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ABSTRACT

The aim of the presented work was twofold: 1)
To study whether the effect of the stochastic part
of the glottal waveform can be replaced by a post-
processing of the synthesized signal when a
mathematical excitation source is used and 2) To
find a new way of representing the excitation
signal for high quality synthesized speech with the
properties of mathematical models which permits
avoiding the problems related to prosody control
by overlap add methods as used in PSOLA[1].

1. INTRODUCTION

The speech synthesis by analysis is based on the
source-vocal tract model. This separate speech
production modeling permits synthesizing good
quality speech when the vocal tract is modeled
with Linear Prediction Coefficients (LPC) which
represent fairly accurately the spectral envelope
and when the excitation signal is well coded e.g.
as in Multi-Pulse LP and Code Excited LP coders.

Attempts have been made to mathematically
model the excitation signal [2] for the obvious
reason that in so doing the storage is minimized
(only a few parameters will be needed to generate
the function) and the prosody control (i.e.
duration and pitch contour) is carried out with
ease. Nevertheless, high quality synthesized
speech is not achieved when using mathematical
excitation source modeling alone.
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2. SPEECH SYNTHESIS SYSTEM
DESCRIPTION

The original signal is first pitch marked with a
slightly different version of the algorithm defined
in [3]. Then, it is pitch synchronously analyzed
using a Durbin algorithm to calculate the
prediction coefficients. The analysis window used
is a two-period long Hamming window centered
on every pitch mark. The original signal is filtered
using these coefficients to obtain the LP
excitation signal. This excitation signal will be
modeled, for voiced parts, either using a
mathematically generated signal suggested by a
model or a parametric (polynomial) version of the
original excitation signal. The unvoiced segments
will be synthesized using a low-passed noise
generator as excitation source. The usual energy
equalization is also carried out.

The synthesized speech is compared with the
original subjectively and using two objective
criteria to assess its quality. The first criteria is the
accumulated energy distribution (AED) distance.
This is defined as the mean squared error between
the AED over a period of the original signal and
the AED of the synthetic signal. This measure is
somehow equivalent to a square error distance
between the two signals where phase differences
of m have not been taken in consideration. The
second criteria is the same as the first one but
evaluated in the frequency domain. This criterion
is the average magnitude spectrum distance,
obtained by computing the FFT of a long segment
(e.g, a whole sentence) of the original and the
synthetic signals, and the distance measure is again
the mean squared error between the magnitude
spectra.
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3. EXCITATION SIGNAL

The two models for the excitation signal used in
this work are described below.

3.1. Mathematical glottal model.

The mathematical model for the excitation
signal is based on the Klatt’s KLGLOTT88
source model where the spectral tilt parameter
has been suppressed. Also the input to thé LPC
filter is the second derivative of the glottal
volume velocity computed using Klatt’s model,
as stated in [4]. The excitation waveform is
displayed in figure 1.
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Figure 1. Model for the excitation signal. The actual

signal applied to the synthesis filter is the second

derivative of the modeled waveform.
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Figure 2. OQ estimation. The threshold is set at 25% of
the amplitude range. The portion over the threshold is
the open phase. :

The OQ parameter is the Open Quotient which
represents the portion of the period when the
glottis is open. An estimate of this value is
-computed automatically period by period from
the residual signal in the following manner: this
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residual signal is integrated twice and then-zero-
centered by applying a fifty-point moving-
average filter. To discriminate the open and
close phases, a threshold is set at 25% of the
dynamic range over the minimum. This method
is exemplified in figure 2.

3.2. Polynomial interpolation.

We use a simple 6th-order polynomial
waveform model to represent the derivative of
the glottal volume velocity waveform [5] as
shown in figure 3. This function is obtain by
direct integration of the residual and high pass
filtering to zero-center the resulting signal.
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Figure 3. Polynomial approximation of the residual
integral (6th order).

This polynomial is obtained by curve fitting in a
least square sense. The pitch marking now is
critical: the smooth polynomial function can not
follow the sharp negative peaks due to glottal
closure, so, a fine tuning or readjustment is
needed to exactly synchronize the pitch marks
with the most negative sample. ’

4. EXPERIMENTS

The experiments were carried out on two typical
Spanish sentences, one with the presence of nasal
sounds and another one more phonetically
balanced, uttered by two speakers, one male and

one female.

The sequence -of experiments is the following:
first, the synthetic signal obtained using the first
source model is improved by period-by-period
equalization  of the synthesized speech as
compared to the original speech, then, the second
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source model is used in the same experiment,
third, we equalize the synthetic signal of the
second model, and forth, to reduce the bit rate, a
segmentation is performed whereby for every
segment we use the same excitation and
equalization parameters.

4.1. Equalization of the synthesized
waveform to the original speech by adaptive
filtering

An optimum Wiener filter (FIR) is calculated and
used on the synthesized speech to improve the
final quality at the output. This is equivalent to
adaptive filtering because the optimum filter
changes with each period. The order of the filter is
fixed (between 30 and 50), and determined
heuristically.

The LPC filtering and FIR filtering steps can be
interchanged so the effect is that the FIR filter is
modeling the stochastic part of the excitation,
completing the KLGLOTT88 source model. This
last configuration is preferred because the LPC
filter can smooth the discontinuities originated by
sudden changes in the equalization coefficients.

Different  equalizer  coefficient  calculation
algorithms (LMS, etc.) were implemented with no
further improvements.
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Figure 4. The residual signal and its approximation
prior to gain correction.

4.2. Polynomial modeling of the excitation
signal

In a period-by-period basis, the integral of the
residual signal is modeled by a polynomial
obtaned by a curve fitting procedure, as
explained before. A similar approximation of the
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excitation signal was used in [6] where the
polynomial coefficients were normalized and
quantized.

In our case the coefficients are not normalized but
we still have to apply a gain equalization on the
output since the energy of the synthetic signal
does not match the original. This results from the
fact that the smooth excitation signal has a
different (generally lower) energy content, even
when the two functions look very similar as
shown in figure 4.

4.3. Polynomial approximation and adaptive
waveform equalization

In this case we apply the Wiener adaptive filter to
the signal synthesized using the polynomial
approximation of the paragraph 4.2 to take
advantage of the higher final quality of the
adaptively filtered signal.

Again the waveform equalization filter is applied
before the linear prediction filter and gain
computing is still needed since the adaptive
algorithm needs the two signals to have similar
energies.

4.4. Segmentation of the excitation signal

The original signal was segmented using a simple
normalized measure of spectral change on the
original waveform, given by:

2208, @) ]S, @))*
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> threshold

The threshold is set as a trade off between the
number of periods included in a segment, i.e. the
data reduction, and the final quality and it is
determined heuristically. Nevertheless its exact
value does not affect the synthesized speech
quality drastically. This method allows us to
determine the width (length) of the segment of
speech that can be modeled with an unique
excitation function while maintaining a high
quality synthetic speech, which is the basis for a
significant data reduction needed to store a text-
to-speech data base in a reasonable memory
space.
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For each segment, a single period is chosen from
the middle region, (ie, away from the
transitions). The selected period is used to
compute the coefficients of the excitation
polynomial and the equalizer parameters. The
polynomial coefficients and the equalizer
parameters are repeated for every period in the
segment.

As far as the equalization parameters are
concerned, similar results can be obtained by using
the whole segment in the calculation of the Wiener
filter coefficients.

S. RESULTS

When the first method was considered the results
indicated that there was a synchronization problem
that made the adaptation step to fail, in the sense
that no big overall improvement was obtained.
Nevertheless a significative improvement was
achieved for nasal sounds where the LPC model
alone was not accurate enough.

The synchronization problem was solved when
trying to use the second method that was much
more sensitive to the exact positions of the pitch
marks. The synthetic speech obtained by this
second method lacked high frequency contents as
it was expected from the smooth characteristics of
the excitation shown in figure 4. Even with that
limitation the speech sounded very clean, and free
of artifacts.

The high frequency contents were restored when
the third method was implemented. The
equalization is powerful enough to account for the
high frequencies and extra zeros present in the
original signal. This method enjoys all the
advantages of a mathematical modeling and yields
high speech quality as far as making the synthetic
signal almost indistinguishable from the original.
This is no so surprising since there is no big data
reduction as compared to the original, but we still
have the advantage of a parametric modeling that
will allow easy fundamental frequency
modification for text-to-speech applications. This
characteristic is not present in the work by
Childers & Hu [6], since the high frequency is
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given by a CELP-like procedure and the noise
vectors can not be easily modified.

The forth method is a trade off between data
reduction and final quality. In fact, the data
reduction achieved is dependent on the
fundamental frequency of the original signal,
which is clear when comparing male and female
voices. The final quality is of course slightly
degraded compared to the last method but it is
much better than the previous ones.

The improvement in comparison with the other
methods is bigger for female voices which are
usually not well treated by LPC synthesis.

Further work considered by the authors includes
the development of a procedure for automatic
calculation of the optimal length of the
equalization filter, as well as the quantification of
the parameters of the polynomial function and the
adaptive coefficients (e.g. by vector quantization
techniques).
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