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ABSTRACT

We propose here a new parametric model and its
application to speech synthesis. In our source-filter model, the
source is described by spectro temporal events. The filter
combine an all-pole filter model for the vocal tract and a de-
emphasis filter corresponding to the lip radiation and glottal
spectrum slope. Source events are singular or belong to a
continuum or pseudo-continuum of events. Examples of
singular events are the burst of noise at release of plosive or
isolated glottal pulses. Pseudo-continua of events are quasi
periodic glottal pulses with their intrinsic irregularities with
possible superimposed fricative noise, or pure noise signals as
in unvoiced fricatives. Our model allows for a precise and
perceptually satisfying description of speech signal and
simultaneously provides more flexibility for prosodic
modifications. We present an analysis method according to our
model using any spectral estimation technique such as AR or
homomorphic estimations. We also present an overlap-add
synthesis method using the analysis data. We show that our
method can be interpreted in terms of frequency domain
spectral interpolation as an ARMA model.

1. INTRODUCTION.

The use of a source-filter model of speech is commonly
justified by some over simplified assumptions:

- phase insensibility of the ear.

- all-pole model of the vocal tract.

- periodic pulse or broad band random noise as the
excitation signal.

In consequence the quality of the reconstructed signal
with such an analysis-synthesis system is limited (this is the
case of the classical LPC vocoder with mutually exclussive
pulse and noise excitations). A better description of the LPC
residual is obtained with MLPC as proposed by [ATAL 82].
With this method, most of the amplitude and phase
characteristics of the residual are reconstructed. However, its
quality is still not satisfactory and prosodic modifications
require more informations such as pitch period locations.
Since then, some semi-parametric methods have been
proposed to modify the prosodic characteristics of residuals or
speech signals [CHARPENTIER 89]. But these methods,
lacking of an explicit production model, suffer from some
limitations in the quality and in the range of the possible
prosodic modifications. At first, we define our production
model. Then we present an analysis method according to
model using any spectral estimation technique such as AR or
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homomorphic estimations. We also present an overlap-add
synthesis method using the analysis data. We show that our
method can be interpreted in terms of frequency domain.
spectral interpolation as an ARMA model.

2. PRODUCTION MODEL

In our source-filter model, the source is described by
spectro-temporal events. The filter combine an all-pole filter
model for the vocal tract and a de-emphasis filter
corresponding to the lip radiation and glottal spectrum slope.
The all-pole filter is characterized by its parameters (Log Area
Ratio, reflection coefficients).

Source events are singular or belong to a continuum or
pseudo-continuum of events. Singular events are typically the
burst of noise at release of plosive or isolated glottal pulses.
ther are two kinds of pseudo-continua of events :

- quasi periodic glottal pulses with their intrinsic
irregularities with possible superimposed fricative noise, each
glottal pulse is an event of the pseudo continuum.

- pure noise signals as in unvoiced fricatives, wich form a
noise continuum,

Singular events are characterized by their locations, and
complex spectra. Each event of a pseudo-continuum is
characterized by its location, its complex spectrum and a local
pseudo-period duration. Noise continuum are only
characterized by their magnitude spectra and locations on a

centisecond rate basis (for a synthetic vision of the model see
Figure 1.).

So our model takes phase spectrum into account. A
magnitude spectrum parameter allow to correct unadaptation of
an pole filter model for the nasal-vocal system when
necessary. A set of parameters for each glottal pulse respect
their intrinsic irregularities. Moreover it contains sufficient
informations to identify all major acoustics events [Abry 84]
such VO (Voice Onset). Then it is possible to use high level
knowledge, such as non linear variation of VOT duration
along with speech rate modifications.

3. ANALYSIS PROCESS.
For an overview of the process see Figure 2.

3.1 Events Labeling.
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The first step of this analysis process is a carefull
labelling of the speech signal events. The result is a data
sequence E= { Ej = (Lj, Ty) }. Ljis the location of the
event E;, and Ti is the type of this event E;. Events type could
be:

- singular events.

- first event of a continuum of pseudo-periodic events.
- pseudo-periodic events (glottal pulses).

- last event of a continuum of pseudo-periodic events.
- beginning of a noise continuum,

- noise continuum (centisecond rate).

- end of a noise continuum.

Events E; are ordered along their locations L;. Figure 3
show such a labelling on a signal with a singular event and the
beginning of a continuum of pseudo-periodic events (vertical
lines are drawed at events locations),

This analysis step is manualy done. As the first
application of this analysis-synthesis is automatic text to
speech synthesis by diphones concatenation, that does not
matter very much. But an automatic labelling is still possible
with a greater error rate.

3.2 Envelopes modeling.

This envelopes modeling is synchronized with events
locations. All power spectrum estimation methods are useables
such as autocorrelation, covariance, Burg-covariance,
homomorphic deconvolution, cepstrum true envelope[Imai
79]. Our preferance is given to discret cepstrum[Galas 90]

wich performs equally well with men voices and high pitched,

women voices. The result is a power spectrum P; (@) for each
event E;.

3.4 Inverse Filtering.

Then we search for the all pole filter whose transfert
function is the best approximation of the power spectrum
envelope resulting of last step. If we choose Itakura & Saito
distance [Itakura 68] as error criterion, we have to solve a
Yules-Walker system. The matrix coefficients are the envelope
autocorrelation coefficients. We compute this coefficients by
FFT. We use Durbin recursion to solve the Yules-Walker
system. The stability of the resulting all-pole filter is assured.
This is a method to stabilise covariance result without poles
extraction. For each event Ej.the result is an all-pole filter with
a transfert function 1/Ai(2).

The inverse filtering is performed after signal pre-
emphasis, Filter reflection coefficients are linearly interpolated.
Log Area Ratio could be most adapted.

3.5 Singular Events Analysis.

After product of the signal by a window centered on

the event location (typically a Hamming of 20-25ms duration),
the complex spectrum is evaluate using a FFT. The result is a

complex'spectrum Cj(w)

3.6 Pseudo-Periodic Events Analysis.
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After product of the signal by a window centered on
the event location (typically a Hamming of three pseudo period
duration), the complex spectrum is evaluate using a FFT. After
a pitch detection, harmonic partials are located on this
spectrum. We note F; the local fondamental frequency.

The values of log magnitude and phase spectra at
harmonics locations are linearly interpolated to obtain
continuous magnitude and phase spectra. Phase is interpolated
with a minimun phase excursion constraint. The result is a

complex spectrum Cj(w)

3.7 Noise Continua Analysis,

Like singular events analysis, after product of the
signal by a window centered on the event (typically a
Hamming of 20-25ms duration), the complex spectrum is

evaluate using a FFT. The result is a complex spectrum Ci(w).

3.8 Analysis Parameters.
The analysis result is an events parameters sequence P
defined by :

P =(P;=(Ej, Aj, C;,Fi) }.

Ejis the event of location Ljand Tj is the type T, A are
parameters of an all-pole filter, C; is the complex spectrum
resulting from residual analysis, Fj is the local fondamental
frequency, null in case of a noise or singular event .

4. SYNTHESIS PROCESS

4.1 Singular Events Synthesis.

We synthetise these events by a simple inverse Fourier
transform of the complex spectrum parameter.Ci.They are
located at the exact location parameter.

4.2 Noise Continuum Synthesis.

Noise continuum result from the FFT filtering of a
white noise N, according to the magnitude spectrum parameter
Gl

4.3 Quasi-Periodic Events Synthesis.

New locations Lj are computed according to the Fj
parameter. Modification of F; parameter could involve events
insertion or deletion. C;j parameter result from Cj parameter
interpolation (nearest neighbour). Like singular events, we
synthetise these events by a simple inverse Fourier transform
of the complex spectrum parameter C;.

4.4
Add.
Each event is lagged by a window W; centered on the
event location. This window is typically a Hamming of 20-25
ms in case of singular events. For pseudo-periodic events the
window duration is 2 to 3 periods duration. These windowed
events are then overlapped and added. Each sample is
normalized such that the sum of windows coefficients would
be constant. In fact, it is only a linear interpolation between
events. The resulting signal is then added with the noise

Residual Construction by Events Overlap-
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continua. Given FT the Fourier Transform notation, IFT the
Inverse Fourier Transform, Z(d, X) the signal X delayed of a
duration d, we could write the synthesized signal as follow:

2 W ZLIFTC) + 2 WL, IFTC)) + 2 IFT(IC] FTB Wy)
iel jeP ieN
E Wi + E WJ

ie SUN jeP

Where :

- Sis the set of singular events index.
- Nis the set of noise events index.
- Pis the set of new periodic events index.

4.5 Residual Filtering.

An all-pole is used to filter the residual. The parameters
of the all-pole filter are interpolated according to the same rules
as use for the inverse filtering. At last a de-emphasis is done
on the signal for respect of the spectral balance.

5. PAMAMETERS MODIFICATIONS.

To modify parameters, using an original events parameters
sequence P defined by :
P ={Pi=(Ei, Aj, C, Fi) }.

We construct, according to modification rules a new events
parameters sequence P":
Pt ={Pi=(E, A, C'L,FD ).

5.1 Rate Modification.

To perform a rate modification o we use these rules :
P’y = ((a.L, Ti), Ay, G, Fp)

5.2 Melodic Modification.
To perform a rate modification B we use these rules :
P'j = (Ei, Aj, Ci, B.Fp)

5.3 Spectral Modification.

Given f a spectral anamorphosis. Using the procedure
described precedently (3.4), we compute new all-pole
parameters A'j, approximing :

1

A ( e"j f((‘)))

We define C'jby: CY (@) = C; f(@))

Then we have : P = (Ej, A'j, C'j, Fj)
6. RESULTS.

The rules are so that singular events are not deleted or
duplicated when performing any modifications. Figure 4 show
the comparison of the original signal and a synthesized signal
with a melody of 80% of the original.

We can analyse the synthesis of residual signal using

inverse Fourier transform of Cj (®) as a MA model of residual
signal. We have then an ARMA model. We show at Fig 5 the
spectral envelope resulting from AR modeling of first
envelope, the envelope resulting from AR modeling of first
envelope, that is the AR part of the model. We show at Fig 7
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the product of IICill(w), MA part of the model, with the AR part
of the model. (sampling frequency is 16 Khz and all models
are of order 20).

Informal listening of synthesis has given very good
results. Without prosodic modifications, synthesis and original
signals are quite indiscearnable. Prosodic modifications give
great naturalness results even for women voices.

7. CONCLUSION,

. Our model allows for a precise and perceptually
satisfying description of speech signal (phase parameter,
magnitude spectrum accurate description). Simultaneously, it
provides great flexibility for prosodic modifications (pitch
parameter, high level description). A further improvment of
the model is the inclusion of a frequency depending voicing
decision in description of pseudo-periodic events.[Rodet 87]
Such a parameter would increase the range of possible realistic
prosodic modifications.
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