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ABSTRACT

A speech signal pitch analyser based on the
wavelet transform is proposed. The pitch period estimation
is realized both with a time and a frequency domain method.
We describe part of the analyser using the accurate
resolution of the wavelet transform in the low frequencies.
The use of progressive wavelets allows to extract from the
complex wavelet coefficients information given with a
phase and a modulus, like Fourier coefficients in the short-
time fourier transform. The instantaneous frequencies
calculated from the low frequency channels of the wavelet
transform ( 50 to 500 Hz ), give an estimation of the
Jfundamental frequency of the speech signal or one of its
harmonics during the voiced segments. The paper closes
with some results wich confirm the validity of the method.

1. INTRODUCTION

In the field of speech processing, pitch
determination is certainly one of the most difficult task to
realize. Also, many works have been proposed to solve it.
The solutions are for most of the part compromises beetween
computationnal considerations and efficiency of algorithms
used. Both time-domain and frequency-domain methods are
presented in [1]. The frequency-domain methods like the
harmonic product method require the calculation of a Fast
Fourier Transform. Pitch extraction is realized by using
only the amplitude of the coefficient of the transform.

In short-time Fourier analysis- synthesis of speech,
phase information is an essential parameter [2]. On the
other hand, the narrow-band spectral analysis of a signal
carries informations about its periodicity. This subject is
developped in [3]. For an analytic signal, J. Ville introduce
the parameter of instantaneous frequency as the first order
time derivative of its phase. In speech processing, some
applications derived from this definition have been proposed
[4](5]. In [6], a pitch determination algorithm using the
instantaneous frequency distribution of speech signal is
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proposed. The distribution is then calculated from the short-
term phase spectrum of the signal.

Among the time-frequency representations of a
signal, the wavelet transform belongs to analysis with
relative constant frequency resolution. It means that the
wavelet transform has an accurate frequency resolution in a
low frequency range. Therefore, this property can be
exploited to estimate the pitch information of a speech
signal.

In this paper, we describe a pitch determination
algorithm using the phase information of a progressive
wavelet transform. A brief sum up of the wavelet transform
and its main properties is made in section 2. Section 3 is
devoted to the interpretation of phase spectrum computed
with the wavelet transform on a speech signal example. The
pitch determination algorithm is explained in section 4. At
last, results and comments about the method are given in
section 5.

2. THE WAVELET TRANSFORM

Wavelet analysis is a tool wich allows
decomposition of any signal on a basis of functions well
localised both in the time and in the frequency domain. The
basic ' functions are obtained throughout translation and
dilation and the time domain of a unique function called
analysing wavelet [7]:
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b is the time translation parameter and a is a scale parameter.
The @ function is subject to an admissibility constraint to be
an analysis wavelet. More precisely, its power spectrum must
be nul at the origin and it has to decrease fast toward infinite
[8]. In order to obtain a phase information, we use a wavelet
transform with analytic wavelets as:

(1) = A(t)e™ )
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A(t) is an enveloppe function with a spectrum
centered in 0. Functions @ ,,(f) generated by the

analysing wavelet ®(¢) are written:

1 t-b -2
q’a,b(f)=—;A(—a—)e ., 3)
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Modulus Fourier transform of functions ® ,,(#)

has the shape of a passband filter, with a maximum at the
frequency f,, equal to @/a. Wavelet coefficients results

from the decomposition of a signal on the wavelet @ (7).
Let C,, the wavelets coefficients obtained through function
® (), we can write [8] :

1 F .
Coo = j (OO, (Hd @
a
In the frequency domain this relation is then:

C,, =va J' dav)s(0)e™do 6
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where @ and s denotes the Fourier transforms of @ and s.
Now we consider the exemple of a sinusoidal signal

s(t) = Acos(w,t + @), we can then write:

C,, =a4 (/i)(awl )e®?e® (6)

If we consider now C ap @5 continuous function of time b,

with a constant, its first derivative relatively to b parameter
has an interpretation in terms of instantaneous frequcncy of
the signal C,, attimeb.:

2
28Cp)=0 O

2. PHASES SPECTRUM OF THE WAVELET
TRANSFORM

The figure 1 shows the wavelet transform of a signal
where only phase of the wavelet coefficients has been
computed. The signal is a voiced segment extracted from a
french sentence pronounced by a male speaker. The duration
of the segment is 65 ms. The spectrum of the signal is shown
on fig. 2. The analysing wavelet is a sinusoid with a hanning
window enveloppe function. A linear frequency scale and a
constant time-step has been choosen to compute the picture.
Phases are given with black dots when their values reaches

EUROSPEECH 93, Berlin, Germany, September 1993

the interval [O, 7r] and with white dots for all other values.

In the following, we call a channel, the set of coefficients
computed at a same scale a. For a given wavelet, the
frequency associated to a channel is those equivalent to the
scale parameter a. We can make the following observations:

1) A periodic repetition is clearly noticable in the
channels of wich frequency is nearby an harmonic of the
signal,

2) These channels are also characterized by alternate
black and white lines with equal length.

3) Channels with adjacent periodicity are clustered
around the harmonics of the signal. The above remark is
particularly true for the first harmonics.

4) The phase curves of channels belonging to a same
cluster are synchronous each other.

The first remark traduce the phase rotation of the
wavelet coefficients in a channel. The second remark means
that phase has a linear behaviour in the considered channel.
Let C,, asignal function of time b with scale a constant,

C,, is clearly a narrow band signal when the observations

1) and 2) are satisfied. The instantaneous frequency derived
from C,, in the above conditions leads to the fundamental

frequency of the signal s(t) or of one of its harmonics. The
third observation means that the frequency of an harmonic
can be evaluated in a frequency range as wide as pitch signal.

3. DETECTION OF THE FUNDAMENTAL
FREQUENCY f,

The application of the previous results is realised by
an algorithm whose heart is constituted by a function which
computed instantaneous frequency estimated from the
wavelet coefficients. The allgorithm contains three modules.
First of all, an exploration of the signal in a frequency range
located beetween 50 and 500 Hz is made in order to detect a
channe] where phase can be used to obtain information about
periodicity of the analysed signal. In the second modules, a
criteria wich takes in account phase evolution and also
modulus in a detected channel makes an harmonic detection.
The instantaneous frequency computed in the same channel
is affected to this harmonic criteria is satisfied. The last
module makes the determination of the order of the detected
harmonic, and lead to the estimation of the pitch value.

Let f, the mesured intantaneous frequency in a

given channel, its requires to compute two complexes
wavelet coefficient a the same scale, and deduce their
respective phase:

- arg(C, .., ) —arg(C,,)
24T

fi @®)
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The lenght 1 is choosen to be smaller than a period
corresponding to the scale a. ( see in the aboves paragraph
the equivalence beetween scale and frequency ). The phase
difference given in (8) can be calculated from real and

imaginary part of the wavelet coefficients C,,,, , and
C,,, respectively: X(k),Y(K),X(kH-1),Y(k+l-1)..We can

a,

also derived the following relations:

arg(C,,) = arctg(%;-) ©)

174 1

—o;t—arctg(t)z i F (10)
we obtain:
fi:Y(k+l—1)X(k)—Y(k)X(k+l—1) an

(X2 (k) +Y*(k)).24T,

T, is the sampling period. We must also have a

measure of the linearity of phase in a detected channel. It
can be achieve by computing several value of instantaneous
frequency in the neighbouring of index k. A variance and an
average frequency are calculated from this values. Following
this results, an estimate of the harmonic frequency is
affected to the detected channel.

4. RESULTS

Usually, a pitch determination algorithm is
constituted by three components. A preprocessing module
wich effect either a transformation of the signal toward
another domain than time-domain, or a reduction of
information by an appropriate coding. A pitch extraction
module. Then a postprocessing module wich rectify if
necessary aberrant values given by the extraction module.
Following this diagram, the wavelet transform partially
compute on the speech signal is the transformation of the
first stage. The pitch extraction module is the ones that is
detailed in the third section of this paper. However, the
present algorithm has no postprocessing stage. So, all
results are shown as unrefined data.

The above-presented pitch determination algorithm
is evaluated by a french database. All signals have been
sampled at 10 kHz. The database contains 8 male and female
speakers. Each speaker has recorded 20 sentences. The
sentences stem from the Combescures ' corpus [9]. We have
notice that the algorithm works good in most of part of the
corpus. Figures 3 shows pitch contour obtained with the
present algorithm. Voiced segments has been demarcated
with vertical lines. This curves illustrates some cases where
the algorithm has failed. We can see on the figures that the
pitch detection is not performed at the beginning of some
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voiced segments. Indeed, the initial value of pitch estimated
at the beginninng of a voiced segment depents on the wavelet
coefficients computed in the neighbouring of an abrupt
changes of the signal. So, edge effects can affect the
instantaneous frequency extraction and lead to wrong values
of pitch.

5. CONCLUSION

We have presented a method for the determination
of the pitch of a speech signal. This method lies on harmonic
detection realised by using the phase information obtained
with a wavelet transform. In order to get a phase
information, the wavelet transform is computed with an
analytical analysing wavelet. The choice of wavelet
transform is justified by its time-frequency properties: a
frequency resolution wich increase in the low frequencies,
also, a time resolution wich increase in the high frequency.
Our method does not requiered the computation of the entire
wavelet transform of the signal but only in a frequency
range corresponding to the speech fundamental frequency
range, about 50 to 500 Hz. Therefore the computationnal cost
of this method is not high. The results have shown that our
method provided an accurate estimation of the pitch. The
algorithm has failed in some cases where its initialisation has
not been achieved, mainly at the beginning of the voiced
segments. However, there is no pre and post-processing of
the pitch information in the present version of our device.
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Fig 1: Phase spectrum of the wavelet transform obtained with a voiced speech segment. The average ptitch is 117 Hz.
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Fig 2: F.F.T spectrum applied to the above signal. Window lenght is 72 ms.
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Fig 3: Pitch contour obtained with the pitch determination algorithm. the signal is a french sentence pronounced by a female
speaker.
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