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THE RELATIONS BETWEEN AREA FUNCTIONS AND THE ACOUSTICAL SIGNAL
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Introduction

The topic of this paper i§ to discuss how configurations,
shapes, and detailed outlines of the vocal tract cavity system in-
fluence the acoustic signal and the reverse, how to predict vocal
tract resonator dimensions from speech wave data. As far as the
direct transform is concerned, this is a re-visit to my old field
of acoustic theory of speech production. )

What progress have we had in vocal tract modeling and asso-
ciated acoustic theory of speech production during the last 20
years? My impression is that the large activity emanating from
groups engaged in speech production theory and in signal proces-
sing has not been paralleled by a corresponding effort at the
articulatory phonetics end. Very little original data on area
functions have accumulated. The Fant (1960) Russian vowels have
almost been overexploited. Our consonant models are still rather
primitive and we lack reliable data on details of the vocal tract
as well as of essential differences between males and fémales and
of the development of the vocal tract with age.

The slow pace in articulatory studies is of course felated to
the hesitance in exposing subjects to X-ray radiation. Much hope
was directed to the transformational mathematics for deriving area
functions from speech wave data. These techniques have as yet
failed to provide us with a new reference material. The so-called
inverse transform generates "pseudo-area functions" that can be
translated back to high quality synthetic speech but which reméin
fictional in the sense that they do not necessarily resemble natu-
ral area functions. Their validity is restricted to non-nasal,
non-constricted articulations and even so, they at the best retain
some major aspects of the area function shape rather than its exact
dimensions. However, some improvements could be made if more rep-
resentative acoustic models than LPC analysis are considered.

Once a vocal tract model has been set up it can be used, not
only for studying articulation-to-speech wave transformations, but
also for a reverse mapping of articulations and area functions to
fit specific speech wave data. These analysis-by-synthesis re-
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mapping techniques, as well as perturbation theory for the study
of the consequences of incremental.changes in area functions or
of the inverse process, are useful for gaining insight in the
functional aspect of a model. However, without access to fresh
articulatory data the investigator easily gets preoccupied with
his basic model and the constraints he has chosen.

The slow advance we have had in developing high quality syn-
thesis from articulatory models is in part related to our lack of
reliable physiological data, especially with respect to consonants,
in part to the difficulty involved in modeling all relevant fac-
tors in the acoustic production process. The most successful
attempf to construct a complete system is that of Flanagan et al.
(1975) at Bell Laboratories. A variety of studies at KTH in
Stockholm and at other places have contributed to our insight in
special aspects of the production process such as the influence
of cavity wall impedance, glottal and subglottal impedance, nasal
cavity system, source filter interaction, and formant damping.

From area function to the acoustic signal

The acoustic signal or, in other words, the speech wave is
the product of a source and a filtering process. The most common
approach is to disregard the source and relate a vocal tract area
function to a corresponding formant pattern only, i.e. a set of
formant frequencies Fl F2 F3 F4, etc. This correspondence is il-
lustrated by Fig. 1. I shall not go into the mathematics of the
wave equations and the equivalent circuit theory. Instead I will
attempt to develop a perspective around some basic models and cur-
rent problems.

To derive an area function from X-ray data on vocal tract
dimensions is by no means a straightforward procedure, see Fant
(1960; 1965) and Lindblom and Sundberg (1969).

The estimation of cross-sectional shapes and dimensions in
planes perpendicular to the central pathway of propagation through
the vocal tract has to rely on crude conventions and involves un-
certainties, e.g. with respect to variations with articulation
and for different types of subjects. The lack of basic data is
especially apparent for female and child speech and for consonants,
e.g. laterals and nasals. In spite of the accessibility of the
speech wave to quantitative analysis there is a similar lack of
reference data concerning the acoustic correlates. Most studies
have been concerned with male speech and vowels.
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Figure 1. Principle illustration of vocal tract sagittal view with

area function and corresponding resonance frequency

pattern.
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Figure 2. Three-parameter vogcal tract model (Fant, 1960).
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A specification of an area function as a more or less contin-
uous graph of cross-sectional area from the glottis to the lips
allows detailed calculations of the acoustic response but is not
practical for systematic descriptions. A data reduction in terms
of parametric models brings out the acoustically relevant aspects,
The three-parameter models of Stevens and House (1955) and Fant
(1960) differ somewhat in the details but have the same set of o
parameters, the place of minimum cross-sectional area of the tongue

Amin® 0,88 en?

section, the area at this coordinate, and the length over area

ratio lO/Ao of the lip section.
My model is shown in Fig. 2. The shunting sinus piriformis

cavity around the outlet of the larynx tube was a constant feature

in my model. A weakness is that it is not reduced in volume for

back vowels which does not allow Fl to reach a sufficiently high
value for [a]. Fig. 3 shows the variation of the F-pattern with

the place of tongue constriction. This is a well established

graph which retains basic patterns such as the rise of F2 with

advance of the tongue constriction from back to front up to an

optimal place at a midpalatal location after which F2 drops again.

A limitation of the parameter range to a region bounded by [a],

: ; \ ) o
[ul, and [i] as proposed in several articulatory models, e.q. i 1 m::*:ﬁ é % 'i é i éAT 5 f £ i ﬁ é é i ﬁ ﬁ?
Lindblom and Sundberg (1969), would exclude the standard Swedish om frem glettis @ * "hm‘:;"““.Lkuue;:*mnnﬂm -
pronunciation of the vowel [#] which, contrary to traditional
classifications, has a constriction somewhat anterior to that of
[i] (Fant, 1973). Figure 3. F-pattern variation with constriction coordinate x.

The constriction coordinate is an acoustically more relevant at different sets of lip parameter ll/A1 at constant

classifier than the "highest point of the tongue" of classical constriction area Amin' 'The constriction coordinate is
phonetics. Most stressed vowels have a definite "place of articu- zero at the glottis.

lation" as evidenced by a region of minimum cross-sectional area
which we may exemplify by [i], [ul, [0], [a] ending with a variant
of [2] with major narrowing just above the glottis (Faht, 1960) .
On the other hand, it may be argued that the traditional classifi-
cation in terms of tongue locations and related parameters belongs
to a production stage one step higher up than area functions and
could be directly related to formant patterns.

The [a] and [i] vowels are polar opposites, the [i] vowel re-
quiring a wide pharynx and narrowed mouth, whilst the opposite is
true of [a] type vowels. A production of a vowel [u] requires a
double resonator configuration with a narrow lip opening to. ensure
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a low Fl

as a correlate of a low FZ' These shape aspects are brought out

in the stylized area functions of Fig. 4. A basic issue in acous-

tic phonetics is that it is not possible to produce these vowels
without retaining the major shape aspects of the area functions.
To this extent area functions are predictable from the acoustic

signal as will be discussed in greater detail 1n a later section.

Peter Ladefoged would back me up here with his competence of trans-
forming phonetic qualities to equivalent resonator configurations.
Another basic issue is that the vocal tract filtering is de-

termined by the location of formants only and that the spectrum

"envelope between peaks cannot contain any other irregularities

than those originating from the source function. Minor irregu-

larities in the outline of the area function may have some in-

fluence on formant locations but will not give rise to irregulari-

ties in the spectrum envelope. This is not evident without an

insight in the mathematical constraints imposed by acoustic theory.
It is related to the one-dimensional wave propagation, wavelengths

generally being short compared to vocal tract cross dimensions.
Systematic perturbations of vocal tract area functions will be
discussed in a later section.

Highly simplified area functions of fricatives (or corre-

sponding stops) and their filtering functions are shown in Fig. 5.

As discussed by Fant (1960), the "compact" sibilant [[] or the

stop [k] has a definite cavity in front of the major constrictions

which accounts for a central dominance of the spectrum, usually a
single formant, if the cavity is abruptly terminated by the con-
striction. The [s] or [t] has a narrow channel of a few centi-
meters length behind the source which may combine with a small
front cavity to produce resonances above 4000 Hz which build up
a high-pass filtering. The [f] or [p] has no significant reso-
nance in its closed state.

In general, the cavities behind the source do not influence
the spectrum much, provided that the consonantal constriction is
effective. Resonances of the back cavities may appear if the
constriction tapers off gradually as in palatals or if a palatal
tongue articulation builds up a supporting constriction behind
the lips. Back cavity resonances combine with and are cancelled
by spectral zeroces at complete closure but move away from their

and a narrow constriction between the two major cavities
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Figure 4. Stylized area functions and corresponding spectrum

envelopes of [u] [a] [i] and [e]. The constriction
coordinate is zero at the lips.
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Figure 5. Stylized area functions and corresponding spectra of
three basic consonant categories. The constriction co-

ordinate is zero at the lips.
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zero mates during release and are then more or less free to appear,
In Fig. 6 we can study measured and calculated spectra of [k] and
a palatalized [p'] (Fant, 1960). The labial burst spectrum con-
tains peaks at around 2-3 kHz but has a free spectral minimum at
1400 Hz. 1In contrast, the [k] spectrum has a single formant peak
around 1400 Hz. It is interesting to note that the calculations
from the area function data back up the measured spectra. We need
more studies of this type.

Vocal tract boundary constraints and dynamics

The simplified static models relating a single area function
without parallel branches to a set of formant frequencies have
obvious limitations. On a higher level of ambition we must include
proper boundary conditions such as radiation load and a finite
coupling to the subglottal and nasal systems. In order to predict
formant bandwidths we must consider the energy loss during an
oscillatory cycle of a formant associated with "loss elements"
on the surface of the vocal tract resonator system and other dis-
sipative elements (Fant and Pauli, 1975). Source functions must
be defined with respect to place of insertion in the vocal tract,
their spectrum or waveform, and the degree of coupling to other
parts of the system (Stevens, 1971). 1In addition, these proper-
ties are highly time variable within a voice fundamental period
(Fant, 1979) and within intervals of transition from various
states of the glottis or of other terminations of the vocal tract.
Rapid opening and closing gestures pose specific problems in re-
lating area functions to acoustic data. In a proper analysis of
connected speech we need two sets of acoustic variables: the con-
tinuous variations of the F-pattern as a correlate of the continu-
ous movements of the articulators and the often abruptly varying
patterns of spectral energy distributions associated with discrete
events of production.

The acoustic production model of Fig. 7 may serve as a start-
ing point for a brief discussion of these problems. First of all,

we should note an important element in converting area functions

to a filter function. The walls of the vocal tract are not rigid.

They may expand during a voiced occlusion as represented by the
element Cw in the equivalent circuit of a small slice of the area
function, Fig. 8, and they have a finite mass Lw which adds to the
tuning of vocal resonances and which dominates the impedance of
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Figure 6. Calculated (solid line) and measured (broken line) stop
release spectra of a velar [k] and a palatalized [p'].
The minimum in [p'] at 1400 Hz is a free zero in the
sub-lip impedance whilst the main formant of [k] is a
mouth cavity formant. After Fant (1960).
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Figure 7. Block diagram of the production}of voiced sounds illu-
strating the principle difference between an ideal source

Us and a glottal flow Ug.



88 SPeEcIAL LECTURE

A(x)

ax’

Rix) Lix)

va(x)

Cwix)
Rw (x)

Clx)
Rwo (x) XT
o 4

Figure 8. Lumped constant approximation of a small slice of the

area function.

the shunting branch at frequencies above 40 Hz. A small fraction
of sound is radiated externally from the outside of the head
through Rwo' It is negligible except as a constituent of the
voice bar of a voiced occlusion.

Disregarding the cavity wall mass element Lw’ calculations
would provide F1 = 0 for an area function starting and ending with
complete closure. The finite Fl of around 150-250 Hz found in the
spectrogram of the voiced occlusion is determined by the resonance
of the entire air volume compliance in the tract with the total
lumped cavity wall mass shunt. This resonance can easily be meas-
ured acoustically (Fant et al., 1976) and amounts to Flw = 190 Hz
with a bandwidth of Blw = 75 Hz, typically for a male voice, and
around 20% higher for females. The wall mass element Lw is thus

an important constituent in calculating F, from the area function.

1
The procedure is to start out with a derivation of an ideal Fli
without mass shunt and add a correction factor

_ 2 2,1/2
Fl = Fli(l + Flw/Fli ) (1)

The distribution of the wall impedance along the vocal tract
and its dependence on particular articulations are not known.
The experiments of Fant et al. (1976) suggest that regions around
the larynx and the lips are especially important. Experiments by

Fant &9

Ishizaka et al. (1975) provide data of the same order of magnitude
but have not revealed conclusive distribution patterns.

The resistive component Rw in the cavity wall branch deter-
mines a major part of the bandwidth B1 of low Fl formants. The
resistive part of the radiation load which is proportional to
frequency squared is the essential bandwidth determinant of res-
onances above 1000 Hz originating from an open front resonator.
Internal surface losses from friction and heat conduction enter
through the elements R and G in Fig. 8. They are proportional to
the half power of frequency and to the inverse of the cross-
sectional area. A detailed analysis of formant bandwidths and
their origin appears in Fant (1972), Fant and Pauli (1975), and
Wakita and Fant (1978).

The time variable glottal impeéance accounts for variations
of formant frequencies and bandwidths within a voice fundamental
period (Flanagan, 1965). A more detailed analysis of glottal
damping requires a reconsideration of the process of voice genera-
tion (Fant, 1979) and adoption of perceptual criteria for deriving
equivalent mean values (Fant and Liljencrants, 1979). The main
excitation of the vocal tract occurs at the instant of interrup-
tion of glottal flow by glottal closure. At this instance, damped
oscillations are evoked and subjected to the damping from supra-
glottal loss elements.

When the glottis opens for the next flow pulse the vocal
tract becomes loaded by the time variable glottal plus subglottal
impedance. Providing a resonance mode is much dependent on the
part of the area function immediately above the glottis, the glot-
tal damping becomes severe. This is especially apparent if the
lower pharynx is narrowed thus facilitating an impedance match be-
tween the cavity system and the glottal resistance. A complete
extinction of the formant oscillation in the glottal open interval
may result. This is typical of Fl of the vowel [a] produced at
low or moderate voice effort by a male subject.

In general most of the energy excited during a voice funda-
mental period is lost during the timespan of the following period.
Since glottal resistance decreases with lowered transglottal pres-
sure the damping effect is especially apparent at weak voice levels.
The mean glottal bandwidth in normal voice production is of the
order of 0-100 Hz with 20 Hz as a typical value for male medium
intensity phonation.
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It is apparent that any model of voice production which adopts
the actual flow through the glottis as the primary source will
create problems. With this convention, which happens to apply to
inverse filtering techniques, the source attains components of
formant oscillations and becomes dependent of the vocal tract area
function (Mrayati and Guérin, 1976). Their approach is intended
to define a proper source for a formant synthesizer.

A different approach more suited for production models is to
incorporate the combined glottal and subglottal impedance as a
termination paralleling the input end of the tract and to define
the source as the flow through the glottis which would have oc-
curred with the input to the vocal tract short circuited. This
representation adopted by Fant (1960) preserves a realistic def-
inition of the vocal tract transfer function but fails to take
into account source modifications due to aerodynamic losses in
supraglottal constrictions. In the transition from a vowel to a
voiced consonant there is generally some loss of transglottal pres-
sure which reduces the excitation strength of the voice source.

The interplay of glottal and supraglottal sources associated
with articulatory narrowing and release becomes an important part
of a dynamically oriented theory of predicting acoustic signals
from area functions (Stevens, 1971).

What about the subglottal system? How does it influence
speech? 1In normal voice production the influence appears to be
small. As long as the glottal opening is small and the flow
velocity high, the glottis impedance becomes high compared to the
subglottal impedance. Unless there is a constant leakage bypassing
the vibrating part of the glottis, the subglottal system should
have a minor influence only.

This reasoning is concerned with the modification of the
supraglottal formants only. At the instance of flow interruption
when the glottis closes there is a simultaneous excitation of res-
onances in the trachea and other parts of the subglottal system.
Potential frequencies are 600, 1250, and 2150 Hz for a male voice
(Fant et al., 1972). The transmission losses associated with the
penetration of these components through the walls of the trachea
and the chest to externally radiated sound appear to be sufficient-
ly high to rule out any significance, but this remains to be proved.
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As shown by Fant et al. (1972), subglottal formants may oc-
casionally be seen in spectra from aspirated sound segments, e.g.
in the release phase of unvoiced stops. "Fl-cutback" in the first
part of the voiced interval after release, which appears as a
relative delay in onset of Fl compared to F2 and higher formants,
may be explained as an instance of excessive F1l damping through
an incompletely closing glottis. The upper formants are less de-
pendent on the glottal terminatidn and thus less affected. This
relative weakening of Fl is a filtering effect, whilst the relative
weakness of Fl in a preceding unvoiced, aspirated segment is also
a matter of low source energy in the Fl region. The Fl intensity
reduction is also seen in the terminating periods of a vowel be-
fore the occlusion of an unvoiced stop (pre-occlusion aspiration).

Nasalization and aspiration have similar effects on Fl. 1In .
nasalized sounds the Fl intensity is typically reduced by a spec-
tral zero (Fant, 1960; Fujimura and Lindgvist, 1971). The nasal
model of Fant (1960) produces too high values of the lowest nasal
pole. The possible occurrence of several low frequency pole-zero
pairs is made plausible by the study of Lindqvist and Sundberg
(1972). More anatomical and acoustic data are needed.

In connection with the voice source studies of Fant (1979)
it has been noted that the spectral maximum often seen below Fl
in vowels is a voice source characteristic, which becomes especial-
ly enhanced in contrast to a weak Fl in nasalized or aspirated,
voiced segments. This is especially apparent in a time domain
study. Another way of expressing this finding is to say that
nasal sounds retain more source characteristics than non-nasal
sounds.

If an area function is subjected to a substantial change in
a very short time, one may expect some deviations from the linear
stationary behavior. Point-by-point calculations of resonance
frequencies are still valid but additional bandwidth terms enter
which may be positive or negative. A rapid opening of a con-
striction is accordingly associated with a negative bandwidth
component and a rapid closure with a positive bandwidth component.
The analysis is simple. Consider a flow U(t) through an acoustic
inductance L(t) = Pl/A(t). The pressure drop is:

p(t) = 3, [L()U(®)] = 1’0 + LU’ (2)



92 SPECIAL LECTURE

L' = dL/dt apparently has the dimension of a resistance Ry
-A'
AT (t)

In a single resonator system the bandwidth component associated
with a resistance R in series with an inductance L is simply
R/2TL.

Accordingly, the bandwidth associated with Rd is

_ =A' (%)
Ba = 2ma(t) 4)

which implies a bandwidth component of opposite sign to that of
the rate of change of the area. Fig. 9 illustrates the temporal
course of the bandwidth when a resonator of volume 100 cm3 is

coupled to a neck of length 4 cm and a cross-sectional area A(t)
varying exponentially from closure to complete opening of 2 cm2

with a time constant of 10 milliseconds.

Bl Mz
30 :
W Single tube tirst mode bandwidth
25 Acm?
17.5¢cm
204 Fy =500 Hz
By=t(A)
B, = By + B,
154 17 Fo &
8¢
104
B, Internal Radiation
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Figure 9. Resonator outlet area A, resonance frequency F, and
total bandwidth B as a function of time during an ex-
ponential release with a time constant of 10 milli-

seconds. Bd is the negative dynamic component of the
bandwidth.
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The time varying negative bandwidth overrides the frictional
bandwidth components up to 8 milliseconds after release which could
tend to increase the amplitude of the oscillation during that
period. However - in the speech case there enter additional
positive bandwidth components related to flow dependent resistance
and to cavity wall losses and possibly also glottal losses which
tend to reduce the 'importance of the negative terms. In a de-
tailed analysis of the glottis resistance the dynamics calls for
some decrease of glottal resistance in the rising branch of the
glottal pulse and an increase in the falling branch, as noted by
Guérin et al. (1975). Except for the analysis above, a proper
evaluation of the practical significance has to my knowledge not
been performed. The most detailed thesis on the theoretical
aspects is that of Jospa (1975). I feel that dynamic effects are
of academic rather than practical significance. Of greater im-
portance is probably the mere fact that a rapid transition of a
formant creates a special perceptual "chirp" effect.

Perturbation theory and vocal tract scaling

Perturbation theory describes how each resonance frequency,

Fl F2 F3, etc., varies with an incremental change of the area
function A(x) at a coordinate x and allows for a linear summation
of shifts from perturbations over the entire area function. The
relative fregquency shift 6F/F caused by a perturbation 68A(x)/A(x)
is referred to as a "sensitivity function". We may also define a
perturbation 8Ax/Ax of the minimal length unit Ax of the area
function which will produce local expansions and contractions of
the resonator system. It has been shown by Fant (1975b), Fant and
Pauli (1975) that the sensitivity function for area perturbations
of any A(x) is equal to the distribution with respect to x of the

difference Ekx—pr between the kinetic energy Ekx = %L(x)Uz(x) and
the potential energy pr = %C(X)PZ(X) normalized by the totally

stored energy in the system.

Fig. 10 from Schroeder (1967) illustrates perturbations of
a single tube resonator by changes in the area function derived
from sinusoidal functions. These have been chosen to influence
F1 only (a), none of the formants (b), and F2 only (c). The mid-
dle case is of special interest. There exists an infinite number
of small perturbations applied symmetrically with respect to the
midpoint of the single tube, which will have almost no influence
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Figure 10.
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(c) (after Schroeder, 1967).
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on the formant pattern. In the general case of an arbitrary area
function the rule of symmetry is upset (Heinz, 1967) but there
still exists a tendency of compensatory interaction between front
and back parts (Ohman and Zetterlund, 1975).

Sensitivity function for area perturbations of my six Russian
vowels are shown in Fig. 1l. This chart is useful as a reference
for general use. Given the relative amount of area change, the

corresponding relative frequency shift GFn/Fn is proportional to

A (x)
A(x)
Ekx—pr' As an example we may note that F1 of the vowel [u] rises

the product of and the amplitude of the sensitivity function,
with increasing area at the lips, i.e. decreases with increasing
degree of narrowing and that narrowing the tongue constriction of
[u] causes F, to fall and F, to rise. A narrowing of the outlet
of the larynx tube will apparently have the effect of tuning F4
to a lower frequency.

With the area function sampled at intervals of Ax, e.g.

Ax = 0.5 centimeter for practical use, we may ask what happens
if we increase Ax at the coordinate x by the amount §Ax. The
1o¢al expansion thus introduced causes a frequency shift an/Fn,
which is proportional to =-§(x)/1+6(x) and to (Ekx+pr) of reso-
nance n.

The distribution of (Ekx+pr) is uniform for a single tube
resonator. The effect of a length increase is obviously the same
irrespective of where along the x-axis the tube is lengthened.
An overall increase of the length by, say 6(x) = 0.2, causes a
shift of all resonance by a factor =-0.2/(1+0.2) = -0.17. The same
calculation performed directly from the resonance formula
(2n—1)c/41t, where lt is the total length and ¢=35300 cm/s is the
velocity of sound, would provide the same answer, i.e. a frequency
ratio of 1/(1+0.2)=0.83.

The distribution Ek
measure of the relative dependence of the particular resonance

x+pr along the vocal tract is also a

mode on various parts of the area function. This is the best def-

inition we have of "formant-cavity" affiliations. From Fig. 12

we may thus conclude that most of the energy of the second formant of

[1] is stored in the pharynx, whilst the third formant of [i]
"belongs to" the front part of the system.. F3 of the back vowels
[ul [0] and [a] are associated with a central part of the tract,
and F4 of all vowels has a substantial peak of energy located in
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Figure 11. Sensitivity functions for area perturbations of the
six Russian vowels (Fant, 1960). From Fant (1975b).
The constriction coordinate is zero at the glottis.

AREAFUNCTION AREAFUNCTION

AREAY  » LI (T S Y
=

KIN+ POT ENERGY DENSITY

KIN + POT ENERGY DENSITY

Figure 12. Sensitivity functions for length perturbations of the
six Russian vowels (Fant, 1960). From Fant (1975b).
The constriction coordinate is zero at the glottis.
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the larynx tube. Expanding the length of the pharynx will have a
large effect on F, of [i] and a small effect only on F, and vice
versa for a length expansion of the mouth cavity. This analysis
would apply to the relatively short pharynx of females compared to
males.

If a perturbation of the entire area function is expressed
as a function of as many parameters as there are formants, it is
possible to calculate the change in area function from one F-
pattern to another (Fant and Pauli, 1975). This indirect technique
has been used by Mrayati et al. (1976) for deriving plausible area
functions for French vowels on the basis of their deviation from
my reference Russian vowels. This procedure must be administered
in steps of incremental size with a recalculation of the sensi-
tivity function after each major step. It may involve length as
well as area perturbations.

In practice, when aiming at direct transforms only, it may
be easier to resort to a direct calculation of the response of the
perturbed area functions than to derive it from the energy distri-
butions. The perturbation formulas and especially their energy
based derivations are more useful for principal problems of vocal
tract scaling or for gaining an approximate answer to a problem
without consulting a computer program.

The area functions of male and female articulations of the
Swedish vowels [i] and [u] and corresponding computed resonance
mode pattern in Fig. 13 may serve to illustrate some findings and
problems. The data are derived from tomographic studies in Stock-
holm many years ago in connection with the study of Fant (1965;
1966) and were published in Fant (1975a; 1976). It is seen that
in spite of the larger average spacing of formants in the female
F-pattern related to the shorter overall vocal tract length, the
female Fl and F, of [u] and the Fa of [i] are close to those of
the male. This is an average trend earlier reported by Fant
(1975a), see Fig. 14. Differences in perceptually important
formants may thus be minimized by compensations in terms of place
of articulation and in the extent of the area function narrowing.
Such compensatiéns are not possible for all formants and cannot
be achieved in more open articulations. The great difference in
F, of [1] is in part conditioned by the relatively short female
pharynx but can in part be ascribed to the retracted place of
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Figure 13.
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articulation. It is also disputable whether this particular
female articulation serves to ensure an acceptable [i] or whether
there is a dialectal trend towards [.]. Also, it is to be noted
that X-ray tomography may impede the naturalness of articulations
because of the abnormal head position required.

Much remains to be studied concerning how the vocal tract
area functions of males, females, and children are scaled in actual
speech and what kind of compensation occurs for minimizing per-
ceptual differences or maybe the reverse, to mark contrasts be-
tween age and sex groups.

The lack of reference data on area functions is severe and
the attempts to overcome this lack by means of area function
scaling performed by Nordstrdm (1975) were not conclusive except
to support the general issue that the vowel and formant specific
female-male differences, documented by Fant (1975a), Fig. 14, do
not always come out as a result of the particular scaling assumed.
The agreement was good for F3 and fair for F2 and rather bad for
Fl' The predictability of F3 is expected in view of the high
dependency of F; on length dimensions.

A weakness in the Nordstrdm study is that his [2] and [e]
vowel area functions were interpolated from the Russian [a] and
[e] vowel and accordingly attain a centralized quality not repre-
sentative of the [a] and [&] category vowels which normally dis-
play a very large female-to-male Fl ratio, see Fig. 14.

It is interesting to note that the non-uniform differences
between females and males are paralleled by similar patterns com-
paring tenor and bass male singers. These vowel and formant
specific trends are not only the automatic consequence of dif-
ferent anatomical scalings but also reveal compensations according
to criteria that are not very well understood yet. A promising
project on vocal tract modeling from anatomical data, now carried
out at MIT (Goldstein, 1979), should provide us with fresh in-
sight in female, male, and child differences.

From Goldstein's still unpublished graphs of vocal tract out-
lines I have noted that the length of the pharynx measured from
the glottis to the roof of the soft palate grows from 3.3 cm in
the newborn child to 7.6 cm for the female aged 21 and 10 cm for
the male aged 21. The length of the mouth measured from the back
wall of the upper pharynx to the front teeth (alveolar ridge for the
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newborn infént) grows from 5.5 cm for the newborn infant to 8 cm
for the female of 21 and 8.5 cm for the male of 21. The tendency
of relatively small variations of mouth cavity length with sex
and age is more apparent than anticipated from earlier studies
and would tend to minimize the range of "mouth cavity formant
frequencies”. The radical variations in relative pharynx length
suggest that the relative role of front and back parts of the
vocal tract could be reversed for a small child, i.e. that F2 of
the vowel [i] would be a front cavity formant, whilst F3 is more
dependent on the shorter back cavity. When front and back cavities
are of more equal length, the dependency is divided and the F3/F2
ratio smaller than for males, which is typical of females or
children of an intermediate age.

The inverse transform

As noted already in the introduction, there has been a sub-
stantial amount of theoretical work directed towards the deriva-
tion of area functions from speech wave data. 1In practice, how-
ever, these techniques are limited to non-nasal, non-obstructed
vocal prcductions and the accuracy has not been great enough to
warrant their use in speech research as a substitute for cine-
radiographic techniques. In the following section I shall attempt
to comment on some of the main issues and problems. The usual
technique, e.g. Wakita (1973), is to start out with a linear pre-
diction (LPC) analysis of the speech wave to derive the reflection
coefficients which describe the analog complex resonator. The
success of this method is dependent on how well the losses in the
vocal tract are taken into account. Till now the assumptions
concerning losses have been either incomplete or unrealistic.

Also the processing requires that the source function be eliminated
in a preprocessing by a suitable deemphasis or by limiting the
analysis to the glottal closed period. In spite of these diffi-
culties the area functions derived by Wakita (1973; 1979) preserve
gross features.

In general, a set of formant frequencies can be produced from
an infinite number of different resonators of different length.

We know of many compensatory transformations, such as a symmetri-
cal perturbation of the single-tube resonator. However, if we

measure the input impedance at the lips (Schroeder, 1967) or cal-
culate formant bandwidths, we may avoid the ambiguities. A tech-
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nique for handling tubes with side branches has been proposed by
Ishizaki (1975}.

According to Wakita (1979), the linear prediction method is
capable of deriving an area function quantized into successive
sections of equal and predetermined length providing the LPC ana-
lysis secures an analysis equivalent to M formants specified in
terms of frequency and bandwidth.

An estimation of the total length and of the area scale fac-
tor require additional analysis data. An incorrect length estimate
automatically generates compensatory changes in the area function
which may be appreciable.

LPC analysis is a simple and powerful method of analysis but
it fails in naturalness of representing the production process
and as such is a poor substitute for a lossy transmission line
representation. With the fresh eyes of a non-expert on the inverse
transform, I would attempt to make the following suggestions. One
is that M formants with associated bandwidths could have a greater
predictive power than noted by Wakita. The area scale factor could
be included in addition to the 2M relative areas of his model.

In general, with reservation for possible uniqueness problems,
2M formant parameters - including bandwidths but not necessarily
as many bandwidths as frequencies - would suffice for predicting
2M independent area function parameters.

Thus, adding one more formant frequency to the M pairs of
frequencies and bandwidths would suffice for estimating the total
length of the 2M system. Alternatively, from the 2M formant
measures, we could derive a model guantized into M equivalent tubes
each specified by cross-sectional area and specific length, thus
also predicting the total 1en§th, Fig. 15. The rationale for this
reasoning is that all losses in the transmission line analogs are
unique functions of the area and length dimensions. One could
also design a three-parameter model of the vocal tract as in Fig.
15 with a constant larynx tube. The four parameters (lip parameter
Al/ll, X and Ac' and the total length) would hopefully be pre-
dictable from a specification of Fl, FZ' and F3 and a bandwidth,
say B3, which appears to be more discriminating than Bl and BZ'

| If we omit the total length and sacrifice the bandwidth, we have
- - approached the articulatory modeling of Ladefoged et al. (1978)

Figure 15.

Figure 16.
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which is based on correlational methods for deriving three articu-
latory parameters from Fl, F2, and F3.

In general, bandwidths have less predictive power than fre-
quencies. They are to some extent predictable from formant fre-
1972), 16.

with speaker, voice effort, and laryngeal articulations and are

guencies (Fant, Fig. Furthermore, bandwidths vary
inherently difficult to measure.
Still, The

following examples may serve to illustrate their predictive power

I do not want to rule out the use of bandwidths.
and limitations. First, a test of the uniqueness in predicting
2M area function parameters from 2M formant data. Take the simple
What are the

length and cross-sectional area of a tube with a specified first

case of M=1 which implies a single tube resonator.
resonance frequency and bandwidth? The length is immediately

given by Fl=c/41. As shown in Fig. 17 the area is a single-valued

function of bandwidth providing only one loss element is postulated

If we include both the internal surface

the

and there are
The higher

value could possibly be ruled out as being outside the possible

range of human articulation.

(as in LPC analysis).
losses of a hard-walled tube and the radiation resistance, Figure 17.
bandwidth versus area attains a minimum at 10 cm?

two alternative areas that fit the same bandwidth.

Similar ambiguities could also be
expected in a more complex lossy transmission line model, as
pointed out by Atal et al. (1978).

their treatment of the invariance problem is not quite fair.

one should note that
They
introduce more articulatory parameters than acoustic descriptors
which obviously exaggerate the ambiguities. Next consider a two-
tube approximation of the vocal tract, Fig. 18 (A), with a back
tube of length 8 cm and area 8 cm2

However,

and a front tube of length 6 cm
and cross-sectional area 1 cmz. The formant frequency pattern of
Fl=275 Hz, F2=2132 Hz, F3=2998 Hz, F4=4412 Hz and all higher
formants is exactly the same as that of a two-tube system with the
same areas but the lengths reversed, i.e. a front tube of length
8 cm and a back tube of length 6 cm (Fig. 18 B). This length

ambiguity rule is apparent from the expression for resonance

conditions
A 1 1 Figure 18.
2 i Wiy
KI tg 5 X tg = =1 (5)
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If bandwidths are calculated taking into account both the interior
surface losses and the radiation resistance by formulas given by

Fant (1960), we find that B
low compared to B
to B3.
The physical explanation is that F2 and F4 of the first model are

5 and B, of Fig. 18 (A) are relatively

3 In Fig. 18 (B), B2 and B4 are large compared
The different bandwidth patterns resolve the ambiguity.

essentially determined by the back cavity and by the front cavity
in the second model. The high damping associated with the surface
losses in the narrow tube and the radiation resistance affect B3
of (A) and B2 and B4 of (B).

The two models do not differ in terms of Bl' Theoretically
1 12’ Al' A2 of the
F2, F3 and either B

it would be possible to choose the correct 1

two~-tube model from a specification of Fl’ 5
3 4 Or some combination of B4 and other

bandwidths, e.g. (B2+B4)/B3. In a real speech case the situation

or B, or the ratio B2/B3 or B
might be different if the glottal losses are large and execute
high damping of the back tube resonances.

In practice it may take a ventriloquist to produce something
similar to these two models. Possibly the one with a shorter back
tube would fit into the vocal tract anatomy of a very small child,
as suggested in the previous section.

In conclusion - to improve techniques for inferring vocal
tract characteristics from speech wave data we need a better in-
sight in vocal tract anatomy, area function constraints, and a
continued experience of confronting models with reality -~ a balanced
mixture of academic sophistications and pragmatic modeling.
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DISCUSSION

Hisashi Wakita, Raymond Descout and Peter Ladefoged opened

the discussion.

Hisashi Wakita: 1In determining the interrelationship between
speech articulation and acoustics, we are particularly interested
in the inverse problem, i.e. the estimate of vocal tract shapes
from the acoustic waveform. There are various uncertain factors
in deriving vocal tract area functions from the waveform, but it
is an attractive method, because it is both the safest and easiest.
(The problem with recent articulatory models for vocal tract
shaping is that we do not yet know the exact parameters that con-
trol vocal tract shapes, in terms of articulators, and we do not
have sufficient methods to obtain the data.) One of the most prom-
ising methods is the linear prediction (LPC) method, to estimate
area functions from acoustic data. We do not know to what extent
we can describe the details of the vocal tract shape, but by com-
bining the LPC method with physiological data, we hope to improve
this method.

One problem is the non-uniqueness, i.e. we can generate an
infinite number of shapes having exactly the same frequency spec-
trum within a limited frequency band. To solve the uniqueness
problem we have to impose constraints, physioclogically determined
constraints, or constraints determined by the higher harmonic
structure. So far, the LPC method has been using formant frequen-
cies and bandwidths, and in fact the final area function is some-
times quite sensitive to bandwidth. But we would like to get rid
of bandwidth in the calculations: From the first three formant
frequencies we can obtain the midsagittal view of the vocal tract,
like in the Peter Ladefoged model, and to get at the unique shape
of this midsagittal area function we may employ physiological con-
straints.

Another problem with LPC analysis is the vocal tract excita-
tion and the losses, both within the vocal tract and at its
boundaries, and these problems have to be solved in order to get
more accurate vocal tract shapes. In fact, with the LPC method
we can detect: the closed glottis portion, where the interaction
between sub- and supraglottal cavities is minimized, which makes
for more accurate area functions. A further draw-back of LPC is
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that we have to start from the very simple assumptions of a simple
loss at the glottis and a lossless acoustic tube. On the other
hand, you can make a production model as complex as you wish, -
you can add any realistic losses along the vocal tract or at the
glottis that you like, but as analysis model there is a strong
limitation in incorporating losses and other factors. So at this
moment, the imminent problem is how to attack the loss problems

and the source uncertainties.

Raymond Descout: Very little original data has accumulated

on area functions, because collecting it is difficult, from a
technical point of view. On the other hand, deriving vocal tract
area functions from acoustic data has some disadvantages: with
LPC techniques we only get pseudo area functions, and with acoustic
measurements, which I previously worked on, there is a great prob-
lem in dynamic measurements, especially. Further, interest has
largely centered on the midsagittal view of the tract, but we need
information about the frontal view as well, which may be obtained
with the new techniques of computerized tomography. We need this
information in order to turn the midsagittal view into a three-
dimensional area function, and to determine the shape factors
that are necessary for the introduction of losses in our models.

All the articulatory models proposed are based upon vowel
configurations, and when we try to make dynamic simulations on the
articulatory model, everything that we do not know about the con-
sonants is put into a special coarticulation and transition rule.
We need more information on the consonants.

The acoustic model of the vocal tract is derived from the
propagation equations, based on assumptions of symmetrical, equal
length sections, - but to do an inverse transform you really need
a very appropriate model which includes the shape factors that
are necessary for the loss calculations, because the mathematical
technique involved in the transformation is stupid in the sense

that the result will be adjusted according to mathematical criteria,

but this may not result in a realistic vocal tract. Therefore, I
think that doing inverse vocal tract transforms is premature: we
must work first of all on the proposition of the best production

model, including shape factors and losses, before trying to do
inverse vocal tract transforms.
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Due to the progress made in articulatory modelling and to
the limitations of LPC-techniques, we have witnessed a come-back
of studies on vocal tract and vocal source simulations. To refine
the articulatory model, we need further physiological data.

In conclusion: I do not think that LPC will give us a better
understanding of speech production (it is, however, excellent for
synthesis purposes). We need more studies on the relationship be-
tween articulatory parameters / area functions / vocal tract

shapes.

Peter Ladefoged: Gunnar Fant showed us many years ago that

what is important in characterizing speech are the first three
formant frequencies, and you can even get a great deal of a
speaker's personal quality with just three formant frequencies.
But with the inverse transform, to get as far as eight tubes
(which is only a coarse model of the vocal tract), you need at
least four formant frequencies and their bandwidths, and with
eighteen tubes you need nine formant frequencies and bandwidths,
etc. Now something is wrong here: any phonetician can draw, more
or less accurately, the midsagittal view of a given speaker's
vowels, and we ought to be able to develop an algorithm that will
go from the acoustics to the tract shape. There are of course
problems - we do not actually observe the tract shape, only the
midsagittal dimensions, and there are only very limited sets of
data that tell us how to derive the tract shape from the sagittal
dimension.

The work of Lindblom and others has shown that you can produce
an [i:] with your jaw in a more or less open position, i.e. one
has the ability to control tract shapes using different articulatory
procedures, and it is of great interest to us to know how we
exert that control and less interesting what the muscles do.
Eventually, we have got to be able to go from acoustic structures,
finding out what the tract shape is, and then deducing from that

what the underlying control signals must have been.

Gunnar Fant: I agree with the main points of the discussants.
Inverse transforms cannot make up for our great lack of physio-
logical reference data.

My suggestions for improving inverse transform techniques
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in part supported by the previous discussions are: (1) we should
model the vocal tract in terms of lossy transmission line sections
instead of the simplified LPC model, (2) we should not expect to
generate a larger number of independent production parameters than
we have independent and well specified speech wave descriptors
relating to the vocal tract transfer function. Overspecified
area functions are nécessarily non-unique, whereas a balanced spe-
cification can be, but need not be, unique. With proper model and
parameter constraints, a 32-section area function model may be
generated from a set of 3-6 articulatory parameters and controlled
by the same number of acoustic parameters. It remains to be seen
if we can extract more than four independent acoustic parameters.
(3) The vocal tract total length should be derivable from one extra
independent acoustic parameter.

Our discussion concerning bandwidths is still rather academic
and we appear to share a doubt concerning the specificational value
of bandwidths. Theoretically the set Fl F2 Bl B2 could suffice to
specify a three-parameter model extended with a fourth parameter,
e.g. the total length. This might hold for a resonator model only
but not for a true vocal tract with less predictable bandwidth
sources and the limited accuracy in bandwidth measurements. A more
{ F, F, and B,. Fron

17273 3
my Fig. 16 illustrating bandwidths of Swedish vowels it is seen

efficient set of acoustic parameters would be P

that B3 is a good correlate of degree of lip opening and also
mouth opening. However, vowel bandwidths including B3 are to a
high degree predictable from formant frequencies. The role of
bandwidths in an LPC model is not the same as that of a true vocal
tract model. This is an important distinction. The LPC bandwidths,
e.g. B3, may come out quite different from those of real speech
or from simulations by an improved model. The bandwidths we need
for the inverse LPC based transforms are the bandwidths of a pro-
duction model which has losses at the glottis only and locks the
cavity wall shunt. From the true formant frequencies and band-
widths we thus have to make a best guess of what bandwidths the
LPC model would generate. This is in the line of the recent work
of Hisashi Wakita (1979).
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Kenneth Stevens: With regard to what a male speaker does

in order to compensate relative to the [u:] of a female: if we
define narrow vowels as having so narrow a constriction that tur-
bulence is just not generated, is it conceivable then that males,
who generate a greater air flow than women, cannot round the
vowels as much as can women, and therefore the formants are not

lower than those of women?

Gunnar Fant: It could be, but in Swedish the vowel [u:] as
well as [i:], [y:], and [e:] are generally produced, by males and
females alike, with a diphthongal glide passing through a rela-
tively constricted éhase in which some turbulence may be generated.
I would rather expect different male and female articulations to
be aimed at some criterion of perceptual invariance of which we

do not know too much yet.

Antti Sovijdrvi asked Gunnar Fant what his concept is about

nasalized vowels.

Gunnar Fant: An essential characteristic of nasalization
independent of the specific resonances added is the reduced F1l
amplitude which is especially apparent in an oscillographic ana-
lysis. What appears to be a sub-Fl nasal formant is often a voice

reduction.

Hisashi Wakita: As long as the calculations are based on the
first few formant frequencies, the problems in inverse transforma-
tion are rather equivalent with different methods. To uniquely
determine a six tube vocal tract shape, LPC usés the first three
bandwidths. If you want a smooth area function, you have to speci-
fy one of the higher frequency characteristics, and to do that you
have to impose some kind of constraint, which is what Dr. Ladefoged
does. And whatever the method, if you do not want to use band-
width, you have to use some other kind of information to uniquely
determine the spectra, and any information will do as long as you
are able to reconstruct the original spectrum with its original

|
|
source feature which is relatively re-inforced because of the Fl |
bandwidths - so bandwidth is in fact a very important parameter.
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Gunnar Fant: It would be interesting to see how far you
would get if you started out with Fl, F2, and F3 and then predicted
Bl, B2, and B3 from the formulas that I have.

Peter Ladefoged: I have tried using Hisashi Wakita's formulae

with Gunnar Fant's type of predicted bandwidths (and other band-

widths from the literature), and it did not work, - I got absoluteh
impossible vocal tract shapes. Regarding Atal's vocal tract shapes
that produce identical formant frequencies: some of them are quite

impossible, the tongue just cannot produce some of those shapes.

John Holmes: I wish to emphasize the difficulty of mathe-
matically deriving the vocal tract from the speech waveform, be-
cause we know too little about the glottal source. Gunnar Fant
emphasized that the closed glottis portion is better suited than
the open glottis portion to work out the supraglottal character-
istics, but (as can be seen on the Farnsworth vocal chord movie
of about 1940 and from Tom Baer's work), even when the vocal chords
are closed there is sufficient ripple and surface movement for
there to be an effective volume velocity input into the vocal
tract, which means that your resultant waveform is never a force-
free response, - and this is one of the things that makes band-
widths so difficult to estimate, because it is quite possible that
ripple in vocal chord surface could actually be causing the formant
amplitude to be still building up even, in exceptional cases,
during the closed glottis period. I think this supports the view
that we have to work from much more basic information and use
articulatory constraints rather than to derive vocal tracts by
purely mathematical techniques from some artificial and unrealistic
production model.

Gunnar Fant: I can only agree with your statements. It is
necessary to learn more about the human voice source in order to
improve our methods of inverse transforms.

Osamu Fujimura: We can obtain cross-sectional vocal tract
shapes with the regular computerized tomography, but only at great
costs, because the X-ray dosage is tremendously high, a require-
ment of brain diagnoses that demand a very good density solution.
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But I think the machine can be adjusted and the X-ray dosage re-
duced for our purposes, where we are really only interested in
the distinction between matter and air.

Mohan Sondhi at the Bell Laboratories has proposed an acoustic
impedance measurement using an impulse-like excitation at the
lips, which can give us complete information about the area func-
tion of the vocal tract, because we obtain two sets of infinite
series, i.e. the poles and the zeroes of the impedance function
that together uniquely determine the vocal tract shape, without
having to assume or measure losses. I think that there is one
major difficulty with this technique: the subject articulates
silently, i.e. he has no auditory feed-back, and we cannot be sure
about the actual gestures. That problem can be overcome if we
simultaneously monitor the vocal tract with e.g. the X-ray micro-

beam method.

Gunnar Fant: The micro-beam system will certainly provide us
with excellent data about speech articulation, but will it provide
us with all the details that we want about the vocal tract, like

the exact dimensions of the pharynx and larynx cavities?

Osamu Fujimura: We can obtain data on cross-sectional shapes,
because we can place pellets also outside the midsagittal plane, -
the only constraint being that we cannot use too many pellets at
the same time, which will increase the X-ray dosage, but it is
not easy to place pellets on the pharyngeal walls, which is a
limitation of the method. However, we have a new stereo-fiber-
scope which can be used for three-dimensional optical observa-
tions of the pharynx, and I hope in the future to be able to de-
velop a technique that will supplement the X-ray technique with
this kind of optical information.

Raymond Descout: I am presently working with a prototype

CT (computerized tomography) scanner, which scans in five seconds,
énd we are trying to lower the X-ray dosage to ten percent the
normal dosage, because all we need is to see the difference be-
tween air and flesh. There is still a problem with the CT techni-
que, though, and that is determining exactly the position of the
slice relative to the skin and the rest of the person.




