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ABSTRACT

A new method is presented for text-to-speech
synthesis using diphones. The diphone database
consists of the diphone waveforms labeled with
pitch-marks indicating the pitch-periods, At
synthesis time, the diphone waveforms are pro-
cessed through a new analysis-synthesis system,
providing an independent control of all prosodic
parameters, while retaining a good degree of na-
turalness. This system is based on a representa-
tion of the speech signal by its short-time Four-
ier transform (STFT) at a pitch-synchronous sam-
pling rate. The synthesis part of the system
works by overlap-adding the modified short-term
signals and it ensures a smooth concatenation of
the diphone waveforms. The synthetic speech ob-
tained by this method sounds more natural than
‘with the conventional LPC method.

INTRODUCTION

The most common technique used for diphone
or demi-syllable synthesis is linear predictive
coding of the speech elements. This scheme 1is
very convenient because it provides a flexible
control of the prosodic parameters through the
excitation signal of the synthesis filter.
Unfortunately, LPC coded speech suffers from a
lack of naturalness, especially for sounds like
voiced fricatives. Many attempts to enhance the
quality of LPC speech were made through improving
the nature of the excitation signal. Most re~
cently, researchers have used the multipulse
model of the excitation signal [1,2], but this
model 1is not well adapted to the manipulation of
prosodic parameters. In a similar experiment
[3], we obtained a good degree of naturalness by
a raw concatenation of multipulse coded diphones.
The prosody of the synthetic speech was then cor-
rected by use of a high quality system to modify
the pitch and the duration of natural speech,
based on short-term Fourier synthesis [4].
Unfortunately, the combination of this system and
of the LPC synthesis scheme introduced an unde-
sirable hoarseness of the speech gquality.

In this paper, we propose to build a
text-to-speech system entirely on a short-term
Fourier representation of the speech signal.
Consequently, the LPC synthesis filter is re-
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placed by a short-term Fourier synthesis scheme.
A lot of systems based on modifications of the
STFT have been proposed to manipulate some of the
speech parameters while retaining a high degree
of naturalness. The earlier systems used the
filter bank summation (FBS) approach, but this
usually led to excessively heavy or intricate al-
gorithms [4,5]. The overlap and add (OLA) appro-
ach was preferred in our case because it yields
faster and simpler algorithms [6,7]. The OLA
methods generally consist of splitting the speech
signal into overlapping short-term signals
(ST-signals) at a certain analysis frame rate,
modifying them appropriately and then
overlap~adding them at a different frame rate, A
non-uniform frame rate at the synthesis stage, as
recently proposed by the synchronized OLA method
(SOLA), can produce high-quality speech with a
modified time-scale [8]. This non-uniform frame
rate corresponds to a sort of resynchronization
of the modified ST-signals with the pitch of the
output signal.

The pitch-synchronous OLA method (PSOLA)
presented in this paper is an extension of the
SOLA method, in which the pitch-synchronization
of the ST-signals is introduced at the analysis
stage. Every ST-signal is made to correspond to
one pitch period of the speech signal, both at
the analysis and synthesis stages. This implies
a preliminary segmentation of the speech signal
into individual pitch periods. In this respect,
the PSOLA method is similar to a previous method
for the time-scaling of speech, the time-domain
harmonic scaling (TDHS) algorithm [9]. However,
the analysis rate is not exactly
pitch-synchronous in the TDHS algorithm, but it
is rather proportional to a true pitch synchro-
nous rate, and it depends on the time~scaling
factor in complicated way.

A major novelty of the PSOLA method is the
integration in the overlap-add scheme of an al-
gorithm for modifying the pitch and the global
spectral shape. This is obtained by relatively
simple operations in the frequency domain, that
do not require any phase computation. Finally,
the PSOLA analysis-synthesis system provides a
flexible tool for an independent and time varying
control of all prosodic parameters, and it is
therefore a suitable candidate for a
text-to-speech system.
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THE ANALYSIS-SYNTHESIS SYSTEM

In the PSOLA =znalysis-synthesis synthesis
system, the speech signal is analyzed into a suc-
cession of pitch-synchronous ST-signals. These
analysis ST-signals are then modified, either in
the time or in the spectral domain, in order ob-
tain a sequence of synthetic ST-signals, syn-
chronized with a modified pitech contour.
Finally, the synthetic speech 1s obtained by
overlap-adding the synthetic ST-signals. We now
describe 1in more detail the different components
of the system.

Pitch-synchronous overlap analysis

A reasonable length of the analysis window
is chosen, in order to cover st least three times
the longest pitch period. 1In our experiments, a
512 point Hamming window, corresponding to a
usual 30 ms duration, has proved to be suitable
in processing speech at a 16 kHz sampling rate.

The initial representation of the speech
signal 1is the speech digital waveform with suc-
cessive "pitch-marks" distributed along the
time~scale. These pitch-marks (P-marks) are set
synchronously with the pitch periods over voiced
portions, but their positions are arbitrary over
unvoiced portions, provided that ftwo analysis
windows centered on two successive P-marks should
overlap by a sufficient amount, The analysis
ST-signals are obtained by multiplying the signal
by the analysis window centered on the corres-
ponding P-marks. Each ST-signal is labeled with
a voiced/unvoiced flag associated with its
P-mark.

In this manner, the signal is expanded into
a sequence of overlapping, pitch-synchronous,
short-term signals. The unvoiced ST-signals are
not converted to the frequency domain since they
will only need time-scaling. But the representa-
tion has to be further refined for the voiced
portions: a short-term spectrum is computed by

DFT with the time origin set to coincide with the
P-mark; it is then split into a global spectral
envelope, and a "source component®, which is the
short-term spectrum divided by the spectral en-
velope.

Frequency-domain modifications

The pitch and envelope modifications algor-
ithm 1is described in Fig.1. They are obtained
through a frequency-domain processing of the
ST-signals. The source or the envelope compo-
nents of the spectrum are interpolated separately
in order to obtain two separate rescalings of the
freguency axis. In the case of the source compo-
nent, a linear interpolation is performed on both
the real and imaginary parts of the spectrum. If
necessary, high frequencies are regenerated by
copying the lower part of the spectrum to the
upper part. Such a rescaling of the source com-
ponent results into a modification of the pitch.
In order to avoid corrections of the phase spec-
trum, the spacing between the P-marks is simul-
taneously modified by the pitch modification fac-
tor, and this results into a modification of the
time-scale. The envelope component is also open
to modifications that can be useful to modify the
voice quality. For instance, a female voice can
be converted to a male or a child sounding voice
by lowering or raising the formants by an average
15% and by suitably altering the average pitch
level.

Time-scale modifications

Time-scale modifications are performed en—
tirely in the time domain. The time-scaling pro-
cedure performs directly on the unvoiced
ST~signals but on the voiced ones only after pro-
cessing by the pitch modification procedure, In
the latter case, the algorithm must compensate
for the time-scale modification implicit to pitch
modification.
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Fig.1 Block diagram of the frequency-demain modifications procedure,
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The algorithm is illustrated in Fig.2. The
desired time-scale modification can be defined as
a time-warping function mapping the analysis
time-scale onto the synthesis one. From the dis-
tribution of analysis P-marks, the algorithm gen-
erates a new set of synthesis P-marks in such a
way as to preserve the pitch contour through the
time-warping function. Generally, a synthesis
P-mark will not correspond exactly to an analysis
P-mark. Therefore an approximation scheme is
needed to assign a reasonable ST-signal to every
given synthesis P-mark. The simplest solution is
to assign the analysis ST-signal corresponding to
the nearest analysis P-mark through the
time~warping function. . This is equivalent to ei~
ther cancelling or duplicating some of the pitch
periods. A slightly more complicated scheme has
been used here, consisting of time averaging the
two nearest analysis ST-signals.

itch~synchronous © ap s esis

The
short-term

synthesis of non-unformly sampled
spectra is possible by use of the
least-squares OLA synthesis procedure {7]. The
synthesis procedure 1is described in Fig.3. It
consists of two overlap and add buffers that are
rotated simultaneously by a variable number of
samples P, equal to the current synthesis pitch
period. The synthesis ST-signals are windowed
and overlap-added in the first OLA buffer and the
corresponding synthesis window 1s squared and
similarly overlap-added in the second OLA buffer.
After each overlap-add operation, the OLA buffers
each produce P samples, and the P signal samples
output by the first OLA buffer are rescaled by

windowed ST signal

one period
of unscaled
signal

signal /l/‘/‘
OLA buffer
right shift . one period
by one period divide ™ of speech
window ~—
OLA buffer
weighting
sequence

squared window

Fig.3 Least-squares OLA synthesis procedure.
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Fig.2 Time-scale modification scheme.

Analysis and synthesis P-marks are indicated
respectively by crosses and circles; the dashed
lines represent the time-warping function.

the P weighting coefficients of the second OLA
buffer, to produce the final P samples of syn-
thetic speech. The two OLA buffers are eventual-
ly right-shifted by P samples and the missing

samples are replaced with zeroes.
THE DIPHONE SYNTHESIS SYSTEM

This anzlysis-synthesis system has been ap-
plied to diphone synthesis of French. Thé block
diagram of the text-to-speech system is shown in
Fig.4. The diphone database consists of two par-
allel sources of information: the diphone wave-
forms on one hand, the corresponding P-marks on
the other. The labelling of the pitch periods
was obtained for the 1200 diphones dictionary by
use of a semi-~automatic procedure. The P-marks
were set in a consistent manner so as to coincide
with the greatest peak of each period, corres-
ponding roughly to the instant of glottal clo-~
sure., Voiceless portions were segmented into a
number of nominal length windows.

At synthesis time, the diphone waveforms are
concatenated as follows:

(a) each diphone is processed by the PSOLA
analysis-synthesis system in order to correct the
timing and to fit a desired pitch contour; the
prosodic parameters are obtained by the prosodic
module of our conventional LPC diphone system
[10]; modification parameters for the pitch and
the time-scale are obtained by comparing the de-
sired prosody to the intrinsic prosody of the di-
phone;

(b) at the boundary between two successive
diphones, the ST-signals of the following diphone
are simply concatenated to those of the previous
diphone, and the smoothing is ensured by the
overlap-add synthesis scheme; the transition can
be 1lengthened by creating a variable number of
additional periods obtained by time averaging the
two boundary ST-signals; an energy correction is
made on the following diphone to eliminate a pos-
sible energy mismatch.
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RESULTS AND DISCUSSION

Two diphone dictionaries, corresponding to a
female and to a male speaker, were prepared in
order to test our text-to-speech method. The syn-
thetic speech obtained with both voices sounds
more natural with our new method than whith our
conventional LPC method. It does not suffer from
the usual buzzyness of LPC speech. It also
posesses an improved quality in comparison with
the synthetic speech previously obtained from mul-
tipulse coded diphones [3]. There is still a
slight roughness and it is probably due to the
mismatch of ¢the formants. Further improvements
are expected since the system provides a flexible
control of all prosodic parameters and of the
spectral envelope.

The PSOLA algorithm runs on an array proces—
sor 1in 20-times real-time for natural speech sam-
pled at a 16 kHz rate. With the diphone synthesis
procedure, a second of synthetic is generated in
approximately a minute. The memory space reguired
by the diphone dictionaries is quite large (7
Mbytes). By using appropriate waveform compres-
sion or coding schemes, it is likely that the sto-
rage for the speech database could be reduced to a
size comparable to that of the lexical database,
usually needed to perform high quality
tevt-to-speech conversion.

CONCLUDING REMARKS

A pitch-synchronous OLA algorithm has been
presented in this paper for high quality prosodic
modifications of natural speech. It requires a
preliminary labelling of the pitch periods using a
semi~-automatic procedure, but this task is tract-
able for diphone synthesis because the speech da-
tabase is relatively limited. Consequently, a new
text-to-speech system has been designed and it
produces synthetic speech of improved naturalness
compared to the LPC technique. With the PSOLA
method, the pitch and energy mismatches between

successive diphones can be completely eliminated.
Still, more knowledge has to be gained in reducing
the mismatch of the formant parameters. However,
the main advantage of this technique is that it is
capable of retaining fine spectral details of the
original diphone elements without the smoothing or
distorting effects inherent in the formant or LPC
synthesis techniques.
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