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Abstract
The presentation describes a synthesizer of normal and 
disordered voice timbres and their perceptual evaluation with 
respect to naturalness. The simulator uses a shaping function 
model, which enables controlling the perturbations of the 
frequency and harmonic richness of the glottal area signal via 
the control of the instantaneous frequency and amplitude of 
two harmonic driving functions. Several types of perturbations 
are simulated. Perceptual experiments, which involve stimuli 
of synthetic and human vowels with normal values of 
perturbations, have been carried out. The first has been based 
on a binary synthetic/natural classification. The second has 
involved a discrimination task. Both experiments suggest that 
human judges are unable to distinguish between human and 
synthetic vowels prepared with the synthesizer described here. 
Index Terms: vocal dysperiodicities, perceptual evaluation, 
synthetic vowels, perceptual classification, multidimensional 
scaling.

1. Introduction
The presentation concerns a synthesizer of disordered voice 
qualities. The synthesizer is summarized in section 2. A fuller 
description can be found in [1]. Here, we report a perceptual 
evaluation of the synthetic voice qualities with regard to 
naturalness.
Motivations for developing simulators of disordered voices are 
the discovery of speech cues that are relevant to the perception 
of abnormal voices, the preparation of reference stimuli in the 
context of the perceptual assessment of disordered voices, the 
training of speech therapists in the auditory evaluation of 
dysphonic speakers, as well as the testing of the reliability or 
validity of acoustic cues of disordered speech. 
The synthesizer, which is discussed here, involves a model of 
the glottal area. The glottal area function model is inserted 
into an aerodynamic model of the glottal airflow, which drives 
a concatenated tube model of the vocal tract and trachea. The 
time-evolving glottal area is modelled by means of non-linear 
memory-less functions that transform two harmonic driving 
functions into the desired waveform. The frequency and 
harmonic richness of the glottal area are thus controlled by 
means of the instantaneous frequencies and amplitudes of the 
harmonic driving functions.
Vocal fold vibratory irregularity is a frequent symptom of 
voice disorders, which may have multiple causes. Several 
types of perturbations are therefore simulated. Random 
modulation noise such as vocal jitter or vocal frequency 
tremor and abnormal voice qualities such as diplophonia, 
biphonation and severe raucity are simulated by means of 
stochastic or deterministic models of the time-evolving 

parameters of the driving functions of the glottal area model. 
Additive noise due to turbulence at the glottis is mimicked by 
means of modulated Brownian noise. 
We have carried out perceptual experiments to evaluate 
simulated signals with respect to naturalness. The first 
experiment has consisted in a binary synthetic/human 
classification and the second has been based on a 
discrimination task. The stimuli have been sustained human 
and synthetic vowels [a] with normal values of modulation 
and additive noise. Results of the perceptual experiments are 
discussed in terms of confusion matrixes or via 
multidimensional scaling analyses. 

2. Synthesizer 
The synthesizer comprises models of the glottal area, glottal 
airflow and supra and infra-glottal tracts. 

2.1. Source and tract models 

2.1.1. Nonlinear memory-less glottal area model 

The synthesizer rests on a model of the glottal area, which 
involves non-linear memory-less shaping functions [2]. These 
are two polynomials P and Q whose coefficients are calculated 
from the Fourier series coefficients of a waveform template via 
a linear transform. The template waveform is a non-symmetric 
Klatt model, with skewing to the right. Polynomials P & Q 
then transform two driving harmonics into the desired glottal 
area as shown in Figure 1.
The reason for opting for a shaping function model is that the 
instantaneous length of a glottal area cycle and its spectral 
slope and amplitude may be controlled via the instantaneous 
frequency and amplitude of the harmonic driving functions. At 
this stage, the sampling frequency is equal to 176.4 kHz taking 
into account that vocal frequency jitter is less than 1% in 
modal voices. 

� �nA �cos

� �nA �sin

Polynomial P 

Polynomial Q 

Glottal area

Figure 1: Glottal area shaping function model.

2.1.2. Aerodynamic model of the glottal airflow 

The glottal area signal is low-pass filtered and down-sampled 
by half before insertion into the aerodynamic model. The 
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airflow rate depends on the glottal area, the incident 
components of the infra- and supra-glottal acoustic pressure 
waves as well as sound speed and density of air [3]. Pressures 
downstream and upstream of the glottis are expressed as the 
sum of forward and backward components, which are obtained 
by a temporal simulation of the wave propagation in the infra-
glottal and supra-glottal tracts. One observes that the glottal 
airflow waveform is characterized by a skewing to the right 
with respect to the glottal area waveform and oscillatory 
ripples that are superimposed on the opening phase. 

2.1.3. Tracheal and vocal tract models 

Trachea and vocal tract have been mimicked by means of a 
concatenation of cylindrical pipes of identical lengths, but 
different cross-sections. Losses that are due to wall vibrations 
are taken into account by inserting an auxiliary tube at each 
junction [4]. Viscous and heat conduction losses are simulated 
via digital filters [5]. Lip radiation and losses at the glottis are 
modelled according to [5] or [6]. Tracheal losses are simulated 
via a real attenuation coefficient at the lung end. 

2.2. Simulations of vocal perturbations 

2.2.1. Vocal jitter 

Vocal jitter designates small random perturbations of the 
instantaneous frequency [7]. Here, the instantaneous 
frequency of the driving functions is perturbed by white noise. 
As a consequence, the instantaneous phase (top) and the 
cycles of the glottal area function (bottom) are perturbed as 
shown in Figure 2. 

Figure 2: Simulation of vocal jitter; instantaneous 
phase (top); glottal area function (bottom). 
Perturbations are exaggerated to increase their 
visibility.

2.2.2. Vocal tremor 

Vocal tremor designates slow quasi-random oscillations (1-15 
Hz) of the instantaneous vocal frequency [8]. The 
instantaneous frequency of the driving functions is perturbed 
by white noise filtered via a second-order filter centred on the 
tremor frequency. Figure 3 shows at the top the filtered white 
noise and at the bottom the spectrogram of a synthetic 
tremored vowel [a] as well as the perturbed vocal frequency. 

Figure 3: Filtered white noise (top); spectrogram & 
fundamental frequency of a synthetic tremored vowel [a] 
(bottom). Time axes are not identical at the top and 
bottom.

2.2.3. Vocal shimmer 

Vocal shimmer designates short term (cycle-to-cycle) random 
perturbations of the amplitudes of the speech cycles [9] [10]. 
These perturbations are generated via modulation distortion in 
the vocal tract that turns glottal jitter into speech shimmer and 
glottal frequency tremor into speech amplitude tremor. 

2.2.4. Diplophonia 

Diplophonia refers to a periodic glottal area signal, the period 
of which comprises several unequal glottal cycles. Here, 
unequal glottal cycles are generated by sinusoidally 
modulating the amplitudes of the harmonic driving functions 
with the modulation frequency and vocal frequency forming a 
ratio of small integers. As a consequence, the amplitudes and 
shapes of the glottal area evolve periodically in time.  

2.2.5. Biphonation 

Biphonation is another instance of the modulation of the 
harmonic richness and instantaneous amplitude of the glottal 
area cycles. The difference with diplophonia is that 
biphonation is characterised by an irrational quotient of 
modulating frequency and vocal frequency. Two glottal cycles 
are therefore never identical. For the rest, the simulation of 
diplophonia and biphonation are similar.

2.2.6. Random vibrations 

Random vibrations here designate the random modulation of 
the instantaneous amplitudes and shapes of the glottal area 
cycles. The instantaneous amplitude of the driving functions is 
therefore perturbed by white noise filtered via a second-order 
filter centred on the fundamental frequency. Random 
vibrations are expected to be the cause of severe raucity. 

2.2.7. Additive noise 

Additive noise is mimicked by means of Brownian noise, the 
amplitude of which is modulated via an affine function of the 
glottal airflow rate. The modulated noise is delayed by one 
millisecond with regard to the airflow rate. 

3. Perceptual evaluation 
The purpose of the perceptual experiments has been the 
evaluation of the ability of the synthesizer to simulate speech 
sounds the timbre of which is similar to the timbre of sounds 
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sustained by human speakers. Listening tests have been 
performed by naive listeners as well as clinicians. The 
listening tests have included two different perceptual 
experiments. The first has involved a binary natural/synthetic 
classification and the second a discrimination task. The aim of 
the two experiments has been to determine if listeners are able 
to disclose the identity of the synthesizer when listening to a 
corpus of synthetic and human vowels. 

3.1. Stimuli
The same stimuli have been used for the two experiments. Ten 
French vowels [a] sustained by 10 normophonic speakers have 
been chosen from a data base. These vowels have covered a 
range of fundamental frequencies from 88 to 140 Hz. The 
length of each stimulus has been 1 second. Mean F0, jitter, 
shimmer and harmonic-to-noise ratios of the natural vowels 
have been estimated by means of PRAAT [11]. The measured 
perturbations have been under the threshold for pathology. 
The maxima have been 1.04% for jitter, 3.81% for shimmer 
and typically 20 dB for the harmonics-to-noise ratio. Then, the 
vocal frequency and parameters of the perturbation models 
have been fixed to reproduce synthetic jitter, shimmer and 
harmonic-to-noise ratios similar to the measured human ones. 
The goal was to simulate artificial stimuli the properties of 
which were analogous to human ones. It was not the objective 
to copy the human stimuli exactly. Vocal tremor of the human 
stimuli has not been measured. The synthetic vocal tremor has 
therefore been fixed to default values that are typical of 
human speakers. Given that the synthetic stimuli mimic modal 
voice timbres, biphonation, diplophonia or severe raucity 
(random vibrations) are omitted from the corpus. Synthetic 
and natural vowels have been assigned identical ramp-like 
onsets and offsets. The area function of the vocal tract model 
has been modified somewhat from one stimulus to the next to 
disguise the identity of the synthesizer [12]. The final corpus 
has thus been composed of 10 synthetic and 10 natural vowels 
[a]. 

3.2. Experiment 1 

3.2.1. Objective

The objective has been to observe the global misclassification 
rate when human judges classify vowels in human/synthetic 
categories. Indeed, the misclassification rates are expected to 
be in the vicinity of 50% when perceptually distinguishing 
synthetic from human stimuli is not possible. 

3.2.2. Participants 

Ten normal-hearing listeners ranging in age from 24 to 60 
have taken part in the experiment. The group of listeners has 
been composed of 5 experts familiar with grading the timbre 
of speech sounds in a clinical context and 5 non-experts. 

3.2.3. Method 

The experiment has been based on a binary natural/ synthetic 
classification. The test has been available online at the 
following address “http://list.ulb.ac.be/signaux/samia/” to 
enable listeners to participate from afar. After introducing a 
personal login and a password, each listener indicated if s/he 
planned to use headphones or speakers. The 10 synthetic and 
10 natural sustained vowels have been presented in random 

order. The listener’s task has been to indicate, by clicking two 
buttons, whether the stimulus was produced by a human 
speaker or the synthesizer. 

3.3. Experiment 2 

3.3.1. Objective

A binary natural/synthetic classification requests from 
listeners an on/off decision that impedes positioning stimuli on 
a natural-synthetic continuum. Inserting intermediate levels 
and requesting that listeners place stimuli on a ternary or 
quaternary scale is not recommended for both semantic and 
cognitive reasons. Semantic difficulties put aside, classifying 
speech stimuli along a continuum of voice qualities is indeed a 
difficult task, even for expert listeners. Therefore, in the 
following experiment, the classification task has been replaced 
by a discrimination task.  
The objective has been to represent dissimilarities between 
natural and synthetic vowels as distances between points in a 
low-dimensional space obtained by multidimensional scaling.  
When synthetic stimuli are perceptually more similar to each 
other than to human stimuli, synthetic and human stimuli are 
expected to cluster separately in that space. If, on the contrary, 
synthetic and human stimuli are perceptually similar, they are 
expected to mix. 

3.3.2. Participants 

Eight normal-hearing listeners ranging in age from 24 to 60 
years have taken part in the experiment. The group has been 
composed of 2 expert and 6 naive judges. 

3.3.3. Method 

The experiment has been carried out in an audiometric booth 
using headphones (Sony MDR-7506). The corpus of stimuli 
has been the same as in experiment 1. All possible stimuli 
pairs have been formed and presented pair-wise to each 
listener. The task has been to indicate, by clicking on buttons, 
whether the vowels within a pair were ‘similar’ or ‘different’ 
with respect to naturalness. A pair judged dissimilar has been 
given a dissimilarity score of 1 and a pair judged similar a 
score of 0. Results of each participant have been compiled in a 
20x20 dissimilarity matrix, each cell of the matrix 
corresponding to a perceptual distance. The eight matrixes 
have been summed. The multidimensional scaling program 
PROXSCAL (SPSS Statistics version 17.0.0) has been applied 
to this global matrix in which each cell represented the 
number of times a vowel pair had received the label 
‘different’. PROXSCAL outputs an n-dimensional stimulus 
space in which each vowel is presented by a single point. Two 
vowels that are similar with regard to naturalness are 
represented by two points that are close, while two vowels that 
are different in terms of naturalness are represented by two 
points that are far apart.  

4. Results and discussion 

4.1. Experiment 1 
Listener’s responses have not been correlated. The responses 
in % are summarised in Table 1. The diagonals report 
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percentages of correctly classified vowels, while the cross-
diagonals report percentages of misclassification.
The global misclassification rates are 45% for non-experts and 
52% for experts. Results also show that experts incorrectly 
class 56% of the natural vowels as synthetic with a standard 
deviation of 13.5% and 48% (s.d. = 11.6%) of the synthetic 
vowels as natural. Non-experts incorrectly class 36% (s.d. = 
8%) of the natural vowels as synthetic and 54% (s.d. = 10.2%) 
of the synthetic vowels as natural. One may interpret these 
results in terms of an inability of the listeners to distinguish 
between synthetic and natural vowels. Indeed, a random 
assignment of the stimuli to the human and synthetic classes 
would give a misclassification rate equal to 50%. 

Table 1: Confusion matrix (in %). 

Decision

Naive listeners Expert listeners 

Human Synthetic Human Synthetic 

Human 64 36 44 56Stimuli 
Synthetic 54 46 48 52

4.2. Experiment 2 
Multidimensional scaling offers the opportunity to examine 
how listeners perceive synthetic or human vowels with respect 
to naturalness (i.e. human-likeness) via a measure of 
proximity between stimuli [13] [14]. Figure 4 shows the plot 
of the stress as function of the dimension of the space. The 
stress is an objective measure of how well the positions of the 
stimuli in the output space reflect the original proximity 
between stimuli.  

0 1 2 3 4 5 6
0.04

0.06

0.08

0.1

0.12

0.14

0.16

0.18

0.2

0.22

0.24

Dimension number

N
or

m
al

iz
ed

 ra
w

 s
tre

ss

Figure 4: Stress with respect to the dimension of the 
output space.

The smaller the stress, the better is the representation of the 
original proximity data. For two dimensions, the stress equals 
0.097. A three-dimensional representation only decreases 
stress to 0.069. It is therefore appropriate to position the vowel 
stimuli in a space of two dimensions to facilitate interpretation 
(Figure 5). 
Figure 5 shows that human and synthetic vowels do not cluster 
separately. That is, synthetic vowels are not perceived as more 
similar to other synthetic vowels and less similar to natural 
ones and vice-versa. Despite the simplicity of the task (a 
discrimination between two stimuli) compared to the task of 
the binary classification, listeners are, generally speaking, not 
able to distinguish between synthetic and human vowels.  
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Figure 5: Two-dimensional multidimensional scaling 
map from dissimilarity judgments by 8 listeners of 10 
human & 10 synthetic vowels. 

5. Conclusion
Two perceptual experiments with human and synthetic target 
vowels suggest that listeners are unable to distinguish between 
human vowels and vowels simulated via a synthesizer 
described in the text. 
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