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Abstract. We review in a common framework several algorithms that have been proposed recently, in order to improve 
the voice quality of a text-to-speech synthesis based on acoustical units concatenation (Charpentier and Moulines, 1988; 
Moulines and Charpentier, 1988; Hamon et al., 1989). These algorithms rely on a pitch-synchronous overlap-add (PSOLA) 
approach for modifying the speech prosody and concatenating speech waveforms. The modifications of the speech signal 
are performed either in the frequency domain (FD-PSOLA), using the Fast Fourier Transform, or directly in the time 
domain (TD-PSOLA), depending on the length of the window used in the synthesis process. The frequency domain 
approach is capable of a great flexibility in modifying the spectral characteristics of the speech signal, while the time domain 
approach provides very efficient solutions for the real time implementation of synthesis systems. We also discuss the 
different kinds of distortions involved in these different algorithms. 

Zusammenfassung. Wir behandeln unter gemeinsamer ISberschrift verschiedene Algorithmen, die in den letzten Jahren zur 
Verbesserung der Sprachqualit~t von Sprachvollsynthesesystemen vorgeschlagen wurden, die auf dem Prinzip der Verket- 
tung akustischer Einheiten basieren. Kernsttick dieser Algorithmen ist ein Verfahren der grundperiodensynchronen 0berlap- 
penden Addition (PSOLA) zur Modifikation der Sprachprosodie und zur Verkettung von Sprachsignalsegmenten. Die 
Modifikationen des Sprachsignals erfolgen entweder im Frequenzbereich (FD-PSOLA), - hierbei wird die schnelle Fourier 
Transformation verwendet - oder direkt im Zeitbereich (TD-PSOLA), dies h~ingt von der L~inge des jeweiligen Fensters 
ab, das bei der Synthese verwendet wird. Das Verfahren im Frequenzbereich erweist sich als besonders flexibel bei der 
Modifikation spektraler Eigenschaften des Sprachsignals, wfihrend das Verfahren im Zeitbereich sehr effiziente L6sungen 
for die Echtzeitimplementierung von Sprachsynthesesystemen bereitstellt. Wir diskutieren ebenfalls die verschiedenen 
Arten von Verzerrungen, die durch diese Algorithmen verursacht werden. 

Rc~sumi. Nous pr~sentons diff~rents algorithmes de g6n6ration du signal qui am61iorent de faqon significative la qualit6 
sonore de syst6mes de synth6se de parole ~ partir du texte par concat6nation d'unit6s acoustiques (Moulines et Charpentier, 
1988; Hamon et al., 1989). Ces algorithmes qui permettent de modifier les param6tres prosodiques et de concat6ner les 
unit6s acoustiques sont fond6s sur le principe de l'addition-recouvrement synchrone de la fr6quence fondamentale de formes 
d'onde 616mentaires (PSOLA). Les modifications du signal de parole sont r6alis6es soit dans le domaine fr6quentiel (FD- 
PSOLA), soit directement dans le domaine temporel (TD-PSOLA), suivant la r~solution spectrale et temporelle de la 
fen~tre utilis6e lors du processus de synth6se. L'approche fr~quentielle, plus complexe d'un point de vue algorithmique, 
permet de modifier avec une grande souplesse les caract~ristiques spectrales du signal de parole. L'approche temporelle, 
d'une grande simplicitY, est bien adapt~e pour d6velopper des syst~mes de synth6se en temps r6el. Nous discutons les 
diff6rentes categories de distorsions entrain~es par ces algorithmes. 

Keywords. Text-to-speech synthesis, voice quality, pitch-synchronous overlap-add (PSOLA). 

I. Introduction 

In  this p a p e r ,  we  d e s c r i b e  a f ami ly  o f  m e t h o d s  

fo r  m o d i f y i n g  the  p r o s o d y  o f  n a t u r a l  s p e e c h  wh i l e  

r e t a i n i n g  a h igh  l eve l  o f  n a t u r a l n e s s .  T h e s e  

m e t h o d s  a r e  u s e d  to  i m p r o v e  the  v o i c e  qua l i t y  o f  

t e x t - t o - s p e e c h  sys t ems  b a s e d  o n  the  c o n c a t e n a -  

t ion  o f  e l e m e n t a r y  s p e e c h  uni t s ,  i n c l u d i n g  

d i p h o n e s ,  d e m i - s y l l a b l e s ,  o r  n o n - u n i f o r m  uni t s  as 
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proposed by Sagisaka (1988). Such concatena- 
tion-based synthesis systems require the use of 
rather large databases of acoustical units (corre- 
sponding for instance to 3 minutes of speech in 
the case of our French diphone system) and they 
generally rely on a coding algorithm to compress 
the size of the database. Therefore the synthesis 
stage generally involves two different processes: 
- a decoding process: the waveform of the acous- 

tical units must be reconstructed from their 
coded version; 

- a  concatenation process: the sequence of 
acoustical units must be concatenated after an 
appropriate modification of their intrinsic pro- 
sody. 
The standard linear prediction method (LPC) 

integrates these two processes into a single step: 
since the fundamental frequency is an explicit 
parameter of the LPC synthesis model, the appar- 
ent pitch of the speaker can be altered by multi- 
plying the derived estimate for fundamental fre- 
quency by a fixed factor prior to reconstruction 
of the synthetic speech. The temporal characteris- 
tics of the speech can also be altered by updating 
the parameters at the synthesizer at a different 
rate from the rate of extraction at the analyzer. 
However, such flexibility is counterbalanced by a 
limited voice quality: the oversimplification of the 
excitation signal - a repetitive pulse for voiced 
sound and random noise for unvoiced sound - 
causes the speech to sound indistinct or fuzzy. It 
also tends to smear abrupt changes present in the 
original speech. These problems can be partially 
solved through the use of more sophisticated exci- 
tation models, like "mixed" sources (periodic and 
noise-like excitations are mixed which have either 
time-invariant or time varying spectral shapes 
(Makhoul, 1978; Kang and Everett, 1985; Griffin 
and Lim, 1988)) or parametric glottal excitation 
(in these models, a parametric glottal waveform 
is estimated together with a model of the vocal 
tract transfer function (Hedelin, 1986; Lobo and 
Ainsworth, 1989)). However, these approaches 
fail to provide a completely natural speech qual- 
ity. 

In the methods we propose to improve voice 
quality, we explicitly separate the decoding and 
synthesis processes, thus synthesizing, as an inter- 
mediate step, the original waveforms of the 

acoustical units. The prosodic modifications are 
then performed directly on the speech signal, 
using a PSOLA waveform processing scheme. 
The fundamental frequency is an explicit parame- 
ter since the algorithm works at a pitch-synchron- 
ous rate and requires a preliminary pitch period 
labelling of the input waveforms, in particular, 
the synthesis process is synchronized with the 
synthesis pitch period, so that the algorithm 
simultaneously controls the value of the synth- 
esized pitch and the duration of the synthesized 
signal. 

In this paper, we first present the common 
PSOLA framework and two spectral interpreta- 
tions of the synthesis process. We describe the 
time axis warping mechanisms to obtain time- 
scale and pitch-scale modifications. Then we suc- 
cessively analyze the time-domain and frequency 
domain algorithms, in relation with narrow-band 
and wide-band conditions of spectral analysis, and 
we explain the acoustical distortions involved in 
each approach. 

1. The Pitch-Synchronous Overlap-Add 
synthesis framework 

The PSOLA synthesis scheme involves the 
three following steps: an analysis of the original 
speech waveform in order to produce an inter- 
mediate non-parametric representation of the sig- 
nal, modifications brought to this intermediate 
representation, and finally the synthesis of the 
modified signal from the modified intermediate 
representation. We present these three steps, and 
then we detail the specific features of the time- 
scaling and pitch-scaling algorithms. 

1.1. Pitch-synchronous analysis 

The intermediate representation of the di- 
gitized speech waveform x(n) consists of a se- 
quence of short-term signals xm(n), obtained by 
multiplying the signal by a sequence of pitch-syn- 
chronous analysis windows hm(n): 

x,,(n) = hm(t, ,-  n)x(n). 

The windows are centred around the successive 
instants tm, called pitch-marks, which are set at a 

Speech Communication 



E. Moulines, F. Charpentier / Pitch-synchronous waveform processing 455 

pitch-synchronous rate on the voiced portions of 
the signal and at a constant rate on the unvoiced 
portions. The windows hm(n) are of Hanning type 
and they are always longer than one single pitch 
period, so that neighbouring short-term signals 
(ST-signals) always involve a certain overlap. 
Their lengths are usually set to be proportional to 
the local pitch period, with a proportionality fac- 
tor ~ ranging from/~ --- 2, for short analysis win- 
dows, to ~t -- 4, for longer ones. These values 
correspond to 50% and 75% window overlapping 
factors, respectively. The proportionality rule for 
window length can be expressed as follows: 

hm(n ) = h(n/~tP), 

where h(t) is the window with the length nor- 
malized to unity and P denotes the local pitch 
period. 

1.2. Pitch-synchronous modifications 

The stream of analysis ST-signals Xm(n ) is con- 
verted into a modified stream of synthesis ST-sig- 
nals .~q(n) synchronized on a new set of synthesis 
pitch-marks tq. Such a conversion involves three 
basic operations: a modification of the number of 
ST-signals, a modification of the delays between 
the ST-signals, and possibly, a modification of the 
waveform of each individual ST-signal. The 
number of synthesis pitch-marks tq depends on 
the pitch-scale and time-scale modifications fac- 
tors called fl and 7, respectively. The delays tq - 
fq - 1 between two successive pitch-marks must be 
equal to the local synthesis pitch period. The al- 
gorithm works out a mapping tq ~ t,~ between the 
synthesis and analysis pitch-marks, specifying 
which analysis ST-signal Xm(n ) is to be selected to 
produce any given synthesis ST-signal .~q(n). In 
the Time-Domain PSOLA (TD-PSOLA) ap- 
proach, the synthesis ST-signals are obtained by 
simply copying a version of the corresponding 
analysis signal, so that the algorithm consists in 
selecting a certain number of analysis ST-signals 
xm(n) and translating them by the sequence of 
delays ~q : lq - -  trn: 

2q(n) = Xm(n - 6q) = xm(n + tm - tq). 

In the Frequency-Domain PSOLA (FD- 
PSOLA) approach, the synthesis ST-signals are 

obtained by a frequency-domain transformation 
of the translated signal Xm(n -- (~q). 

1.3. Pitch-synchronous overlap-add synthesis 

Several overlap-add (OLA) synthesis proce- 
dures are available to obtain the final synthetic 
speech. For instance, the synthetic signal £(n) can 
be obtained by means of the least-square overlap- 
add synthesis scheme (Griffin and Lira, 1984): 

- n) 
q 

= 

n )  
q 

where ]~q(n) denotes the sequence of synthesis 
windows. The additional normalization factor aq 
is introduced to compensate for the energy mod- 
ifications related to the pitch modification proce- 
dure. The spectral interpretation of this synthesis 
scheme is that it minimizes the quadratic error 
between the spectra of the synthesis ST-signals 
.~q(n) and the corresponding short-time spectra of 
the synthetic speech £(n). An alternative synth- 
esis scheme is the simple overlap-add procedure 
(Allen. 1977): 

2 (~F~q ( n )  
= q 

q 

As in the least-square synthesis formula, the 
denominator of this formula plays the role of a 
time variable normalization factor: it compen- 
sates for the energy modifications due to the var- 
iable overlap between the successive windows. 
Under narrow band conditions, this factor is 
nearly constant. Under wide band conditions, it 
can also be kept constant, in particular when the 
synthesis window length is chosen to be equal to 
twice the synthesis pitch period. In such cases, 
and assuming a q  = 1, the synthesis formula is 
reduced to the simplified overlap-add scheme: 

.~(n)  = 2 . ~ q ( n ) .  
q 

In this last formula, the synthetic signal ap- 
pears as a simple linear combination of windowed 
and translated versions of the original signal. All 
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the operations involved are linear except the win- 
dowing operation. Subsequently, when combin- 
ing the PSOLA speech modification scheme with 
a linear filter such as an LPC-filter or a low-pass 
filter, the order of the operations cannot be 
changed without modifying the behaviour of the 
overall system. 

1.4. Time-scale modifications 

Time-scale modifications of speech can be per- 
formed either in combination with pitch-scaling 
or as a separate transformation in itself. In the 
latter case, no frequency-domain modifications 
are required and only the TD-PSOLA algorithm 
is used, independently of the size of the analysis 
window. 

In the simple case where the time-scale modifi- 
cation factor 7 is constant, t h e  lq ~ t m pitch-mark 
mapping associates tq with the analysis pitch 
mark, tm being the nearest to the instant ytq. 
When slowing down the speech signal, the pitch- 
mark mapping results in the repetition of several 
analysis ST-signals (Figure 1). Inversely, a selec- 
tive elimination of the analysis ST-signals leads to 
an acceleration of the speech signal. 

In the cases where the speech is sped up or 
slowed down by a factor 2, and when the analysis 
window length is equal to two pitch periods, the 
TD-PSOLA algorithm is analogous to the former 
Time-Domain Harmonic Scaling (TDHS) al- 
gorithm (Malah, 1979), in which triangular win- 
dows are used. There is a greater difference be- 
tween these algorithms for other time-scaling fac- 
tors since the TDHS scheme rather uses a pitch- 
proportional synthesis rate, while the PSOLA 
schemes uses a truly pitch-synchronous rate. The 
TD-PSOLA algorithm must also be compared to 
the SOLA algorithm proposed in Roucos and 
Wilgus (1985), which works in an asynchronous 
way at the analysis stage and uses an autocorrela- 
tion technique to resynchronize the synthesis ST- 
signals with the pitch period. 

The acoustical distortions involved by the TD- 
PSOLA scheme are negligible for accelerating the 
speech rate and for slowing it down by moderate 
factors. However, when slowing down unvoiced 
portions by factors in the range of 2 and above, 
the regular repetition of unvoiced ST-signals in- 

troduces a short-term correlation in the syn- 
thesized signal, which is perceived as a tonal 
noise. A practical solution for a factor 2 is to re- 
verse the time-axis of every repeated version of 
an ST-signal. Higher factors are generally not re- 
quired in applications such as diphone synthesis. 
However, if necessary, it is possible (although 
costlier) to use an FD-PSOLA scheme in order to 
randomize the phase spectrum of repeated un- 
voiced ST-signals. 

Much slighter tonal noise distortions may also 
be perceptible for voiced sounds such as voiced 
fricatives, since their spectrum usually combines 
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Fig. 1. Time-scale modifications using the TD-PSOLA al- 
gorithm. In this example, the speech is slowed down. The 
stars and plus signs represent the analysis and synthesis pitch- 
marks, respectively. In the first figure (above), the dashed 
lines represent the time-scale warping function between the 
analysis and synthesis time axes, corresponding to the desired 
time-scale modification. In the second figure (below), they 
represent the resulting pitch-mark mapping t'q --, t,,, in this case 
duplicating two analysis ST-signals out of six. 
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voiced and unvoiced frequency regions. Because 
of the presence of the voiced component, simple 
solutions such as time reversal are not feasible. A 
proper processing of such sounds would require 
an FD-PSOLA approach and a technique for 
identifying the distribution of voicing across the 
frequency axis. 

1.5. Pitch-scale modifications 

Pitch-scale modifications are slightly more 
complicated because they interfere with time- 
scale modifications. The simplest case is when the 
signal is to be simultaneously time and pitch- 
scaled by the same factors fl = 1'. There is then a 
one-to-one mapping between the synthesis and 
analysis pitch-marks: tm ~ tm" This is illustrated 
in Figure 2 by the time warping function between 
the original time-scale and the second one below. 
But generally, independent time and pitch-scaling 
factors must be applied, so the mapping is not 
one-to-one and results in either duplication or 
elimination of some analysis ST-signals. As shown 
in Figure 2, this case can be seen as the combina- 
tion of two transformations, the first one modify- 
ing the pitch and the time scale by the same factor 
fl, the second one performing a compensatory 
time-scale modification by the factor V/ft. In fact, 
the two consecutive mappings that correspond to 
these two successive transformations combine 
into a single overall mapping, so that the time- 
scale and pitch-scale are performed simultane- 
ously in one single step. 

Finally, since pitch modification also involves 
the time-scaling mechanism, it should be noticed 
that slight tonal noises on voiced fricatives may 
occur when simultaneously raising the pitch and 
slowing down the signal since the inverse of the 
time-scaling factor 7//3 may then become impor- 
tant. 

idealized but realistic model of a stationary voiced 
sound consisting in the superposition of a deter- 
ministic periodic signal d(m) and a zero-mean 
wide sense stationary (WSS) process n(m) 
(Papoulis, 1984). The deterministic signal models 
the component which is repeated exactly from 
one pitch cycle to the next. The stochastic compo- 
nents take into account the variations from cycle 
to cycle (which can be observed on real speech): 
these variations can be attributed partly to ir- 
regularities in the vocal cord movement and 
partly to the turbulent airflow from the lungs dur- 
ing the open-glottis period in each pitch cycle 
(Kang and Everett, 1985; Griffin and Lim, 1988). 
This stochastic component can be predominant in 
some sounds (such as voiced fricative) or in cer- 
tain conditions of phonation (i.e. mellow voice). 
In order to avoid artefacts, a pitch-modification 
algorithm should modify the period of the deter- 
ministic component without affecting too much 
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2. TD-PSOLA approach 

2.1. Interpretation of TD-PSOLA pitch 
modification 

Some insight can be gained from studying the 
TD-PSOLA pitch modification of a somewhat 

Fig. 2. Pitch-scale modifications using PSOLA algorithms. 
The stars, hat signs and plus signs indicate the analysis-marks, 
the modified pitch-marks on the virtual intermediate time 
axis, and the final synthesis ones. The dashed lines represent 
the time-scale warping functions between the successive time 
axes. A pitch and time-scale modification by the same factor 
is performed between the original and the intermediate time 
axes. A compensatory time-scale modification is performed 
between the intermediate and the synthesis time axes to 
achieve an overall independent time-scale modification. 
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the spectrum of the stochastic component. In the 
following, we assume that: 
- the deterministic component is periodic with 

period P. The stream of analysis pitch-marks, 
which are set at a pitch-synchronous rate, are 
given by: t, = n P ,  

- the pitch modification factor t is constant and 
equal to the time-scale modification factor so 
that there is a one-to-one mapping between 
analysis and synthesis pitch-marks: t" = niP,  

- the simplified overlap and add scheme is 
employed to synthesize the signal. Moreover,  
the windows hn(m) are all equal to the same 
prototype window h(m), which is chosen so as 
to comply with the following normalization 
condition: ~ h ( t q  - m) -- 1 Vm. 
With these assumptions, it can be de- 

monstrated that the deterministic component of 
the synthetic signal is obtained by the periodiza- 
tion of a single prototype short-time signal xo(m) 
(which is equal to the product of the analysis win- 
dow and the deterministic component of the 
analysis signal at the time origin) at the synthesis 
pitch period P = tiP; 

d(m) = Zh(sflP - m)d(m - s iP  ) 
S 

= Zxo(m - sflP), xo(m) = h ( -  m)d(m). 
S 

The discrete Poisson formula, which relates the 
(infinite) sum of a signal on a periodic network to 
the (finite) sum of its Discrete Fourier Transform 
(DFT) coefficients at the associated harmonic fre- 
quencies, allows us to demonstrate that the 
Fourier series decomposition of the synthetic sig- 
nal is given by: 

1 ~p ' ~ 2rtk 
d(m) = flp ~ Xo(f2k)exp(jf2km), ff2k = t p  ,(1) 

where X0(~o) is the DFT of the prototype ST-sig- 
nals. The complex amplitude of the synthetic sig- 
nal pitch harmonics are equal to the DFT of the 
prototype ST-signal sampled at the corresponding 
frequencies ~ .  Therefore, the spectral envelope 
of the synthetic signal is identical to the short- 
term spectrum X0(~o) of the original signal. 

To determine the impact of the TD-PSOLA 
pitch modification algorithm on the stochastic 

component of our stationary voiced sound model, 
we first compute the autocorrelation sequence of 
the stochastic component of the synthetic signal: 1 

~(m) = ~h(sf lP - m)n(m - sflP + sP), 
s 

1 I~P-i 

= - -  t P  - 3 ) ) ,  

1 

/~(r) = tip ~ 0(3 - mflP)R(r + m(1 - tiP)), (2) 

where •(r) = h(t)*h(-t) is the deterministic au- 
tocorrelation of the analysis window, and/~(r)  is 
the autocorrelation of n(m) (which is assumed to 
be known). Suppose, for example, that the pro- 
cess n(m) is a white noise process with variance 
o 2. The autocorrelation sequence of this process 
is equal to R(r) = 0-26(3) is the Kroenecker sym- 
bol. By applying formula (2), it can be shown that 
the autocorrelation sequence of the synthetic sig- 
nal h(m) exhibits a finite number of non-zero lags, 
which are disposed periodically, with a period 
equal to (1 - fl)P: 

 (k(1 - B e )  = O(ke)o /te. 

Therefore, the synthetic signal ri(m) is no 
longer a white noise process: spurious correlation 
lags are introduced by the TD-PSOLA pitch mod- 
ification algorithm in the autocorrelation se- 
quence of the original process. More precisely, it 
can be seen in this particular case (but the result 
holds true in a more general context) that the 
autocorrelation sequence of the synthetic signal 
~(m) is equal to the periodic duplication of the 
autocorrelation sequence of the original signal 
n(m) with period (1 - t )P  (each shifted image is 
weighted by the deterministic autocorrelation of 

I h (m)  is not a WSS process,  but  a WS cyclostationary pro- 
cess. This means  that the autocorrelation sequence R(tt, t~.) 
= E(r~(t;)a(~)) is not invariant on the diagonal of  tl - t2 
plane, but  is nevertheless periodic: R(q  + mf lP ,  t 2 + mflP)  

• = R(f i ,  t~). However,  there is a close relationship between 
WS stationary and WS cyclostationary processes: it can be 
demonst ra ted  that if the time origin is subject to a random 
shift O(t) that varies sufficiently slowly, then the resulting 
process Jq(t) = ~(t  - O(t)) is WS stationary (Papoulis, 1984). 
The autocorrelation sequence of this process is equal to the 
"t ime-average autocorrelation" of process ~q(m). 
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the analysis window which is, for a large class of 
windows, a monotonously decreasing function 
equal to zero outside a compact subset, as the 
window is supposed to be of finite duration). Such 
a phenomenon can be seen as a time domain alias- 
ing of the autocorrelation sequence. From for- 
mula (2), we can compute the Power Spectrum 
Density (PSD) of t~(m), which is the Fourier 
transform of its autocorrelation sequence: 

P - t  

S(to) = F ]H(to(1 -/3) + ~k) ] 2S~to - ~&), 
tip2 ~_,, 

2nk (3) 
ff~k = 

P 

where H(to) is the Fourier transform of the 
analysis window and S(to) the PSD of n(m). It 
can be seen from formula (3) that the Fourier 
transform of the analysis window H(to) plays the 
role of the transfer function in the filtering of 
stochastic process. It is interesting to note that 
the DSP S(to) of the synthetic signal at the fre- 
quency to does not only depend on the value of 
the PSD S(to) of the original signal at the same 
frequency: this is a direct consequence of the non- 
linear behaviour of TD-PSOLA pitch modifica- 
tions. 

Equations (2) and (3) show that the spectral 
envelope of the synthetic signal depends critically 
on the spectral resolution of the analysis window. 
We will study two extreme cases: for the first one, 
called narrow band (NB) conditions, the 
bandwidth of the analysis window H(to) will be 
supposed to be small compared with the fre- 
quency resolution of interest, namely, the spacing 
between the pitch harmonics. For a "classical" 
window (Hanning, Hamming), which has low- 
pass characteristics, this condition is fulfilled as 
soon as the window length L is greater than 4 
times the local pitch period: L > 4P. It will be 
shown that, in such a case, the TD-PSOLA pitch 
modification introduces a selective alteration of 
the amplitude of the pitch harmonics, which is a 
consequence of the discrepancy between the 
periodicity inherent in the synthesis ST-signal 
.fq(n) and the synthesized pitch period. However, 
it preserves the sharp transitions of the PSD of 
the stochastic component n(m) but can give rise 
to tonal noise for certain pitch modification fac- 
tors. 

In the second case, which will be referred to as 
wide band (WB) condition, the bandwidth of 
the analysis window H(to) will be assumed to be 
greater than the local pitch period. This condition 
is satisfied for a window length less than 2 times 
the local pitch period L < 2P. In that case, the 
short-term prototype spectrum appears as a 
smoothed estimate of the true spectrum, the 
major discrepancies between these two spectrums 
lying in the bandwidth of formant resonances, 
which are broadened due to the convolution with 
H(to) in the spectral domain. This convolution ef- 
fect also smears out sharp transitions in PSD of 
n(m), and, therefore involves some modification 
at the overlap between frequency regions domi- 
nated by harmonics of the fundamental and those 
dominated by noise-like energy. 

2.2. Pitch modification under narrow-band 
conditions (Moulines, 1990) 

(a) Deterministic signal. Equation (1) shows 
that the complex amplitude of a synthesis pitch 
harmonic is equal to the sample at the corre- 
sponding frequency of a short-term prototype 
spectrum X0(to) (derived from a ST-signal xo(m) 
= h(-m)x(m)).  Under narrow band analysis con- 
ditions, the bandwidth of the analysis window 
H(to) is chosen to be the less than the local funda- 
mental frequency. The prototype ST-spec- 
trum X0(to) thus consists of the non-overlapping 
weighted images of H(to), shifted to the original 
pitch harmonics frequencies -Qk. 

As a consequence, it appears that the 
amplitude of a synthesis pitch harmonic will be all 
the more affected as it departs from the original 
pitch harmonics. This behaviour is illustrated in 
Figure 3, where the prototype ST-spectrum is dis- 
played along with the spectrum of the synthetic 
signal; the pitch modification factor is equal to/3 
-- 3/2. Two out of three pitch harmonics are at- 
tenuated, whereas the third one passes through 
TD-PSOLA pitch modification without amplitude 
alteration since its frequency corresponds exactly 
to a pitch harmonic of the original signal. The 
worst case occurs when the synthesis harmonic 
lies right in the middle of two neighbouring orig- 
inal pitch harmonics: in which case, the complex 
harmonic amplitude is almost zero. If F0 is the 
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Fig. 3. TD-PSOLA pitch modification under narrow band 
conditions. The short-term spectrum of the prototype signal 
(dashed line) provides the envelope of the synthetic signal 
(solid line). The synthetic signal is displayed above the spect- 
ral representation. The original signal is the response of a 
second order recursive filter to a periodic unit sample train. 
The pitch modification factor is equal to fl = 3/2. The length 
of the analysis window (Hanning) has been set to 5 times the 
local pitch period. 

original fundamental frequency and if the pitch- 
modification factor satisfies the constraint 1/2 < 
fl < 3/2, the frequency zones of maximum attenu- 
ation lie around the multiples of the following fre- 
quency: 

fatt= FO g 
2 I g - l l  " 

Such attenuations can be observed even for 
very mild modification factors such as fl = 1.05, 
since for a pitch value of F 0 = 100 Hz, the attenu- 
ation zone then lies in the frequency zone around 
fan = 1000 Hz. 

These kinds of distortions can be interpreted 
as a reverberation of the desired pitch-modified 
signal, involving echoes with a time variable delay 
equal to the original pitch period (Moulines, 
1990). This is confirmed by informal listening 
tests which prove that TD-PSOLA pitch modifi- 
cation leads to reverberant-sounding distortion. 

(b) Stochastic signal. For moderate pitch 
modification factors 0 < fl < 2, it can be shown 

that the PSD of the synthetic signal will present 
deep valleys of fixed width Ww centered on a set 
of points Wk periodically spaced along the fre- 
quency axis: 

~k= P I g - l l  ' ~Ow= I g - l l  -oJ,,,  
where wh is the cutoff frequency of H(o~). 
Moreover,  if we assume that the PSD S(w) is a 
slowly varying function of frequency and that it is 
approximately constant over the bandwidth of the 
analysis window H(~o), it appears that the PSD of 
the synthetic signal consists of the shifted images 
of H(w), weighted by the PSD of the original sig- 
nal 

f ;S(~2k) 'H((X--f l )(og--~2k)) '  2 

2~xk 
S(~o)= ]×1~o-~,1< i~°~'ll , ~ , - - [ g _ l l P ,  

L0 otherwise. 

This relation shows that TD-PSOLA formula in- 
troduces a "pseudo-periodic" structure: the syn- 
thetic signal can be seen as the output of a comb 
filter whose frequency response consists of non- 
overlapping images of H(w), shifted to the fre- 
quency 2rtk/lfl - l IP .  This behaviour is illus- 
trated in Figure 4, which shows the Bartlett es- 
timator of the PSD of a synthetic signal produced 
by TD-PSOLA pitch modification of a band-pass 
noise: the pseudo-harmonic structure is clearly 
exemplified. From informal listening tests, it ap- 
pears that the pseudo-periodic structure manifests 
itself as tonal noise (whistling). 

2.3. Pitch modification under wide-band 
conditions (Lukaszewickz and Karjalainen, 
1987; Hamon et al., 1989) 

(a) Deterministic signal. For wide band 
analysis, the bandwidth of the analysis window 
H(w) is chosen to be several times greater than 
the fundamental frequency (for a "classical" win- 
dow with length equal to two times the local pitch 
period, the bandwidth of H(~v) is 4 greater than 
the fundamental frequency). Because the 
bandwidth of H(w) is greater than the frequency 
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Fig. 4. TD-PSOLA under narrow band conditions - stochastic 
signal. The autocorrelation sequence of the synthetic sequence 
is displayed above the spectral representation. The original 
signal is a band pass noise obtained by filtering a white noise 
process by an 8th order elliptic band-pass filter (with cutoff 
frequencies equal to 2000Hz and 3000Hz respectively). The 
autocorrelation sequence is estimated by using the standard 
biased estimator over 5000 samples. The Bartlett estimator of 
the PSD is computed over 512 correlation lags. The underlying 
pitch period is equal to 100Hz. The pitch modification fl is 
equal to 3/4. The window length is set to 3 times the local 
pitch period (between WB and NB conditions). As predicted, 
zeros appear periodically every 400Hz. 

spacing between pitch harmonics, the window 
does not have sufficient frequency resolution to 
resolve the individual pitch harmonics and thus 
provides a means for interpolating between the 
pitch harmonics to obtain a "smoothed" estimate 
of the "target" spectral envelope (Portnoff, 1981). 
However, this "smoothed" estimate (and sub- 
sequently the pitch harmonics amplitude of the 
synthetic signal), involves a certain error with re- 
spect to the desired spectral envelope, due to the 
convolution with H(~o) in the spectral domain. 

The major distortion appears to be a broaden- 
ing of the formant resonances: because the 
bandwidth of a formant is usually much less than 
the bandwidth of the analysis window, [H(w)], 
the shape of Xo(w) "formant" peaks depends 
primarily on the analysis window: the bandwidths 
of these peaks do not provide good estimates of 
the "true" formant bandwidth. The problem ap- 
pears to be more severe when the original pitch 

increases, as the spectral resolution of H(0)) has 
to be reduced to meet WB analysis conditions. In 
some adverse cases, a fusion of closely spaced for- 
mant peaks can even be observed. Hopefully, 
from a perceptual point of view, this mismatch of 
bandwidth is not too severe most of the time, 
since the differential limen for the perception of 
formant bandwidths is very high (psychoacousti- 
cal measures show that this limen is about 40% 
for steady vowel and should be much larger for 
continuous speech (Flanagan, 1972: Ghitza, 
1986)). 

The effect of TD-PSOLA on the short-time 
phase spectrum is difficult to analyse. Even in the 
idealized stationary periodic case, the phase of a 
synthetic signal harmonic cannot be simply de- 
duced from the original signal phase distribution. 
To go further, we adopt a simplified model of 
voiced speech production; we assume that a 
stationary voiced speech is the output of a linear 
time in invariant all-pole filter T(z) = 1/A(z) 
driven by a periodic train of unit samples: v(n) = 
~6(rn  - D + rP). Since the analysis pitch marks 
t,, are set on samples which are integer multiples 
of the period P(t,, = n P ) ,  D corresponds to the 
number of samples of the pitch mark t,, from the 
unit sample arriving most recently before. If we 
suppose that the analysis window is even-symmet- 
ric h(m) = h ( - m )  (which implies that its Fourier 
transform is real), we can demonstrate that the 
synthetic signal phase distribution critically de- 
pends upon the delay D (Moulines, 1990). More 
precisely, if we assume that: 
- the bandwidth of each resonance (or formant)  

is much less than the bandwidth of the analysis 
window H(~); 

- the frequency spacing between formants is 
greater than the bandwidth of H(w), the phase 
of a synthetic signal pitch-harmonic can be 
shown to be equal to: 

O(ff2t) ~- 0o(ff2l) + (wi - ~ t )D,  0 <~ D < P, 

where -Ol is the synthetic harmonic frequency, ~i 
is the normalized frequency of the formant peak 
that is the nearest to the synthetic harmonic, and 
00((~¢) is the phase transfer function of T(z). This 
result suggests that minimum phase distortion is 
achieved when the window is synchronized with 
the main excitation of the vocal tract within the 
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pitch period, namely the instant of glottal closure. 
Experimentally, when the window centre is 
shifted with respect to the presumed glottal clo- 
sure instant, the synthetic speech is first altered 
and then begins to sound hoarse when the shift 
exceeds 30% of the pitch period. This degrada- 
tion however cannot be simply attributed to the 
synthetic signal phase distribution. It probably 
also results from distortions of formant 
amplitudes since the short-term spectrum of the 
prototype signal may vary a lot with the window 
position. If we adopt the simplified model of 
voiced speech production specified above, it ap- 
pears that the magnitude of X0(to), for a given 
frequency to, is a function of the delay D between 
the pitch marks and the unit-samples of the exci- 
tation signal. More precisely, the short-term pro- 
totype spectrum Xo(D, to) (where D explicitly de- 
notes this time dependence) behaves in time as a 
decaying exponential with a time constant deter- 
mined by the bandwidth of the nearest formant 
in the neighbourhood of to. In practice, this 
means that the estimated formant amplitudes 
(used implicitly to reconstruct the synthesis sig- 
nal) depend on the window position with respect 
to the instant of the main excitation of the vocal 
tract. Experimentally, we have observed that an 
improper synchronization of the synthesis window 
more strongly affects the amplitudes of high-fre- 
quency formants, which have larger bandwidths 
(and thus have a rapid decay). 

2.4. The LP-PSOLA approach (Moulines and 
Charpentier, 1988; Moulines, 1990) 

In fact, it is possible to combine the LD- 
PSOLA approach and LPC techniques using 
either the prediction error signal itself or a low 
bit rate encoded version of it (MPLPC, CELP). 
Such low-bit rate coding algorithms are useful in 
the context of concatenative synthesis systems 
since they provide a means for reducing the 
amount of memory required to store the speech 
databases, as mentioned in the introduction. A 
straightforward method is to perform the TD- 
PSOLA modifications of speech after the LPC 
decoding process, thus synthesizing the original 
waveforms as an intermediate step. However, it 
is also possible to perform the TD-PSOLA mod- 

ifications directly on the excitation signal of the 
LP filter, thus exchanging the LPC filter and the 
TD-PSOLA synthesis scheme. Such a modifica- 
tion of the synthesis structure defines the Linear 
Predictive PSOLA (LP-PSOLA) approach. The 
TD-PSOLA and LP-PSOLA are not equivalent 
since, as pointed out above, it is not possible to 
exchange the order of the LPC-filtering operation 
and of the windowing operations inherent in the 
TD-PSOLA process. It should be noted that the 
LP-PSOLA method can also be seen as an exten- 
sion of previous cut-and-splice methods, where 
the cutting of individual pitch periods of the res- 
idual is replaced by a smooth windowing opera- 
tion, allowing inter-period overlap (Caspers and 
Atal, 1983; Van Hemert, 1984; Varga and 
Fallside, 1987). 

A theoretical advantage of the LP-PSOLA ap- 
proach is the better resolution that can be 
achieved with parametric estimation techniques 
compared to the one achieved with the short-term 
Fourier transform implicitly used in the TD- 
PSOLA approach: the use of a slowly time-vary- 
ing LP filter to model the short-time spectral en- 
velope of the quasi-stationary speech signal has 
proven to be a very successful approach in many 
areas of speech processing. Moreover, the split- 
ting of the speech spectrum into a source and a 
filter component provides an additional degree of 
freedom that can be exploited in two ways. First, 
a different time frame for spectral envelope esti- 
mation than for the prosodic modifications can be 
used. This flexibility allow us, for example, to 
adopt narrow bandwidth conditions for spectral 
envelope estimation (to get a smoothed estima- 
tion of the vocal tract transfer function and the 
spectral characteristics of the glottal pulse) or, on 
the contrary, to perform the estimation on short 
time frame within the interval of glottal closure 
(to obtain an accurate approximation of the vocal 
tract transmission characteristics). Second, joint 
modifications of the pitch and of the spectral en- 
velope can be performed: this ability, which is not 
fully exploited yet, is important since there is 
some practical evidence showing that the spectral 
envelope changes as the pitch varies due partly to 
articulatory adjustments and partly to modifica- 
tions of the glottal waveform. 

The improved spectral modelling can be 
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exploited since the TD-PSOLA scheme involves 
less distortion when working on the residual 
waveform than on the speech signal itself. Indeed, 
the spectrum of the prediction error signal has an 
approximately flat spectral envelope, with slight 
variations as the LP-filter is generally not capable 
of removing the speech resonant and anti-reson- 
ant frequency components completely. These var- 
iations may be approximated by an amplitude 
spectrum with broadened spectral peaks. The 
bandwidths of such broadened resonances are 
much wider than the main lobe of the synthesis 
window used in the wide-band TD-PSOLA 
scheme. Consequently, the LP-PSOLA algorithm 
is capable of maintaining the flatness of the mod- 
ified residual spectrum and of reproducing the 
original spectral envelope in the synthesized 
speech. Furthermore, it can preserve the wide- 
band spectral deviations inherent to the residual 
signal (in that respect, the method is similar to 
the FD-PSOLA approach using the elimination- 
repetition technique to preserve the spectral de- 
viations). 

Finally, the different behaviour of the TD- 
PSOLA and the LP-PSOLA pitch modification 
algorithm is illustrated in Figure 5, for a vowel/i/ 
pronounced by a female speaker. As we can see, 
TD-PSOLA pitch modification introduces a 
broadening of formant bandwidths. This effect, 
whose impact can be observed both on the syn- 
thetic signal and on its short-term spectrum, is 
particularly evident for the first two formants (the 
corresponding "original" formants have narrow 
bandwidth in accordance with the acoustic theory 
of speech production). As we can see, the be- 
haviour of the LP-PSOLA pitch modification 
method is different. The synthetic formant 
bandwidths, derived from the LP-spectrum en- 
velope which results from a WCA analysis 
(Weighted Covariance Analysis (Miyoshi et al., 
1987)) are more compatible with those predicted 
by theory. Surprisingly, although the synthesized 
signals obtained by both methods look quite dif- 
ferent, it is difficult to distinguish them from an 
auditory point of view. 

3. FD-PSOLA approach (Charpentier and 
Moulines, 1988) 

When using the TD-PSOLA pitch modification 
scheme under NB analysis conditions, we saw that 
the mismatch between the residual periodicity of 
the ST-signals and the synthesized pitch value in- 
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Fig. 5. Pitch modifications under wide hand conditions. Pitch 
modification of a natural vowel/i/uttered by a female speaker 
(t3 = 3/2, f0 = 260 Hz). The synthetic signals obtained by the 
two methods are displayed along with their short-term spec- 
trum using a 25 ms Hanning window. 
(a) TD-PSOLA method: the dashed line indicates the mag- 
nitude spectrum of the ST-synthesis signal which corresponds 
to the implicit spectral envelope; (b) LP-PSOLA method: the 
dashed line indicates the LP-spectrum envelope. 
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troduces selective attenuation of frequency 
bands, leading to reverberant-sounding distor- 
tions. To avoid this problem, an attractive solu- 
tion is to perform appropriate spectral modifica- 
tions on each voiced analysis ST-signal before 
feeding it to the PSOLA synthesis scheme. This 
solution will be referred to as Frequency Domain 
PSOLA, since this synthesis scheme involves 
modifications of the signal in the frequency do- 
main. In this respect, the FD-PSOLA method can 
be compared with previously proposed methods 
using the discrete Fourier transform spectrum of 
the input signal as intermediate data on which 
modifications are performed. In this category fall 
the digital phase vocoder (which has been widely 
used in speech processing and in computer music 
applications) (Seneff 1982; Moorer, 1978) and the 
asynchronous Overlap Add method (Allen, 
1974). 

As for the PSOLA general gramework, these 
modifications can also be divided into an analysis, 
a modification and a synthesis step. 

(a) Frequency-domain analysis. The analysis 
process can be divided into three steps. First, a 
complex short-term spectrum is computed which 
corresponds to the Discrete Fourier Transform 
(DFT) of the ST-signal with the time origin set to 
coincide with the analysis pitch-mark t,,. Second, 
a short-term spectral envelope is estimated via 
standard parametric modelling techniques (such 
as linear prediction), or via non-parametric 
homomorphic (cepstral) analysis. Finally, a flat- 
tened version of the ST-spectrum is derived (the 
"source component") by dividing the ST complex 
spectrum by the global spectral envelope. The 
spectral representation therefore corresponds to 
the classical source-filter model, consisting of a 
spectral envelope and a spectral representation of 
the source. 

(b) Frequency-domain modifications. To ob- 
tain a pitch-modified version of the spectrum, the 
source component of the spectral representation 
is modified so that the spacing between the pitch 
harmonics is equal to the new fundamental fre- 
quency. We present here two different methods 
to do this (Charpentier, 1988). 

The first method is the spectral compression- 

expansion technique illustrated in Figure 5. The 
frequency axis of the spectrum is linearly warped 
by the pitch-modifications factor/3. To do this, 
the real and imaginary parts of the original spec- 
trum are linearly resampled to obtain the mod- 
ified DFT coefficients: the/~-th coefficient of the 
synthetic ST complex spectrum S~ is derived from 
the "virtual" k//3-th coefficient of the original 
complex spectrum. Since k//3 is generally not in- 
teger, we perform a simple linear interpolation: 

Sk=(1-a)S-£+aS~+l, k= Ikfll, a = k - k ,  

where [x] is the truncation operator which con- 
verts a real to its corresponding integer value. As 
schematized in Figure 6, this method introduces 
a certain kind of spectral distortion: since it im- 
plicitly maintains a one-to-one mapping between 
the original and the synthesis pitch harmonics, it 
modifies the fine details of the spectrum by carry- 
ing its local properties, such as harmonics phases 
and amplitudes, or the local voiced/unvoiced fea- 
ture, from one zone of the spectrum to another. 
A related problem also occurs when decreasing 
the pitch, since an empty spectral zone appears in 
the high frequencies, requiring techniques for 
generating an acceptable spectral distribution in 
those regions (two methods, which lead to ap- 
proximately equal qualities, have been investi- 
gated: copying the lower part of the spectrum to 
the upper part or folding the high frequencies 
(Seneff, 1982; Charpentier and Moulines, 1988)). 
Hopefully, in spite of these distortions, the 
method is capable of maintaining very good 
speech quality. 

In fact, the compression-expansion pitch mod- 
ification method works by resampling the orig- 
ional source spectrum at a modified set of fre- 

quency points, and it can be seen as a frequency- 
domain equivalent of a time-domain method de- 
veloped in the context of RELP synthesis: the 
residual resampling method. The advantage of 
the FD-PSOLA approach is that it allows a time- 
variable resampling rate {and thus very flexible 
pitch modifications), difficult to realize in the 
time-domain. 

An alternative method is the harmonics elimi- 
nation-repetition technique, also illustrated in Fig- 
ure 6. This method attempts to overcome the dis- 
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Fig. 6. Pitch modification using the FD-PSOLA algorithm and two different spectral resampling methods: the compression-expan- 
sion method (left) and the elimination-repetition method (right). The spectral deviations with respect to an ideally flat source 
spectrum are enhanced by the horizontal dashed lines. The other dashed lines illustrate the correspondence between the synthesis 
and original pitch harmonics. 

tortions of the previous method by preserving the 
local spectral properties of the spectrum. The 
method has a similar organisation in the fre- 
quency domain as the PSOLA pitch-scaling 
methods in the time-domain. When lowering the 
pitch, the algorithm inserts new harmonics by re- 
peating original ones while reducing the spacing 
between them. When raising the pitch, harmonics 
are eliminated and the inter-harmonics spacing is 
increased. This method has some drawbacks: it 
requires a precise estimation of the pitch value 
and it modifies the phase coherence between suc- 
cessive harmonics that is implicitly maintained by 
the compression-expansion algorithm. In order to 
ensure good quality, the algorithm must compen- 
sate for the linear component of the phase spec- 
trum, or equivalently, the original pitch-marks 
must be set at locations corresponding to the max- 
imal source excitation. In fact, the flexibility of 
the FD-PSOLA approach allows to combine the 
two methods into a mixed method, using the com- 
pression-expansion scheme in the low frequencies 
in order to preserve the phase coherence of the 

first harmonics, and the elimination-repetition 
scheme in the high frequencies in order to avoid 
the need of high frequency generation. 

Finally, we should mention that the FD- 
PSOLA approach can support a wide variety of 
modifications such as: 
- zero-phasing the low frequencies: to obtain a 

homogeneous phase distribution, while avoid- 
ing the buzziness due to a zero-phase spectrum 
in the high frequencies (Charpentier and 
Moulines, 1988); 

- modifications of the voice quality: this can be 
obtained through linear or non-linear modifi- 
cations of the envelope component or selective 
amplification or attenuation of individual pitch 
harmonics (Allen, 1977; Richards, 1974): 

- sampling rate modifications: this approach pro- 
vides an alternative to classical filtering 
techniques and is very flexible for modifying 
the sampling rate by arbitrary ratios. However, 
the pitch synchronization is not crucial for this 
application, and an asynchrnous OLA scheme 
can be utilized (Crochiere and Rabiner, 1981). 
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(c) Short-term signal synthesis. Finally, the 
modified representation is converted back to a 
synthetic complex spectrum, and the synthesis 
ST-signal is obtained by inverse Fourier Trans- 
form. 

Both interpretations of the OLA synthesis 
schemes are valid in the case of the FD-PSOLA 
approach. The least-square synthesis scheme will 
perform a good match between the modified ST- 
spectra and the spectrum of the synthesized sig- 
nal, since they will have a common fine spectral 
structure. On the other hand, the simplified OLA 
method will also perform a sound modification, 
since the amplitude of the modified ST-spectra at 
the synthesis harmonic frequencies have the right 
target values, i.e. the values of the spectral en- 
velope. 

4. Concluding remarks 

The PSOLA algorithms in this paper provide 
the means for modifying the prosodic parameters 
of natural speech, such as pitch, duration and 
energy, while maintaining a very good voice qual- 
ity in the transformed speech. The FD-PSOLA 
algorithm requires a high computational power 
(about 5Mflop/s.) and a high memory size for the 
digitized diphone dictionaries (about 5Mbytes). 
However, it provides a flexible laboratory tool 
since it allows a fine control of the speech spec- 
trum. The TD-PSOLA algorithm is computation- 
ally very efficient and it can be combined in a 
flexible manner with speech compression 
techniques in order to reduce memory require- 
ments. The LP-PSOLA algorithm can be seen as 
an optimized combination of the TD-PSOLA al- 
gorithm, and of specific LPC coding technique 
(such as MPLPC or CELP). 

The speech quality gain brought by these al- 
gorithms has been evaluated through a formal test 
on French synthesized speech using diphones. 
This test was performed on 16 subjects and on 10 
sentences comparing an LPC synthesizer with im- 
proved excitation and early versions of the FD- 
PSOLA, TD-PSOLA and LP-PSOLA al- 
gorithms. The four systems were compared two 
by two in A-B and B-A pairs for preference. The 
results have shown that all three algorithms per- 

form much better than LPC synthesis and that 
they are relatively equivalent among themselves. 

Current developments include real-time im- 
plementation of a multilingual diphone synthesis 
system in two different configurations: using the 
TD-PSOLA algorithm on a personal computer 
using an Intel 80386 processor and using the LP- 
PSOLA algorithm (also called PSOLA-MPLPC, 
because a low bit-rate MPLPC is used to code the 
diphone database) on a Texas TMS320C25 based 
digital signal processing board. 
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