with a narrow tube at the glottis end and a wide tube at the mouth end.
figure 3.14 shows that a maximum first-formant frequency is obtained when
the narrow and wide tubes have approximately equal lengths. Depending on
whether the back cavity is longer or shorter than the front cavity, F1 will be
primarily associated with the back or the front cavity, respectively. When
the lengths of the two component tubes are about equal, the first-formant
frequency is higher when the ratio of areas of the back and front tubes
decreases. For example, for a tube with an overall length of 17 cm and an
area ratio of 0.1, F1 is about 50 percent higher than its value for a uniform
tube with the same area. An area ratio of 0.1 is a not unreasonable average
value for the vowel /a/ (Fant, 1960; Baer et al, 1991), and a 50 percent
increase in F1 for this vowel relative to a vowel with a uniform configuration
is in rough agreement with acoustic data (Peterson and Barney, 1952). The
minimum pharyngeal cross-sectional area reported for this vowel (for male
speakers) is about 0.6 cm? (Fant, 1960; Baer et al,, 1991). In the case of the
vowel /e/, articulatory data show that the narrowing at the glottal end of
the vocal tract tends to be restricted to a length of about 6 em, with a mini-
mum area that is about 1.0 ecm? (Baer et al, 1991). If this configuration is
represented as a two-tube resonator with a 6-cm tube at the glottal end and
an area ratio of 0.1, then figure 3.14 shows that F1 is about 40 percent higher
than it would be for a uniform tube. Again this estimate is in rough agree-

ment with acoustic data for this vowel. However, since the cross-sectional
area of the vocal tract for this vowel shows a gradual widening beginning in
the pharyngeal region, a two-tube model is only a rough approximation to

the vocal tract shape.
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The reduction in cross-sectional area in the pharyngeal region can have
acoustic effects that influence the bandwidth or the degree of spectral prom-
inence of particular formants. For example, for a low vowel with a backed
tongue body, as in the left panel of figure 6.6, the first formant is often asso-
ciated primarily with the back cavity, particularly for adult male speakers,
who have a greater pharynx length than adult females. (See table 1.1.) That
is, most of the acoustic energy at the frequency of the first formant is stored
in this pharyngeal region. As has been discussed in section 3.4.6, the effects
of the glottal opening on the bandwidth of the first formant can be sub-
stantial for this configuration. This increased bandwidth will occur during
the open phase of the glottal vibration cycle, and the result will be an
increase 