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ABSTRACT

In this paper, a fully automatic pitch synchronous
method to derive the voice source characteristics
starting from the speech signal itself, and fitting
them to a parametrized model, is presented. It does
not require additional signals for the closed-phase
alignment, like the ECG, and uses a fitting proce-
dure that guarantees a good convergence. Further-
more the method seems to work reliably even for the
closed phase where the analysis interval becomes
short. For the automatic finding of the glottal clo-
sure instants the method uses a modified version of
a previous epoch-detection method. This modifica-
tion consists of the application of linear detectors to
improve performance and reliability mainly in the
high-frequency energy speech signals. The method
does not require user interaction during the analysis
execution. In addition, the required computational
load permits its intergation in a personal computer
environment.

1.INTRODUCTION

The air flow through the vibrating vocal folds, the
glottal pulse, serves as the excitation of the speech
production mechanism. Hence, in the analysis of
speech the role of the glottal flow is of great impor-
tance. Modern TTS systems produce speech that is
intelligible but not quite natural. This lack of natu-
ralness is at least in part due to the absence of ade-
quate voice source control [1]. In addition exact
knowledge of the source variation will lead to the
development of systems with the capability to alter
voice output characteristics, thus able to adopt spe-
cial speaker characteristics and various speaking
styles [2]. However, the most sophisticated voice
source model will not improve speech quality if it is
not controlied by the right rules. These rules on the
other hand, cannot be derived without the analysis
of a large amount of data on the behaviour of the
voice source in natural continuous and spontaneous
speech. This is necessary, because it is difficult to
extrapolate from data acquired from sustained iso-
lated sounds to rules for continuous speech.
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The glottal flow signals can be approximated start-
ing from the acoustic speech signal, via inverse fil-
tering. Inverse filtering and model fitting could in
principle be done interactively. However, interactive
measurements would take an inordinate amount of
time and are difficult to reproduce. In addition, even
though inverse filtering has become a widely applied
analysis procedure, it has some drawbacks. The
main problem is the automatic finding of the closed-
phase intervals and the fitting of a parametrized
model to the final glottal flow estimation. In this
paper, a fully automatic pitch-synchronous proce-
dure to derive the voice source parameters from
source model fitting, starting from the speech signal
itself, is presented. Contrary to other develloped
techniques, like the ECG [3][4], it does not require
additional signals for the closed-phase alignment,
like the ECG, uses a fitting procedure that guaran-
tees a good convergence and seems to work even for
the closed phase in which the analysis interval be-
comes short.

2.THE METHOD

The presented method uses a closed-phase interval
detection algorithm, a pitch synchronous inverse
filtering technique and a iterative searching proce-
dure for fitting the LF-model of the source to the
inverse filtering results. The block diagram of the
method is presented in Figure 1. The complete sys-
tem consists of four modules: a) The Closure Glottal
Instants detection algorithm, which provides the
necessary pitch markers for pitch-synchronous
analysis, b) The Closed-Phase Formant Estimation
module, which performs the LPC-modelling of the
speech signal, during the glottal closure interval, c)
The inverse filtering module which gives an esti-
mate of the glottal flow and d) The Parametric
modelling of the voice source approximation. The
output of the system are the source parameters, the
closed-phase formant estimates and the pitch.

2.1.The closed phase analysis

This analysis is based on an algorithm for the glottal
closure determination and a searching algorithm for
finding and modelling the closure interval. The first
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Figure 1. The block diagram of the method
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Figure 2. The block-diagram of the CGI-detection
algorithm

algorithm is a modified version of the method for
the determination of the closure glottal instants
(CGI’s) via epoch extraction, proposed by (Cheng &
O’Shaughnessy, 1989)[5]. The modified version is
based on the maximum-likelihood epoch determina-
tion as the basis to locate CGI’s and an application
of a linear detector to improve perfomance and reli-
ability. If we assume that the speech signal within a
period is induced by a pulse at one epoch (or by an
event) the wavelet corresponding to this epoch can
be expressed as:

(
liais(n~i) 0<n<oo
i=1

s(n) = l| G n=0

[ 0 otherwise
where
G is a constant and
p is the order of the polynomial.

It is evident that there is a unique discontinuity in
the wavelet at the epoch because the autoregression
process is continuous throughout without input.
Generally, we define this epoch as a representation
of the glottal closure instant (CGl), because the CGI
induces the sound vibration and introduces most of
the energy within each period. So, the position of
the epochs or the CGI’s can be defined through the
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Figure 3. The performance of the CGI-detector

maximum likelihood estimation of the difference
between the observed signal and the wavelet. It is
proved [5] that this final decision signal f(n,) is in
fact a cross-correlation function between the speech
signal s(n) and the wavelet :

N1
f(n,)= Z s(n+ n,)s(m)

n=0

The estimation of the wavelet’s autoregressive pa-
rameters can be based on an autocorrelation LPC
analysis. However, the decision signal includes not
only a strong and sharp epoch pulse, but also a set
of weaker pulses which represent the suboptimal
epoch candidates within a period. Their energy de-
pends on the noise present in the signal. In order to
be able to make an accurate decision the peak-
picking algorithm uses a linear detector that sup-
presses the subpulses and indicates the position of
the right peaks, through a signal smoothing. The
output of the linear detector E(n) of a signal x(n)
can be expressed as:

2
E(nm)=

> x(n - k)h(k)

where
h(k) is the impulse response of a linear band-
pass filter.

However, this signal cannot be used for the CGI’s
determination due to local perturbations and peak-
shifting caused by the detector. Instead, it can be
used as a reference, providing search intervals for
the right peaks in the decision signal.

A simple zero-crossing counter and an energy
threshold are used in the final stage for a
voiced/unvoiced decision. Figure 2. shows the block
diagram of the CGI-detection algorithm and figure 3
the speech signal, the decision signal and the output
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Figure 4. The closed-phase formant estimates

of the linear detector together with the final selected
peaks.

Having found the CGI’s points, the analysis window
and its length, must be determined. For this reason
and in order to avoid any misplacement due to errors
in the CGI’s position, a searching procedure for
finding the optimal window analysis, is used. The
closed-phase interval is found using a normalized
residual minimization. A window with a variable
length between 2p and 2p+p/2 (where p is the order
of the LPC polynomial) is shifted between two se-
quencial CGI points, sample by sample and the
normalized residual error of the covariance method,
is calculated. This error is given by:

Lmime(n)z th i(s(n) +a,s(n— k))2

n=1 n=l k=1
NE = Length = Length
Y s’ Y s’
n=1 n=1
where

s(n) is the speech signal,

e(n)  is the residual,

ay are the LP-coefficients and

Length is the window analysis length in samples.

The window corresponding to the minimum error is
assumed to be positioned inside the closed-phase
interval and can be used for the estimation of the
vocal tract characteristics. For the estimation of the
LPC-model the signal is preemphasized with a factor
of 0.95.

2.2.Inverse filtering

The procedure of the inverse filtering is accom-
plished pitch-synchronously, using the determined
CGl-points. The optimally positioned windows, are
modeled with the LPC-covariance method and the
corresponding polynomial is solved for the calcula-
tion of the formants and their bandwidths. The co-
variance method is used because of the short analy-
sis length (24-32 samples for 8 kHz sampling fre-

quency).
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Figure 5. The estimated glottal flow and the fitted LF-
model

Spurious formants are removed and roots from in-
stable filters are reflected inside the unit circle by
replacing them with their complex reciprocal. Con-
tinuoum formant tracks, are preserved by a dynamic
programming technique. This is necessary because
any discontinuity may cause instability at the inverse
filter, producing large clicks in the estimated glottal
flow signal. Figure 4. shows an example of the
closed-phase formant estimations from a natural
speech signal.

The formant and bandwidth values are stored and
used for inverse filtering of the signal through an
all-zero filter. In case that the analysis window
length is close to 2p, that is the closed-phase interval
is too short, the filtering is done in two steps, with a
small LPC-order each time, for the refinement of the
final wave. In this way the formant cancelation is
done gradually and more accurately, providing a
reliable source estimation, even when the closure
interval is too short. A detailed description of the
iterative inverse filtering can be found in [7].

2.3 Fitting the LF-model

For the automatic fitting of a glottal waveform
model to inverse filtered flow signals a pitch-
synchronous procedure is used. For the reliable
definition of the periods, CGI-points from the previ-
ous analysis and the minima of the derivative dUg of
the glottal flow are used, because these points can be
located most reliably. The procedure can use any
parametric model, but the LF-model was chosen
because it is commonly accepted as realistic. The
LF-model is defined by four parameters: The mini-
mum value E., the period T, the time of the mini-
mum dUg, T, and the time of the zero-crossing Tp.
The minimum value E. is determined from the local
minima in the inverse filtering waveform along with
the value of the period T,.. The determination of the
other two parameters is done in an iterative way. All
the possible combinations of these two parameters
along with a dc-offset are tried and the normalized
quadratic error between the estimated parametric
model and the measured signal is calculated. The
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parameters that corespond to the model with the
minimum error energy are selected and stored. If
this energy exceeds a prescribed threshold the fitting
is said to be unsuccessful and the parameters are
zeroed. In figure 5 an example of the result of the
automatic fitting procedure is presented. We decided
to follow this approach since it avoids the problems
related to least-square optimization techniques, like
the appropriate selection of the initial estimates and
falling in to local minima without convergence [6],
and gives an acceptable estimation in all the cases,
against an increase of the computational cost.

3. EVALUATION

Evaluation tests with synthetic speech signals have
shown that the modelling is highly accurate when
the inverse filtering is perfect. Furthermore, experi-
ments with natural speech signals show that good
approximations of LF-parameters are obtained as
long as the waveshape of the inverse filtered glottal
flow signals does not deviate too much from the
ideal model.

For the validation of the method a set of synthetic
stimuli were generated, by means of a cascade pole-
zero formant synthesizer excited by the parametric
LF-model of voice source. The non-linear interac-
tion between source and vocal tract was not imple-
mented in the used synthesizer. Different vowel-like
signals with variable LF-parameters were created
and analyzed with the above procedure. The average
perceptual error (APE), as proposed in [6], was used
as an evaluation criterion. The error for each source-
parameter was calculated period by period, by com-
paring the estimated value with the input value:

PE=( l Pest-Pinp I/ Pinp),

Then averaging over all pitch periods was applied to
get the final APE. The results for each LF-parameter
are presented in table 1.

The results have shown that the method succeded to

Table 1. The estimated APE for each source parame-
ter, using the presented method

LF-Param. E. T, T, T,
APE 1.7 1.95 2.3 4.1

model correctly and recover the source characteris-
tics with a high accuracy in the artificial signals,
validating its use as a tool for source analysis.

Furthermore, the presented method was tested in the
analysis of natural speech signals. To evaluate its
performance in this kind of signals, the analysis re-
sults were used to regenerate a synthetic immitation
of each signal and which was compared to the origi-
nal. The signals were recorded in an anechoic cham-
ber and sampled at 8kHz. The synthetic versions
were generated with the same pole-zero formant
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synthesizer as above. Preliminary subjective listen-
ing tests, have reveal that the synthetic signals are
very close to the originals preserving the acoustic
information about the speaker characteristics and
speech quality. An example of this procedure is pre-
sented in figure 6, where a natural speech segment
along with its synthetic reproduction are shown.

UVISURL ANALYSIS OF SPEECH SIGNALS

<e> MEL-ParRas

Simest From £iiws o Y

Natural speech signal

Figure 6. Application of the presented analysis on
natural signals. On the top: segment of natural speech
signal and on the bottom: its synthetic reproduction

Future work will be concentrated in the improve-
ment of the method concerning the procedure of the
inverse filtering and its use in studying and model-
ling the speaker characteristics in the context of
speech synthesis.
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