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ABSTRACT

This paper describes a new type of speech synthe-
sizer: a parametric-concatenation (PACO) speech syn-
thesizer, which is suitable both for formant synthe-
sis and concatenation synthesis. This synthesizer is
based on a hybrid quasi-harmonic and random formant-
waveforms model of the speech signal. The synthesizer
can be controlled by acoustic parameters : formant pa-
rameters and voice source parameters expressed in fre-
quency domain. These acoustic parameters are con-
verted into sinusoidal and formant waveforms parame-
ters. The keypoint of this method is that spectral am-
plitudes are set according to a parallel formant model
(both on sinusoidal waveforms and random formant-
waveforms), whereas the spectral phases are set accord-
ing to a serial formant model for sinusoidal waveforms
(and are randomly distributed for formant waveforms).
This approach avoids the phase interference problems
inherent to parallel synthesis, while keeping the ad-
vantage of formant amplitudes control. An automatic
analysis-synthesis system is also proposed for segments
coding. Our model has been successfully implemented
both as a formant synthesis system and in a concate-
nation synthesis Text-To-Speech system.

keywords : Speech synthesis, formant and concate-
nation synthesis, harmonic representation, random for-
mant waveforms.

1 Introduction

Current speech synthesis technologies can be split
into two broad categories: 1) rule-based formant syn-
thesis (FS); 2) concatenation-based synthesis (CS) us-
ing coded segments of natural speech. The first type of
synthesizer is attractive because of the fine control al-
lowed on speech parameters: improving our phonetico-
acoustic knowledge will result in more accurate and
detailed synthesis rules. The main drawback is that
parameters estimation is difficult: FS are incomplete
speech coders. The second type of synthesizer is attrac-
tive because implementing a Text-To-Speech Synthesis
(TTS) system is much quicker and easter. The draw-
back 1s a rather limited control on speech parameters:
CS are incomplete parametric synthesizers.

The acoustic parameters available in CS (say PSOLA
synthesis [11]) are usually: the short-term energy, the
fundamental frequency (F@) and the segmental dura-
tions. Using LP-PSOLA, the formant-related LP coef-

ficients parameters are also available.
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Several authors recently proposed sinusoidal-based
coding methods that allow for deterministic/stochastic
decomposition of acoustic signals [13], or speech [1].
For speech signals, the balance between these two com-
ponents is related to another acoustic parameter: the
amount of frication or aspiration noise in the excitation
signal [6]. Moreover, separation of the quasi-harmonic
component and the noise component of speech improves
the quality of prosodic modifications [4] [9].

It seems that the present day challenge to improve
segmental quality for TTS is to merge the benefits of
both coding-based and parametric methods. Along this
line, this paper describes a new type of speech synthe-
sizer: a parametric-concatenation (PACO) speech syn-
thesizer, which is suitable both for FS and CS. Follow-
ing previous work on the Elementary Waveform Speech
Model (EWSM, {2]), the PACO synthesizer is a formant
synthesizer based on sinusoidal and random formant-
waveforms coding. It must be emphasized that on its
FS side, the PACO synthesizer can be considered as an
interference-free parallel formant synthesizer, which is
a remarkable feature. In the next section, we review
the speech production model proposed. Section 3 deals
with formant synthesis. Section 4 is devoted to con-
catenation synthesis.

2 Speech synthesis model

2.1 Overview

Sinusoidal representation is known to give a high qual-
ity in speech coding applications because of its good
match to the fine structure of the original spectrum
[10]. This representation will be restricted here to
quasi-harmonic components of speech sounds. Random
formant-waveforms representation gives a decomposi-
tion of the noise component of the speech signal into a
discrete set of wavelets, which are related to the time-
frequency concentrations of energy. It has been shown
([12]) that speech noises can be satisfactorily synthe-
sized using random formant-waveforms. In frequency
bands dominated by noise, it seems important only to
match the spectral envelope, and not to keep a good
match to the fine structure of the spectrum, as it is the
case in frequency bands dominated by harmonics. A
mixed sinusoidal/formant waveform model for speech
synthesis has been proposed in {2]. Compared to this
previous work, we shall develop here a quasi-harmonic
parallel-like formant synthesizer for the deterministic
component of the speech signal [5]. Formant-waveforms
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will be used only for the stochastic component. The
main advantages of this new method are: 1) it sup-
presses the interferences between formant bands which
1s a drawback of parallel formant synthesis; 2) it pre-
serves the detailed description of the glottal waveform
(in terms of amplitudes and phases of harmonics, par-
ticularly the (auditory resolved) first harmonics which
are known to be essential for high-quality speech syn-
thesis); 3) efficient and reliable parameters estimation
algorithms are available, and therefore the method is
suitable for speech coding.

2.2 Quasi-harmonic component

The speech signal can be expressed as :

s(t) = h(t) + r(¥) (1)
where h(t) is the quasi-harmonic component and »(¢)

is the noise component.
The quasi-harmonic component can be identified with
the contributions of the glottal source waveform e(t), fil-

tered by a filter f(¢) which accounts for the vocal tract,

and sound radiation characteristics, for voiced sounds.
The glottal excitation source can ideally be modelled
by a sum of harmonics. In real speech this signal is not
actually periodic, because of intonation, jitter, shim-
mer etc. But it is quasi-harmonic in the sense that it
can be represented as a sum of time-varying sinusoidal
components with almost harmonic frequencies:

N
e(t) = > an(t) cos[2(t)] (2)

where a,(t) and Q,(t) are the time-varying ampli-
tude and phase of the n!* harmonic, and where N is
fixed by the passband of the speech signal.
The time-varying instantaneous phase can be decom-
posed into two components :

Q.(t) = /0 nwo{7)dT + ¢4 () (3)

where wp represents the time-varying fundamental fre-
quency and ¢, the time-varying phase of the n** quasi-
harmonic component. The time-varying phase ¢,(t)
accounts for the time-variation of the glottal waveform
and thus the frequencies of these quasi-harmonics are
located at points:

wn(t) (t) + — (4)

The vocal tract, and sound radiation contnbution Is
assumed to be a linear filter with frequency response :

F(w,) = [F(w, )] exp(i®(w,1)) (5)

It is classical to decompose this filter using second-
order formant filters, with frequency responses F(w,1):

Fi(w,t) = |Fr(w, 1) exp(jfi (w, £)) (6)
In a serial decomposition, the contribution of the K

serial formants on each individual harmonic is the prod-
uct of amplitudes and the sum of phases :

8Qn (t) 3¢n (t)

K K K
Fw,t)= [] Fu(w,t) = (T] I1Fe(w, ) exp(5 D Ok (w, 1))
k=1 k=1 k=1

(7)
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In a parallel decomposition, the contribution of the
M parallel formants on each individual harmonic is
more 1ntricate :

M M
Fw,t)=Y  AcFi(w,t) =Y Ax|Fe(w,t)| exp(ibi(w,1))
k=1 k=1

(8)

where Ay denotes external gains for the formants k.
It is well-known that parallel decomposition is subject
to ”interferences” between formants, which are due to
the additive combination of several components for a
same frequency. These interferences are a drawback of
parallel-formant synthesis, for voiced speech, because
Ehey can introduce severe modifications in the spec-
rum.

In order to avoid these problems while keeping ad-
vantage of the parallel formant configuration (i.e. in-
dependent control of formant amplitude), we propose
a new model in which amplitude and phase contribu-
tions of all formants on each harmonic are combined
separately. The amplitudes combine as in a parallel
formant model, and the phases combine as in a serial
formant model :

M

|Fw,t)] = > AklFr(w,1)| (9)
k=
Ml

Bw,t) = Y Oi(wt) (10)
k=1

Therefore the quasi-harmonic component A(t) can be
obtained by :

N
h(E) = D an(®)|F(wn (1), 1)] cos[Qn(t) + S(wn (1), 1))
n=1
(11)

2.3 Noise component

Speech noise (aspiration, frication, breath noise etc.)
may also be represented as a noise excitation source fil-
tered by a time-varying filter representing the action of
the vocal tract and the radiation characteristics. It is
generally accepted that the parallel formant decomposi-
tion is the best structure for unvoiced speech synthesis.

Let f;(t,7) represents the impulse response, at time 7,

of the j** parallel section, excited at time t (a Formant
Waveform FWF):

fi(r,t) = A;j e~ @i(lr=1] sin(w; () [r — 1)) (12)

where «; sets the -3 dB magnitude spectrum band-
width, A4; the time-domain amplitude, and w; the cen-
ter pulsation of the j%* formant.

Speech noise may be computed as a shot noise, using
FWF as filters, and defining a separate excitation (i.e.
independant Poisson points t;; with density A;) for each
formant branch [12]:

M
rt) =Y filti,1) (13)
j=1 ¢
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One can demonstrate that r(t) approaches a Gaus-
sian process if the A; densities arelarge compared to the
effective duration of the impulse responses (which de-
pend on the «; parameter): in other words, each sample
of unvoiced speech must be the sum of a large number
of impulses responses. If this condition is reached, the
output signal is Gaussian, and its power spectral den-
sity is imposed by the amplitude spectra of the FWF. It
1s therefore equivalent to filtered Gaussian white noise.
It must be emphasized that only the times of arrival of
the virtual Poisson impulses are random (and indepen-
dent), and not their amplitudes. The key point of the
method is that for band-limited processes, the random
amplitudes of white noise may be replaced by random
times of arrival. The spectral ampltudes of the out-
put signals are fixed according to both the ); densities
and the A; FWF amplitudes. But it is also possible to
synthesize non-Gaussian noise (like the noise in voiced
fricatives, or impulsive noise) with the same method.
If the A; densities are small, the signal is no longer
Gaussian and becomes more impulsive, but the spec-
tral envelope is still controlled by formant parameters.

3 Formant synthesis

Considered as a FS system, the PACO synthesizer is
equivalent to an interference-free parallel formant syn-
thesizer. The glottal waveform parameters are defined
in frequency domain, and the noise component is de-
fined in time and frequency (formant decomposition,
random times of arrival).

symbol description units
Fo fundamental frequency Hz

AV amplitude of voicing dB

AN amplitude of noise dB

ST spectral tilt dB/oct.
Hi...HN amplitudes harmonics 1to N dB
F1...FM frequency formants 1 to M He

Al...AM amplitudes formants 1 to M dB
B1...BM bandwidths formants 1to M Hz
N1...NM HNR formants 1 to M %
Ml ...MM mod. index formants 1to M %

Table 1: Control parameters of the PACO synthesizer
m its FS form.

A control parameter file contains temporal evolutions
for excitation source and formant parameters. All pa-
rameter values are updated typically every 5 or 10ms.
F@ and AV set the fundamental frequency and the am-
plitude of voicing. The formant parameters are the cen-
tral frequencies F1 ...FM, the bandwidths B1 ...BM,
and the spectral amplitudes A1 ... AM.

As for voice source, the perceptual relevance of spec-
tral parameters for the glottal waveform has recently
been studied in [8] [3]. The main spectral glottal pa-
rameters are the first harmonics relative amplitudes (H1

..HN), the spectral tilt (ST), and the harmonic-to-
noise ratio (HNR). The balance between noise and har-
monics is defined for each formant region (N1 ...NM).

The perceptual coherence of noise and harmonics
seems dependant on a common fate principle [7]. A
noise modulation function was introduced in order to
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enhance this coherence for mixed-excitation sounds
(modulation indexes M1 ... MM).

As for the noise component, the density of each ran-
dom point process (one per formant) is computed ac-
cording to the formants bandwidths.

The synthesis process is twofold : firstly, the con-
trol parameters are converted into harmonic and for-
mant parameters, and secondly, the quasi-harmonic
and stochastic components are computed and added.
The harmonics amplitudes are obtained from the con-
tribution of the formants on each harmonic (equa-
tion 11). The harmonics phases are obtained from the
formants phases, and phase unwrapping according to

The synthesis parameters are summarized in Table 1,
and Figure 1 displays a block diagram of the synthe-
sizer.

quasi-harmonic
—ceme3p|  formant-harmonic Additive component

AV i
- transcription synthesis

synthetic

AN noise q:leech
a— random component r\ signal

formant form o o )

M1...ﬂ synthesis

Figure 1: Formant Synthesizer (FS) block diagram

We tested this FS system for copy synthesis of natural
speech, for both female and male speakers. The results
obtained are excellent, i.e. natural and synthetic speech
are almost indistinguishable.

4 Concatenation synthesis

According to the previous model, the speech signal can
be decomposed in two components : a quasi-harmonic
component and a noise component, and these two com-
ponents can be independently modelled. To test the
pertinence of the decomposition, we developed a speech
analysis/synthesis system [6] based on a modified si-
nusoidal representation [13]. For each signal frame,
a Short-Time Fourier Transform (STFT) is computed.
Sinusoidal trajectories are then computed from the se-
ries of spectral peaks available, according to a peak con-
tinuation algorithm. Each trajectory represents a si-
nusoid characterized by time-varying phase, frequency
and magnitude values. The frequency trajectories are
constrained, in order to match the harmonic frequen-
cies. All the trajectories are then added to give the
quasi-harmonic component of the signal.

The noise component is then obtained by temporal
substraction of the quasi-harmonic part from the orig-
inal signal. The noise component accounts for every-
thing in the original signal that is not described by
quasi-harmonic sine waves (friction noise of fricatives,
breath noise, plosives burst ...).

As the noise component is modelled using random
FWF, it 1s necessary to estimate the formant parame-
ters, and the random point process for excitation. The
formant parameters are estimated from a 15 coefficients
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parametric

modifications
speach ! deterministic
signal Peak pickin component
STFT || plcking Additive >
Peak tracking synthesis
residual = s’;;’; zc
signal | g
Formant estimation Random ry
on LPC spectra
Formant
Maxima Extraction
- on the tiltered Synthesis stochastic
envelope component
parametric
modifications

Figure 2: Analysis/Synthesis (CS) system

LPC spectrum. For each formant region, the random
points positions are set according to the time-domain
envelope of the noise component. This envelope, com-
puted using an Hilbert transform, is low-pass filtered,
and the excitation points locations are defined using
the envelope maxima. It is possible to define a sepa-
rate excitation for each formant by filtering the noise
component in M bandpass formantic signals. The ran-
dom points are then set according to the location of
the envelope maxima for each bandpass signal. Sepa-
rate excitations give a better description of the noise
components modulation. A general block diagram of
the system 1s displayed in Figure 2.

The analysis/synthesis system can work as a speech
coder (without parametric modifications), but it is also
possible to perform parametric modifications on both

components of the system. This is the CS form of the
system.

The PACO method was also implemented within the
framework of our CS-TTS system for French. As it was
already pointed out by e.g. [4] [9], a separate process-
ing of the deterministic/stochastic conponents of speech
improves the prosodic modification quality, compared
to PSOLA processing.

Furthermore, the new control parameters defined in
the previous paragraph are also available for CS. The
speech segments can therefore be processed before con-
catenation. Simple processings are: auditory-resolved
harmonic smoothing or modification; spectral tilt mod-
ification; harmonic-to-noise ratio modification; formant
transitions smoothing or modification. It is clear that
meaningful modifications of these parameters can be
achieved only using a set of acoustico-phonetic rules,
which are only partly available at the present time.

5 Summary and Conclusion

A new PACO synthesizer has been proposed. The
speech production model has been presented, along
with algorithms for parameters estimation. Our model
has been successfully implemented both as a F'S system
and in a CS-TTS system. In its FS form, the PACO
synthesizer is equivalent to an interference-free parallel
formant synthesizer, using a spectral representation of
the glottal flow waveform, and a time-frequency repre-
sentation of noise. In its simplest CS form, the PACO
synthesizer is a CS system with separate processing of
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the quasi-harmonic and noise components. Further-
more, glottal, formant and noise parameters are explicit
parameters of the system, and we have now a powerful
tool for implementing some acoustico-phonetic knowl-
edge into a CS-TTS system. Future work will be de-
voted to synthesis rules development and testing in this
framework.
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