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a b s t r a c t 

Self-oscillating bar-mass models of the vocal folds are frequently used as the voice source in articulatory speech 

synthesis. For these models, a number of ways to handle the entrance loss and the flow separation in the glottis 

have been proposed. However, the effect of different modeling choices on vocal fold oscillation and glottal flow, 

and on the quality of synthesized speech has been rarely examined. In this study, a modified two-mass model 

of the vocal folds was used to simulate phonation for 12 modeling options: three ways to model the entrance 

loss combined with four ways to model flow separation. For each condition, the following characteristics of 

the glottal oscillation and flow were determined: the phonation threshold pressure, the frequency range of self- 

sustained oscillation, the oscillation amplitude for different glottal rest openings, the spectral slope of the flow 

derivative, the maximum flow declination rate (MFDR), the open quotient (OQ), and the difference between the 

levels of the first and second harmonics of the flow derivative (H1-H2). In addition, the effect of the modeling 

options on the perceived naturalness of the synthetic voice was evaluated. There was no effect of the different 

ways to model entrance loss and flow separation on the phonation threshold pressure and on frequency range, and 

only a minor effect on MFDR, OQ, and H1-H2. However, there was a strong effect of the flow separation model 

on the oscillation amplitude, the spectral slope, and on the naturalness of the voice. The voice was perceived as 

most natural when the flow was assumed to always separate at the minimum glottal diameter. 

1

 

f  

u  

2  

S  

w  

t  

e  

c  

t  

t  

C  

w  

a  

m  

m  

f  

d  

a  

n  

o  

p  

g  

p  

d  

r  

d  

t

1

 

g

𝑝  

w  

e  

h

R

A

0

. Introduction 

Low-dimensional lumped-element models of the vocal folds are use-

ul tools for a wide range of speech investigations and are frequently

sed as the voice source in articulatory speech synthesis ( Adachi and Yu,

005; Birkholz, 2013; Elie and Laprie, 2016; Fels et al., 2006; Sondhi and

chroeter, 1987 ). Compared to complex continuum-mechanical models,

hich are often coupled with a detailed 2D or 3D simulation of the glot-

al flow ( Alipour et al., 2000; Jiang et al., 2017 ), lumped-element mod-

ls represent an efficient trade-off between complexity and the range of

haracteristics of real vocal folds that they can simulate. Since the in-

roduction of the first lumped-element model by Flanagan and Cherry

hat used a single bar mass to represent one vocal fold ( Flanagan and

herry, 1969 ), a number of model variants were proposed, each of

hich have a certain mechanical design and make certain aerodynamic

ssumptions ( Birkholz, 2011; Erath et al., 2013 ). With respect to the

echanical design, the models mainly differ in the number of mass ele-

ents representing a vocal fold, the spatial arrangement and degrees of

reedom of the masses, the number and characteristics of the springs and

ampers that link the masses to each other and to the reference system,
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nd the way the vocal fold contact is treated. With respect to the aerody-

amic simulation, many lumped-element models assume a quasi-steady,

ne-dimensional flow through the glottis that creates a one-dimensional

ressure profile in the axial direction. However, for one and the same

eometric configuration of the glottal channel, the simulated pressure

rofile may differ depending on the assumptions underlying the pressure

rop at the entrance of the glottis, and the flow separation and pressure

ecovery within or at the exit of the glottis. Because the pressure profile

etermines the forces driving the vocal folds, these assumptions affect

he dynamical behavior of the model. 

.1. Entrance loss 

Based on Bernoulli’s principle, the pressure at the entrance of the

lottis can be written as 

 1 = 𝑝 sub − 𝑘 ent 
𝜚 

2 

( 

𝑢 g 

𝐴 1 

) 2 
, (1)

here p 1 and A 1 are the pressure and cross-sectional area at the lower

dge of the glottis, respectively, p sub is the (subglottal) pressure in the
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rachea, u g is the glottal volume velocity, ϱ is the density of air, and k ent 

s the entrance loss coefficient ( Fulcher et al., 2011 ). While 𝑘 ent = 1 cor-

esponds to a lossless Bernoulli flow, values of k ent > 1 may account for

ll kinds of energy losses at the glottal entrance. Based on experiments

ith a mechanical model of the glottis, van den Berg ( Van Den Berg

t al., 1957 ) determined a value of 𝑘 ent = 1 . 375 , which was then fre-

uently used to model the entrance loss ( Flanagan and Ishizaka, 1978;

oizumi et al., 1987 ). The energy loss associated with this pressure drop

n excess of the drop predicted by Bernoulli’s equation is believed to

e caused by the abrupt contraction in cross-sectional area at the inlet

o the glottis, which produces a vena contracta (point of least stream

iameter) surrounded by stagnant air ( Ishizaka and Flanagan, 1972 ).

owever, Pelorson et al. (1994) refuted that the vena contracta effect

ould occur in the glottis, and it was subsequently not considered at

ll in many voice simulations ( Lucero and Koenig, 2005; Tokuda et al.,

010 ). 

More recently, Fulcher et al. measured pressure distributions in a

tatic mechanical model of the glottis for a range of glottal diameters and

ransglottal pressures ( Fulcher et al., 2011 ). They found that k ent was not

onstant but varied between 0.69 and 17.6 depending on the glottal di-

meter and transglottal pressure. The values for k ent at the higher end

f the range were determined at very small glottal diameters (0.05 mm)

nd low transglottal pressures (300 Pa). Fulcher and Scherer argue that

his variation of k ent improves the prediction of the oscillation thresh-

ld pressure of the vocal folds for small glottal diameters ( Fulcher and

cherer, 2011 ). Follow-up measurements using static models with dif-

erent convergent glottal angles resulted in the range 0.6 ≤ k ent ≤ 3.4,

epending on the angle ( Fulcher et al., 2014 ). However, all these values

ere determined for a stationary flow as opposed to an alternating flow

hrough the glottis. Therefore, it remains open whether the variable en-

rance loss is also adequate for the pressure profiles during phonation,

nd how it affects simulated voice signals. 

.2. Flow separation 

With regard to flow separation in the glottis, the conventional two-

ass model by Ishizaka and Flanagan assumes that the glottal flow al-

ays separates from the walls at the exit of the glottis and that the

ynamic pressure is partially recovered based on the conservation of

omentum ( Ishizaka and Flanagan, 1972 ). However, Pelorson et al. de-

ived a more realistic fluid-mechanical description of the glottal airflow

nd proposed a variable flow separation point, the position of which

epends on the angle of convergence or divergence of the glottal chan-

el ( Pelorson et al., 1994 ). This concept was implemented in a modified

wo-mass model in which the cross-sectional area of the glottal chan-

el changes smoothly in the axial direction (as opposed to a step-wise

hange as in the bar-mass models). The need for a variable flow separa-

ion point has been widely acknowledged as an essential part for a re-

listic fluid-dynamical model. Many low-dimensional vocal fold models

mplement a somewhat simplified version of this concept. In these mod-

ls, the point of flow separation does not vary continually along the glot-

al channel axis, but varies between discrete positions, e.g., between the

oundary between the lower and upper bar masses on the one hand, and

he glottal exit on the other hand ( Lucero and Koenig, 2005; Birkholz

t al., 2011c ), or between the discrete positions of the three point masses

f the cover layer of the model by Tokuda et al. (2010) . However, there

s no consensus on when exactly the point of flow separation should

hange within a glottal cycle. The change of the point of flow sepa-

ation between discrete positions in the glottal channel is obviously a

ross simplification compared to the complex aerodynamic processes

n the real glottis ( Mittal et al., 2013 ), but may be justifiable with a

educed model complexity for the purpose of speech synthesis. Further-

ore, modeling the vocal folds with rectangular bar masses allows to

epresent the glottis in terms of tube sections of constant cross-sectional

reas exactly analogous to the rest of the vocal system (as in the present

tudy). 
109 
Pressure recovery downstream from the point of flow separation is

sually neglected, i.e., all energy in the detached jet stream is assumed

o get lost due to turbulence ( Pelorson et al., 1994 ). This assumption is

lso supported by other studies that examined pressure distributions in

hysical models of the glottis ( Fulcher et al., 2011; 2014 ). 

.3. Goal of this study 

In this study we examined how different options to model entrance

oss and flow separation affect characteristics of the glottal oscillation

nd flow of the two-mass model by Birkholz et al. (2011c) and the nat-

ralness of synthesized speech using this vocal fold model. The options

o model the entrance loss were (i) a lossless Benoulli flow ( 𝑘 ent = 1 . 0 ),
ii) a lossy Benoulli flow with 𝑘 ent = 1 . 375 ( Van Den Berg et al., 1957 ),

nd (iii) a variable entrance loss coefficient that depends on transglot-

al pressure and the glottal diameter ( Fulcher et al., 2011 ). With regard

o flow separation, we tested four options for the area ratio k sep of the

pper and lower glottal area ( k sep ∈ {1.0, 1.1, 1.2, 1.3}) at which the

ow separation point toggles between the boundary between the up-

er and lower masses and the exit of the glottis. The value 𝑘 sep = 1 . 0
eans that the flow always separates at the upper edge of the mass that

orms the smaller glottal diameter, which varies during an oscillation

ycle. Higher values of k sep mean that the flow separates at the exit of

he glottis during a higher percentage of time during a glottal cycle, ap-

roaching a fixed flow separation point at the glottal exit for the limit

 sep →∞. 

For each of the 3 × 4 = 12 combinations of options, we analyzed the

requency range of self-sustained oscillation, the phonation threshold

ressure, the variation of oscillation amplitude with glottal rest dis-

lacement, multiple characteristics of the glottal flow waveform, and

he perceived naturalness of the synthesized voice. These measures al-

ow the assessment of the realism of a vocal fold model, and how suit-

ble it is for articulatory speech synthesis. From another point of view,

his analysis indicates what level of detail of the flow simulation of a

ow-dimensional vocal fold model is actually necessary for realistic os-

illations and a natural-sounding synthetic voice. 

With regard to realism, the phonation threshold pressure at low fre-

uencies should be in the range of 300–400 Pa ( Titze, 1992 ). With re-

ard to voice synthesis, it is desirable to have a model that has a high

requency range of self-sustained oscillation, and that oscillates not only

or very small glottal rest areas, but also for greater glottal rest areas as

uring breathy phonation. Finally, the naturalness of the synthetic voice

hould be as high as possible. 

. Method 

.1. Articulatory synthesis framework 

The simulations and the speech synthesis in this work were

erformed using the articulatory speech synthesizer VocalTract-

ab 2.1, which was extended for the purpose of this study

 www.vocaltractlab.de ). This synthesizer can generate all German

peech sounds in high quality, while providing full control of the time-

arying laryngeal and supra-laryngeal articulation. The core compo-

ents of the synthesizer are a geometric 3D model of the vocal tract

 Birkholz, 2013 ) and a self-oscillating bar-mass model of the vocal folds

 Birkholz et al., 2011c ). The vocal tract model is controlled by 23 pa-

ameters, which specify the shape and position of the articulators. The

ocal fold model is controlled by six parameters and is described in more

etail in Section 2.2 . The dynamic control interface for these models

ssumes the form of a gestural score, which is loosely based on the con-

epts of articulatory phonology ( Browman and Goldstein, 1992 ). The

estural scores here consist of a number of independent tiers populated

ith discrete articulatory gestures ( Birkholz, 2007; Kröger and Birkholz,

007 ). Each gesture represents movement toward a target configura-

ion by the participating articulators in terms of control parameters

http://www.vocaltractlab.de


P. Birkholz and D. Pape Speech Communication 110 (2019) 108–116 

Fig. 1. Pseudo-3D view of the two-mass model of the vocal folds at rest. 
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f the vocal tract or vocal fold models. This movement is simulated by

th order critically-damped dynamical systems ( Birkholz et al., 2011b ).

he acoustically relevant cross-sectional area functions of the vocal

ract model and the vocal fold model, together with quasi-static area

unctions of the nasal cavity and the subglottal system, constitute a

ranched tube model of the entire vocal system ( Birkholz, 2005 ). Based

n an acoustic-network representation of this time-varying tube system,

n aero-acoustic simulation calculates the volume velocities and pres-

ures in the tube sections, the forces driving the simulated vocal folds,

nd the speech signal radiated from the lips and nostrils ( Birkholz and

ackèl, 2004; Birkholz, 2005 ). This simulation includes a noise source

odel ( Birkholz, 2014 ) that activates appropriate noise sources at the

ositions where the according aerodynamic and geometrical conditions

re met (including a source for aspiration noise above the exit of the

lottis). The simulation runs at a sampling rate of 44100 Hz. 

.2. Modeling entrance loss and flow separation in the glottis 

The vocal fold model used here is the self-oscillating two-mass model

y Birkholz et al. (2011c,a) . The advantage of this model compared to

ther bar-mass models ( Birkholz, 2011; Erath et al., 2013 , for reviews)

s that it can naturally simulate the continuum from pressed to breathy

honation by varying the degree of glottal abduction. The mechanical

etup of the model at rest is sketched in Fig. 1 . Each vocal fold is rep-

esented by two bar masses, each of which is connected to a reference

rame by a spring and a damper. An additional spring couples the upper

ith the lower bar mass. The vocal folds are assumed to be symmetric

ith respect to the midsagittal plane, so that only the right vocal fold is

ctually modelled. The mechanical parameters of the model are given
Fig. 2. Acoustic network for the glottis and

110 
n Birkholz et al. (2011c) . The f 0 of the model is controlled in terms of a

ension factor q that modifies the mechanical rest parameters to produce

he desired oscillation frequency. 

In the pre-phonatory rest position, the displacements of the lower

nd upper masses at the posterior end from the glottal midline are con-

rolled by the parameters x rest1 and x rest2 . The rest displacements de-

rease linearly towards zero at the anterior commissure, so that the

re-phonatory shape of the glottis is triangular (for x rest1,2 > 0). During

honation, the masses oscillate in the medial-lateral direction, while

hey retain their pre-phonatory inclination with respect to the dorso-

entral axis. When the left and right vocal folds collide during glottal

losure, they are repelled with an additional force that is proportional

o the overlapping area of the left and right mass elements. In this way,

he closure of the vocal folds during an oscillation cycle becomes pro-

ressively more gradual with increasing abduction (rest displacement),

nd results in incomplete closure at high degrees of abduction. 

For the aero-acoustic simulation, the spaces between the two lower

ass elements and the two upper mass elements are each represented by

ne elliptical tube section. For each of these sections, the cross-sectional

rea A i is calculated from the current displacement of the mass elements,

nd the section lengths l i correspond to the height of the respective mass

lement ( 𝑖 = 1 , 2 for the lower and upper masses, respectively). Further-

ore, the length of the major axis a i of the elliptical cross-section corre-

ponds to the dorso-ventral length of the glottis. These geometric param-

ters enter the calculation of the flow through the glottis and the pres-

ures acting on the vocal folds based on the acoustic network shown in

ig. 2 . Here, each glottal section is modeled – analogously to all other

ections of the entire tube model – in terms of a T-type two-port net-

ork with the acoustic components L i , R i , and C i . L i and C i represent

he inertance and compliance of the air in tube section i , and are given

y 

 𝑖 = 

𝑙 𝑖 

2 
𝜚 

𝐴 𝑖 

and 𝐶 𝑖 = 𝑙 𝑖 
𝐴 𝑖 

𝜚𝑐 2 
, 

here 𝑐 = 350 m/s is the sound velocity, and 𝜚 = 1 . 14 kg/m 

3 is the am-

ient density of air ( Flanagan, 1965 ). R i is the viscous resistance given

y 

 𝑖 = 

𝑙 𝑖 

2 
4 𝜇( 𝑎 2 

𝑖 
+ 𝑏 2 

𝑖 
) 

𝜋𝑎 3 
𝑖 
𝑏 3 
𝑖 

, 

here 𝜇 = 1 . 86 ⋅ 10 −5 kg/(m · s) is the viscosity of air, and 2 a and 2 b

re the major and minor axes of the elliptical cross section of the tube

ection ( Birkholz, 2005 ). 

The network elements of particular interest for the present study are

 ent and R 12 . R ent is the resistance for the pressure drop at the entrance

f the glottis, i.e., the drop from the subglottal pressure p sub in the tra-

hea to the pressure p 11 at the lower edge of the glottis ( Fig. 1 ). Based

n Eq. (1) we obtain 

 ent = 𝑘 ent 
𝜚 

2 
|𝑢 1 |
𝐴 

2 
1 
 the subglottal and supraglottal parts. 
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Fig. 3. Schematic pressure profiles in the glottis at four points in time during an oscillation cycle for a flow separation factor k sep > 1.0. c) and d) illustrate that from 

time t 0 to 𝑡 0 + Δ𝑡, the pressure between the lower masses makes a step-like change due to the change of the point of flow separation. This temporal discontinuity can 

cause acoustic artifacts without proper precautions. 
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ith the entrance loss coefficient k ent . In this study we explored three

ettings for k ent : 

• A fixed value of 𝑘 ent = 1 . 0 that represents a lossless Bernoulli flow, 

• a fixed value of 𝑘 ent = 1 . 375 that represents a lossy Bernoulli flow

( Van Den Berg et al., 1957 ), 

• a variable entrance loss coefficient that is a function of

transglottal pressure p trans (in cm H 2 O) and the glottal di-

ameter d (in cm) according to the approximation 𝑘 ent = 𝑎 ⋅

𝑝 𝑏 trans with 𝑎 = 10 [0 . 7953 ⋅log 
2 
10 ( 𝑑)+1 . 4741 ⋅log 10 ( 𝑑)+0 . 6529] and 𝑏 = −0 . 7427 ⋅

log 2 10 ( 𝑑) − 1 . 6209 ⋅ log 10 ( 𝑑) − 0 . 875 ( Fulcher et al., 2011 , ref. 16). In

the time-domain simulation, the transglottal pressure was calculated

for each time instant as 𝑝 trans = 𝑝 sub − 𝑝 supra , low-pass filtered with a

4th-order Chebyshev filter with a cutoff frequency of 50 Hz in order

to suppress short-term acoustic pressure variations. The diameter d

was calculated from the area of the lower glottal tube section divided

by the (dorso-ventral) length of the glottis. For numerical stability,

the calculated values for k ent were constrained to the experimentally

determined interval [0.6, 18.0] ( Fulcher et al., 2011 ). 

To model a variable point of flow separation, the resistance R 12 was

djusted based on the following two cases, analogously to Lucero and

oenig (2005) : 

1. The glottis is convergent or slightly divergent with A 2 ≤ k sep A 1 ,

where 1.0 ≤ k sep ≤ 1.3 is the flow separation factor . In this case we as-

sumed a lossless Bernoulli flow from the lower into the upper glottal

section, i.e., 𝑝 12 + 𝜚𝑢 2 2 ∕(2 𝐴 

2 
1 ) = 𝑝 21 + 𝜚𝑢 2 2 ∕(2 𝐴 

2 
2 ) ( Fig. 2 ), and accord-

ingly, 𝑅 12 = 0 . 5 |𝑢 2 |𝜚 (1∕ 𝐴 

2 
2 − 1∕ 𝐴 

2 
1 ) . The flow is assumed to detach at

the exit of the glottis without any recovery of dynamic pressure in

the upper glottal section ( 𝑝 supra = 𝑝 22 ). 

2. The glottis is divergent with A 2 > k sep A 1 . In this case, we assumed

that the flow detaches at the boundary between the lower and upper

mass elements without recovery of the dynamic pressure, i.e., 𝑝 21 =
𝑝 12 and 𝑅 12 = 0 . As in the first case, there is also no pressure recovery

at the glottal exit, i.e., 𝑝 supra = 𝑝 22 . 

Lucero and Koenig, who proposed this scheme to model a vari-

ble point of flow separation, used the factor 𝑘 sep = 1 . 2 ( Lucero and

oenig, 2005 ). In the present study, we explored the effects of four dif-

erent k sep ∈ {1.0, 1.1, 1.2, 1.3}. 

With the method to model flow separation described above, there is

 potential issue with a temporal discontinuity of the pressure between
111 
he lower masses as illustrated in Fig. 3 . According to case 2 above,

e assume an ideal Bernoulli flow between the lower and upper mass

lements as long as A 2 ≤ k sep A 1 . With k sep > 1.0 and A 1 < A 2 , the point of

ow separation is at the glottal exit and the pressure between the lower

asses is smaller than the pressure between the upper masses ( Fig. 3 c).

s soon as the ratio A 2 / A 1 becomes greater than k sep (which happens

rom one time instant of the simulation to the next), the point of flow

eparation moves to the boundary between the upper and lower mass,

nd the pressure profile will be like the one in Fig. 3 d, where the pressure

etween the lower masses is roughly equal to the pressure between the

pper masses. This sudden change of the pressure in the lower glottal

ection acts as a step-excitation of the vocal tract and can cause audible

coustic artifacts. To prevent this kind of sudden pressure change, the

esistance R 12 was filtered with a recursive first-order low-pass filter

ith a time constant of 0.1 ms during the actual simulations. The time

onstant was empirically adjusted such that there was no audible artifact

or the highest value of 𝑘 sep = 1 . 3 . 

.3. Analysis of oscillation characteristics 

The three options to model the entrance loss ( k ent ∈ {1.0, 1.375, vary-

ng}) and the four options to model flow separation ( k sep ∈ {1.0, 1.1, 1.2,

.3}) can be combined into 12 different settings for the vocal fold model.

or each of the 12 settings, we analyzed the oscillation characteristics of

he vocal fold model with respect to phonation threshold pressure, the

requency range of self-sustained oscillation, and the oscillation ampli-

ude as a function of the rest displacement of the mass elements. For all

imulations, the vocal fold model was connected to a subglottal system

odeled as a 23 cm long tube with an open lower (bronchial) end, and

 (stationary) vocal tract modeled as a 17.5 cm long uniform cylindrical

ube with an open mouth end. Neither the nasal cavity nor other side

ranches were connected to these tubes. 

For each of the 12 settings, the phonation threshold pressure was de-

ermined by running multiple simulations for lung pressures between

0 Pa and 1000 Pa in steps of 10 Pa, and by determining the maximum

f the displacement of the lower mass element for each pressure value.

or all simulations, the rest displacements of the upper and lower mass

lements were set to 𝑥 rest1 , 2 = 0 . 1 mm and the vocal fold tension was

djusted for 𝑓 0 = 120 Hz. Fig. 4 shows the displacement maximum as

 function of lung pressure for four of the 12 vocal fold settings. The

honation threshold pressure was determined from the characteristic

harp bend in the curves. 
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Fig. 4. Displacement maximum of the lower mass (relative to its rest position) 

during phonation as a function of lung pressure for four conditions. Phonation 

threshold pressure was determined from the sharp bend in the curves as marked 

by the arrow. 
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The f 0 range for each vocal fold setting was determined by running

ultiple simulations with the tension factor for the vocal folds being

ystematically varied. For all these simulations, lung pressure was 𝑝 lung =
000 Pa and rest displacements of the vocal fold masses were 𝑥 rest1 , 2 =
 . 1 mm. The minimal and maximal f 0 values were determined as the

requencies at which self-sustained oscillation was still clearly visible in

he plots of vocal fold displacement as a function of time. 

The displacement amplitude of the vocal folds as a function of the rest

isplacement was determined by jointly varying the rest displacement

 rest1,2 of both masses between 0 and 3 mm in steps of 0.2 mm, for

ach setting. The displacement amplitude was measured for the lower

ass, which showed a greater amplitude for all settings. For all these
ig. 5. Upper row: glottal flow pulses for each combination of the flow separation f

or better visibility). The sample index refers to a sampling rate of 44100 Hz. Lower

ne pulse period each) in a log-log plot. This illustrated the differences in the spect

ubglottal pressure of 1000 Pa, a vocal fold rest displacement of 0.2 mm, and a cylin

112 
imulations, lung pressure was 𝑝 lung = 1000 Pa and vocal fold tension

as adjusted for 𝑓 0 = 120 Hz. 

.4. Analysis of glottal flow characteristics 

In addition to the oscillation characteristics, we analyzed the fol-

owing characteristics of the glottal flow u 1 ( t ) (see Fig. 2 ) for all 12

odel settings: the spectral slope of the derivative ( du 1 ( t )/ dt ) of the

lottal flow, the maximum flow declination rate (MFDR), the open quo-

ient (OQ), the level difference of the first and second harmonic of the

erivative of the glottal flow (H1-H2), and the duration of the return

hase from the position of maximum flow declination to maximum clo-

ure (RET). 

The glottal flow waveforms u 1 ( t ) for the different settings of k ent and

 sep were simulated with the vocal fold model connected to a subglottal

ystem and a cylindrical tube for the vocal tract as in Section 2.3 . For

ll simulations, the following vocal fold parameters were used: 𝑝 lung =
000 Pa, 𝑥 rest 1 , 2 = 0 . 2 mm, and 𝑓 0 = 120 Hz. For each model setting, a

ingle glottal flow period was extracted during the stationary part of

he simulation (top row in Fig. 5 ). 

To determine the spectral slope (in dB/oct), the Discrete Fourier

ransform of the derivative of a glottal flow pulse was calculated (to

nclude the radiation characteristic into the slope), the frequency axis

as converted into octaves, the magnitude axis was converted into dB,

nd a regression line was fitted to the spectral samples between 200

nd 8000 Hz. The log-log plots of the 12 spectra are shown in the bot-

om row of Fig. 5 . The MFDR was calculated as max {− 𝑑 𝑢 1 ( 𝑡 )∕ 𝑑 𝑡 } , and

he open quotient as 𝑂𝑄 = 𝑇 1 ∕ 𝑇 0 , where T 1 is the duration of the open

hase and T 0 is the pulse period. H1-H2 was calculated as the level of

he first harmonic of du 1 ( t )/ dt minus the level of the second harmonic

both in dB). The return phase RET was calculated as the time span in

illiseconds from the position of the maximum flow declination (where

 𝑑 𝑢 1 ( 𝑡 )∕ 𝑑 𝑡 is maximal) to the full closure of the glottis (where 𝑢 1 ( 𝑡 ) = 0
gain). This duration of the return phase in the final part of the glottal
actor k sep and entrance loss coefficient k ent (shifted with respect to each other 

 row: Spectra of the derivatives of the glottal flow waveforms (calculated from 

ral slopes for the different conditions. The simulations were performed with a 

drical tube as the vocal tract. 
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losure is an indication for the rapidness of glottal closure and known

o affect the high-frequency energy of the glottal excitation ( Stevens,

998; Fant, 1995 ). 

.5. Analysis of perceived naturalness 

For each of the 12 combined settings for k ent ∈ {1.0, 1.375, vary-

ng} and k sep ∈ {1.0, 1.1, 1.2, 1.3}, three German sentences were syn-

hesized using the articulatory speech synthesizer VocalTractLab 2.1,

hich was extended for the purpose of this study. The synthesized sen-

ences were then rated with regard to the perceived naturalness of the

ynthetic voice. The sentences were “Um ein Uhr geht es los. ” [Um aIn

:5 ge:t Es lo:s] , “Die Tür ist offen. ” [di: ty:5 Ist Of@n] , and “So könnte

s sein. ” [zo: kœnt@ Es zaIn] . For each of the three sentences, a gestural

core was manually created using the editor in the VocalTractLab soft-

are. Here, the gesture parameters were adjusted for the re-synthesis of

ecordings of these sentences of a real speaker, i.e., the phone durations

nd the f 0 contour were copied from corresponding natural utterances

 Birkholz et al., 2017 ). Then each of the three gestural scores was synthe-

ized with each of the 12 settings for the glottal flow simulation. Hence,

he 12 variants of each sentence differed only with respect to the glottal

ntrance loss and flow separation settings, all other parameters (phone

urations, supraglottal articulation, f 0 , etc.) being equal. 

Currently, the manual re-synthesis of utterances in terms of ges-

ural scores is rather time consuming, so that we restricted our test

et to three sentences. However, since the sentences were presented

n a two-alternative forced-choice setup (see below), a clear prefer-

nce pattern could be found despite the limited material. All 36 syn-

hetic speech items (3 sentences in 12 variants each) were saved as

6 bit, 22050 Hz WAV audio files and are available for download at

ttp://www.vocaltractlab.de/index.php?page = birkholz-supplements . 

For the perception experiment, the 36 speech items were combined

o create 234 pairs of items: The 12 variants of each sentence were

ombined with all 12 variants of the same sentence for a total of

2 + 11 + …+ 1 = 78 pairs per sentence. In 12 pairs per sentence, the

tems were identical. These served as “blind stimuli pairs ” to check the

alidity of the results of the perception experiment. The 234 pairs were

sed as stimuli in a two-alternative forced-choice perception test, where

he task of the participants was to identify the more natural sounding

tem of each pair. 

The participants were 20 native Germans (14 males; 6 females; mean

ge: 38 years; std. deviation: 16 years) with no known history of speech

r hearing disorders. The participants did not receive course credit or
ig. 6. Oscillation amplitude of the lower mass during phonation as a function of it

ntrance loss coefficient k ent . 

113 
nancial compensation for their participation, and neither the aim of

he experiment nor the stimulus generation was explained to them. 

For the experiment, the participants were individually seated in a

uiet office space (with no distractions) at the Technical University

resden. The stimuli were presented over open circumaural headphones

ith a linear frequency response (Sennheiser HD 600) connected to the

nternal headphone output of a notebook computer (with no other pro-

esses running and all networking interfaces disabled). The auditory and

isual presentation was performed using the open source software Alvin

ersion 1.27 ( Hillenbrand and Gayvert, 2005 ). For each participant, the

timuli were presented in an individually randomized order, with the

wo items of each pair being played in sequence with a short silent

ause. After the presentation of each pair, the participant had to select

he more natural sounding item by clicking on one of two boxes labeled

Stimulus1 ” and “Stimulus2 ” on the left and right hand side of the com-

uter screen, with the text “... sounds more natural ” centered below the

oxes. For each pair, the listener response and the reaction time (RT)

as collected. It was not possible to repeat the stimuli. All button op-

ions and accompanying text were written in German. The item order in

he pairs was counterbalanced for one half of the participant population.

he average duration of the test was 20 minutes per participant. 

. Results 

.1. Oscillation characteristics 

The results of the oscillation analysis for the 12 vocal fold settings

re shown in Table 1 and Fig. 6 . The phonation threshold pressure was

20 Pa for all settings but one (where it was 210 Pa) and is hence essen-

ially independent from the model for the entrance loss and the flow sep-

ration factor. The lower limit of the f 0 range was 35 Hz for all settings,

nd the upper limit varied from 281 Hz to 297 Hz. Since the variation

f the upper range amounts to only 5.5% of the average upper range,

he f 0 range can also be considered virtually independent of the choice

or modeling entrance loss and flow separation. 

However, the oscillation amplitude of the lower vocal fold mass as a

unction of the vocal fold rest displacement does vary with the settings

or k ent and k sep ( Fig. 6 ). For rest displacements up to about 1 mm, the

ariations are rather small, especially for a fixed choice of k ent . For rest

isplacements above about 1 mm, the oscillation amplitudes vary more

trongly, with the flow separation factor having a greater influence on

he function than the entrance loss coefficient. In general, for a certain

est displacement of the vocal folds, oscillations tend to be wider for
s rest displacement for different choices of the flow separation factor k sep and 

http://www.vocaltractlab.de/index.php?page=birkholz-supplements
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Table 1 

Frequency range [ f 0,min , f 0,max ] of self-sustained oscillation of the vo- 

cal fold model (at a subglottal pressure of 1000 Pa and a vocal fold 

rest displacement of 0.1 mm), and phonation threshold pressure P th , 

as a function of the flow separation factor k sep and the entrance loss 

coefficient k ent . 

k sep k ent f 0,min in Hz f 0,max in Hz P th in Pa 

1.0 1.0 35 287 210 

1.375 35 288 220 

varying 35 281 220 

1.1 1.0 35 288 220 

1.375 35 289 220 

varying 35 283 220 

1.2 1.0 35 291 220 

1.375 35 292 220 

varying 35 287 220 

1.3 1.0 35 297 220 

1.375 35 295 220 

varying 35 293 220 

Table 2 

For each combination of the flow separation factor k sep and the en- 

trance loss coefficient k ent , the following measures of the glottal flow 

waveform are given: the spectral slope of the derivative of the glottal 

flow in dB/oct, the maximum glottal flow declination rate (MFDR) in 

(cm 

3 /s)/ms, the open quotient of the glottal flow (OQ), the amplitude 

difference of the first and second harmonic (H1-H2) of the derivative 

of the glottal flow in dB, and the duration of the return phase from the 

position of maximum flow declination to complete glottal closure (RET) 

in ms. The simulations were performed with a subglottal pressure of 

1000 Pa, a vocal fold rest displacement of 0.2 mm, and a cylindrical 

tube as the vocal tract. 

k sep k ent Slope MFDR OQ H1-H2 RET 

1.0 1.0 − 13.9 517.7 0.55 2.5 0.50 

1.375 − 13.8 421.6 0.55 2.7 0.50 

varying − 13.5 499.7 0.54 2.2 0.61 

1.1 1.0 − 9.8 524.8 0.55 2.5 0.48 

1.375 − 9.7 425.6 0.55 2.6 0.50 

varying − 9.2 523.5 0.55 2.1 0.73 

1.2 1.0 − 8.1 546.0 0.54 2.2 0.52 

1.375 − 8.1 441.0 0.54 2.5 0.54 

varying − 7.9 549.9 0.54 1.9 0.59 

1.3 1.0 − 7.2 591.4 0.54 2.0 0.43 

1.375 − 7.2 464.4 0.54 2.3 0.45 

varying − 7.1 583.0 0.53 1.6 0.66 
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Table 3 

Effects in the linear regression model for the listener response as de- 

pendent variable ( ∗ : p < 0.05; ∗ ∗ ∗ : p < 0.001). Reported are the regres- 

sion coefficient estimates, standard errors, z -values, and p -values. 

Reference level for k sep : 𝑘 sep = 1 . 0 . Reference level for k ent : 𝑘 ent = 1 . 0 . 
Adjusted R 2 of model: 𝑅 

2 = 0 . 83 . 

Estimate Std. error z value p value 

Intercept 450.3 8.5 52.925 0.000 ∗ ∗ ∗ 

𝑘 sep = 1 . 1 − 26.7 9.8 − 2.715 0.035 ∗ 

𝑘 sep = 1 . 2 − 94.7 9.8 − 9.637 0.000 ∗ ∗ ∗ 

𝑘 sep = 1 . 3 − 140.7 9.8 − 14.319 0.000 ∗ ∗ ∗ 

𝑘 ent = 1 . 375 4.0 8.5 0.470 0.65 

𝑘 ent = var. 0.3 8.5 0.030 0.98 
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igher values of k sep . Furthermore, for a certain rest displacement and

ow separation factor, the oscillation amplitude tends to be smallest for

 fixed entrance loss of 𝑘 ent = 1 . 375 , highest for a varying entrance loss

oefficient, and in between for 𝑘 ent = 1 . 0 . 

.2. Glottal flow characteristics 

The characteristics of the glottal flow waveforms for the 12 vocal

old settings are given in Table 2 . With regard to the spectral slope,

he slope increases (becoming less steep) for increasing values of k sep ,

ut is hardly affected by k ent . For 𝑘 sep = 1 . 0 , the mean spectral slope is

13 . 7 dB/oct, which is typical for a soft or breathy voice quality, and

or 𝑘 sep = 1 . 3 , the mean spectral slope is −7 . 6 dB/oct, which is typical

or a modal voice quality ( Stevens, 1998 ). The maximum flow declina-

ion rate (MFDR), the open quotient (OQ), and H1-H2 were only little

ffected by k sep and k ent . The differences between the smallest and the

ighest values across all 12 model settings are only 170 (cm 

3 /s)/ms for

FDR, 0.02 for OQ, and 1.1 dB for H1-H2. Because these differences are

mall compared to corresponding typical differences between different

honation types ( Stevens, 1998 ), these variations should play a minor

erceptual role compared to the variation of the spectral slope. 
114 
According to previous studies ( Childers and Lee, 1991; Fant, 1995;

tevens, 1998 ), the spectral slope of the voiced excitation signal is

trongly related to the abruptness of the glottal closure, with a more

rogressive closure leading to a steeper spectral slope. In the present

tudy, this was not the case. Here, the abruptness of the glottal closure

as quantified in terms of the duration of the return phase from the po-

ition of maximum flow declination to the position of complete closure

n ms (RET in Table 2 ). However, the values for RET and the spectral

lope were not significantly correlated ( 𝑟 = 0 . 017 and p > 0.05). Instead,

he decrease of the magnitude of the spectral slope with increasing val-

es for k sep must be caused by a different change of the waveform of

he glottal flow. From the top row in Fig. 5 it is apparent that increasing

alues for k sep cause the glottal flow pulses to become more peaked, i.e.,

ore similar to a saw tooth shape. This makes the derivative of the glot-

al flow increasingly discontinuous around the point of the peak glottal

ow and likely causes the decrease of the magnitude of the spectral

lope for increasing values for k sep . 

.3. Perceived naturalness 

The results of the perception experiment were analyzed using a linear

egression model (function lm) in the statistical computing software R

 Team, 2017 ). The dependent variable was the total count of selections

f a particular combination of k sep and k ent , i.e., that the participants

hose the particular combination as the more natural sounding. Predic-

or variables were the flow separation k sep (four levels) and the entrance

oss k ent (three levels). There was no significant interaction between the

ariables for flow separation and entrance loss, therefore the interaction

as excluded in the final model. There was a significant main effect of

ll four levels of k sep ( 𝑘 sep = 1 . 0 compared to 𝑘 sep = 1 . 1 : estimate = -26.7,

E = 9.8, p < 0.035; 𝑘 sep = 1 . 0 compared to 𝑘 sep = 1 . 2 : estimate = -94.7,

E = 9.8, p < 0.001; 𝑘 sep = 1 . 0 compared to 𝑘 sep = 1 . 3 : estimate = -140.7,

E = 9.8, p < 0.001). In contrast, there was no significant difference be-

ween all levels of k ent ( Table 3 ). 

Fig. 7 shows, for each of the 12 possible combinations of k ent and

 sep , the fitted values for the partial fixed main effects of each indepen-

ent variable, i.e., the plot displays the fitted effects for each level of k ent 

roken down by each level of k sep . It can be seen that speech items syn-

hesized with smaller values for the flow separation factor were clearly

referred over items with higher values. Between the options for the

ntrance loss, there were no apparent perceptual differences. The lis-

ener responses to the blind stimuli pairs were uniformly distributed,

upporting the validity of the test results. 

In order to determine whether a certain combination of flow sep-

ration and entrance loss coefficient (compared to all other combina-

ions) would result in faster/slower reaction times of the listeners, lin-

ar mixed-effects multiple regression models with underlying Gaussian

istributions were used ( Baayen et al., 2008; Baayen, 2008 ). We used

estricted maximum likelihood (REML) estimations in our model, as im-

lemented in the lme4 package ( Bates et al., 2013 ). The model con-

ained by-participant and by-item random intercepts. Fixed effects were
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Fig. 7. For each combination of k ent and k sep values, the number that a stimulus 

was selected as the more natural-sounding is shown (pooled across all partici- 

pants and sentences). 

Table 4 

Fixed effects in the linear mixed-effects model for the reaction time as de- 

pendent variable. ( ∗ ∗ ∗ : p < .001). Reported are the regression coefficient 

estimates, standard errors, t -values, and p -values. Reference level for k sep : 

𝑘 sep = 1 . 0 . Reference level for k ent : 𝑘 ent = 1 . 0 . Conditional R 2 : 𝑅 

2 = 0 . 202 . SD 

of the residual is 0.17. SD for the random effect of item combination is 0.02. 

SD for the random effect of participant is 0.08. 

Estimate Std. error t value p value 

Intercept 8.290 0.019 440.10 0.000 ∗ ∗ ∗ 

𝑘 sep = 1 . 1 0.035 0.008 4.32 0.000 ∗ ∗ ∗ 

𝑘 sep = 1 . 2 0.067 0.008 8.07 0.000 ∗ ∗ ∗ 

𝑘 sep = 1 . 3 0.090 0.009 10.38 0.000 ∗ ∗ ∗ 

𝑘 ent = 1 . 375 0.006 0.007 0.78 0.435 

𝑘 ent = var. − 0.006 0.007 − 0.90 0.381 
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he flow separation k sep (four levels) and the entrance loss coefficient

 ent (three levels). The dependent variable was the reaction time in mil-

iseconds. Reaction times were log-transformed to reduce the skewness

f their distributions. Prior to fitting the model, we removed all reac-

ion times that were shorter than 50 ms. Furthermore, we excluded all

eaction times that were 3 standard deviations greater than the mean.

able 4 presents the fixed effects results for this linear mixed model and

ig. 8 shows the (back-transformed) reaction times for each level of k ent 

roken down by each level of k sep . The reaction time differences be-

ween the four values of k sep are all highly significant ( 𝑘 sep = 1 . 0 com-

ared to 𝑘 sep = 1 . 1 : estimate = 0.03, SE = 0.008, p < 0.001; 𝑘 sep = 1 . 0
ompared to 𝑘 sep = 1 . 2 : estimate = 0.07, SE = 0.008, p < 0.001; 𝑘 sep = 1 . 0
ompared to 𝑘 sep = 1 . 3 : estimate = 0.09, SE = 0.009, p < 0.001). In con-

rast, the reaction times did not significantly differ for different entrance

oss options. The comparison of the reaction times with the ratings for
ig. 8. For each combination of k ent and k sep values, the reaction times com- 

ared to all other combinations are shown (pooled across all participants and 

entences). 
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he naturalness shows that listeners responded more quickly to sounds

hat they perceived as more natural. In other words, natural-sounding

timuli seem to facilitate short reaction times. 

. Discussion and conclusions 

In this study we investigated how different parameter choices for

odeling entrance loss and flow separation in a bar-mass model of the

ocal folds affect the oscillation behaviour, the glottal flow, and the

erceived naturalness of the synthesized voice. The three options for

odeling the entrance loss neither affected the examined properties of

he oscillation nor the naturalness of the voice, and there was only a mi-

or effect on the glottal flow waveform. Phonation threshold pressure,

requency range of oscillation, and naturalness of the voice did not sig-

ificantly differ between the options. Also the oscillation amplitude was

ery similar for all three entrance loss options, especially for rest dis-

lacements of less than 1 mm. Since the vocal fold rest displacement is

mall for many phonation types (e.g., pressed and modal phonation, but

lso slightly breathy phonation), we conclude that all three entrance loss

ptions are equally suitable for the simulation of phonation in articula-

ory speech synthesis. Vocal fold simulations with a variable entrance

oss coefficient ( Fulcher et al., 2011; 2014 ) are arguably more realis-

ic than simulations with a fixed coefficient ( 𝑘 ent = 1 . 0 or 𝑘 ent = 1 . 375 ),
ut in contrast to our expectations, its effect on the oscillation and the

oice signal is rather small. The likely reason is that the variable en-

rance loss coefficient takes values considerably higher than 1.0 only

or very small glottal diameters ( < 0.2 mm) and small subglottal pres-

ures ( Fulcher et al., 2011 ). The period of time during which the glottis

s open with such small diameters during a typical oscillation cycle is

ery short, so that the oscillation is hardly influenced by higher values

or k ent . 

With regard to modeling flow separation , the four different flow sep-

ration factors of 1.0, 1.1, 1.2, and 1.3 did neither affect phonation

hreshold pressure nor the frequency range of oscillation. However, the

mplitude of vocal fold oscillation (for vocal fold rest displacements of

 1 mm), the spectral slope of the excitation signal, and the naturalness

f the synthetic voice did strongly depend on the choice of k sep . With

egard to the glottal flow pulse shape, increasing values of k sep caused

he flow waveform to become increasingly similar to a saw tooth shape.

ynthetic stimuli with 𝑘 sep = 1 . 0 were rated as most natural, and stim-

li with 𝑘 sep = 1 . 3 as least natural. Furthermore, the spectral slope was

bout −13 . 7 dB/oct for 𝑘 sep = 1 . 0 , and about −7 . 2 dB/oct for 𝑘 sep = 1 . 3 .
s a steeper spectral slope is associated with a softer or breathier voice

uality, which makes voices sound more attractive ( Xu et al., 2013 ), this

ay at least partly explain the perceptual preference of the stimuli syn-

hesized with 𝑘 sep = 1 . 0 . Finally, the amplitude of vocal fold oscillation

ecreased much faster with increasing rest displacement for 𝑘 sep = 1 . 0
han for 𝑘 sep = 1 . 3 . 

The reason for the greater oscillation amplitude for greater values

f k sep becomes apparent in Fig. 3 . Here, the time period between the

wo states in Fig. 3 b and c increases with k sep . Fig. 3 b shows the point

n time when the lower and upper glottal areas are equal and the lower

asses move inwards. From this point on, the pressure acting on the

ower mass becomes negative, as long as A 1 ≥ A 2 / k sep and the point of

ow separation is at the glottal exit ( Fig. 3 c). This negative pressure

n the lower mass transfers energy to the oscillation, because the lower

ass moves in the direction of the low pressure. As soon as A 1 becomes

maller than A 2 / k sep , the point of flow separation moves from the glottal

xit to the boundary between the mass elements, and the pressure acting

n the lower mass becomes zero again. A greater value of k sep increases

he time period during which the negative pressure accelerates the lower

asses towards the midline, and such the net energy transferred to the

ocal folds. 

The simulated phonation threshold pressures and frequency ranges

ere essentially independent from the modeling choices for entrance

oss and flow separation. In absolute terms, the simulated phonation
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hreshold pressure of 220 Hz was somewhat smaller than typical real

hreshold pressures of 300–400 Pa ( Titze, 1992 ), but this is not an ob-

tacle for high-quality articulatory speech synthesis. However, the simu-

ated frequency range of oscillation of about 35–290 Hz differs from the

verage frequency range of 78–698 Hz of male speakers ( Hollien et al.,

971 ). Hence, the upper frequency limit of the vocal fold model is well

n octave below that of real male speakers. It is sufficient for articulatory

peech synthesis with a “normal ” voice and speaking style, but may be

oo limited for the synthesis of certain vocal emotions or the synthesis

f singing. However, this is a matter of the mechanical properties of the

ocal fold model and independent from the choice of the aero-acoustic

odeling options. 

In conclusion, when the main goal of vocal fold modeling is natural

ounding voice synthesis, 𝑘 ent = 1 . 0 and 𝑘 sep = 1 . 0 appear to be appro-

riate choices for the vocal fold model used in this study. Whether this

onclusion also holds for other types of vocal fold models remains to

e explored. When vocal fold simulations need to behave realistically

lso during the short time periods of very small glottal diameters and

or low subglottal pressures, a variable entrance loss coefficient should

e implemented. 
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