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Abstract
A parametric model for the voice source is described which includes the acoustic
interaction between the glottal source and the subglottal and supraglottal acoustic
systems.

The acoustic theory of speech production, as first proposed, and as generally now
implemented in formant-based speech synthesis, models the speech production
mechanism during vocalic sounds with three relatively independent subsystems. These
subsystems, shown diagrammatically in Fig. I-A-1, are (1) the respiratory system, which
produces a slowly varying tracheal air pressure, (2) a time-varying glottal flow resistance
(more properly, a complex impedance) whose valving action creates quasi-periodic air
pulses, and (3) a supraglottal vocal tract that shapes the spectrum of the glottal flow
pulses. Though each of these systems interacts with the other two systems to some
degree, order-of-magnitude calculations, model studies and early measurements have
indicated that for many applications it is sufficient to consider these three subsystems as
operating independently, at least during voiced sounds with no strong supraglottal oral
constriction (Fant, 1960; Flanagan, 1972).
However, as we look for more precise models of the voice source, whether this be for
higher quality synthesis of speech or singing, or for the study of unusual or pathological
voice qualities, it is necessary to return to an interactive model. Detailed physicalacoustic models of the subglottal systems have been proposed that can generate patterns
of pressure and air flow that seem quite realistic (Flanagan & Landgraf, 1968; Mrayati &
Guerin, 1976; Titze & Talkin, 1979). However, such detailed models often do not make
clear which aspects of the interaction between the glottal source and vocal tract are most
active in determining the quality of the voice. In order to understand the way in which
voice quality is affected by the source-tract interaction it is desirable to formulate a model
or models that break down this interaction into its more important and less important
components, just as in acoustic phonetics the supraglottal vocal tract in non-nasalized
vocalic speech is modeled by a number of resonances with varying degrees of importance
(the "formants") and, in physiological phonetics, by a small number of minimally

redundant jaw, tongue and lip parameters representing the major degrees of freedom of
the supraglottal speech production mechanism.
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It appears to this writer that no previous parametric model of this type has satisfactorily
explained the variety among the glottal air flaw waveforms that have been found when
inverse-filtering the air flow or pressure at the mouth, and the relationship of these
waveforms to the relatively simple and invariant waveforms of projected glottal width or
area (width or area as seen from directly above or below the glottis) that have been
reported from photographic and photoglottographic measurements (for example, Colton
& Estill, 1981; Farnsworth, 1940; Hildebrand, 1976*; Gall, et al., 1971; Harden, 1973;
Hirano, et al., 1981; Holmes, 1963; Koster & Smith, 1970; Kitzing, 1977; Kitzing &
Sonesson, 1974; Lindqvist, 1965 and 1970; Miller, 1959; Moore, et al., 1962;
Rothenberg, 1973; Sonesson, 1960; Tanabe, et al., 1975; Timcke, et al., 1958 and 1959.
Hildebrand, 1976, contains an extensive bibliography of optical measurements before
1976.). The reason for this seems to be that progress toward a satisfactorily explanatory
parametric interactive model has been delayed by an underestimate of the effect of the
acoustic reactance of the subglottal and supraglottal vocal tract at frequencies below the
first formant. When to this factor is added the oscillatory energy in the lowest
supraglottal and subglottal resonances that is carried over between glottal cycles, it is

possible to construct a useful interactive model of the voice source having a relatively
small number of physiologically-based parameters. Such a model is sketched in this
paper.
The glottal air flow waveform could be considered independent of the subglottal and
supraglottal systems if the pressures immediately above and below the glottis were
relatively constant during the glottal cycle. But this is often not the case. It is surely not
the case for voiced consonants, or those vowel sounds in which there is a supraglottal
constriction strong enough to raise the average supraglottal pressure to an appreciable
fraction of the lung pressure (as strongly palatalized or labialized vowels). In such cases,
the dissipative or resistive portion of the impedance at the supraglottal constriction is no
longer negligible with respect to the glottal flow resistance, and we also find that the
frequency of the first formant becomes very low (approaching zero as the constriction
approaches a complete closure. However, in this paper we concentrate on the
development of a model which is valid for the more open vocalic sounds that comprise
most of speech and singing. In such sounds the (dissipative) supraglottal flow resistance
is small compared to the glottal flow resistance and the frequency of the first formant is
appreciably greater than the voice fundamental frequency. Our studies of the glottal flow
have indicated that for such unconstricted vocal tract configurations the influence of the
vocal tract acoustics on the glottal flow waveform stems primarily from two factors. The
first is the subglottal and supraglottal pressure variations caused by the inertive
components of the subglottal and supraglottal vocal tract impedances at the voice
fundamental frequency F0 and its lower harmonics, and the second is the supraglottal
pressure oscillations at the lowest vocal tract resonance. The subglottal pressure
oscillations at the lowest subglottal resonance may also be significant at the higher ranges
of fundamental frequency used in singing and some types of speech, but this factor has
not been included explicitly in our model.
When the ratio of the first formant frequency (f1) to f0 is high, say, more than about three,
the formant energy carried over between glottal cycles is small enough so that the inertive
loading tends to be the more significant factor, tilting the glottal flow pulse to the right,
and causing the sharp slope discontinuity at the instant of glottal closure which generates
most of higher frequency energy in voiced speech. This mechanism is illustrated
diagrammatically in Fig. I-A-2. In the figure, the vocal tract is shown as a horizontal tube
with a simple constriction representing the glottis, and the glottal area waveform
represented by a roughly triangular pulse. This pulse is similar in shape to many
recordings of projected glottal area (the area of the opening that would be seen from
directly above or below the glottis) that have been made using photoglottographic
techniques.
For the purpose of this simplified discussion, the glottal constriction can be thought of as
a purely dissipative flow resistance which is inversely proportional to the glottal area. In
addition, the acoustic impedance of the supraglottal and subglottal systems can be
approximated by an inertive reactance at f0 and those glottal harmonics falling below f1
(for the supraglottal system) and below the lowest subglottal acoustic resonance (for the
subglottal system). The justification for this simplified representation is that the

supraglottal acoustic impedance as seen by the glottis is inertive for frequencies more
than a few percent less than f1 and the subglottal acoustic impedance as seen by the glottis
also tends to be inertive for frequencies between the highest respiratory tissue resonance,
which is of the order-of-magnitude of 10 Hz in adults (van den Berg, 1960), and the
lowest acoustic resonance, which is roughly 300 to 400 Hz in adults. (van den Berg's
calculations (1960) result in a resonance frequency near 300 Hz; however, the
oscillations in some of the subglottal pressure recordings made by Koike (1981) show a
resonance at about 400 Hz.)

Since the subglottal and supraglottal air masses can be considered to be more inertive
(mass-like) than compliant (compressible) under our assumptions, if the vocal folds open
after being closed a long time, there will be a delay or lag in the build-up of air flow
relative to the increase in area, as the lung pressure acts to overcome the inertia of the
combined air mass. This lag is shown by the left-most horizontal arrow of the sketch of
the glottal area and flow waveforms in Fig. I-A-2. (The inertance of the air mass in the
glottis acts differently because it is time-varying and will be neglected in this simplified

discussion.) If we assume a linear-system viewpoint, the opening phase of the glottal air
flow, until about 3/4 of the glottal area pulse has passed, shows a time lag, or shift to the
right, due to the time constant Lt/Rg, where Lt is the tract inertance at f0 and its lowest
harmonics and Rg is the (time-varying) glottal resistance. This time constant also causes
an appreciable rounding or smoothing of the top of the air flow pulse, since the time
constant is near its largest value at that time due to the low value of Rg.
However, the linear system analogy breaks down during the final 1/4 of the glottal pulse,
since the closing vocal folds force the glottal resistance to be infinite at the closure
(assuming perfect closure), and thereby force the flow to zero in a relatively short time.
During that time interval (the last 1/4 or so of the glottal pulse) the tracheal pressure can
be found to have a significant increase due to the inertance of the subglottal flow, and the
pharyngeal pressure a significant decrease due to the inertance of the supraglottal flow
(Kitzing & Lindqvist, 1975; Koike, 1981). Thus, the transglottal pressure during this
interval is much higher than during the rest of the glottal pulse, and acts to support the
glottal air flow until the actual instant of glottal closure is approached.
Fig. I-A-3 shows the solution of the nonlinear differential equation that results when the
glottis is represented by a time-varying resistance and the subglottal and supraglottal
acoustic systems by a single constant inertance (Rothenberg, 1981). The system is shown
in the figure in its analogous electrical circuit form, where
Yg = 1/R = the glottal conductance
PL = the average alveolar pressure in the lungs
Lt = the sum of subglottal and supraglottal inertance near f0
Ug = the glottal volume velocity
The glottal flow conductance is assumed not to be flow dependent and to have a
symmetrical triangular waveform, presumably from a roughly triangular area function. (It
is shown in Rothenberg (1981) that the precise shape of the glottal conductance pulse
does not materially affect the general properties of the solution of the nonlinear equation.
The effect of flow dependence is discussed below.) The form of the resulting current
pulse is determined by the "normalized vocal tract inertance" Lt defined as
Lt= Lt(2YgMAX/τp)
where τp is the duration of the glottal pulse, and YgMAX is the maximum glottal
conductance.
The major feature of the air flow waveforms in Fig. I-A-3 is that there is a critical range
for the normalized inertance Lt from about 0.2 to 1.0, in which the glottal flow changes
from a roughly symmetrical triangle to a rounded "sawtooth" having one major point of
slope discontinuity at the instant of closure. In fact, the mathematical solution to this
idealized case shows that the slope of the flow waveform becomes infinite at closure (as
t→τp in Fig. I-A-3) for all values of Lt larger than unity.

Though we have not been able to find a closed form solution to the non-linear differential
equation for the more realistic representation of Ygin which Ygdepends on Ug as discussed
by Fant (1960) and Flanagan (1972), our experiments with an analog simulation of the
differential equation, with and without flow dependence, indicate that the flow pattern
with flow dependence included is similar to that without flow dependence if the value of
Lt is decreased by about 50% when the flow dependence is removed. In other words, the
flow patterns in Fig. I-A-3 can be used to predict the approximate flow pattern if an
appropriate adjusted value of Lt is chosen.
The R, L model in Fig. I-A-3 does not include the interaction with the first formant. To
include a first-order approximation to the action of the first formant, the model can be
modified by adding an oral compliance, C0 as shown in Fig. I-A-4. This oral compliance
can be considered a lumped approximation to the compressibility of the supraglottal air
and, at lower values of f1, a small component due to the effective compliance of the walls
of the supraglottal tract. In this model, the supraglottal inertance is split into two parts,
one on either side of the oral compliance. The forward or oral component is the prime
determinant of f1, in combination with C0, while the rear or pharyngeal component is
more important in determining the overall asymmetry or tilting of the glottal air flow
waveform, since it acts directly on the glottis, without the "cushioning" effect of an
intermediate compliance. In this model, a back vowel such as [a] would have a high value
for the pharyngeal inertance and a low value for the oral component, while the reverse
would hold for a front vowel such as [i]. Naturally, if this model is to be useful, a more
detailed definition would have to be worked out from these general principles.
The dissipative elements associated with the vocal tract, ROC,ROL, and RON, are shown
dashed, since not all may be needed in a simple model. Roc primarily represents the
dissipation associated with the compressibility of the air flow and the compliance of the
cavity walls; ROL represents the dissipation associated with the velocity of the air flow
(boundary layer effects, etc,); and R0N represents any shunting effects, such as a small
velopharyngeal leakage. For non-nasal vowels with a high value of f1, the main effect of
oral dissipation is to determine the damping of f1 during the period of glottal closure, and
since the total dissipative loss is generally very small in this case, any one of these three
components can be used. However, for low values of f1 or for nasalized vowels, the
placement and distribution of the dissipative loss elements should be reconsidered.

Informal experimentation with an electrical analog version of the model in Fig. I-A-4 has
shown that as the ratio f1/f0 a gets smaller than about three, the value of this ratio is
increasingly significant in determining voice quality. When f1/f0 is near integral values,
energy from previous glottal cycles tends to cause a decrease in supraglottal pressure as
the glottis is closing (in addition to any component caused by the low frequency vocal
tract inertance). This decrease in pressure raises the transglottal pressure and, as
discussed above, causes a sharper drop in flow at closure. Likewise, values of f1/f0 that
fall about halfway between integral values tend to decrease transglottal pressure during
glottal closure and cause a less sharp drop in flow at the instant of complete closure.
Thus, if the ratio f1/f0 a is low, the high frequency energy generated by the glottal closure
is determined by both the vocal tract inertance at low frequencies and the value of f1.
The interaction between f1 and f0 should be differentiated from the interaction predicted
by the linear, non-interactive model. In the linear model, a formant is maximally
strengthened when it is an exact multiple of the fundamental frequency, while the value
of f1/f0 for maximum transglottal pressure during the glottal closure may not be an exact
integer. Of more significance is the fact that the linear non-interactive model predicts that

the coincidence of f1and a multiple of f0 will strengthen only f1 and not the higher order
formants. The interactive model shows that the ratio of f1 to f0 can have a significant
effect on all formants. This interaction between f1 and the amplitude of the higher order
formants was seen experimentally some time ago by Fant & Martony (1963), but, as they
noted, it could not be justified in terms of a linear non-interactive model.

Fig I-A-5
In Fig. I-A-4, the dashed line to the glottal inertance represents the fact that our testing of
this model in its electrical analog version indicates that the effect of the time-varying
glottal inertance is entirely different from the effect of the fixed vocal tract interance, and
that the glottal inertance should be considered as a separate parameter with generally less
significance than the fixed inertances L1 and L2. For the higher values of the ratio f1/f0
tested, the time-varying glottal inertance did not have much effect on the apparent value
of Lt, as reflected in the asymmetry of the glottal flow pulse. Introduction of the glottal

inertance merely caused a small reduction in pulse amplitude and a small added delay in
the buildup of air flow, which reduced the discontinuity in the time derivative at the flow
onset, thus producing a more gradual onset. (That a time-varying inertance should tend to
act as a resistance and decrease the amplitude of the flow pulse is not so surprising if one
considers that the time derivative of inertance has the sane units as resistance.)
What remains to be specified in the model are the parameters of the glottal resistance
function Rg, or rather its inverse Yg. Since, as noted above, a more realistic representation
of the glottal resistance that includes flow dependence does not appear to be necessary if
the value of Lt is adjusted appropriately, we model the glottal constriction by a linear
conductance Yg having a waveform illustrated in Fig. I-A-5 . The parameters of Yg are as
follows:
T0 = The glottal period.
Ay = The peak-to-peak amplitude of the glottal conductance function,
when extrapolated into a complete triangular or sinusoidal waveform.
S1 = A shape factor that reflects the tendency of the area and conductance
functions to be either triangular or sinusoidal. The triangular function is
generally considered to be due to a phase difference between the upper
and lower margins of the vocal folds, with the movements along anyone
horizontal plane tending to be more smooth or sinusoidal. Thus, for
falsetto or other laryngeal adjustments in which the vocal folds are thinner,
with less phase difference between the upper and lower margins, S1 might
be expected to be closer to +1. The general conductance waveform would
be approximated as a weighted average of sinusoidal and triangular
components according to the value of S1.
S2 = A shape factor reflecting any tendency of the area and conductance
functions to have opening and closing tines that differ.
B1 = Reflects the state of abduction (B1 more positive) or adduction (B1
more negative) of the vocal folds.
B

B2 = An added constant factor that reflects an incomplete glottal closure,
usually posteriorly, between the arytenoid cartilages. B2 can be termed an
"offset" parameter.
B

B3 = A third parameter in the accurate description of breathy voice that
reflects the amplitude of any variation in the conductance waveform
during the "closed" phase of the glottal cycle, as from continued motion of
a slightly open posterior segment of the vocal folds during te period in
which the anterior segment is closed, or a phase difference along the
anterior-posterior dimension.
B

The open phase , with duration τp, is defined as the conductance "pulse" bounded by the
discontinuities in slope at the head of arrow A2. The closed phase is defined as T0 - τp, and
the duty cycle as τp/T0. These are not considered independent parameters in this model,
and can be computed from the values of f0, S1, S2, B1, and B2.
Since the exact shape of the closed phase when A3 and B3 are non-zerois not very
important, the form is assumed to follow the pattern defined by S1. This assumption mat
need reconsideration, however, since actual patterns of conductance variation during the
closed phase, as estimated from flow measurements, vary widely and are not necessarily
related to the form of the conductance variation during open phase.
Future work may indicate that other factors should be added to these glottal and vocal
tract parameters, for example, an air flow component which is due to the air displaced by
vocal fold motion and which appears to have a primary effect similar to a small increase
in Lt (Rothenberg, 1973; Rothenberg & Zahorian, 1977; Flanagan & Ishizaka, 1978*). In
addition, the effect of flow dependence on the conductance waveform should be specified
more exactly, including a more explicit empirical definition of the value of the idealized
(linear) parameter Yg, that should be used to model an actual (flow dependent) glottal
conductance. The effect of the time-varying glottal inertance at lower values of the ratio
f1/f0 could be considered, and possibly the effect of f2 when it is low in frequency. Also, a
broader model should include a representation of the more significant dependencies
between the parameters, as the dependency of Ayon PL, Ug, and B1.
Finally, I believe that an important part of any model for the voice source should be an
ordering of the parameters according to their significance. At this point, I would estimate
that the most basic parameters

* The computer simulation reported by Flanagan & Ishizaka (1978) appears to indicate
that the effect of the air displaced by the lateral vocal fold movements is similar to a
small decrease in Lt. However, this conclusion would mean that the air displaced by the
closing vocal folds was decreasing the flow emerging from the glottis, and not adding to
it, as we feel is more logical. However, their estimate of the order-of-magnitude of this
effect seems to agree well with our previous calculations.

are f0, PL, B1, and AL. That is, the proper specification of these parameters during running
speech should allow a reasonably intelligible and natural-sounding foment synthesis,
providing B2, B3, and C0 are set to zero, and reasonably, constant values are chosen for Lt,
S1, and S2.
For a more natural synthesis, I would estimate that Lt and B2 should be dynamically
varying, and perhaps C0 should be added to include the interaction with the first formant.
I would judge as least significant, but not necessarily always negligible, the effect of B3,
S1, S2and the air displaced by the moving vocal folds.

I could add in closing that this model leads naturally to some speculations as to the source
of voice quality differences of glottal origin. If it is true, as inverse filtering results to date
indicate, that some individuals have a glottal flow waveform that can be characterized as
being generated with a higher or lower than average value of Lt, what parameter or
parameters are responsible? The pulse duration τp (for a given f0) can be such a factor;
however, any attempt to voluntarily decrease τp by increasing the medial compression
(adduction) of the vocal folds would also tend to decrease YgMAX, leaving Lt relatively
unchanged. It is possible that a speaker with a voice naturally rich in harmonics may have
a laryngeal configuration with an especially low YgMAX for a given τp , e.g. , vocal folds
that open wider, or with a shape that results in a smaller resistance to air flow. Another
possibility, of course, is a difference in the value of Lt due to the shape of the laryngeal
vestibule or the characteristics of the jet of air emerging from the open glottis. Any
component of Lt located that close to the glottis would have a maximal effect on the
glottal flow waveform, while having a minimal effect on the frequencies of the vocal
tract formants.
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