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Abstract
The presentation concerns a synthesizer of disordered
voices. The synthesizer consists of a non-linear model of
the phonatory excitation and a vocal tract simulation
based on a concatenation of cylindrical tubelets. For each
tubelet, viscous, thermal and wall vibrations losses are 
modeled by means of numerical filters. A conical tubelet
is added at the lip-end to simulate the transition from one-
dimensional to three-dimensional wave propagation. A
source-tract interaction is included. The synthetic
phonatory excitation signal is obtained via a shaping 
function that transforms an harmonic driving function
into the desired waveshape. The instantaneous frequency
and the spectral slope of the phonatory excitation are 
controlled by the instantaneous frequency and amplitude 
of the harmonic driving function. Several types of
dysperiodicities are simulated by modulating these two
parameters. The voice disorders that the synthesizer is
able to simulate are pathological vocal jitter and vocal
tremor, biphonation, diplophonia and random vibrations
of the vocal folds. Turbulence noise is modeled via 
additive white noise.

1. Introduction 
This presentation concerns the synthesis of disordered
voices. Conventional synthesizers, such as those based on
the Liljencrants-Fant model [1], enable controlling the
total glottal cycle length only. This means that any
change of the cycle length must be synchronized with the 
onsets or offsets of the excitation cycles. Also, the
Liljencrants-Fant model requests resetting all other model
parameters to guarantee area balance. It is therefore
proposed to synthesize the phonatory excitation by means
of a shaping function, which is an operator that
transforms a trigonometric driving function into any
desired waveform. This model has the following
desirable properties. First, the instantaneous frequency
and spectral slope of the signal are controlled by two
separate parameters which are the instantaneous
frequency and the amplitude of the driving function
respectively. These parameters can be varied
continuously and asynchronously. Second, the
instantaneous amplitude, frequency, and spectral slope of
the synthetic excitation that simulate voice disorders, and
the shaping function coefficients that encode speaker
identity, can be set independently. Motivation for
developing synthesizers of disordered voices are the 
investigation of the effects of dysperiodicities on 
perceived naturalness, the synthesis of boundary markers
for perceptual voice assesment and the calibration of
vocal dysperiodicity analyses.

2. Model of disordered voice production 
A bloc diagram of the synthesizer is presented in Fig.1.
Each part is described below.

Figure 1: Bloc diagram of the synthesizer

2.1 Glottal pulse model 

It is proposed to synthesize the phonatory excitation by
means of a shaping function. The shaping function is a 
nonlinear memoryless input-output characteristic that
involves two polynomials f and g whose coefficients are
obtained via a linear transformation of the Fourier series
coefficients of the shape of a template glottal flow cycle.
This default cycle can be modeled, or extracted from real 
speech [2]. The formal expression of the shaping
function is the following:

The spectral slope which characterizes the harmonic
richness and the instantaneous frequency of the signal are
controlled via amplitude A and phase  of the 
cosinusoidal driving function respectively. The spectral
slope decreases with decreasing A.
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Conventionally, vocal synthesizers are driven by the
derivative of the glottal volume velocity. Therefore,
shaping functions f and g are fixed so as to reproduce the 
template flow rate, and their derivative is taken so as to
obtain the phonatory excitation. The derivative is taken
with respect to phase instead of time to enable controlling
signal amplitude and signal frequency independently. The
formal expression of the phonatory excitation signal is 
therefore the following:
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2.2 Modulated driving function

By means of expression (2), several kinds of 
dysperiodicities can be simulated by modulating the
instantaneous amplitude and instantaneous frequency of
the cosinusoidal driving function. To avoid aliasing, the 
product of the upper bound of the effective bandwidth of
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the driving function times the order of the shaping
polynomials must be less than half the sampling
frequency. The driving functions are therefore filtered by
an anti-aliasing filter before their transformation by the
shaping function.

2.2.1 Vocal jitter and vocal frequency tremor 

Vocal Jitter designates small stochastic cycle-to-cycle
perturbations and vocal frequency tremor slow
perturbations (< 15Hz) of the glottal cycle lengths. Jitter
and frequency tremor are therefore inserted into the
phonatory excitation model by perturbing the 
instantaneous frequency of the driving function by two
random components [3]. The discrete-time evolution of 
the phase of the sinusoidal driving function is written as
follows.

Symbol f0 is the unperturbed instantaneous vocal 
frequency; is the time step; jn is uniformly distributed
white noise that simulates intra-cycle frequency
perturbation that give rise to jitter; mn is uniformly
distributed white noise filtered by a linear second order
filter, which sets the tremor frequency and bandwidth.

2.2.2 Diplophonia and Biphonation 

Diplophonia refers to periodic phonatory excitation
signals whose periods comprise several unequal glottal
cycles. A repetitive sequence of different glottal cycle
shapes can be simulated by modulating the amplitude of 
the driving function, because the amplitude of the driving 
function fixes the spectral slope. Similarly, repetitive
sequences of glottal cycles of unequal lengths can be 
simulated by modulating the instantaneous frequency of 
the driving function. The temporal evolution of amplitude
and phase of the driving function are therefore written as 
follows.
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Parameter Q sets the number of  glottal cycles that are 
different within the mathematical period of the phonatory
excitation. In practice, parameter Q is a small integer.
Biphonation is also characterized by a sequence of glottal 
cycles of different shapes or lengths. But, in this case,
two glottal cycles are never mathematically identical.
Biphonation is therefore characterized by discrete spectra 
with irrational ratios between the frequencies of the
partials. Biphonation is also simulated by means of
expression (4) and  (5), with Q equal to a small irrational
number.

2.2.3 Random cycle lengths

Contrary to jitter, which is due to external stochastic 
perturbations of a dynamic glottal regime that is periodic, 
irregular vibrations may be the consequence of a 
genuinely random dynamic regime of the vocal folds. 
The relevant model parameter then is the total cycle
length, which evolves randomly. The statistical
distribution of the cycle lengths is requested to follow a 
gamma distribution, which is the simplest distribution 
that enables independently fixing the variance and
average of the cycle lengths that must be positive. At
present, the setting of a new instantaneous frequency is

synchronized with the onsets of the excitation cycles in
the framework of model (2).

2.3 Turbulence noise

Turbulence noise is the acoustic effect of excessive
turbulent airflow through the glottis. Here, these
turbulences are expected to occur in the vicinity of glottal
closure. Turbulence noise is mimicked by means of noise
added to the phonatory excitation. The amplitude of 
uniformly distributed white noise is set to evolve
proportionally to the phonatory excitation when it is 
negative. No noise is added when the signal is positive or 
zero.

2.4 Vocal tract model

A numerical waveguide model is used to simulate the 
propagation of the phonatory excitation  signal in the 
vocal tract. The propagation of the acoustic pressure 
wave is modelled by means one forward P  and one 
backward P  wave (Fig 2). The vocal tract shape is
mimicked by means of a concatenation of cylindrical
tubelets of identical length. The viscous, thermal and wall
vibration losses are modeled by means of numerical
filters L( ). In a digital waveguide implementation, these
losses are lumped and inserted at the two ends of each
cylindrical waveguide.

Figure 2 : The waveguide model of two adjacent
cylindrical tubelets.

Wave reflections occurs at the junction of two tubelets.
Reflection coefficient r depends on the characteristic
impedances of the tubelets, which in a first 
approximation, depend on the cross-sections of the two
adjacent tubelets only.

2.4.1 Viscous, thermal and wall vibration losses: Loss 
filter characteristics

When the tract shape evolution is constrained to be slow, 
i.e. quasi-static, the steady-state solution of the vocal tract
transmission equation can be expressed in the frequency
domain. The transfer function of a cylindrical tubelet of
length l is the following.
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By analogy with a physical electrical transmission line
(Fig.3), propagation coefficient  is shown to have the
following form [4].
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Figure 3 : The equivalent electrical analog of a 
cylindrical tubelet with losses.

Resistance Ra and the conductance Ga represent viscous 
and thermal losses, and resistance Rw, inductance Lw and 
capacity Cw represent wall vibration losses. These circuit
elements depend on the cross-section of each tubelet.
To facilitate the discrete formulation of transfer function
(6), we empirically approximate (6) by a product (8) of
two expressions that represent the viscous as well as
thermal losses and the wall vibration losses respectively.

)8()( ))()((10.081.2 5

c
ljljl

A eee

In (8), the third exponential to the right is a pure delay 
that is turned in a discrete delay , with z

clf sampling / . The product of the first two 

exponentials to the left is the combined spectral 
characteristics of two filters that simulate losses, and
which are hereafter given a discrete formulation. The first 
real exponential mimics the effects of the viscous and 
thermal losses. The second is an anti-resonance that
simulates the effect of the wall vibrations.

2.4.2 Filter design

The following concerns the discrete formulation of the 
viscous and thermal losses. A cascade of shelf filters (9) 
is used to approximate the first term in transfer function
(8). The approximation involves a cascade of N filters
(typically three) to fit the spectral characteristic of the
losses that decreases exponentially with frequency. The
spectral characteristic of a shelf filter decreases (or 
increases) from DC towards a plateau (i.e. the shelf). The
transition frequency of the filter positions the knee of the
transition, and the band edge gain fixes the height of the
shelf.
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Each shelf filter i has a DC gain of one, a band edge 
gain equal to , and a gain equal to )( ig )( ig at its

transition frequency . We empirically formulated a 
recursion that obtains the parameters of the shelf filters.
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Symbol i is the index of the filter in the cascade. The
band edge gain  is determined recursively by means
of expression (10) and transition frequency
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determined from the desired analog characteristic by

means of expression (11) . The initial band edge gain
 is determined by requesting that the product of the

band edge gains of the N shelf filters is equal to the gain
given by the left-hand side of analog expression (8) at
half the sampling frequency. For example, one can write, 
with N equal to three:
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The power of nine is a consequence of the recursion that 
requests that the second filter gain is a power of two of
the first and the third filter gain is a power of three of the
second.
To approximate the characteristic of the second 
exponential of expression (8), a notch filter is used, the
rejection frequency and corresponding gain of which are 
controlled. It simulates losses owing to wall vibration.
In Fig. 4, the frequency response of delay-free analog
loss filter (8) is compared to the product of discrete loss
filters for a tubelet of length 17.55 cm and of section 0.5
cm².
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Figure 4 : Spectral characteristics of discrete (solid) and 
analog (dotted) loss filters. 

2.4.5 Lip-end

To simulate the transition at the lips from one-
dimensional to three-dimensional wave propagation, a
conical tubelet, the opening of wich is controlled, is 
added at the lip-end of the vocal tract model. As a
consequence, the reflection coefficient at the lips depends
on frequency because the vocal tract model is terminated
by a numerical filter, which is the transfer function of the 
conical lip-tubelet.

2.4.6 Source-tract interaction

Sub-glottal losses evolve with the glottal cycle because of 
the movement of the vocal folds. This effect can be
interpreted as a change in the bandwidth of the formants,
mimicked via a variable reflection coefficient at the
glottis. To do so, the glottal opening is assumed to be
proportional to the air flow rate. Consequently, the
reflection coefficient at the glottis is set to maximum
when the air flow rate is zero and to a minimum when the
air flow rate is maximum. Typical values for the 
maximum and minimum are 0.9 and 0.1.

2.4.7 Sequences of oral speech sounds 

During the evolution of the tract shape from one vowel
timbre to another, both the cross-sections of the tubelets
as well as the total length of the vocal tract change



continuously. The number of tubelets may therefore 
change. This is implemented via fractional delays, but to
take in account losses, one linearly interpolates between
signal sample (n) and filtered signal sampled (n-1)
(Fig.5). When the total length evolves, the forward and 
backward pressure waves inside lip-end cylindrical 
tubelet N+1 are interpolated. When the default length of
tubelet N+1 is exceeded, a new tubelet is added.
Conversely, when the active length of tubelet N+1
becomes zero, it is omitted and interpolation is performed
in tubelet N. 

Figure 5 : Lip-end cylindrical tubelet.

As an example, formant transitions from French vowels
[a] to [i] are illustrated in Fig.6.

Figure 6 : The formant transitions from French vowels
[a] to [i]. F1, F2, F3, F4 are the first four formants. The
horizontal axis is the time axis and the vertical axis is 
labelled in Hertz.

3 Results and conclusion 
The model enables synthesizing a wide range of vocal 
phenomena, such as vocal jitter, vocal frequency tremor,
diplophonia, biphonation, roughness, creak and 
breathiness. Preliminary listening tests show that the
model enables synthesizing vocal timbres that are
perceived as plausible exemplars of disordered voices. 
Readers who wish to obtain sound samples are invited to
contact the first author. We here illustrate graphically the
ability of the synthesizer to simulate different vocal
timbres (the sampling frequency is equal to 20KHz). In
Fig.7, the use of the control of the spectral slope to
simulate onsets and offsets of the phonatory excitation is
illustrated.

Figure 7: Evolution of the spectral slope of the phonatory
excitation during onset and offset. The horizontal axis is
labeled in number of samples and the vertical axis is in 
arbitrary units.

Fig. 8 illustrates diplophonia obtained by modulating the 
driving functions following expression (4) and (5) with 
parameter Q set to two. 

Figure 8: Synthetic diplophonia.

Fig. 9 illustrates biphonation obtained by modulating the 
driving functions following expression (4) and (5) with 
parameter Q set to the constant e ( 2.71… ). 

Figure 9: Synthetic biphonation.

Fig. 10 shows an example of rough voice (random cycle
lengths). The mean and standard deviation of the gamma 
distribution have been equal to 100 Hz and 25 Hz 
respectively.

Figure 10: Synthetic raucity.

4 References
[1]   Fant G., Liljentcrants J., Lin Q., " A four-parameter

 model of glottal flow ", STL-QSPR, 4: 1-13, 1985.
[2]  Schoentgen, J., "Shaping function models of the

 phonatory excitation signal", J. Acoust. Soc. Am.
 114(5): 2906-2912, 2003.

[3]  Schoentgen, J., "Stochastic models of jitter", J. 
  Acoust. Soc. Am. 109 (4): 1631-1650, 2001.

[4]  Flanagan, J., "Speech analysis, synthesis and
 perception. New York: Spring Verlag, 1972.


