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ABSTRACT

A spectral approach is proposed for voice source
parameters representation and estimation. Pa-
rameter estimation is based on decomposition of
the periodic and the aperiodic components of the
speech signal, and on spectral modelling of the pe-
riodic component. The paper focusses on param-
eters estimation for the periodic component of the
glottal flow. A new anticausal all-pole model of
the glottal flow is derived. Glottal flow is seen as
an anticausal 2-pole filter followed by a spectral
tilt filter. The anticausal filter has complex poles,
instead of the real poles that are usually assumed.
Time-domain and frequency domain parameters
are linked by analytic formulas. Two spectral do-
main algorithms are proposed for estimation of
open quotient. The first one is based on mea-
surement of the first harmonics, and the second
one is based on spectral modelling. Experimental
results demonstrate the accuracy of the estima-
tion procedures.

1. INTRODUCTION

In this paper we present our recent work on al-
gorithms for automatic analysis of voice quality
parameters. These parameters are studied in the
spectral domain. Voice source measurements are
needed for high quality speech synthesis, because
voice quality is currently a key issue for natural-
ness. This is particularly true in the situation of
speech synthesis using concatenation of natural
speech segments (e.g. diphones or non uniforms
units). Differences in voice source, for instance
differences in vocal effort, are often perceived by
listeners as synthesis or concatenation errors, be-
cause of the change in quality across segments.
Contrary to most of the recent works on source
modelling, we prefered spectral processing, be-
cause it has a number of advantages:

e it does not require an accurate inverse filter-
ing of the signal (because the effects of phase
and amplitude are better separated in spec-
tral domain);

e it seems more closely linked to the perceptual
features of voice quality than time-domain
processing;

e we shall show that one can design simpler
methods (both conceptually and in terms of

processing) for parameter estimations.

The main spectral parameters found in the lit-
terature [7] [6] for synthesizing voices with differ-
ent qualities are: 1/ spectral tilt; 2/ amplitude of
the first few harmonics; 3/ increase in the first for-
mant bandwidth; 4/ noise in the voice source. In
contrast, the parameters generally used for glot-
tal signal modelling are defined in time domain
(for instance AV (amplitude of voicing), O, (open
quotient), Ty (fundamental period), f; (spectral
tilt), and AN (amplitude of noise)). Linking
these two sets of parameters is therefore a key
point for studying voice quality as a function of
voice source parameters.

The first step of the analysis (or analy-
sis/synthesis) process is to perform decomposi-
tion of the periodic and aperiodic components of
the source. For this we used an algorithm pro-
posed in [1]. We performed a series of tests using
synthetic signal, and demonstrated that the al-
gorithm is able to decompose varying mixtures
of periodic and aperiodic components, like the
noise bursts produced at the glottal closure and
the deterministic glottal pulses (see [2]). This
gives a measurement of noise in the voice source,
and a periodic component. For describing voice
quality, the spectral parameters of the periodic
component are generally measured on the am-
plitude spectrum. Furthermore, they are mostly
used for speech analysis because no exact formu-
las are available for linking these parameters with
time-domain glottal low models used for synthe-
sis. Therefore a spectral model of the periodic
glottal flow spectrum is needed, because the glot-
tal flow models that have been proposed [4] [7]
but are defined in time domain. We first made
an analytic spectral study of these models, to link
their parameters with spectral parameters [3].

Following this work, it seemed possible to pro-
cess voice quality by processing the speech am-
plitude spectrum, using simple linear filtering
schemes. However, for analysis or modifications
it appears necessary to first estimate the values
of frequency domain parameters. The scope of
the paper is to discuss algorithms for frequency
domain estimation of the periodic component pa-
rameters. In section 2, analytic formulas for the
spectrum of glottal flow models are reviewed.
Section 3 presents 2 types of algorithm for es-



timation of the open quotient. Section 4 gives
some experimental results. Section 5 concludes.

2. PERIODIC COMPONENT SPECTRAL
MODELLING

Using an analytic formulation of the Fourier
transform of glottal flow models we show that it
is possible to derive simple spectral descriptions
of the glottal flow characteristics. We worked on
both the LF-model [4] [5] and the KLGLOTTS88
model [7]. Firstly, results on the KLGLOTTS88
model Uy, are reported here. This model is defined
by the parameters AV (amplitude of voicing), O,
(open quotient), Ty (fundamental period) and f;
(spectral tilt). The analytic formula for the spec-
trum of the KLGLOTT&8 model is computed in
[3]. When the frequency v tends to infinity, we
can show that this spectrum is equivalent to its

first term: Ug(v) ~ ‘27Avej(f;(;§§””ho°) There-

fore, the spectral slope is -12 dB/oct. Along the
same line, the principal term of the series expan-
sion of the KLGLOTTS8S8 spectrum when v tends

to 0 is given by: Uy(v) — =AV(0,1p)? and the
spectral slope of U~k~(1/) is null in 0. The magni-

tude spectrum of Ui(r) has a -12 dB/oct slope
for high fequencies, and is constant for low fre-
quencies. It can be represented by a second-order
low-pass filter. The cutoff frequency of this filter
can be computed as the crossing point of the lines
defined by the equations above. This cutoff fre-
quency f, is given by: f, = éOqlTo (1) .

f4 depends only on the product O,Tp, the open
duration. Therefore, one can find a very sim-
ple spectral interpretation of the time-domain pa-
rameter O,: it defines the cutoff frequency of a
second order low-pass filter. In the KLGLOTTS8S8
model, the waveform Uy(t) is filtered by a first
order low-pass filter. This filter is defined by its
cutoff frequency f;, and add an extra -6 dB/oct
attenuation. Therefore, the magnitude spectrum
of the KLGLOTTS&8 model can be split in three
regions. In a first region, between frequencies 0
and f, the spectral slope is 0 dB/oct, with a con-
stant value given above. In a second region, be-
tween f, and f, the spectral slope is -12 dB/oct.
In a third region, above f;, the spectral slope is
-18 dB/oct. It must be pointed out that this rep-
resentation is very interesting, because there is
a one-to-one correspondance between the break-
points in the magnitude spectrum and the inde-
pendant time-domain parameters of the model.

Another link can be established between O,
and the glottal flow spectrum, by considering
the amlitudes of the two first harmonics (ratio
H{ — H,, where Hy and Hy are the amplitudes
of the first two harmonics (in dB)). In [3] we
show that the amplitude ratio of the two first
harmonics depends mostly on the open quotient
and the speed quotient (R, and Ry in the LF-
model, see [4]). This ratio increases with the

open quotient and its range increases with Ry
as shown in the following 1dB approximation :
Hy — Hy = 12(22)2(1 — (1 — B)?) — 6, valid for
medium values of O,.

The analytic formula for the complex spectrum
of Uy(t) is also useful for studying the phase spec-
trum, and thus the time-domain glottal pulse
shape. One can show that the phase of Ug(v)
can be split in a linear component and a non-
linear component. The linear component is only
due to the delay between 0 and the epoch of glot-
tal closure. If this component is removed, only a
non-linear component remains. This component
is linked to the glottal flow shape. Such a phase
spectrum is close to the phase gain of a low pass
filter, except that it corresponds to an anticausal
impulse response. As a matter of fact, removing
the linear phase component is equivalent to shift-
ing the whole waveform in time domain. Then
the waveform becomes anticausal.

In summary, we found that, using the analytic
formulation of the spectrum, it is possible to de-
sign an all-pole filter which is comparable to the
KLGLOTTS88 model, or the LF-model. This filter
is a 3rd order low-pass filter, with an anticausal
pair of poles, and a simple real pole. The sim-
ple real pole is given directly by the f; parameter
of the KLGLOTTS88 model. The other pair of
pole is directly linked to the open quotient O, of
the KLGLOTTS&8 model. It is better to model
the low-frequency region using a pair of complex-
conjugate poles instead of two real poles. This
better represents the “glottal formant” that can
be observed in actual speech.

Finally, if one wants to preserve the glottal
pulse shape it is necessary to design an anticausal
filter. If one wants to preserve the finite duration
property of the glottal pulse, it is necessary to
truncate the impulse response of the filter.

3. GLOTTAL FLOW SPECTRAL
PARAMETERS ESTIMATION

As a result of this linear source model, the esti-
mation of the glottal formant may be seen as a
filter estimation procedure. Another solution is
to consider the ratio Hy — Hy, which gives O,
and then the glottal formant. Both solutions are
considered here.

3.1. Source estimation

The source/filter digital model of speech produc-
tion is 5(2) = Uy(2)V(2)L(z), where S(z) is the
speech signal, U,(z) is the glottal source, V(z)
is the vocal tract filter, and L(z) represents lip
radiation. The effect of L(z) is considered to be
a derivation, V(z) is an all-pole filter. In spec-

tral domain U,(z) is usually taken as a 2"¢ or-
der filter with 2 real poles. Our theoretical study
and experiments on natural speech indicated that
a filter with resonant poles better fits both the
impulse response and the spectral envelope for



Uy(z). Then we used the linear filter described
above for the glottal source.

The following inverse filtering procedure has
been used to derive the source signal from a given
speech signal : 1/ estimation of the vocal tract
transfert function : use a preemphasized version
of the signal, S,(z) = S(2)/U(z), where U(z) ~
Uy(2)L(2) is a derivation filter; 2/ suppression of
the effect of lip radiation : use a deemphasized
version of the signal, S4(2) = 5(z)/L(z), where
L(z) ~ L(z) is an integration filter ; 3/ the source

Uy(2) = Sa(2)/5p(2) ~

U,(z). From a practical point of view, U(z) is a

signal is obtained as :

single real zero digital filter, L(z) is the inverse of
U(z), and Uy(z) is computed as S4(2) filtered by
the LPC inverse filter of S,(2).

3.2. Open quotient estimation

Once the source signal has been estimated, the
next step is to derive the glottal formant fre-
quency. This is done by matching a second order
filter on the signal, for instance by an LPC pro-
cedure, or by an envelope fitting procedure of a
digital or analog filter. If LPC is used, care must
be taken to deduce the glottal formant frequency
f4 from the pole values given by the LPC. In fact,
in the previous theoretical development, f, is the
cutoff frequency of an analog filter whereas the
LPC gives a digital filter. The procedure we used
to compute the estimated f, from the location of
the poles is as follows : compute the resonance
frequency f, of the digital estimated filter from
the complex poles p = pe®7? (this is always pos-
sible because the filter is always resonant) :

1 1 1
F1(p.8) = 5= arccos(5(p + ) cox(0)
then fit an analog filter with same resonance fre-
quency and amplitude, which gives the cutoff fre-
quency of the analog filter :

()1~ 1)
1 —2pcos(f) + p?

fy(p,0) = fr(pae)/y —( )?

The estimated open quotient is then deduced
from equation (1). It must be noticed that esti-
mation of the open quotient requires the knowl-
edge of the fundamental frequency fy, whereas
the glottal formant is independant of f,.

A second approach has been tried, in which the
open quotient O, is directly derived from mea-
surement of the amplitudes Hy; and Hs of the 2
first harmonics of the source signal. The differ-
ence Hy — Hy is related to laryngealisation (see
[7] and [6]), and we established (see [3]) the rela-
tionship between H; — Hy and O,. This relation
is not inversible, so an iterative procedure such as
Newton’s must be used. Estimation of H; and Hs
is achieved by estimation of the raw frequency of
the harmonics, given the fundamental frequency.

Then a precise value of both their frequency and
amplitude is computed by an interpolation pro-
cedure.

4. EXPERIMENTS

Some experiments have been carried out on syn-
thetic and natural speech with both approaches.
The first experiment validates the open quotient
estimation procedure with a known source : a
KLGLOTT88 waveform with varying open quo-
tient is generated as a source signal, and the es-
timated open quotient is compared to the true
one (see figure 1). The same procedure is tested
on synthetic vowels, again with a known source
: the KLGLOTTS88 waveform is passed through
a vowel filter which simulates the vocal tract, for
5 French vowels. On figure 1 are shown the evo-
lution against time of the ”true” open quotient
and the estimated open quotient with both ap-
proaches. One may notice that the estimation is
less robust when the first formant frequency is
near the glottal formant frequency (for instance
in the vowel [i] or [u]), and when the fundamental
frequency is high.

The estimation scheme has also been tested on
natural speech. An example is given in figure 2
where the evolution of the open quotient is plot-
ted against time. Other voice source parameters
are also plotted for the same sentence in figure 2 :
f0, short-term energy of the periodic component,
and short-term energy of the aperiodic compo-
nent. This allows for estimation of AV, and of
AN. Thus all the time-domain voice source pa-
rameters (and the spectral-domain voice quality
parameters) are estimated, spectral tilt excepted.
Covariation of source parameters is noticeable in
figure 2. for instance at the end of the sen-
tence, the periodic component energy decreases,
the aperiodic component energy increases, the
fundamental frequency increases, the open quo-
tient increases. The variations of all these pa-
rameters indicate a lower vocal effort.

5. CONCLUSION

In this paper we present algorithms for voice qual-
ity analysis. First a decomposition of the peri-
odic and aperiodic components of the signal is
performed. The periodic/aperiodic ratio and the
amplitude of voicing are a first set of voice quality
parameters obtained with this procedure. Other
parameters are derived in the spectral domain,
with the help of an analytic study of glottal flow
models spectra. We focussed on estimation of
the open quotient parameter. It is performed
by using all pole modelling of the speech signal
and of the estimated source, or by deducing its
value from the amplitude difference of the 2 first
harmonics. Some experiments have been carried
out to show the accuracy of the estimations. Fu-
ture work will be devoted to spectral tilt estima-
tion, and to modification of voice quality through



modification of voice source parameters in natu-
ral speech segments.
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Figure 1. Estimation of the open quotient O, for
a synthetic KLGLOTTS88 model source. True O,
(solid line), estimated O, on the source component
only (dotted line), and estimated O, on the source
component passed throught vowel filters (dashed
line). fo = 100Hz. The signal is made of 5 french
vowels. During each vowel, the open quotient is
varied from 0.4 to 0.83. The source signal is esti-
mated using a 18 order LPC, and the open quotient
is estimated through the measurement of H; — H,.
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Figure 2. Estimation of voice source parameters on
the French sentence : ”Je pense que Marie et Jean
n’accepteront pas de dire des choses pareilles”.
Top : energy in the periodic (A) and the aperi-
odic (B) components. Middle: estimation open
quotient (A) 1st method (B) second method. A
difference in normalization is noticeable. Bottom
: fundamental frequency (B) and glottal formant
frequency (A).



