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ABSTRACT

Voice quality is currently a key issue in speech synthesis
research. The lack of realistic intra-speaker voice quality
variation is an important source of concern for concatena-
tion-based synthesis methods. A challenging problem is
to reproduce the voice quality changes that are occuring
in natural speech when the vocal e�ort is varying. A new
method for voice quality modi�cation is presented. It takes
advantage of a spectral theory for voice source signal rep-
resentation. An algorithm based on periodic-aperiodic de-
composition and spectral processing (using the short-term
Fourier transform) is described. The use of adaptive in-
verse �ltering in this framework is also discussed. Appli-
cations of this algorithm may include: pre-processing of
speech corpora, modi�cation of voice quality parameters
together with intonation in synthesis, voice transformation.
Some experiments are reported, showing convincing voice
quality modi�cations for various speakers.

1. INTRODUCTION

Processing voice quality is currently a key issue in speech
analysis and speech synthesis. Although most of the state-
of-the art text-to-speech synthesis sytems are highly intel-
ligible, they still sound unatural and machine-produced.
Among the fundamental problems that are still to be
solved, this paper focusses on techniques voice quality mod-
i�cation, which are necessary for synthesizing the interac-
tions between intonation, voice quality and segmental as-
pects. The inuence of prosody on the segmental aspects
of speech involves some variation of voice quality and vocal
e�ort. Works adressing this problem have been presented
recently, but mainly in the context of formant synthesis
(see e.g. [8]). In the context of concatenation based syn-
thesis, this is also an important problem. On the one hand,
the lack of realistic intra-speaker voice quality variation re-
sults in poor naturalness in synthesis methods using small
corpora and signal processing (e.g diphone synthesis). In
these systems, important features of natural speech, like
spectral changes for stresses syllable or vocal e�ort varia-
tion in sentences are generally left out. On the other hand,
prosodic and voice quality mismatches are the main sources
of failure for methods based on large corpora and labelling
(e.g. word or subword units concatenation systems). These
method are far more natural sounding, provided that seg-
ments are concatenating smoothly: voice quality should be
comparable across segments, and in some cases should be

modi�ed to achieve smooth concatenation.

Thus, improving signal processing for concatenation syn-
thesis based on data bases of natural speech is needed.
The aim of this study is to discuss parametric modi�ca-
tion methods for speech signals. The speech material con-
sidered is recorded speech samples, without special require-
ment on recording conditions and voice types. Ideally the
method should be able to deal with parameters like \vo-
cal e�ort", \pitch" (i.e. the perceived correlates of funda-
mental frequency and vocal quality modi�cations when one
speaks with more or less tension in the larynx). A more
realistic goal is to deal with meaningfull but lower level pa-
rameters (e.g. fundamental frequency, periodic/aperiodic
ratio in the voice source, open quotient of the glottal sig-
nal etc.). However we believe that it will be possible to
design higher level rules to drive low-level parameter mod-
i�cations. For some situations, we shall show that it is
quite straightforward (for example global lowering vocal
e�ort for a sentence), although it might be rather intricate
in other situations.

Contrary to most of the recent works on source mod-
elling, we prefered spectral processing. It must be empha-
sized that spectral processing is mathematically equivalent
to time-domain processing, only if complex spectra are con-
sidered. In this case, time and frequency domains are dual
throught the Fourier transform. But spectral magnitudes
and spectral phases do not play the same role (althought
they are merged in time domain). One advantage of spec-
tral processing is that it does not require the use of cali-
brated measurement equipment for speech recording. For
example phase distortion is acceptable for spectral process-
ing, although it is a well-known source of problems for time-
domain processing, because it can change dramatically the
signal waveform. Another advantage is that spectral pa-
rameters have been more closely linked to the perceptual
features of voice quality than time-domain parameters.

In section 2, the signal model and analytic formulas for
the spectrum of glottal ow models are reviewed, and a
theory for spectral modi�cation is developped. Section 3
presents the algorithms used for modi�cation of voice qual-
ity (adaptive inverse �ltering, periodic-aperiodic decompo-
sition, periodic component spectral modi�cation, adaptive
�ltering), and gives some experimental results. Section 4
concludes, and discusses application of this work to con-
catenation based speech synthesis.
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2. THEORETICAL FRAMEWORK

2.1. Signal model

Linear acoustic theory describes speech production in
terms of a source/�lter model:

s(t) = e(t) � v(t) � l(t)

where s(t) is the speech signal, v(t) is the vocal tract im-
pulse response, e(t) is the vocal excitation source, l(t) is the
impulse response of the sound radiation component, and
where S(!), V (!), E(!), L(!) are the Fourier transforms
of s(t), v(t), e(t), l(t) respectively. The source component
e(t); E(!) is a compound signal, which can be represented
with the sum of a quasi-periodic component (described by
its fundamental frequency and its waveform) and a noise
component:

s(t) = [p(t) + r(t)] � v(t) � l(t)
= [
P+1

i=�1
�(t� it0) � ug(t) + r(t)] � v(t) � l(t)

S(!) = [P (!) +R(!)]� V (!)� L(!)

= [(
P+1

i=�1 �(! � if0)) j Ug(!) j ej�ug(!) +
j R(!) j ej�r(!)]� j V (!) j ej�v(!)� j L(!) j ej�l(!)

where p(t) is the quasi-periodic component of excitation,
ug(t) is the glottal ow signal, t0 is the fundamental period,
r(t) is the noise component of glottal excitation, � is Dirac's
distribution , P (!), R(!), Ug(!), are the Fourier trans-
forms of p(t), r(t), ug(t), respectively, and where f0 = 1=t0
is the fundamental frequency of voicing.

Changes in prosodic parameters (e.g. vocal e�ort or
pitch), or in voice quality, involve mainly some changes
in the source component. However, there is also some ev-
idence that the �lter component is varying together with
vocal e�ort or pitch (see e.g. [3] [13] ). This e�ect should
be integrated in a realistic speech modi�cation system, but
will not be considered here.

In this paper, the source component e will be studied
with the help of the KLGLOTT88 model [12]. However,
similar results can be obtained for virtually all glottal ow
models. A uni�ed view of the spectra and waveform of glot-
tal ow models can be found in (Doval et al Forthcoming
+ icassp). In addition to the periodic glottal ow model
special attention will be paid to the aperiodic component
of the source. The importance of this component is gener-
ally underestimated in glottal ow studies, although it is
crucial for some types of voice quality (soft voices, breathy
voice, harsh voices).

2.2. Spectrum of the KLGLOTT88

model

The KLGLOTT88 model ek is used in the Klatt syn-
thesizer [12], and in several studies devoted to the voice
source [10]. It is a composite model which contain basi-
cally three components: a noise component rk, a periodic
glottal waveform uk, which is passed through a spectral
tilt �lter Ftl:

Ek(�) = Uk(�)FTL(�) +Rk(�)

The periodic component of this model is characterized by
four parameters: the fundamental frequency f0, the ampli-
tude of voicing AV , the open quotient Oq , and a spectral
tilt �lter parameter TL. TL represents the tilt of the voic-
ing source spectrum in dB down at 3 kHz. The periodic
and aperiodic components are combined by addition. The
model is de�ned in time domain by: uk(t) = at2 � bt3,
with a = (27AV )=(4t0O2

q ) and b = (27AV )=(4T 2
0 O

3
q). Af-

ter some tedious calculation one can show [5] that the spec-
trum of ug(t) is, (with � = !=2�):

Uk(�) =
27jAV

2Oq(2��)2
[
j exp(�j2��Oqt0)

2
+

1 + 2 exp(�j2��Oqt0)

2��Oq t0
+ 3j

1� exp(�j2��Oqt0)

(2��Oqt0)2
]

2.3. Open quotient and glottal formant

The analytic expressions of the spectrum can be used for
studying the amplitude and phase spectra. Uk can be con-
sidered as the impulse response of a low-pass �lter [5, 6].
Thus it should be represented by a little set of spectral
parameters, which can essentially be derived by studying
the assymptotic behaviour of the spectrum in the neigh-
borough of 0 and +1 (for the moment we are dealing only
with continuous time systems). The asymptotic behavior
of the magnitude spectrum gives that when � ! 0, then:

jUk(�)j ! 9

16
AV (Oqt0)

2

,

and when � !1, then:

jUk(�)j � �27

4

AV

(2��)2

This shows that the spectrum is constant in the neigh-
borough of 0, it has a slope of 0 dB/oct. The spectrum has
a - 12 dB/oct slope when � tends to in�nity. This is the
spectral behaviour of a second order linear �lter. On can
de�ne a cuto� frequency fk corresponding to the crossing
point of the two assymtots. If we consider speech, the glot-
tal ow component must be derived (as the e�ect of sound
radiation can be approached by a derivation), and the (0,-
12) dB/oct behaviour of jUk(�)j is transformed through



derivation into a (+6,-6) dB/oct behaviour. Thus a max-
imum appears at frequency fk in the spectrum jU 0k(�)j.
The term \glottal formant" is coined for this maximum
frequency fk. One can show that the open quotient Oq

and t0 are the only parameters of the glottal formant fre-
quency fk:

fk =

p
3

�

1

OqT0

This \glottal formant" stands for a local maximum in
the amplitude spectrum which is located below the �rst vo-
cal tract formant: a well-known fact in spectrogram read-
ing. Using the glottal formant frequency, the open quotient
can be used for computing the amplitudes of the few �rst
harmonics (for instance the amplitude ratio of the 2 �rst
harmonics H1-H2), that are often presented as useful pa-
rameters in spectral analyses of the voice source [10].

2.4. Spectral tilt

The spectral tilt is an important parameter of voice qual-
ity. \Spectral tilt" it is related to the high frequency spec-
tral behaviour. For the KLGLOTT88-model, spectral tilt
is de�ned as a spectral parameter. It is represented by a
second-order low-pass digital �lter. This results in a -12
dB/oct attenuation for frequencies above the �lter cuto�
frequency. The parameter TL and the cuto� frequency of
this �lter are related by the following equation:

ft = 3000=
p

10TL=10 � 1

2.5. Phase spectrum

All the studies on the perceptual correlates of voice
source models are generally considering only amplitude
spectra, or time-domain parameters. In [5], we showed
that Uk can be considered as the impulse response of an
anticausal �lter. This shed some light on the role of phase:
phase is giving the overal shape of the waveform in time-
domain, and this shape is close to the impulse response
of a linear anticausal �lter. If low-frequency phase distor-
tion is introduced in the speech recording process, almost
no audible di�erence will be noticeable, but the time do-
main waveform will be distorded accordingly. In this case
no time-domain model will be able to represent the actual
data, although a spectral model will still be e�ective, if one
consider only amplitude spectra. This seems reasonable in
speech synthesis applications.

2.6. Aperiodic component

The glottal ow signal contains also an aperiodic compo-
nent Rk. For some types of voice quality, the noise compo-
nent of the source signal is a very important feature. It can
be described by several parameters: 1/ its amplitude rel-
ative to uk, coined here as the periodic-to-aperiodic ratio
(PAPR); 2/ its power spectrum jRk(�)j2. 3/ its temporal
modulation. In some situations the aperiodic component
is almost Gaussian (no temporal structure), but in other

situations it is weakly or strongly modulated by the vocal
fold vibration (aspiration noise or voiced frication noise),
or by the vocal tract motion (plosive bursts). There is
some evidence that noise modulation can be signi�cant for
perception [11].

2.7. Summary

In summary, the voice source component can be charac-
terized in the spectral domain by 5 parameters: 1/ PAPR
(periodic-to-aperiodic ratio); 2/ fk (frequency of the glot-
tal formant); 3/ TL (spectral tilt); 4/ AV (amplitude of
voicing); 5/ f0 (fundamental frequency); Additional use-
ful parameters for accurate modi�cations of vocal e�ort or
pitch would be: 6/ Rk (power spectrum of the aperiodic
component); 7/ V (vocal tract �lter modi�cation).

3. EXPERIMENTS

3.1. Algorithm

According to the preceding section, voice quality modi-
�cations of speech signals can be performed directly in the
spectral domain. To achieve this, it is necessary to identify
the periodic and the aperiodic components of the source,
to modify them, and to resynthesize a modi�ed signal. For
the periodic component, a �rst approximation is that only
the magnitude spectrum has to be modi�ed. This is be-
cause the phase spectrum is much more less signi�cant for
voice quality perception. Therefore zero-phase �lters have
to be used. For the aperiodic component, we consider only
simple modi�cations of the PAPR. In the remaining parts
of this section, we shall review each of this stages of pro-
cessing, that are illustrated in Fig. 1.

Adaptive inverse �ltering The �rst step of analysis is
inverse �ltering. The aim of this stage is to obtain an
approximation of the voice source component. This
is achieved by identi�cation of the vocal tract �lter
transfer function, and inverse �ltering. We used the
IAIF (Iterative Adaptive Inverse Filtering) method de-
scribed in [2]. In this method, inverse �ltering is done
on a frame-by-frame basis (it is adaptive). The signal
is decomposed into short overlapping analysis frames,
using a data window. On each frame, the e�ect of
the glottal source and the vocal tract to the speech
spectrum are estimated, by successive iterations. The
�nal estimate of the glottal excitation and vocal tract
are obtained, together with a residual signal. Thus,
it is possible to estimate the glottal pulse spectral pa-
rameters, as a glottal �lter is computed. Previous re-
sults on voice source spectral analysis using a similar
method are reported in [6]. It is also possible to com-
pute the glottal excitation in time domain, for further
processing. For each frame, the all-pole vocal tract
�lter (including sound radiation) is represented by a
set of LPC coe�cients.

Periodic-aperiodic decomposition The next stage of
processing is decomposition of the periodic and the
aperiodic component of the source signal. The algo-
rithm used for periodic-aperiodic decomposition is de-
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Figure 1: Algorithm for voice quality modi�cation in the
spectral domain. The system for spectral domain voice
quality transformation contains the following steps: 1/ In-
verse �ltering; 2/ Periodic-aperiodic decomposition; 3/ Pe-
riodic component modi�cation; 4/ Aperiodic component
modi�cation; 5/ Modi�ed source recomposition and Syn-
thesis �ltering.

scribed in [15] [1].

The source signal is decomposed into short overlap-
ping analysis frames, using a data window. A short-
term spectrum is computed for each frame, using the
Discrete Fourier Transform (DFT). Both periodic and
aperiodic components contribute to the DFT coe�-
cients. In the �rst stage of processing, we identify a
subset of the DFT coe�cients to form an approxima-
tion to the aperiodic component. For this purpose, we
determine approximately the frequency regions con-
tributing to the harmonic part and the frequency re-
gion contributing to the noise part. This is accom-
plished by using a prior pitch detection. Then and
iterative procedure is used for separating these com-
ponents in the frequency domain. For each iteration,
an estimate of the aperiodic component is obtained
by moving from the frequency domain to the time do-
main and vice versa, through the IDFT and DFT op-
erations.

The iterative algorithm is continued until the di�er-
ence between two successive steps becomes less than
a given threshold value, or after a �xed number of it-
erations. The periodic component is obtained by sub-
tracting the reconstructed aperiodic component noise
samples from the residual signal samples in the time
domain. The output of the algorithm consists of four
sets of samples: p(n), the periodic component and
r(n), the aperiodic component, and their DFTs.

Excitation components modi�cation Modi�cations
are achieved by multiplication of the DFT samples
of the periodic and aperiodic components by the fre-
quency samples of the modi�cation �lters. Multipli-
cation of the DFT samples and overlapp-add of the
modi�ed frames is a classical method for time-varying
linear �ltering [4]. In some situations, magnitude only
modi�cations are desired. This is equivalent to zero-
phase �ltering, because the phase spectrum is not al-
tered. According to the spectral theory of the voice
source, modi�cations of the �rst harmonics (thus of
the glottal formant), of spectral tilt, and of the PAPR
should be performed.

Modi�cation of the glottal formant are achieved by se-
lection of the frequency samples corresponding to the
�rst harmonics H1-HN, in the short-term spectrum,
and by selective multiplication of these samples. Mod-
i�cation of spectral tilt involves also selection of the
samples to be modi�ed, i.e. the samples above a given
frequency threshold, and multiplication by a frequency
dependant factor.

The PAPR is modi�ed by weighted summation of the
periodic and the aperiodic samples in the modi�ed
excitation signal.

Synthesis The periodic and aperiodic components of the
modi�ed excitation signal are obtained for each of the
overlapping analysis frames. The modi�ed perodic
and aperiodic components of the excitation signal for
the entire utterance is derived from these short-time
signals, using an overlapp-add procedure. Then, a
modi�ced speech signal is reconstructed by �ltering
the modi�ed excitation signal by the vocal tract syn-
thesis �lter.
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Figure 2: Examples of modi�cation. The two panels show
the amplitude spectra of a vowel, in a dB/log Hz scale. The
top pannel shows a natural spectrum, and a modi�ed spec-
trum (dashed lines), in which the �rst harmonics and spec-
tral tilt are increased. Thus vocal e�ort is decreased. The
bottom pannel shows a natural spectrum, and a modi�ed
spectrum (dashed lines), in which the �rst harmonics and
spectral tilt are decreases. Thus vocal e�ort is increased.

3.2. Voice quality modi�cations

Some types of voice qualities often described in the lit-
terature are whispery, breathy, creaky, soft, pressed and
loud voices. The relationships between voice qualities and
spectral parameters of the source can be sketched as fol-
lows:

whispery phonation the glottis is open, and there is no
periodic vibration of the vocal folds. In terms of spec-
tral parameters, the PAPR is very low, and the voice
is very soft (see below).

breathy phonation the glottal closure is incomplete,
there is a much additive aperiodicity in the source. In
terms of spectral parameters, the PAPR is low, and
the voice can be soft or loud, pressed or not.

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.

soft phonation the vocal fold are vibrating, the vocal
e�ort is weak. In terms of spectral parameters, the
PAPR is low, the spectral tilt is high (low spectral tilt
frequency), the glottal formant is generally low (open
quotient is high), t0 and amplitude of voicing are gen-
erally low.

pressed phonation the vocal e�ort is high, but the sig-
nal is not necessarily e�cient, and thus energy can be
rather low. The main correlate of pressed voice is a

sound example # male/female language
1 female French
2 male French
3 female Japanese
4 female Japanese
5 female English
6 male (synthetic) French

Table 1: Sound examples. In each example, the �rst sen-
tence is the natural sentence, the second sentence has a
lower vocal e�ort, and the third sentence has a higher vocal
e�ort. Sound Example 6 is synthetic speech, using LIMSI
text-to-speech system and MBROLA [7] signal processing.

low open quotient, resulting in a high glottal formant.
Generally spectral tilt is also low (high spectral tilt
frequency).

loud phonation both the vocal e�ort and the signal en-
ergy are high. In terms of spectral parameters, the
PAPR is high, the spectral tilt is low (high spectral
tilt frequency), the glottal formant is generally high
(open quotient is low), F0 and amplitude of voicing
are generally high.

One important class of modi�cation is vocal vocal e�ort
modi�cation (soft/loud voice). According to the preceding
analysis, modi�cation of vocal e�ort requires joint modi�-
cation of several acoustic parameters. In the examples we
tried only simple rules were used:

lowering vocal e�ort This type of modi�cation is illus-
trated in Fig. 2, top pannel. Vocal e�ort is lowered
by joint modi�cations of :

1. the glottal formant is lowered: the amplitude of
the �rst harmonic is raised compared to ampli-
tudes of the second and higher harmonic (few dB).

2. spectral tilt is increased, above a given frequency.
This frequency is typically 1500-2500 Hz, and the
additional spectral attenuation is 6 to 12 dB/oct.

3. Periodic-APeriodic Ratio is decreased. Typically
the amplitude balance between both components
is shifted to 30 % periodic 70 % aperiodic.

Increasing vocal e�ort This type of modi�cation is il-
lustrated in Fig. 2, bottom pannel. Vocal e�ort is
increased by joint modi�cations of:

1. the glottal formant is raised: the amplitude of the
�rst harmonic is lowered compared to amplitudes
of the second and higher harmonic (few dB).

2. spectral tilt is decreased, above a given frequency.
This frequency is typically 1500-2500 Hz, and the
additional spectral boost is 6 to 12 dB/oct.

3. Periodic-APeriodic Ratio is increased. Typically
the amplitude balance between both components
is shifted to 70 % periodic 30 % aperiodic.

In the Sound Examples summarized in Table 1, FO and
durations were not modi�ed. Global amplitude was de-
creased when lowering vocal e�ort, and increased when in-
creasing vocal e�ort.



4. CONCLUSION

In this study we used periodic-aperiodic decomposition
and spectral representation of glottal ow signals for voice
quality modi�cation of speech signals. In a �rst part we
sketched a spectral theory of voice source representation.
In the second part we described an algorithm for spectral
voice source modi�cation, and we reported some experi-
ments on spectral modi�cation of voice quality for natural
sentences.

The main result of these experiment is that spectral pro-
cessing is an e�ective way to perform voice quality mod-
i�cation, because on the one hand it is closely linked to
perception, and on the other hand e�cient signal process-
ing methods exist.

However, all the modi�cations were performed without
changing intonation (f0 and duration). In natural speech,
voice source parameter modi�cation is always varying to-
gether with intonation. Voice source parameter variarion is
in many cases perceptually less important than the e�ect
of intonation. Therefore, it should be important to link
these two types of variations in speech synthesis.

The work presented here has a number of possible appli-
cations to speech synthesis:

1. Future work could be devoted to pre-processing data-
bases, in the context of synthesis by concatenation
systems. This could be useful for reducing the quality
di�erence between speech segments.

2. The method developped could also be used in para-
metric synthesis of speech, for implementing rules
dealing with the vocal e�ort. This is to be done in
relation with stress and accent. Also improved rules
for f0/duration/voice quality interaction could be im-
plemented with our method.

3. experiments and research on voice quality perception
could also bene�t of the transparent quality obtained
for voice quality parameters modi�cation.
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