
Dysperiodicity analysis of perceptually assessed synthetic speech stimuli

Ali Alpan1, Francis Grenez1, Jean Schoentgen1,2

1Laboratoires d’Images, Signaux et Dispositifs de Télécommunications,
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Abstract
The objective is to analyze vocal dysperiodicities in perceptu-
ally assessed synthetic speech sounds. The analysis involves
a variogram-based method that enables tracking instantaneous
vocal dysperiodicities. The dysperiodicity trace is summarized
by means of the signal-to-dysperiodicity ratio, which has been
shown to correlate strongly with the perceived degree of hoarse-
ness of the speaker. The stimuli have been generated by a
synthesizer of disordered voices that has been shown to gener-
ate natural-sounding speech fragments comprising diverse vo-
cal perturbations. The speech stimuli have been perceptually
assessed by nine listeners according to grade, breathiness and
roughness. In previous studies, signal-to-dysperiodicity ratios
have been correlated with perceived degrees of hoarseness. The
objective here is to extend the analysis to roughness and breath-
iness. A second objective is to analyze the dependance of the
signal-to-dysperiodicity ratio on the signal properties fixed by
the synthesizer parameters. Results show a good correlation be-
tween signal-to-dysperiodicity ratios and perceptual scores. At
most two frequency bands are necessary to predict the percep-
tual scores. Additive noise contributes most followed by jitter.
The interaction between noise parameters, vocal frequency and
vowel category contribute moderately or feebly.

Index Terms: variogram analysis, signal-to-dysperiodicity ra-
tio, disordered voice.

1. Introduction
Acoustic analysis of speech is non-invasive and enables clini-
cians to monitor and express numerically the degree of hoarse-
ness of a speaker’s voice. Several categories of acoustic cues
have been used to characterize speech of dysphonic speak-
ers. The most popular category describes the deviations of the
speech signal from strict periodicity [1]. The causes of observed
disturbances are multiple. They include jitter of the speech cy-
cle duration or amplitude (also called shimmer), additive noise
owing to turbulence, diplophonia, biphonation, random vocal
fold vibration, undesired vibrations of the false vocal folds,
as well as uncontrolled transients between different phonatory
regimes.

Most acoustic clinically-relevant perturbative cues have
been obtained for steady fragments of sustained vowels. The
use of sustained vowels is motivated by technical feasibility
rather than clinical relevance. Indeed, for sustained sounds from
which onsets and offsets are omitted, the hypotheses of station-
arity and pseudo-periodicity are valid for many speakers [2].

Many existing acoustic signal analysis techniques attempt
isolating individual cycles in the speech signal or harmonics in
the speech spectrum on the base of an a priori estimate of the

typical speech cycle length or vocal frequency [2]. The failure
to obtain such estimates reliably for severely disturbed voices
results in cycle, harmonic or rhamonic insertion or omission er-
rors that bias the values of dysperiodicity cues. The generalized
variogram method enables tracking cycle-to-cycle dysperiodic-
ities (whatever their cause) in any speech sound produced by
any speaker, because it is not based on the assumptions that the
signal is locally periodic or that the average period length can
be known a priori [3].

Earlier, the generalized variogram method has been applied
to large corpora of connected speech and sustained vowels and
the signal-to-dysperiodicity ratio (SDR) that summarizes the
dysperiodicities has been shown to correlate strongly with the
degree of perceived hoarseness [4].

For the present study, a corpus of synthetic sound stim-
uli has been obtained by means of a synthesizer of disordered
voices [5]. It can mimic a large panel of speech source per-
turbations such as additive noise at the glottis, vocal frequency
jitter, vocal shimmer, vocal frequency tremor, amplitude tremor,
diplophonia, biphonation and random glottal cycles. The syn-
thetic stimuli are vowels [a], [i], [u] and transients [ai] and [ia].
Each has been perceptually assessed by nine professional lis-
teners according to grade, roughness and breathiness.

The purpose of the present study is to learn about the link
between the signal properties (fixed by the synthesis parame-
ters) and the signal-to-dysperiodicity ratio obtained via the sig-
nal variogram. A second objective is to examine the link be-
tween signal-to-dysperiodicity ratio and perceived breathiness
and roughness, link which has not been studied previously.

In a first experiment, linear regression has been carried out
to predict the perceptual scores assigned by the listeners via full-
band and multi-band signal-to-dysperiodicity ratios. In a sec-
ond experiment, the signal-to-dysperiodicity ratios have been
regressed on the control parameters of the synthesizer.

2. Perceptually rated synthetic corpus
The synthesizer involves models of the glottal area and airflow
through the glottis. The time-evolving glottal area is modelled
by means of a nonlinear memoryless signal model that trans-
forms a trigonometric driving function into the desired glottal
area waveform. One attractive property of the model is that
the frequency and harmonic richness of the glottal area are con-
trolled by the instantaneous frequency and amplitude of the har-
monic driving function. The glottal airflow rate is generated by
means of an algebraic aerodynamic model involving the glottal
area and including interactions between the glottis and the infra-
and supra-glottal ducts. The propagation of the acoustic wave
through the trachea and vocal tract is simulated by means of
concatenated tubes. Wall vibration, viscous and thermal losses
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as well as acoustic reflection and radiation at the lips and glottis
are taken into account. Modulation noise such as jitter or tremor
and abnormal voice qualities such as diplophonia, biphonation
and irregular vocal cycles are mimicked by means of stochas-
tic or deterministic models of the time-evolving instantaneous
frequency of the driving harmonic of the glottal area model.

The ability of the synthesizer to mimic natural disordered
voices has been demonstrated in the framework of several per-
ceptual experiments [6].

The corpus comprises synthetic sounds [a], [i], [u], [ia] and
[ai] the length of which is one second. The vowel→ vowel tran-
sitions have been simulated by evolving linearly the tract area
function from one vowel target to the next over an interval of 0.2
s in the middle of the one second interval. Each set is composed
of 48 stimuli that combine three values of vocal frequency, four
levels of frequency jitter and four levels of additive noise. The
vocal frequency values are 100, 120 and 140 Hz. The jitter
and additive noise have been fixed based on the independent
advice of one phoniatrician and one speech therapist so that the
stimuli are perceived as covering the full ranges of grade (G0
- G3), roughness (R0 - R3) and breathiness (B0 - B3) on the
GRB(AS) scales [7]. The area function of the vocal tract has
been identical for all stimuli of the same vowel category [5].

Eight speech therapists and one phoniatrician have percep-
tually evaluated each set of synthetic sounds according to per-
ceived “grade” (G), “roughness” (R) and “breathiness” (B)
with four degrees per scale: 0 (normal), 1 (feeble), 2 (moderate)
and 3 (severe). The scores of G, R and B have been averaged
over the nine judges.

3. Methods
3.1. Generalized variogram analysis

For a periodic signal x(n) of period T0, one may write x(n) =
x(n − T0). For a locally-stationary signal, the deviation from
strict periodicity over an analysis frame of length N can there-
fore be estimated by the following expression. Index n positions
the samples within the frame.

γ̂ = min
T

{
N−1∑
n=0

[x(n)− x(n− T )]2
}

(1)

with −Tmax ≤ T ≤ −Tmin and Tmin ≤ T ≤ Tmax.

The expression between accolades in (1) is known as the
variogram of the speech signal. It involves the squared dif-
ference between a main analysis frame and a shifted auxiliary
frame. Lag T may be positive or negative. In practice, it is per-
mitted to vary between 2.5 and 20 ms. Signed lags guarantee
that, in connected speech sounds, the inter-frame comparison
across phonetic boundaries is avoided and that only intra-sound
cycles are compared. Indeed, when a speech cycle is near the
right-hand boundary of a speech sound the sound-internal cy-
cles are expected to be to its left, that is, optimal lag Topt is
negative and vice versa for a speech cycle positioned near the
left-hand phonetic boundary.

For each main analysis frame position, lag Topt is fixed so
as to minimize the cumulated squared difference between the
main and shifted frames. For voiced sounds, lag Topt is there-
fore an integer multiple of the glottal cycle length. For unvoiced
sounds, (1) can be still meaningfully computed but the interpre-
tation of lag Topt in terms of glottal cycle lengths is not valid
anymore [3].

The signal amplitude may evolve deterministically owing
to onsets and offsets, sound-specific loudness as well as accen-
tuation. To remove these clinically non-relevant variations of
the signal amplitude, a local gain α that equalizes the energies
of the main and auxiliary analysis frames is inserted into (1).

α =

√√√√√√√√
N−1∑
n=0

x2(n)

N−1∑
n=0

x2(n− T )

(2)

γ̂ = min
T

{
N−1∑
n=0

[x(n)− αx(n− T )]2
}

(3)

The analysis frame length is fixed to 2.5 ms, so that main
and lagged frames cannot overlap. The shift between succes-
sive analysis frames is also fixed to 2.5 ms, thus enabling the
sample-by-sample dysperiodicity to be computed unambigu-
ously (4).

e(n) = x(n)− αx(n− Topt). (4)

In (4), lag Topt is the positive or negative shift that mini-
mizes the cumulated squared difference in (3).

3.2. Full-band and multi-band segmental signal-to-
dysperiodicity ratios

3.2.1. Full-band analysis

The (full-band) segmental signal-to-dysperiodicity ratio
SDRSEG consists in the average of log-ratio (5) computed
over intervals of 5 ms.

SDRlocal = 10 log

⎡
⎢⎣
∑
n

x2(n)

∑
n

e2(n)

⎤
⎥⎦ (5)

3.2.2. Multi-band analysis

For each utterance, the speech signal as well as the correspond-
ing dysperiodicity trace have been filtered by means of four-
channel mel-spaced linear-phase filters. The ranges of the four
mel bands (B1 to B4) have been (0 - 800 mel), (800 - 1600
mel), (1600 - 2400 mel) and 2400 mel and beyond. These
mel-intervals correspond to the frequency bands (0 - 724 Hz),
(724 - 2195 Hz), (2195 - 5188 Hz) and 5188 Hz and beyond.
The filterbank was designed by means of the Parks-McClellan
method. The segmental signal-to-dysperiodicity ratio (i.e. the
average of log-ratio (5)) has been separately computed for each
band.

3.2.3. Multi-band regression analysis

Linear regression analysis has been carried out with a view
to predicting auditory scores via a linear combination of the
segmental signal-to-dysperiodicity ratios in different frequency
bands. The stepwise regression method has been used to select
the variables that are included in the regression model.

3.2.4. Multi-cue regression analysis

In this experiment, the full-band SDRSEG has been predicted
via a linear regression of the control parameters of additive
noise, jitter, fundamental frequency and the product of the syn-
thesizer parameters that control frequency jitter and additive
noise. The phonetic category of the stimuli have been taken
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into account by a dummy variable: 1 for [a], 2 for [ai], 3 for
[ia], 4 for [i] and 5 for [u].

4. Results and discussions
4.1. Full-band analysis

The correlations between signal-to-dysperiodicity ratio
SDRSEG and the average perceptual scores have been
computed for each sound category and perceptual scale (Table
1). The correlations range, in absolute value, from 0.85 to 0.96.
The null hypothesis (ρP = 0) has been rejected (two-tailed
t-test, ρcrit = 0.46, p < 0.001, t = 10.9 - 23.3) for all correlation
coefficients. The best correlation have been obtained for grade
G because SDRSEG tracks any dysperiodicity, whatever its
cause.

G R B
[a] -0.94 -0.90 -0.89

[i] -0.90 -0.85 -0.90

[u] -0.94 -0.87 -0.93

[ai] -0.92 -0.87 -0.96

[ia] -0.93 -0.90 -0.94

Table 1: Pearson’s correlation coefficients between full-band
SDRSEG and average perceptual scores.
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Figure 1: Average grade as a function of SDRSEG with re-
gression lines fitted to the scatter plots.

Figure 1 displays the average grade (G) as a function of
full-band SDRSEG with regression lines for three vowel cat-
egories. Similar inter-vowel differences are observed for the
roughness and breathiness scores.
One observes that, for a given grade, SDRSEG is larger for
[u] than for [a]. The regression line for [i] intersects the regres-
sion line for [a] at low SDRSEG (noisy voices) and the line
of [u] at high SDRSEG values (clean voices).
A possible explanation of inter-vowel differences reported in
fig. 1 is the following. One observes that for synthetic vowel
[u] (fig. 4), the spectral slope is steeper than for [i] (fig. 3) or [a]
(fig. 2). As a consequence, noise is less masked by prominent
harmonics in frequency band 2 (between 800 and 2000 Hz) and
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Figure 2: Signal and dysperiodicity average spectra for a clean
(top) and a noisy (bottom) vowel [a].
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Figure 3: Signal and dysperiodicity average spectra for a clean
(top) and a noisy (bottom) vowel [i].
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Figure 4: Signal and dysperiodicity average spectra for a clean
(top) and a noisy (bottom) vowel [u].
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for a fixed SDRSEG vowel [u] is rated more severely than [a].
Because [i] has a slope less steep than [u], it is rated similarly
to [a] when noisy. For clean signals, however, [i] and [u] are
rated similarly because perceptually their timbre is dominated
by energetic first or first and second formants.

4.2. Multi-band analysis

A linear regression analysis has been carried out predicting
the degree of perceived scores via a linear combination of the
segmental signal-to-dysperiodicity ratios in different frequency
bands. The variables have been selected stepwise.
Table 2 shows the multiple correlation coefficients and the se-
lected frequency bands.

G R B

Rcorr Bands Rcorr Bands Rcorr Bands

[a] 0.94 1 0.93 2 0.92 1, 4

[i] 0.94 1 0.91 1, 4 0.91 1, 4

[u] 0.97 2 0.95 2, 4 0.95 1, 4

[ai] 0.94 2, 3 0.92 2, 3 0.96 1, 4

[ia] 0.95 1, 3 0.94 1, 4 0.93 1, 4

Table 2: Multiple correlation coefficients between predicted and
average perceived scores and the frequency bands selected by
stepwise regression.

The combination of several frequency bands increases the
correlation with perceived scores. The null hypothesis (multi-
ple correlation Rcorr = 0) has been rejected (two-tailed F -test,
Rcrit = 0.54, p < 0.001, F > 110.8) for all correlation coef-
ficients. Two frequency bands at most have been used in the
linear regression. The first and fourth frequency bands predict
breathiness.

4.3. Multi-cue analysis

The signal-to-dysperiodicity ratios have been predicted via the
noise, jitter and vocal frequency parameters of the synthesizer.
A dummy variable taking into account the phonetic category
of the stimulus has been inserted when pooled data are ana-
lyzed. Table 3 summarizes the standardized regression coeffi-
cients. The multiple correlation coefficient is displayed in the
rightmost column.

Multiple correlation coefficients are larger than 0.93. One
observes that the parameter that contributes the most is additive
noise, followed by jitter.
The coefficient of the product (interaction between additive
noise and jitter) is positive. This suggests that when additive
noise and frequency jitter are large, the SDRSEG is under-
estimated and the positive contribution of the interaction com-
pensates for this underestimation. A possible explanation is the
masking of roughness by strong breathiness. When excluding
the product from the regression, multiple correlation drops typ-
ically from 0.97 to 0.94. That is, the contribution of the interac-
tion term is minor, but statistically significant.

The sign for fundamental frequency is positive, i.e.
SDRSEG increases when F0 increases. This is expected
given that perceived as well as measured frequency jitter is
known to decrease with vocal frequency. The coefficient is
small however. In addition, one observes for the pooled data
(last line of table 3) that the contribution of the phonetic cate-
gory is larger than that of F0 but smaller than that of the noise
parameters. The regression coefficient is positive. This agrees

with data in fig. 1. Indeed, at a given perceived level of hoarse-
ness, for most of the stimuli, SDRSEG is larger for [u] than
for [i], and larger for [i] than for [a].

Add. Jit. F0 Int. Phon. cat. Rcorr

[a] -1.27 -0.72 0.22 0.62 - 0.97

[i] -1.28 -0.53 0.18 0.56 - 0.95

[u] -1.27 -0.59 0.08 0.53 - 0.97

[ai] -1.27 -0.58 0.21 0.54 - 0.97

[ia] -1.25 -0.60 0.21 0.53 - 0.97

Pooled -1.15 -0.55 0.16 0.51 0.31 0.93

Table 3: Standardized regression coefficients predicting
SDRSEGs by means of the synthesizer parameters for addi-
tive noise (Add.), frequency jitter (Jit.), fundamental frequency
(F0), the product of frequency jitter and additive noise (int) and
phonetic category (Phon. cat.).

5. Conclusion
Dysperiodicity analyses have been carried out on synthetic
stimuli. The vocal noise has been extracted with the general-
ized variogram method. The stimuli have been generated by a
synthesizer of disordered voices that has been shown to generate
natural-sounding speech fragments. The synthetic speech stim-
uli have been perceptually assessed by nine listeners according
to grade, breathiness and roughness.

Results show a good correlation between signal-to-
dysperiodicity ratios and perceptual scores. A linear regression
of observed SDRSEG values on the synthesizer parameters
shows that additive noise contributes most followed by jitter.
The interaction between noise parameters as well as vocal fre-
quency and vowel category contribute moderately or feebly.

A multi-band regression analysis shows that perceptual
scores have been predicted by two frequency bands at most.
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