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Abstract
Synthesis of expressive speech has demonstrated that con-

vincing natural sounding results are impossible to obtain with-
out dealing with voice quality parameters. Time-domain and
spectral-domain models of the voice source signal are pre-
sented. Then algorithms for analysis and synthesis of voice
quality are discussed, including modification of the periodic
and aperiodic components. These algorithms may be useful for
applications such as pre-processing of speech corpora, modifi-
cation of voice quality parameters together with intonation in
synthesis, voice transformation.

1. Introduction
Until recently, voice quality and its functions in speech com-
munication has been only marginally considered in the speech
communication community. However, there is some evidence
that voice quality settings and voice quality modulations are
playing a central role in human voice-based communication.
The influence of prosody on the segmental aspects of speech in-
volves some variation of voice quality and vocal effort. There-
fore, it seems necessary to take into account these effects in
speech synthesis, and to search for methods that are able to deal
with voice quality and thus with the interactions between into-
nation and segmental aspects.

Most of the studies on emotional speech synthesis focused
more on intonation parameters (f0, duration) than on voice qual-
ity parameters, excepted maybe a stress parameter related to
the voice spectral tilt [8]. Most of the works addressing the
problem of voice quality synthesis were in the framework of
formant synthesis [6], just because voice quality parameters
are explicit parameters of the synthesizer in this case. How-
ever voice quality modification is also an important problem
in the framework of concatenation-based synthesis. This has
been recognized particularly in the situations were sound qual-
ity is of paramount importance e.g. for computer music and
musical acoustics. Real time spectral modification procedures
have been proposed [1] for singing voice morphing and vocal
impersonation. High fidelity music synthesis featuring a “Vir-
tual Castrato” has been produced for the soundtrack of the film
“Farinelli” [2, 5] by morphing the voices of a male and a fe-
male singer. Processing was based on concatenation synthe-
sis and voice quality modification. Voice quality was manually
modified by harmonic adaptive dynamic filtering using a phase
vocoder technique. For speech synthesis a more systematic ap-
proach is needed, just because it is impossible to use a trial and
error method in automatic systems.

The work described herein is based on time-varying spec-
tral processing of speech units for voice quality modification,
like in [1, 5]. In section 2, a spectral theory for voice models
description is reviewed. Section 3 presents the algorithms used
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odification of voice quality. The last section contains a
sion and a conclusion.

. Spectral representation of the voice
source

y a voice modification method should be able to deal with
rceived voice qualities or physiological descriptions that
tually used by voice professionals. Unfortunately, our
edge on the acoustic correlates of perceived or physiolog-
alities is still rather shallow. It seems impossible to deal
tently with seemingly simple concepts like voice registers
al effort. Then, a more realistic goal for signal modifica-
ethods would be to process meaningful but lower level
eters like

� �
, periodic/aperiodic ratio in the voice source,

uotient of the glottal signal etc. The glottal pulse compo-
ill be analyzed in some details below.

ime-domain glottal flow models

l glottal flow models (GFM) have been proposed so far
hey models are pulse like, positive or null, quasi-periodic,
uous, and differentiable. One can show [3] that the gen-
rm of any particular glottal flow model (GFM) can be

bed by the following set of 5 independent time-domain
eters:

� � : maximum amplitude of the glottal flow, or ampli-
tude of voicing.

� �
: fundamental period and its inverse

� �
, the funda-

mental frequency;

� 	 : open quotient, defined as the ratio between the glot-
tal open time and the fundamental period. This quotient
is also defining the glottal closure instrant (GCI), relative
to � �

(the GCI is at time 
 � � 	 � �
)

� � : asymmetry coefficient, defined as the ratio between
the flow opening time and the open time. This quotient
is also defining the instant of maximum of the glottal
flow, relative to � �

and � 	 (this instant is at time � � �
� � � 	 � �

). It is equivalent to the speed quotient � 	 as
� � � � 	 � � � � � 	 � .

 " : the return phase quotient defined as the ratio be-
tween the the effective return phase duration and the
closed phase duration. In case of abrupt closure  " � % .

he generic parameters � � � � � 	 and � � can be obtained
ch GFM, as functions of the particular mathematical def-

of the model. In the case of abrupt closure, the glottal
and its derivative can be rewritten as follows:



� � � � � � � � � � � �
� � 
 � � � � � � 	 	 	 � � � � � (1)

� �� � � � � � �
� � 
 � � �� � �

� � 
 � � � � � � 	 	 	 � � � � � (2)

where 	 	 	 � � � � � is a Dirac comb with fundamental period

 �

, and � � � � � � � � is a function of time � ( � � and 
 �
being

fixed) which is depending only on the parameter � � .

2.2. Spectrum of glottal flow models: glottal formant

By taking the Fourier transform of equations 2, the spectra
�� �

and
�� ��

of the GFM and its derivative can be written:

�� � � � � � � � � � 
 � �� � � � � � 
 � � � � � � � � 	 	 	 � � � � � � (3)�� �� � � � � � �
�� �� � � � � 
 � � � � � � � � 	 	 	 � � � � � � (4)

where 	 	 	 � � � � � is a Dirac comb with fundamental fre-

quency
� � � � � 
 �

, and
� � �

and
� � �� are the Fourier transforms

of � �
and � ��

respectively. The voice source in the spectral do-
main can be approximated by a low-pass system. Then the glot-
tal waveform

� �
can be considered as the impulse response of

an anticausal 2nd order low-pass filter, because the spectrum is
constant in the neighborhood of 0 (a slope of 0 dB/oct) and the
spectrum has a - 12 dB/oct slope when � tends to infinity. Then,
one can define a cutoff frequency

� �
corresponding to the cross-

ing point of the two asymptotic lines. As the effect of sound
radiation can be approached by a derivation, the effect of the
source in the speech signal corresponds to the derivative of the
glottal flow component. The (0,-12) dB/oct asymptotic behav-
ior of � � � � � � � is transformed through derivation into a (+6,-6)
dB/oct asymptotic behavior. Thus a maximum appears at fre-
quency

� �
in the spectrum � � �� � � � � . This maximum is called

“glottal formant”. Position of the glottal formant is given by:

� � � �� ! � � 
 �
" #

� � � �$ � � � � (5)

where
$ � � � � represent the total flow for one period of � �

and
#

� � � � the maximum slope of � �
. The glottal formant

frequency is dependent on
� �

, � � and � � . The higher the
asymmetry of the pulse or the lower the open quotient, the
higher the frequency of the glottal formant. Around a typical
value of asymmetry coefficient (2/3) and for normal values of
open quotient (between 0.5 and 1), the glottal formant is lo-
cated slightly below or close to the first harmonic (H1 = f0). It
can reach for instance the fourth harmonic for � � � � & ' and
� � � � & ( . Therefore, the glottal flow behaves as a filter in
the low-frequency part of the voiced signal spectrum. This fil-
ter is controlled mainly by the open quotient and the asymmetry
coefficient.

2.3. Spectrum of glottal flow models: spectral tilt

Up to now, we have assumed an abrupt closure. In this case,
the asymptotic spectral slope (for high frequencies) is fixed to
-12 dB/oct. A smooth closure of the vocal folds is obtained by
a positive � � . This can be introduced in time-domain models
by adding a decreasing exponential to the glottal flow derivative
during the closed phase [4]. Alternatively, a 1rst or 2nd order
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totic line with a -12 or -18 dB/oct slope.

0

20

40

60

80

1 2 3 4 5 6 7 8
FREQUENCY (kHz)

+6dB/oct
-6dB/oct -12dB/oct

F1 F2 F3 F4 F5

Fg TL

0

20

40

60

80

1 2 3 4 5 6 7 8
FREQUENCY (kHz)

+6dB/oct
-6dB/oct -12dB/oct

F1 F2 F3 F4 F5

Fg TL

1: Example of vowel (French /a/, male voice), in a
t representation (top), or a dB/Hz representation. The
s corresponding to the stylized glottal flow spectrum are
posed on the magnitude spectrum.

pectrum stylization

mary, the spectral envelope of glottal flow models can be
ered as the gain of a lowpass filter. The spectral envelope
GFM derivative can then be considered as the gain of a
ass filter. The spectrum of any GFM derivative can be
d by 3 linear segments with � ) * + � , . � , / ) * + � , . � and+ � , . � (or sometimes / � 1 * + � , . � ) slope respectively.
breakpoints correspond to the glottal spectral peak and

ectral tilt cut-off frequency. Their frequency and ampli-
re

� �
, � �

,
� 2

, � 2
. The amplitude � 2

can be deduced� �
, � �

and
� 2

. A set of 5 parameters that defines the
um of the GFM is then:

� �
: the fundamental frequency, which represent also the

frequency sampling rate of the spectrum (harmonics are
located at multiples of

� �
).

� �
: frequency location of the spectral peak in the GFM

derivative spectrum, or cut-off frequency in the GFM
spectrum;;

� �
: amplitude of the spectral peak in the GFM deriva-

tive spectrum, or cut-off frequency in the GFM spec-
trum;

� �
: quality coefficient of the spectral peak in the GFM

derivative spectrum;
� 2

: frequency location of the additional spectral attenu-
ation (spectral tilt) in the GFM or GFM derivative spec-
tra;
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Figure 2: Algorithms for speech units modification (see text).

An example displaying linear stylization of the envelope of
the glottal spectrum in a log representation is given in Figure
1, top panel. In this figure the stylized envelope is applied to
the spectrum of a French vowel /a/ for a male voice. Then,
the voice source component can be characterized in the spec-
tral domain by the stylized envelope of the glottal spectrum, the
periodic-to-aperiodic ratio, and fundamental frequency. Addi-
tional useful parameters for accurate modifications of vocal ef-
fort or pitch would be the shape of the power spectrum of the
aperiodic component, and vocal tract filter modification induced
by glottal displacements.

3. Algorithms
We showed that time-domain parameters of the glottal flow are
corresponding to frequency domain parameters. It is then possi-
ble to modify the voice source by modification of its spectrum.
The overall process illustrated in Figure 2 contains the follow-
ing steps.

Units selection The voice quality or timbre in speech seems
almost constant on a given syllable, but may vary a lot across
syllables for expressive needs. Therefore one must consider first
voice quality at a segmental or syllabic level. The first step
of the voice modification algorithm consist in the selection of
units to be modified. These segments could for instance be non-
uniform units in a concatenation/selection synthesis system, or

syllab
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3: Spectral modifications of the vowel in Fig. 1. Both
al tilt and position of the glottal formant have been modi-

ime and pitch scaling The main effects for voice modi-
n are obtained by time and pitch scaling of the speech
Many high quality methods have been proposed for that

se, and will not been reviewed here.
riodic-aperiodic decomposition The next stage of pro-
g is decomposition of the periodic and the aperiodic com-
t of the source signal. The algorithm used for periodic-
dic decomposition is described in [9]. The source sig-
decomposed into short overlapping analysis frames, us-
ata window. A short-term spectrum is computed for each

, using the Discrete Fourier Transform (DFT). Both pe-
and aperiodic components contribute to the DFT coef-
s. In the first stage of processing, we identify a subset
DFT coefficients to form an approximation to the aperi-
omponent. For this purpose, we determine approximately
quency regions contributing to the harmonic part and the
ncy region contributing to the noise part. This is accom-
d by using a prior pitch detection. Then and iterative pro-
is used for separating these components in the frequency

n. For each iteration, an estimate of the aperiodic compo-
s obtained by moving from the frequency domain to the
omain and vice versa, through the IDFT and DFT oper-
. The iterative algorithm is continued until the difference
en two successive steps becomes less than a given thresh-
lue, or after a fixed number of iterations. The periodic
nent is obtained by subtracting the reconstructed aperi-

omponent noise samples from the residual signal samples
time domain. The output of the algorithm consists of four
f samples: � � � � , the periodic component and � � � � , the
dic component, and their DFTs.
riodic excitation component filtering As for the peri-

omponent modification, a reasonable approximation is to



modify only the magnitude spectrum. This is because the phase
spectrum is much more less significant for voice quality percep-
tion. Zero-phase filters have to be used, in order to modify mag-
nitudes and preserve phases. Any zero-phase filtering method
can be used at this stage. In [2] sophisticated harmonic filter
were used. In [1] a sinusoiadl + noise modification method was
used. In this work, we used short term Fourier filtering for mod-
ification of the periodic components. Modification of the glottal
formant is achieved by selection of the corresponding frequency
samples, and by selective multiplication of these samples by the
modification filter. Modification of spectral tilt involves also se-
lection of the samples to be modified, i.e. the samples above a
given frequency threshold, and multiplication by a frequency
dependent factor. An example of modification is displayed in
Figure 3. It must be pointed out that, as the source/filter pro-
duction model is linear, it is equivalent to perform filtering with
or without prior source/filter separation.

Aperiodic excitation component modification Aperiodic
excitation modifications are generally more complex, because
the noise may be Gaussian or non-Gaussian. Then, time-
frequency techniques are needed. Techniques for modification
of the aperiodic component are discussed in details in [7].

Periodic and aperiodic recombination The
� � � �

is
modified by weighted summation of the modified periodic and
the modified aperiodic samples.

Modification of the vocal tract component The periodic
and aperiodic components of the modified signal are combined
to form a source-modified signal. Then, a modified speech sig-
nal is reconstructed by filtering the signal by a modified vocal
tract filter. At this stage, it is possible to model the supra-glottal
contributions to voice quality (e.g. smiling, anterior or posterior
articulations etc.).

Units concatenation The modified segments can now be
synthesized by concatenation of the synthesis units.

4. Discussion and conclusion
Processing low-level parameters implies that some higher level
procedures must be included in the synthesis system to perform
meaningful speech and voice modifications. These procedures
may be more or less automated depending on the application.
They can be anything between manual trial and error process-
ing, explicit rules designs and automatic morphing procedures.

For instance, rules can be designed according to the rela-
tionships between voice qualities and spectral parameters of the
source that can be sketched as follows:

creaky phonation there is much structural aperiodicity in the
source (jitter, shimmer), and/or f0 is very low. The voice
can be soft or loud, pressed or not.

whispery phonation the glottis is open, and there is no peri-
odic vibration of the vocal folds. In terms of spectral pa-
rameters, the

� � � �
is very low, and the voice is very

soft (high � � , low
� �

, low � � ).

breathy phonation the glottal closure is incomplete, there is
a much additive aperiodicity in the source. In terms of
spectral parameters, the

� � � �
is low, and the voice

can be soft or loud, pressed or not.

pressed phonation the vocal effort is high, but the signal is
not necessarily efficient, and thus energy can be rather
low. The main correlate of pressed voice is a low open
quotient, resulting in a high

� �

. Generally � � is also
low.
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honation the vocal fold are vibrating, the vocal effort is
weak. In terms of spectral parameters, the

� � � �
is

low, � � is high,
� �

is generally low (open quotient is
high), � � and � � are generally low.

honation both the vocal effort and the signal energy are
high. In terms of spectral parameters, the

� � � �
is

high, � � is low, the
� �

is generally high (open quotient
is low),

� �
and � � are generally high.

the voice morphing project described in [1], speech
ition and alignment was used for real time synchroniza-

f the singer and a recorded target voice. Then voice mor-
was performed using SMS (Spectral Modeling Synthe-

e. a variety of sinusoidal + noise decomposition and mor-
. It means that the target voice was given: the spectral
cations were defined automatically according to this tar-
ice. The quality obtained seemed satisfying for a Karaoke
ation.
igh-fidelity modifications are described in [2] and can be
ed in [5]. In this case, the target voice was not given, but
compromise between a male and a female voice. Then,
ing the modification filter was a highly time-consuming

nd error procedure, that required a sound engineer exper-

conclusion, effective high-fidelity methods for voice
y modification based on filtering have been demonstrated.
ver, building the rules or learning the procedures for per-
g meaningful modification is difficult. One can think that

latory synthesis may also be a good paradigm for emo-
speech synthesis, as physical parameters may be able to
e directly the complex interations betwwen acoustic pa-
ers than one can observe in emotional speech.
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