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A voice production model is created in this work by considering essential aerodynamic and

acoustic phenomena in human voice production. A precise flow analysis is performed based on a

boundary-layer approximation and the viscous–inviscid interaction between the boundary layer

and the core flow. This flow analysis can supply information on the separation point of the glottal

flow and the thickness of the boundary layer, both of which strongly depend on the glottal

configuration and yield an effective prediction of the flow behavior. When the flow analysis is

combined with the modified two-mass model of the vocal fold [Pelorson et al. (1994). J. Acoust.

Soc. Am. 96, 3416–3431], the resulting acoustic wave travels through the vocal tract and a

pressure change develops in the vicinity of the glottis. This change can affect the glottal flow and

the motion of the vocal folds, causing source-filter coupling. The property of the acoustic

feedback is explicitly expressed in the frequency domain by using an acoustic tube model,

allowing a clear interpretation of the coupling. Numerical experiments show that the vocal-tract

input impedance and frequency responses representing the source-filter coupling have dominant

peaks corresponding to the fourth and fifth formants. Results of time-domain simulations also

suggest the importance of these high-frequency peaks in voice production.
VC 2011 Acoustical Society of America. [DOI: 10.1121/1.3533732]

PACS number(s): 43.70.Bk, 43.70.Gr [MAH] Pages: 1554–1567

I. INTRODUCTION

The process of human voice production is highly com-

plex because of the interactions among the underlying physi-

cal phenomena including the volumetric flow that passes

through the glottis, the mechanical motion of the vocal fold,

and the propagation of acoustic waves in the vocal tract. The

original two-mass model (Ishizaka and Flanagan, 1972) has

allowed great progress into understanding the process of the

voice production, particularly by using the separation-reat-

tachment scheme of flow in a confined channel with a con-

striction (Broad, 1979). Because the temporal change of

glottal flow serves as the pressure source of speech, the dy-

namics of viscous flow in the glottis have been studied

extensively using flow measurements (van den Berg et al.,
1957; Scherer et al., 1983; Hofmans et al., 2003), computer

simulations (Ishizaka and Flanagan, 1972; Broad, 1979;

Pelorson et al., 1994; Story and Titze, 1995; Lous et al.,
1998), and numerical solutions of the conservation equations

(Zhao et al., 2002).

Although the Bernoulli relation is capable of predicting

the flow in the glottis (van den Berg et al., 1957), the air vis-

cosity can not be ignored completely. This is because a

boundary layer develops along the surface of the vocal folds

and detaches from the glottal wall at the abrupt expansion of

the glottal exit (Ishizaka and Flanagan, 1972). It is known

that convergent–divergent changes in the glottal shape

control the aerodynamic pressure inside the glottis and

transform the flow energy into vocal-fold oscillation effi-

ciently by moving the flow separation point (Titze, 1988;

Zhang et al., 2006). Such a movable nature of the separation

point was successfully introduced using a boundary-layer

theory (Pelorson et al., 1994; Lous et al., 1998). In the effec-

tive one-mass expression (Zañartu et al., 2007), the effect of

the flow separation and influence of the boundary-layer

thickness were implicitly taken into consideration in terms

of the orifice discharge coefficient.

To overcome the problem of the movable separation

point and consider the influence of the boundary-layer

thickness, we numerically solved the Kármán equation on

the basis of the Pohlhausen method (Schlichting and

Gersten, 2000) for one- and two-dimensional glottal chan-

nels (Kaburagi, 2008; Kaburagi and Tanabe, 2009). The

effective flow channel is then closely estimated by subtract-

ing the displacement thickness of the boundary layer from

the nominal channel space bounded by the vocal folds.

Under a static pressure difference between the sub- and su-

pra-glottal portions, the resulting volume flow is closely

related to the effective glottal area at the separation point.

Furthermore, the Kármán–Pohlhausen framework gives a

proper solution for general configurations of a smoothly

shaped glottal channel. A mass-spring model with a rounded

configuration (Pelorson et al., 1994), a distributed-mass

model (Titze, 1973), or a continuum model (Berry and Titze,

1996) can then be used to represent the mechanical motion

of the vocal folds in combination with the boundary-layer

approximation. The flow and vocal folds can interact mutu-

ally through flow-driven mechanical oscillations and shaping

of the glottal channel.
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In addition, the source-filter coupling generates nonlin-

ear effects such as flow skewing (Rothenberg, 1981),

enhancement or suppression of vocal-fold oscillation

(Zañartu et al., 2007; Titze, 2008), lowering of the oscilla-

tion threshold pressure (Chan and Titze, 2006), discontinuity

of the fundamental frequency change (Ishizaka and Flana-

gan, 1972; Švec et al., 1999), and generation of bifurcation

and voice instabilities (Tokuda et al., 2007). Time-domain

computer simulation has been a major tool in investigating

these coupling effects, and the consequences have been ana-

lyzed in the frequency domain as an interrelation between

the fundamental frequency of the voice and the resonant and

antiresonant frequencies of the vocal tract (Ishizaka and

Flanagan, 1972). Titze (2008) and Titze and Worley (2009)

interpreted them more specifically in terms of the reactance

of impedances arising from the acoustic load of the sub- and

supra-glottal tracts.

This paper presents a voice production model that can

explain essential aerodynamic and acoustic phenomena in

phonation. Together with the interactive boundary-layer

analysis (Kaburagi, 2008), an acoustic tube model (Sondhi

and Schroeter, 1987) is employed for the sub- and supra-

glottal tracts and a mass-spring model (Pelorson et al., 1994)

for the vocal folds. Following the theory of Titze (2008), we

connected the acoustic tubes of the sub- and supra-glottal

tracts to the intermediate part of the glottis so as to examine

the frequency response of the acoustic pressures near the

glottis relative to each acoustic component of the glottal vol-

ume flow. With this acoustic impedance representation, the

effects of the acoustic pressure difference across the glottis

and the mean intra-glottal pressure are interpreted. The

phase components of these frequency responses provide in-

formation about the relative timing between the flow and

pressure values, as does a reactance curve analysis (Titze,

2008; Titze and Worley, 2009). The phase responses there-

fore determine the quality of the source-filter coupling. The

magnitude responses, on the other hand, give an indication

of the quantity and strength of the coupling, since they repre-

sent the amplitudes of the pressure values fed back from the

tracts for unit-amplitude frequency components of the glottal

flow.

In our voice production model, these frequency charac-

teristics are directly integrated with the flow analysis and

vocal-fold model by taking their inverse Fourier transform

and convolving the result with the glottal flow waveforms.

Mathematical expressions are then derived to estimate the

glottal volume flow and the driving force of the vocal folds

from the aerodynamic and acoustic pressures. Numerical

investigations are performed using the area function of the

vocal tract (Story et al., 1996), with a special emphasis on

the frequency characteristics of the feedback acoustic pres-

sures. Detailed interpretations of these characteristics are

given and they are used to explain the influences of the

source-filter coupling. The voice production model is then

used for time-domain simulations, and the influence of the

source-filter coupling is examined by changing the frequency

characteristics of the feedback acoustic pressures.

This paper is organized as follows. Section II provides

mathematical explanations of the voice production model,

including the flow analysis method, the vocal-fold model,

the acoustic model of the sub- and supra-glottal tracts, and

the interrelations among the models. The simulation proce-

dure is also given. Numerical results are shown in Sec. III.

Finally, the conclusions of this work are given in Sec. IV.

II. VOICE PRODUCTION MODEL INTEGRATING
BOUNDARY-LAYER ANALYSIS AND SOURCE-FILTER
COUPLING

This section presents a mathematical explanation of our

voice production model. The model is composed of a

method of estimating glottal volume flow, a mechanical

model of the vocal folds, and an acoustic tube model of the

sub- and supra-glottal tracts. Given the pressure difference

between the sub- and supra-glottal regions, the volume flow

passing through the glottis is estimated by a boundary-layer

approximation that includes the interaction between the core

flow and the boundary layer (Kaburagi, 2008; Kaburagi and

Tanabe, 2009). Here, the pressure difference across the glot-

tis is determined by summing the static sub-glottal pressure

supplied by the lungs and the acoustic pressure representing

the source-filter coupling. The pressure distribution along

the glottal channel is predicted using the flow analysis,

allowing the driving force of the vocal folds to be deter-

mined. In addition, the acoustic pressure near the glottis

drives the vocal folds. Thus, another type of source-filter

coupling is considered. Movement of the vocal folds is mod-

eled by the modified two-mass model (Pelorson et al., 1994).

The acoustic transmission property in each tract is modeled

in the frequency domain using the acoustic tube model of

Sondhi and Schroeter (1987).

A. Glottal volume flow estimation

A method for estimating the glottal volume flow that

incorporates the influence of air viscosity and acoustical cou-

pling on the sub- and supra-glottal tracts is proposed below.

Since the Reynolds number of glottal flow is typically of the

order of 103, the boundary-layer approximation (Schlichting

and Gersten, 2000) is applicable as the basic framework for

analyzing glottal flow together with flow separation.

From previous studies (Pelorson et al., 1994; Kaburagi and

Tanabe, 2009), quasi-steady, incompressible, and one-

dimensional assumptions can be made. In addition, we

assume that movements of the vocal folds, and hence the

glottal channel, are symmetrical with respect to the x axis, as

illustrated in Fig. 1.

Given the pressure difference, Dp, between the inlet (x0)

and outlet (xe) of the glottis and the cross-sectional area of

the glottal outlet, S, glottal volume flow, ug, may be esti-

mated based on the Bernoulli relation, Dp ¼ 0:5qu2
g=S2,

where q is the air density. However, flow analyses based on

the boundary-layer approximation have shown that the pres-

sure difference is more precisely related to the cross-sec-

tional area at the flow separation point (Pelorson et al.,
1994). In addition, the boundary layer can reduce the effec-

tive size of the glottal channel. Therefore, the displacement

thickness of the boundary layer can be excluded from the
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nominal configuration of the channel. From these considera-

tions, we obtain a refined pressure-flow relation

Dp ¼ 0:5q
u2

g

S2
s

: (1)

Ss is the effective channel area at the separation point and is

given by

Ss ¼ lgfhðxsÞ � 2dðxsÞg; (2)

where lg is the length of the vocal fold, h(x) is the channel

height, d(x) is the displacement thickness, and xs is the point

of flow separation along the x axis. The glottal area and other

variables in Eq. (1) usually vary in time, but based on the

quasi-steady assumption, they are treated as time-independ-

ent variables at each simulation time step.

The pressure difference generally includes both aerody-

namic and acoustic components, DpF and DpA, as

Dp ¼ DpF þ DpA: (3)

The aerodynamic pressure becomes small enough down-

stream of the separation point, so that DpF � pF0, where pF0

is the sub-glottal pressure. DpA is the acoustic pressure

difference across the glottis, a pressure gradient that induces

flow. This is explained in Sec. II C but is given by a convolu-

tion form

DpA ¼ zDðtÞ � ugðtÞjt¼tc
¼
ð

zDðsÞugðtc � sÞds; (4)

where zD(t) is the impulse response of a linear, causal filter

that predicts the pressure difference from the waveform of

the glottal volume flow. Note that the convolution is per-

formed for the current (latest) time instant, t¼ tc. As dis-

cussed later, zD(t) is derived by applying the lossy acoustic

tube model to the sub- and supra-glottal tracts and the glottis.

The acoustic properties of this filter depend on the cross-sec-

tional area of these cavities, but their time dependencies, due

to the deformation of the vocal tract or the glottis, are

implicit. We therefore suppose that zD(t) is determined by

the area function of the cavities measured at the time tc.
By combining Eqs. (1) and (3), and the expressions for

DpF and DpA, we obtain the following relation:

pF0 þ zDðtÞ � ugðtÞ
��
t¼tc
¼ 0:5q

u2
g

S2
s

: (5)

It can be rewritten in discrete-time form as

pF0 þ
XK�1

k¼0

zDðkÞugðn� kÞ ¼ 0:5q
ugðnÞ2

S2
S

; (6)

where K is the length of zD(k) and n is the time index corre-

sponding to tc. Therefore, the glottal volume flow can be

estimated from Eq. (6) as

ugðnÞ ¼
zDð0ÞS2

s þ Ss

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
fzDð0ÞSsg2 þ 2qP

q
q

; (7)

where

P ¼ pF0 þ
XK�1

k¼1

zDðkÞugðn� kÞ: (8)

These equations indicate that the time history of the glottal

flow waveform affects the flow estimation recursively.

The value of Ss in Eq. (7) can be determined from the in-

formation on the flow separation point and the displacement

thickness of the boundary layer. The interactive boundary-

layer method is employed here. The Kármán equation can be

expressed as (Kalse et al., 2003)

vðxÞdðxÞ
m

d

dx

dðxÞ
HðxÞþ 1þ 2

HðxÞ

� �
F1ðHðxÞÞ¼HðxÞF2ðHðxÞÞ (9)

and

dðxÞ2

v

dvðxÞ
dx
¼ F1ðHðxÞÞ; (10)

where F1(H(x))¼�2.4f1� exp (0.43(2.59�H(x)))g and

F2(H(x))¼ 4/H(x)2 – 1/H(x) are approximation functions.

H(x) is the ratio of the boundary-layer thicknesses, given by

H(x)¼ d(x)/h(x), where h(x) is the momentum thickness. m is

the kinematic viscosity. The effective core flow velocity can

be expressed as

vðxÞ ¼ ug

lgfhðxÞ � 2dðxÞg : (11)

FIG. 1. Representation of the one-dimensional glottal channel and the me-

chanical model of the vocal folds. The channel and the vocal-fold motion

are symmetrical with respect to the x axis. h(x) is the channel height.

The y axis perpendicular to x is used to represent the mass displacements.

The length of the vocal fold, which is perpendicular to the x� y plane, is lg.
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Equations (9)–(11) constitute a set of nonlinear simulta-

neous equations with respect to three unknown variables:

H(x), d(x), and t(x). It can be solved numerically using a

downstream marching technique (Kaburagi, 2008). Using

the solution to this problem, the flow separation point, xs, is

estimated by finding the position where the wall shear stress

becomes zero, indicating that F2¼ 0 and H¼ 4 at that point.

The effective cross-sectional area, Ss, is then determined by

Eq. (2).

The interactive boundary-layer method takes the chan-

nel height, h(x), and the volume flow rate, ug, as the input

variables, where we suppose that lg is constant. However,

the volume flow rate can in turn be estimated by Eq. (7).

Because the interactive boundary-layer method and the flow

estimation equation are difficult to couple, they are solved

alternately, as explained in Sec. II E. After the core flow ve-

locity, t(x), is obtained from the boundary-layer method, the

pressure distribution along the glottis, pF(x), is determined

from the Bernoulli relation as

pFðxÞ ¼ pF0 �
1

2
qvðxÞ2: (12)

B. Mechanical vocal-fold model

Mass-spring models are widely used to represent motion

of the vocal folds (Ishizaka and Flanagan, 1972; Broad,

1979; Sondhi and Schroeter, 1987; Pelorson et al., 1994;

Story and Titze, 1995; Lous et al., 1998; Zañartu et al.,
2007). However, a numerical solution to the Kármán equa-

tion requires that the glottis be configured smoothly, to avoid

any discontinuities in the flow velocity. Therefore, the

smooth model of Pelorson et al. (1994) is adopted in the

present study. Each vocal fold is constructed by two cylin-

ders, located at the lower and upper parts of the fold, and

three plates, which connect the inlet and outlet of the glottis

and the cylinders (Fig. 1). Masses m1 and m2 are assigned to

each cylinder and are connected to the fixed wall by dampers

of resistance r1 and r2, and linear springs with Hooke’s con-

stants k1 and k2. The two masses are joined by another linear

spring of constant k12.

The equation of vocal-fold motion for each mass is

given as (Pelorson et al., 1994)

m1

d2y1

dt2
þ r1

dy1

dt
þ k1y1 þ k12ðy1 � y2Þ ¼ f1 (13)

and

m2

d2y2

dt2
þ r2

dy2

dt
þ k2y2 þ k12ðy2 � y1Þ ¼ f2: (14)

y1 and y2 are the displacements of the masses perpendicular to

the x axis. The absolute mass position is y1þ y0 and y2þ y0,

where y0 is the common rest position. The stiffnesses of the

springs are linear even when the vocal folds collide with each

other. The effect of collision is incorporated by increasing the

values of the mechanical constants of the springs and damp-

ers. In accordance with the literature (Pelorson et al., 1994),

the driving force from the glottal flow and the acoustic wave

is exerted only on the lower, first mass, and f2 is set to zero.

The driving force, f1, is determined as follows.

When y1þ y0 > 0 and y2þ y0 > 0 hold, the glottis is

open and the distribution of the aerodynamic pressure, pF(x),

is given by Eq. (12). The acoustic driving force is estimated

as the mean acoustic pressure between the inlet and outlet of

the glottis. Similar to Eq. (4), this mean acoustic pressure is

defined as

�pA ¼ zMðtÞ � ugðtÞjt¼tc
¼
ð

zMðsÞugðtc � sÞds: (15)

zM(t) is the impulse response of a linear, causal filter deter-

mined by the area function of the sub- and supra-glottal

tracts and the glottis, as explained in Sec. II C. The entire

driving pressure is then given as

pðxÞ¼ pFðxÞþ �pA¼ pF0�
1

2
qvðxÞ2þ zMðtÞ �ugðtÞ

����
t¼tc

(16)

and the driving force for the lower mass as

f1 ¼ klg

ðxs

x0

pFðxÞdxþ ðxe � x0Þ�pA

� �
: (17)

Here, xs is the flow separation point and k is a parameter

specifying the area upon which the pressure is exerted. If the

glottis is closed, f1 is set to f1¼ klg(xc� x0)pF0.

C. Frequency-domain interpretation of the source-
filter coupling

In this subsection, an acoustic tube model (Sondhi and

Schroeter, 1987) is applied to calculate properties of the sub-

and supra-glottal tracts. In addition, the difference and mean

of the acoustic pressures at the glottal inlet, pA0, and outlet,

pA1, are estimated to determine the effects of source-filter

coupling. The pressure difference, DpA in Eq. (4), is defined

as

DpA ¼ pA0 � pA1 (18)

and the mean pressure, �pA in Eq. (15), as

�pA ¼
pA0 þ pA1

2
: (19)

To discriminate between these temporal waveforms and

their Fourier transforms in the following expressions, time-

domain variables are denoted by lower-case letters while

frequency-domain variables are denoted by capital letters.

The signal flow graph in Fig.2 shows the acoustic model

used in this study. The glottis configuration is simply mod-

eled by a uniform acoustic tube with length Lg, which corre-

sponds to the glottal depth, and cross-sectional area

Sg ¼ lg

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
ðy1 þ y0Þðy2 þ y0Þ

p
, which is the geometric average

between the lower and upper parts of the glottis. The input

and output variables for the glottis are then expressed as

PA1

UA1

� �
¼ Ag Bg

Cg Dg

� �
PA0

UA0

� �
; (20)
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where PA0 and PA1 are the Fourier transforms of the acoustic

pressures and UA0 and UA1 those of the volume velocities. Note

that these physical variables and the components of the transmis-

sion matrix are a function of angular frequency, x. The trans-

mission matrix can be obtained from the acoustic tube model

(Sondhi and Schroeter, 1987) as Ag¼ cosh (rLg/c), Bg¼�(qc/

Sg)c sinh (rLg/c), Cg¼�(Sg/qc) (sinh (rLg/c))/c, and Dg

¼ cosh (rLg/c), where c is the speed of sound. a ¼
ffiffiffiffiffiffiffiffiffi
jxc1

p
,

b ¼ jxx2
0=fðjxþ aÞjxþ bg þ a, c ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
ðaþ jxÞ=ðbþ jxÞ

p
,

and r¼ c(bþ jx) are frequency-dependent parameters, where

a¼ 130p rad/s, b¼ (30p)2 (rad/s)2, c1¼ 4 rad/s, and x2
0

¼ ð406pÞ2 (rad/s)2. In addition, the following relationships are

obtained from Fig. 2:

PA0 ¼ �Z0UA0; (21)

PA1 ¼ Z1U0A1; (22)

and

U0A1 ¼ UA1 þ Ug; (23)

where Z0 and Z1 are the input impedances of the sub- and

supra-glottal tracts, respectively.

From Eqs. (20) and (21), the input impedance of the

glottis seen from the vocal tract, Zg, can be expressed as

Zg ¼ �
PA1

UA1

¼ � AgPA0 þ BgUA0

CgPA0 þ DgUA0

¼ � Bg � AgZ0

Dg � CgZ0

: (24)

The relations

Ug ¼ U0A1 � UA1 ¼
PA1

Z1

þ PA1

Zg
¼ Z1 þ Zg

Z1Zg
PA1 (25)

and

PA1 ¼ AgPA0 þ BgUA0 ¼ Ag �
Bg

Z0

� �
PA0 (26)

are also obtained. Therefore, PA0 can be expressed as a func-

tion of Ug by eliminating PA1 in Eqs. (25) and (26)

PA0 ¼
Z1Zg

Z1 þ Zg
� Z0

AgZ0 � Bg
Ug ¼

Z0Z1

ZD
Ug: (27)

PA1 can be expressed as

PA1 ¼ �
ðBg � AgZ0ÞZ1

ZD
Ug; (28)

where ZD¼ (Dg�CgZ0)Z1� (Bg�AgZ0).

Finally, DpA and �pA in Eqs. (18) and (19) are each

obtained as the frequency response of a filter having the

acoustic component of the glottal volume flow as its input

DPA

Ug
¼ PA0 � PA1

Ug
¼ fBg � ðAg � 1ÞZ0gZ1

ZD
(29)

and

�PA

Ug
¼ 1

2
� PA0 þ PA1

Ug
¼ �fBg � ðAg þ 1ÞZ0gZ1

2ZD
: (30)

In the next section, we examine these frequency

responses using the area function of the vocal tract (Story

et al., 1996) and show the frequency dependencies of the

source-filter coupling. zD(t) in Eq. (4) and zM(t) in Eq. (15)

are the inverse Fourier transforms of ZD(x)¼DPA(x)/Ug(x)

and ZMðxÞ ¼ �PAðxÞ=UgðxÞ, respectively.

The input impedance of the supra-glottal tract, Z1, can

be obtained, in accordance with Eq. (12) of Sondhi and

Schroeter (1987), as

Z1 ¼
DvZr � Bv

Av � CvZr
: (31)

If the production of vowel-like sounds is considered, the ma-

trix chaining is

Av Bv

Cv Dv

� �
¼ ANv BNv

CNv DNv

� �
ANv�1 BNv�1

CNv�1 DNv�1

� �
��� A1 B1

C1 D1

� �
; (32)

where the first tube section corresponds to the entry of the

tract and the Nvth to the lip end. Components Ai, Bi, Ci, and

Di for the ith tube section are given by the length and cross-

sectional area of that section, as for the components of Eq.

(20). Zr is the radiation impedance at the lip opening (Flana-

gan, 1972).

The sub-glottal tract can also be modeled as the concate-

nation of cylindrical tubes by following the study of Ishizaka

et al. (1976) and using morphological data (Weibel, 1963).

The cross-sectional area is relatively constant along the sec-

tion of about 20 cm below the glottis but increases rapidly in

the remainder of the conductive zone and in the transitory and

respiratory zones. The input impedance, Z0, is expressed as

Z0 ¼ �
AsZp þ Bs

CsZp þ Ds
; (33)

FIG. 2. The acoustic model representing the wave propagation in the sub-

and supra-glottal tracts and through the glottis. The transmission matrix of

each section is determined by the cross-sectional area and length. Together

with the terminal impedances for the lungs and lips, the model allows the

calculation of input impedance, the vocal-tract transfer function, and the

pressure at both ends of the glottal tube.
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with the matrix chaining given by

As Bs

Cs Ds

� �
¼

ANs
BNs

CNs
DNs

� �
ANs�1 BNs�1

CNs�1 DNs�1

� �
� � �

A1 B1

C1 D1

� �
;

(34)

where the first section corresponds to the lungs and the Nsth

section to the portion just below the glottis. Zp is the terminal

impedance and is modeled as a capacity corresponding to an

air volume of 500 ml (van den Berg, 1960).

The relationship between the Fourier transform of the

acoustic pressure at the lip opening, Pr, and Ug can be written as

H ¼ Pr

Ug
¼ Zr

CvZr � Av
� Bg � AgZ0

ZD
(35)

based on Eq. (27) of Sondhi and Schroeter (1987), where Z1

and Z2 in the literature are replaced by Zg and Z1, respectively.

D. Analysis of flow with low Reynolds numbers

The boundary-layer approximation is in general effec-

tive for flow with high Reynolds numbers. When the slit of

the glottal opening is very narrow, the expected volume flow

and Reynolds number may be small (Deverge et al., 2003;

Kaburagi and Tanabe, 2009). Flow in the glottal channel can

then be treated as entirely viscid, and a model of fully devel-

oped Poiseuille flow (Pelorson et al., 1994) can be adopted

instead of the boundary-layer approximation. Using this

model,

Dp ¼ 12l
lg

ug

ðxe

x0

1

hðxÞ3
dx; (36)

where Dp is the pressure difference across the glottis and l
is the dynamic viscous coefficient.

Similar to Eqs. (6)–(8), a discrete-time representation

can be obtained as

pF0 þ
XK�1

k¼0

zDðkÞugðn� kÞ ¼ 12l
lg

ugðnÞ
ðxe

x0

1

hðxÞ3
dx (37)

and the volume flow can be estimated as

ugðnÞ ¼
pF0 þ

XK�1

k¼1

zDðkÞugðn� kÞ

12l
lg

ðxe

x0

1

hðxÞ3
dx� zDð0Þ

: (38)

In addition, the mean pressure can be estimated as

pðxÞ ¼ pF0�
12l
lg

ug

ðx

x0

1

hðvÞ3
dvþ zMðtÞ � ugðtÞjt¼tc

(39)

instead of Eq. (16). The driving force for the lower mass can

then be expressed as

f1 ¼ klg

ðxe

x0

pðxÞdx: (40)

E. Simulation procedure

The simulation procedure for the open-glottis condition

is depicted in Fig. 3. The masses of the vocal-fold model are

initially positioned in their rest states. The acoustic transmis-

sion matrices and input impedances are calculated for the

sub- and supra-glottal tracts and the glottis using Eq. (20)

and Eqs. (31)–(34) for the given area functions. The differ-

ence and mean acoustic pressures near the glottis are then

determined [Eqs. (29) and (30)]. Next, the volume flow esti-

mation and interactive boundary-layer method are alter-

nately applied to determine the glottal flow and pressure

distribution. The force driving the vocal-fold model

[Eq. (17)] is calculated afterward, and the mechanical equa-

tions [Eqs. (13) and (14)] are solved numerically using the

Runge–Kutta method. This procedure is repeated over the

desired time steps.

The flow analysis [Eqs. (7)–(11)] is performed as fol-

lows. As the glottis opens, the channel takes a convergent

shape, resulting in a flow separation point that is relatively

constant near the glottal outlet. Therefore, the initial value of

the separation point and the boundary-layer thickness can be

set to their estimated values from the previous time step. The

effective channel area in Eq. (2) is then determined from

these initial values, and the volume flow is estimated from

Eqs. (7) and (8). The interactive boundary-layer analysis fol-

lows and refines the estimation of the flow separation point

and the boundary-layer thickness. The process is repeated

two or three times to obtain the final estimation as the esti-

mated value of the flow rate converges. As the glottis closes,

the channel takes a divergent shape and the flow separation

point varies significantly. Therefore, the separation point is

initially set at the point where the glottal height is the mini-

mum, while the boundary-layer thickness is set to zero.

In addition, the method used for flow analysis depends

on the flow Reynolds number, R¼ ug/(mlg). When the glottis

opens, the analysis is first performed using the Poiseuille

flow model of Sec. II D. As the simulation proceeds, if R of

the previous time step is higher than a threshold, Rthr, the

flow analysis method is switched to the interactive bound-

ary-layer method. When the glottis closes, on the other hand,

the flow Reynolds number typically decreases in time. The

analysis is therefore first performed using the boundary-layer

method but switched to the Poiseuille flow model if the

resulting Reynolds number becomes smaller than Rthr. When

the glottis is closed, the volume flow is set to zero.

III. NUMERICAL RESULTS

A. Frequency dependency of the source-filter
coupling

Source-filter coupling is considered in our model as

acoustic feedback from the sub- and supra-glottal tracts to the

voice production system. The feedback is represented in the

frequency domain in Eqs. (29) and (30). Therefore, these fre-

quency characteristics are investigated using the vocal-tract

area functions obtained by Story et al. (1996) and the sub-

glottal area function obtained by Weibel (1963). Figure 4

shows the calculated results for the vowel /i/. The top plot is
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the magnitude of the input impedance of the vocal tract,

Z1. The magnitude response of the acoustic pressure differ-

ence, DPA/Ug, and the mean pressure, �PA=Ug, are shown in

Fig. 4(B) by solid and broken lines, respectively. Here, the

length of the glottal tube (depth of the glottis) was set to

Lg¼ 0.3 cm and the cross-sectional area to Sg¼ 0.014 cm2.

The air density was set to q¼ 0.001184 g/cm3 and the speed

of sound to c¼ 34630 cm/s. Note that the results were

obtained up to 10 kHz, even though plane wave propagation

was assumed.

The results show that each frequency response has sig-

nificant peaks around 4–5 kHz, corresponding to the fourth

and fifth formants. Interestingly, these peaks are much

greater than those corresponding to lower-order formants. It

is also clear that jDPA/Ugj and j �PA=Ug j are very similar in

shape, with matching peak frequencies. This is because the

acoustic pressure at the glottal inlet is generally much lower

than that at the outlet. It indicates that jPA0j � jPA1j, and

hence, j �PA=Ugj becomes approximately half of jDPA/Ugj,
from their definitions. In Fig. 4(C), the magnitude responses

are averaged for nine vowels based on area data of the vocal

tract (Story et al., 1996). We observe that several peaks are

located around 3–5 kHz, with the largest peak just below 4

kHz, suggesting the importance of such high-frequency

components in the source-filter coupling.

To examine the possible cause of these frequency-domain

features, the input impedance of the vocal tract was calculated

using a two-tube model. The results are shown in Fig. 5. The

length and cross-sectional area of the epiglottal tube, L1 and

S1, respectively, were varied in this experiment, while the

length of the secondary tube was set to L2¼ 17� L1 cm and

the area to S2¼ 4 cm2. The peak frequency of the magnitude

response is approximately 5.7 kHz for L1¼ 1.5 cm, 4.5 kHz

for L1¼ 2.0 cm, and 3.5 kHz for L1¼ 2.5 cm. Each of these

frequencies corresponds to the fundamental resonant fre-

quency, f¼ c/(4L1), of a uniform acoustic tube with one-end

open and one-end closed. The figure also shows that the mag-

nitude varies significantly with cross-sectional area, S1. Fig-

ures 4 and 5 support the result of Titze (2008) in showing that

the source-filter coupling can be enhanced by reducing the epi-

glottal cross-sectional area. This occurs because a peak in the

input impedance forms a peak in the magnitude responses,

jDPA/Ugj and j �PA=Ugj. The length, L1¼ 1.5 or 2 cm seems to

be typical for the epiglottal section, and the mean cross-sec-

tional area within this section is approximately 0.25 cm2 for

vowels (Story et al., 1996).

Figure 6 shows the amplitude and phase responses of

the pressure difference and mean pressure for the vowel /i/

within the frequency range of 0–800 Hz. The cross-sectional

area of the glottal tube was varied over Sg¼ 0.014, 0.028,

and 0.14 cm2, while the length was fixed at Lg¼ 0.3cm.

Equations (29) and (30) each form a frequency response of a

linear filter. Hence, each frequency component of Ug, the

Fourier transform of the volume flow input to these filters,

produces the pressure difference or mean pressure of the

same frequency. The magnitude response can be interpreted

as the frequency-dependent strength of the source-filter cou-

pling because it determines the amplitude of the resulting

pressure values. On the other hand, the phase response is

related to the type of coupling because it determines the

phase difference of each frequency component between the

input volume flow and the output pressure value.

FIG. 3. The flow graph showing the simula-

tion procedure for time-domain voice

production.
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Regarding the pressure difference shown in the left col-

umn of Fig. 6, suppose that the frequency, fc, of a component

of Ug is smaller than the peak frequency, fp, of the frequency

response (this peak frequency corresponds to the first form-

ant of the vowel and is approximately 350 Hz here). The

phase is approximately �p/2 in this frequency region, but it

approaches �p as fc approaches fp. The temporal relationship

between a frequency component of the glottal flow and the

equivalent component of the pressure difference is illustrated

in Fig. 7, where both components are depicted as unit-ampli-

tude sinusoids with the same frequency by ignoring the mag-

nitude response. Suppose that the phase response is –p/2 at

that frequency. The pressure difference, DpA¼ pA0� pA1, is

negative when the flow increases from zero and produces a

reverse flow at that moment. On the other hand, the pressure

difference is positive when the flow decreases, causing a for-

ward flow that increases the flow rate. These observations

imply that the pressure difference across the glottis can skew

the glottal flow. Supposing instead the phase response is �p,

it is clear from Fig. 7(B) that the flow generated by the

acoustic pressure difference tends to cancel the glottal flow.

Note, however, that the degree of this flow cancelation

depends on the magnitude response at that frequency. The

coupling effect mentioned above can independently be

applied to each frequency component of the glottal flow.

Therefore, if the frequency of a component is below fp and

that of another one slightly above fp, the feedback pressure

difference can skew the first component and degrade the

second one.

Returning to Fig. 6 and considering the frequency

responses related to the mean acoustic pressure, the phase

response is positive when the frequency is below fp and neg-

ative when the frequency exceeds fp. In Fig. 7, the phase dif-

ference between the two sinusoids is set to p/4 in Fig. 7(C)

and –p/4 in Fig. 7(D) as the typical value for each of these

cases. Here, the volume flow is the input and the pressure

difference is the output of the filter, �PA=Ug. Because the vol-

ume flow is approximately proportional to the glottal area,

the waveform pattern of ug is similar to that of the vocal-fold

displacement, especially when the frequency component in

interest is the fundamental. In Fig. 7(C), the positive peak of

the mean pressure occurs when the glottis begins to open.

The pressure then decreases and reaches a negative peak,

whereupon the glottis may be closing. Thus, the acoustic

feedback is favorable to the maintenance of the vocal-fold

oscillation. In Fig. 7(D), on the contrary, the positive peak of

the pressure occurs during adductive motion of the vocal-

fold, thus preventing oscillation. The plots in Fig. 6 also

FIG. 4. Computed results of (A) vocal-tract input impedance and (B) fre-

quency responses of the acoustic pressure difference (solid) and mean

acoustic pressure (broken) across the glottis for the vowel /i/. Mean fre-

quency response over nine vowels is plotted in (C) for the acoustic pressure

difference and mean acoustic pressure, respectively.

FIG. 5. Input impedance of a two-tube model resembling the narrow epi-

glottal section and the main section of the vocal tract. Results are compared

for a number of epiglottal section lengths, L1, and cross-sectional areas, S1.
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shows that the peak frequency, fp, increases as the cross-sec-

tional area of the glottal tube increases. In addition, the mag-

nitude of every frequency response generally decreases as

the glottis opens, suggesting that the strength of the source-

filter coupling can vary during the glottal cycle.

B. Time-domain simulation

Next, following the procedure in Sec. II E, our voice pro-

duction model was used to simulate vibration of the vocal

folds and generation of the glottal sound source. Parameters of

the vocal-fold model (Pelorson et al., 1994) were set to m1

¼ 0.125/Q g, m1¼ 0.025/Q g, k1¼ 80000Q dyn/cm, k2¼ 8000

Qdyn/cm, k12¼ 55000Q dyn/cm, r1 ¼ 0:2
ffiffiffiffiffiffiffiffiffiffi
m1k1

p
¼ 23:3 dyn

s/cm, and r2 ¼ 1:2
ffiffiffiffiffiffiffiffiffiffi
m2k2

p
¼ 18:6 dyn s/cm, where Q is the

tension parameter. For the glottis in a closed state, the values

of the stiffness parameters were increased such that k1

¼ 320000Q and k2¼ 32000Q dyn/cm. The parameters of the

dampers were also increased, such that r1¼ 257 and r2¼ 49.6

dyn s/cm. The initial displacement was set to y0¼ 0.00014 cm

and the vocal-fold length to lg¼ 1.2 cm. k in Eq. (17) was

determined so that the effective depth of the lower mass,

k(xe� x0), was about 0.27 cm. The threshold Reynolds num-

ber, Rthr, was 200. The dynamic viscous coefficient was set to

l¼ 0.0182 � 10�3 Pa s, and the sub-glottal pressure was set

to pF0¼ 8 cm H2O. A sampling frequency of 20 kHz was

used to perform the simulation, and therefore the time step

was 0.05 ms.

Figure 8 shows the temporal pattern of the main physi-

cal variables, calculated for the vowel /i/, with a tension pa-

rameter value of Q¼ 1. From top to bottom, the plots show

glottal volume flow (ug), acoustic pressure difference across

the glottis (DpA), mean acoustic pressure ð�pAÞ, mass dis-

placements (y1 and y2), driving force of the lower mass (f1),

the point of flow separation relative to the thickness of the

vocal fold (xs/xc), and the displacement thickness of the

boundary layer relative to the channel height at the flow sep-

aration point (2d(xs)/h(xs)). The displacements for the lower

and upper masses are shown by the solid and broken lines,

respectively. The aerodynamic component of the driving

force is shown by the broken line, while the solid line repre-

sents the sum of both aerodynamic and acoustic forces.

The pressure difference is generally positive and a peak

is observed before the glottal closure, resulting in an increase

in the glottal flow. The mean pressure is negative before the

closure and has the effect of pulling both folds medially. The

results also suggest that the vocal-fold vibration is main-

tained by the positive-to-negative change of the driving

force, in which the aerodynamic component is principal. The

point of flow separation was near the glottal exit (xe) during

the opening phase and it gradually moved in the upstream

direction during the closing phase, in accordance with the

convergent–divergent change in the glottal shape. Lastly, the

bottom plot of the displacement thickness indicates the rate

of channel height reduction, because the effective channel

height is given as h(xs)� 2d(xs). This channel height

FIG. 6. Frequency responses of the acoustic pressure difference and mean

acoustic pressure for the vowel /i/. The cross-sectional area of the uniform

tube for the glottal section in Fig. 2 was changed to (A) 0.014 cm, (B) 0.028

cm, and (C) 0.14 cm. Both magnitude and phase responses are shown. The

broken vertical lines indicate the frequencies of the first peak and first dip.

FIG. 7. Waveform plots of sinusoids illustrating the input output relation of

the acoustic pressure difference and mean acoustic pressure frequency

responses. The volume flow and specific pressure value are the input and

output, respectively, of the linear, causal filters defined by these responses.

The effect of the source-filter coupling can be estimated by the phase differ-

ence, which specifies the interrelation of these variables. Here, the influence

of the magnitude response is not considered.
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reduction almost exceeded 20% in this simulation. The influ-

ence of the boundary layer was especially significant when

the glottis opened or closed, at which time the volume flow

rate and hence the Reynolds number were small.

Figure 9 depicts the shape of the medial portion of the

vocal fold (solid line) and the outline of the boundary layer

formed by the displacement thickness (broken line) for six

time instants of the simulation shown in Fig. 8. The arrow

indicates the point of flow separation on the surface of the

vocal fold. As time proceeds from 2 to 4 ms, the glottal

shape changes from being convergent to being uniform. The

channel height widens and the relative value of the bound-

ary-layer thickness, 2d(xs)=h(xs), decreases. At 5 and 5.5 ms,

the channel has a divergent shape, the separation point shifts

upstream, and the boundary-layer thickness increases again.

These features of the glottal shape change and the behavior

of the boundary layer are typical (Pelorson et al., 1994; Story

and Titze, 1995; Kaburagi and Tanabe, 2009), but it is worth

pointing out again that the development of the boundary

layer can significantly reduce the glottal channel and affect

the estimation of the glottal flow based on the pressure-flow

relation [see Eq. (1)]. Also note that the boundary-layer anal-

ysis is basically effective upstream of the separation point.

Next, the contribution of the source-filter coupling was

examined by changing the frequency responses of the acous-

tic pressures. The responses, DPA/Ug and �PA=Ug, for the

vowel /i/ were low-pass filtered with a cut-off frequency of

3.8 kHz at each time step of the simulation using a zero-

phase digital filter. The filtered versions of the responses

were then used with Eqs. (4) and (15) to calculate the pres-

sure difference and mean pressure. An example filtered mag-

nitude response is shown in the upper part of Fig. 10 for a

glottal area of 0.014 cm2. By comparing Figs. 4(B) and 10,

we can see that the significant peaks around 4 and 5 kHz are

removed by filtering. The traces in Fig. 10 show the results

of a voice production simulation. The filtering of the fre-

quency responses degrades the strength of the source-filter

coupling. With the absence of high-frequency peaks, the

vocal-fold oscillation is attenuated quickly within a few

cycles, suggesting that these peaks are indispensable.

Finally, the tension parameter of the vocal fold, Q, was

changed from two to five linearly with time. Figure 11 shows

the spectrogram of the glottal flow, ug, within the frequency

range 0–2 kHz. The horizontal broken lines around 350 and

500 Hz correspond to the first peak and dip, respectively, of

FIG. 8. The results of a time-domain simulation of voice production for the

vowel /i/. The plots show the changes with time of the glottal volume flow,

acoustic pressure difference across the glottis, mean acoustic pressure in the

glottis, mass displacements, driving force on the vocal folds, flow separation

point, and boundary-layer thickness at the separation point. The displace-

ments of the lower and upper masses are shown by solid and broken lines,

respectively. The broken line in the driving force plot shows the force com-

ponent generated by the aerodynamic pressure. The flow separation point is

normalized by the thickness of the vocal fold. The boundary-layer thickness

is normalized by the nominal height of the glottal channel at the separation

point.

FIG. 9. The shape of the vocal folds and the displacement thickness of the

boundary layer obtained at six time points of the simulation plotted in Fig. 8.

Left is toward the sub-glottal region and right toward the vocal tract. VF

denotes the vocal fold, SP the flow separation point on the surface of the

vocal fold, and BL the boundary layer. The numerical value of the boundary-

layer thickness is normalized by the nominal height of the glottal channel at

the flow separation point.
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DPA/Ug and �PA=Ug. The frequency region enclosed by the

broken lines is therefore unfavorable for phonation (Ishizaka

and Flanagan, 1972; Titze, 2008). The fundamental fre-

quency reaches this peak frequency at a time of approxi-

mately 0.15 s. Between 0.15 and 0.28 s, the spectrogram

indicates the appearance of subharmonic and unstable

behavior. The harmonic pattern then stabilizes when, at 0.28

s, the fundamental frequency agrees with the dip frequency

of approximately 500 Hz.

Figure 11 also shows waveforms of the main variables

for the same simulation. In the first time section (0.02–0.04

s), the fundamental frequency is outside the unfavorable fre-

quency region. Skew in the glottal flow waveform and a sta-

ble positive-to-negative change of the driving force are

observed. In the second section (0.10–0.12 s), the fundamen-

tal frequency is closer to the unfavorable region. The pres-

sure difference waveform exhibits sharp positive peak each

time the glottis opens or closes, and the mean pressure has a

negative peak at each of these moments. In the 0.20–0.22 s

interval, where the spectrogram shows the existence of sub-

harmonic behavior, there are three broad peaks in the pres-

sure difference waveform, as indicated by arrows. By

comparison with the waveform of 0.10–0.12 s, it might be

suggested that these broad peaks are generated by a merging

of the peaks, appearing in 0.10–0.12 s, between the adjacent

glottal cycles. Finally, over 0.30–0.32 s, regular vocal-fold

oscillation is recovered. Note that the fundamental frequency

is close to the dip frequency of DPA/Ug and �PA=Ug. The

feedback acoustic pressure is therefore weak.

Figure 12 shows spectrogram and waveform plots

obtained by a simulation in which the frequency responses

were low-pass filtered, as for the experiment plotted in Fig.

10. When the tension parameter is changed from two to five,

self-oscillation of the vocal folds is recovered irrespective of

the filtering. Some differences are readily noticeable

between the spectrograms in Figs. 11 and 12. When the

high-frequency peaks are removed, the fundamental fre-

quency is lower at the beginning of the simulation. After the

unstable region about 0.16–0.28 s, the fundamental fre-

quency remains below the first peak frequency, even though

the tension increases with time. The recovery of the self-os-

cillation and the locking of the oscillation frequency are due

to the enhancement of source-filter coupling that produces

periodic change in the pressure near the glottis, as discussed

in more detail in the subsequent section.

Significant differences are also observed between the

waveform plots of Figs. 11 and 12. In the first time section,

the amplitudes of the pressure difference and the mean pres-

sure decrease significantly as shown in Fig. 12, resulting in

the reduction of the amplitude of the flow and driving force

waveforms. As time proceeds, the fundamental frequency

approaches the first peak of the responses. The source-filter

coupling is then enhanced and the waveforms of Figs. 11

and 12 are similar in the second and third time intervals,

although the waveforms of the flow and pressure values are

generally smoother in Fig. 12. This is due to the elimination

of the high-frequency components of the acoustic feedback

by the filtering operation. Finally, in the fourth section, the

pressure waveforms are much more prominent in Fig. 12

because the fundamental frequency remains near the peak

region of the responses. The vocal folds did not oscillate

when the value of the tension parameter is increased above

one because they are separated after several cycles (see

Fig. 10).

IV. SUMMARY AND DISCUSSION

In this work, a model was presented to explain the self-

oscillation of vocal folds and the periodic changes of glottal

flow. The model was constructed with an accurate flow anal-

ysis method based on a boundary-layer approximation that

gives the effective flow channel by considering the thickness

of the boundary layer. The variable flow separation point

was also used to estimate the volume flow precisely. The

generated acoustic waves travel through the vocal and sub-

glottal tracts, resulting in the formation of an acoustic field

near the glottis. This acoustic feedback was represented in

terms of the pressure difference across the glottis, which

contributes to the volume flow generation, and the mean

pressure in the glottis, which partly drives the vocal folds.

These specific pressure values were expressed in the fre-

quency domain using linear, causal filters. Their frequency

responses gave explicit relations between glottal flow and

the resulting pressure value for each frequency.

Besides the explicit use of the interactive boundary-

layer analysis, our voice production model is slightly differ-

ent from that studied by Titze (2008) in modeling the acous-

tic wave propagation through the glottis. Equations (1) and

FIG. 10. The frequency plot shows the filtered responses of the acoustic

pressure difference (solid) and mean acoustic pressure (broken) for the

vowel /i/. Time traces show simulation results obtained using these

responses. The details of the broken lines are the same as that given in

Fig. 8.
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(2) of the study by Titze (2008) indicate that the wave propa-

gation through the glottis is independent of the cross-sec-

tional area. The glottal area is incorporated as the dominant

parameter of the volume flow estimation using the pressure-

flow relation given in Eq. (4) of Titze’s study. Note that the

input impedance, denoted by Z1 and Z2, can be determined

from the area function of the sub- or supra-glottal tracts and

an appropriate terminal impedance. At this point, the flow

equation [Eq. (5) of Titze’s study] only includes the entrance

areas, As and Ae, as the information of these tracts, but the

forward and backward waves, pþs and p�e , reflect implicitly

their acoustic properties. In our model, the flow estimation

[Eq. (1)] is based on the effective glottal area measured at

the estimated flow separation point by excluding the esti-

mated thickness of the boundary layer. In addition, the glot-

tal area and its wave-traveling length are considered as the

parameter determining the acoustic pressure above and

below the glottis [Eqs. (27) and (28)]. As a result, the spe-

cific pressures representing the source-filter coupling (i.e.,

the pressure difference and mean pressure of the glottis) are

dependent on the glottal area, implying that the strength of

the coupling effect varies during the glottal cycle.

Numerical investigations were performed to examine

the effect of the source-filter coupling. First, the input im-

pedance of the vocal tract and the frequency responses of the

pressure difference and mean pressure were calculated. They

showed significant peaks in the frequency range 3–5 kHz.

Note that the results were obtained by using the acoustic

tube model, which assumes plane wave propagation, and

therefore they would be less accurate in frequency ranges

higher than approximately 4 kHz. Although our method has

this limitation, we suggest the acoustic resonance of the epi-

glottal tube is the cause of the high-frequency peaks, in

agreement with the statement of Titze (2008) that the

source-filter coupling can be enhanced by reducing the epi-

glottal cross-sectional area. A more direct relationship

between the laryngeal cavity and high-order formants was

investigated by Takemoto et al. (2006), with results that sup-

port our own. Using magnetic resonance imaging and a

transmission line model of the vocal tract, they showed that

the acoustic resonance of the vestibular and ventricular

spaces determines the fourth formant independent of the sec-

tion of vocal tract above the laryngeal cavity. Concerning

the acoustics of the vocal tract, further studies would address

FIG. 11. The spectrogram for the

temporal pattern of the glottal vol-

ume flow. The tension parameter of

the vocal-fold model was linearly

changed in time from two to five. A

Hamming window with a length of

1024 samples was used. The shift

width of the window was 950 sam-

ples. Traces below the spectrogram

show the simulated waveforms of

the main physical variables. Each

time section corresponds to a portion

of the spectrogram. The details of

the broken lines in the displacement

and driving force waveforms are the

same as that given in Fig. 8. Arrows

in the second and third time sections

indicate characteristic peak patterns

of the pressure values.

J. Acoust. Soc. Am., Vol. 129, No. 3, March 2011 T. Kaburagi: Voice production model 1565

Downloaded 29 Nov 2012 to 133.5.120.94. Redistribution subject to ASA license or copyright; see http://asadl.org/terms



the influence of a three-dimensional acoustic field in the tract

and of the piriform fossae, which causes antiresonances in

the vocal-tract transfer function in the frequency range 4–5

kHz (Dang and Honda, 1997).

The importance of these high-frequency peaks was con-

firmed using time-domain simulations. When the significant

peaks were eliminated by a zero-phase low-pass filter and

the resulting frequency responses were used to calculate the

specific pressure values near the glottis, the vocal-fold oscil-

lation was attenuated quickly, resulting in a convergence of

the mass displacement. The resulting driving force was

almost constant and movements of both masses were

synchronized, indicating that convergent–divergent changes

in the glottal channel were not attained. Elimination of the

dominant high-frequency peaks led to the energy reduction

of the acoustic feedback. Foregoing studies, Zañartu et al.
(2007), for example, showed that the vocal-fold oscillation

was not attained when the sub- and supra-glottal tracts had

infinite length and there was no acoustic reflection from the

tracts. This can be regarded as an extreme case of our filter-

ing experiment, although some simulation studies reported

that the vocal-fold model can oscillate without the source-fil-

ter coupling (Tokuda et al., 2007; Titze, 2008). We also

showed that the vocal-fold oscillation was recovered by

increasing the tension parameter of the vocal-fold model

because the fundamental frequency approached the first

formant and the source-filter coupling was enhanced.

The results of time-domain simulations with a variable

tension parameter showed bifurcation and voice instability

(Tokuda et al., 2007). Detailed analysis was performed on

the specific patterns appearing in the pressure difference and

mean pressure waveforms, by paying attention to the interre-

lation between the fundamental frequency and the first peak

and dip of the pressure frequency responses.

When the high-frequency peaks appearing in the fre-

quency responses of the pressure values were removed in the

variable fold-tension simulation, the result was quite differ-

ent. The most interesting point was that the fundamental fre-

quency remained below the first peak frequency of the

responses, corresponding to the first formant, even though

the tension of the vocal fold changed significantly. This pe-

culiar phenomenon can be attributed to a strong periodicity

generated in the pressure difference and mean pressure

waveforms. Because the amplitude and phase difference of

FIG. 12. The spectrogram for the

temporal pattern of the glottal vol-

ume flow when the frequency

responses of the specific pressure

values were low-pass filtered to

eliminate the high-frequency peaks,

as shown in the upper part of

Fig. 10. The tension parameter of

the vocal-fold model was changed in

the same way as in Fig. 11. Traces

show the simulated waveforms of

the main physical variables. Each

time section corresponds to a portion

of the spectrogram. The details of

the broken lines in the displacement

and driving force waveforms are the

same as that given in Fig. 8.
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the vocal-fold oscillation generally decreased as the tension

parameter increased, the temporal change of the aerody-

namic force also weakened, and instead, the influence of the

acoustically oriented driving force dominated the self-oscil-

lation (see the fourth time section of Fig. 12). The fundamen-

tal frequency was therefore controlled by the changing the

rate of the mean acoustic pressure, which was very close to

the first peak frequency of approximately 350 Hz.

From the simulation experiments, we conclude that the

elimination of the high-frequency components of the source-

filter coupling can lead to an enhancement of the influence

of low-frequency peaks and change the consequences of the

coupling. Future studies will aim at clarifying further the

meaning of the frequency-dependent characteristics of the

source-filter coupling in the process of human voice produc-

tion and singing.
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