
 

  
Abstract— The goal of this study is to consider the 
instantaneous frequencies corresponding to the speech 
signal formant using the wavelet transform. The developed 
method is based on an analysis of derivative phase of the 
continuous Morlet wavelet transform coefficients. Using 
synthesized signals produced by a formant model made it 
possible to adapt this method to real speech signals and to 
determinate the instantaneous formantic frequencies for all 
the types of speech sounds (isolated vowels, syllables and 
words). Results are satisfactory and join those obtained by 
other researchers in the field (who were interested 
especially in isolated vowels). 

 
Index Terms— speech signal, instantaneous frequencies, 

formants, complex wavelet, phase derivative. 

I. INTRODUCTION 
Formants are the maximum energy of instantaneous 

frequencies of speech signal. They are basic components 
of coding, recognition or synthesis systems of signals. 
They can also be useful for specialized applications as 
assistance to  medical diagnostic  (for larynx pathologies 
: by speech signal analysis ). Considering their growing 
importance, the formants are the subject of many works. 
The difficulty in formants calculation is related mainly 
to none stationnarity of the speech signal. Time-
frequency representations (like continuous wavelet 
transform) made formidable great strides these 30 last 
years with the very fast evolution of computers 
calculation capacities. These representations are adapted 
to signals presenting frequential contents which vary 
during time (what is the case of the speech signal). 
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They provide a joint representation in time and 
frequency, contrary to the Fourier transform   who 
represents in only frequential form the contained 
information in signal temporal , from where the 
disadvantage of  loss of  events chronology . Wavelets 
transform takes up same idea as the Fourier transform by 
adopting a multi-resolution approach: if we look at a 
signal with a broad window, we will be able to 
distinguish from the coarse details. In a similar way, 
increasingly small details could be observed by 
shortening the window size. Wavelets analysis objective 
is thus to carry out a kind of adjustable mathematical 
microscope. In this study, we developed a determination 
method of instantaneous variation of a speech signal 
formantic frequencies based on complex continuous 
wavelet transform. The method principle is the phase 
exploitation of coefficients transformation for the 
instantaneous frequency extraction by using an 
analytical complex continuous wavelet transform.  The 
application of this method to the speech signal is carried 
out by taking account of the acoustic characteristics of 
this signal. 

We proceeded in first to the adjustment of method 
parameters   starting from three vowels (/a/, /i/, /u/) 
obtained using a formants synthesizer, then we widened 
the application to real speech signals (isolated vowels, 
syllables and words). The results represented on a 
spectrogram were compared with those obtained using a 
traditional method (LPC). They were considered to be 
satisfactory. 

II. ANALYTICAL SIGNAL AND 
INSTANTANEOUS FREQUENCY  

The analytical signal concept was posed by Ville in 
1948 [13] with an aim of defining the instantaneous 
frequency. The analytical signal is a complex signal 
associated with a real signal. It has interesting 
properties, in particular with regard to its Fourier 
transform, which is null for the negative frequencies.  
An analytical signal z(t) can be calculated starting from 
the Hilbert transform [11] of a  real signal x(t) such as: 

 
 
                                                                              (1) 
 
zx(t) = x(t) + iH(x(t))  with H(x(t)) the Hilbert 
transform of x(t) : It is possible to define [6], starting 
from the analytical signal an instantaneous frequency 
fx(t) [4], where zx(t) is an analytical signal 
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III. MORLET CONTINUOUS WAVELET TRANSFORM 

A. The continuous Morlet wavelet  
The complex continuous Morlet wavelet transform also 
makes it possible to define the concept of the 
instantaneous frequency, when one employs an 
analytical wavelet [7]. This is why we choose the 
complex continuous Morlet wavelet like mother 
wavelet. The latter is an analyzing wavelet for small 
oscillations (a centre frequency FC: around 1Hz). 
Moreover, it is very quite localized in time (between -4 
and 4s) and in frequencies (a peak around 0.8 Hz). What 
makes of it very a good candidate for the analysis of the 
speech signal. The Morlet wavelet is inspired by the 
elementary Gabor signal.  It is obtained by modulation 
of a Gaussian. It is given by the following relation [3] 
 
                                                                                                
                                                                                      (3) 
                                                                 
                                                                                       
Where: C: factor which makes it possible to standardize 
energy. 
ωc=2πFc (Fc : is the wavelet centre frequency )  
 σt=(1/(2πσf) (σt σt is the  standard deviation of  Gaussian 
and 4σt is the effective wavelet duration and 4σf its 
band-width). 
The product ωcσt fixes the bond between the width of 
the wavelet Gaussian envelope and its oscillation 
frequency FC [8]. To have a wavelet family, the product 
must be constant. For the Morlet wavelet, this last must 
take rather large values (ωcσt≥ 5 in practice). 
For low oscillations: ωc = 2πFc=5.486 rad/s were 
Fc≈0.8Hz. One usually uses for ωc values: 5≤ ωc ≤6. 
Then for  Fc : (0.8≤ Fc ≤1) Hz [3] 
 

B. The wavelet transform 
Compared to the Fourier transform, the basic idea of the 
wavelet transform is to break up a signal x(t) according 
to another base that of the sinusoids, each wavelet basis  
having particular properties which guide its use for the 
type of problem arising. Signal x(t) thus will be broken 
up on a functions family relocated and dilated starting of  
a single function ψ (t) called wavelet mother. The family 
puts itself in the form [3 9 12] 
                                                                                  (4) 

 
 
and is  called wavelet analyzing, with "a" parameter of 
dilation or scale parameter, defining  the width of the 
analysis window  .  
The variable “a” cheek the role of the opposite 
frequency: more "a" is weak less, the wavelet analyzing 
is wide temporally, and therefore more the centre 
frequency of its spectrum is high. The parameter “b” is 
the translation parameter locating the wavelet analyzing 
in the temporal field. The Modification of  "a" and "b" 
allow to have wavelet at the desired frequency and the 
desired moment. By noting ψ * (t) complex combined of 

ψ (t), the wavelet Transform of signal x (t) is defined by 
[3 9 12] 

                                                                                     
                                                                                  (5) 

 
This analysis makes it possible to locally describe the 
contents of x(t) in the vicinity of (a, b) in the time-scale 
plan. It indicates to us relative importance of the 
frequency 1/a around the point b (or at the moment b) 
for a signal x(t). Thus, if x(t) vibrates at a frequency 
definitely less raised or, on the contrary, much higher 
than 1/a, the module of the wavelet transform coefficient  
will be very small and almost negligible. It becomes 
consequent only if the signal contains a component of 
this frequency at the point considered. The coefficients 
of the wavelet transform are thus a way of locating with 
precision the appearance of a frequency given to one 
moment given in a signal. This decomposition is 
function of two variables "a" and "b" and evaluates the 
relevance of the use of the wavelet in the description of 
x(t) 

IV. METHODOLOGY 

The implementation of the method was made in Matlab 
language, by taking account of the mother Morlet 
wavelet parameters quoted in part III.A. We started by 
validating the method for a theoretical signal then we 
passed to the application on a speech signal 
 

A.  Application on a theoretical signal 

We chose a signal x(t) composed of 3 sinusoids such as:  
x(t)= 5sin (2π*300t) + 10sin (2π*2000t) + 15sin 
(2π*3500t) 
 The scales were selected so that they cover the required 
frequencies: 2 wavebands:  [200, 1500]; [1400, 5000].  
Product values ωcσt≥ 5 like known in the literature.  
We calculated the module of the wavelet transform 
coefficients (amplitude of the module according to the 
scales).   
The result obtained is illustrated in fig.1. The 
instantaneous frequencies are estimated by the 
maximum of the module of the coefficients of the 
wavelet transform as specified of Fig.1. We locate then 
the scales which correspond to maximum of the module 
of the coefficients. 
We calculate the frequencies by deriving coefficients 
phase of the wavelet transform which corresponds to 
these scales compared to time: (figure2). These last 
correspond well to the frequencies of signal x(t) (relative 
to each peaks of the module: max1, max3, max3) : 
F1=500Hz, F2=2000Hz et F3=3500Hz. Those can thus 
be used for a first estimate of instantaneous frequencies 
signal. Fig.3 represents the energy of one of the 
frequencies of Fig.2. In fig.4, we have maximum 
energies of the frequencies obtained of Fig.3 
(represented on the spectrogram of signal x(t)), 
correspondents well at the frequencies of signal x(t). 
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2) Application method for real speech signals 
On the basis of couple of parameters obtained for 
synthetic speech signals, we applied the method to real 
speech signals (vowels, syllables and words) and we 
represented the results on the spectrogram relative to 
each sound (Fig 6, 7, 8) 

 
 
 
 
 
 
                                                       
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 

Figures 6. Case of the real isolated vowels: /a/, /i/, /u/. On the left, with 
wavelet transform and on the right, with the LPC (software Winsnoori) 
 
/sa/ 

 
 
 
 

          
 
 
/ka/ 
 
 
 
 
 
 
 
 
 
/yu/ 
 

 
 
 
 
 
 
 
 

Figures 7. Case of real syllables On the left, with wavelet transform 
and on the right, with the LPC (software Winsnoori) 

         /men/                            
 
 
 
 
 
 
 
 
 
/aʕila/                                
 
 
 
 

  
 
 
 
 
 
 
 

Figures 8.  Case of  Arabic   words. On the left, with wavelet transform 
and on the right, with the LPC (software Winsnoori) 

 
 

V. CONCLUSION 
 

This study showed that the continuous complex wavelet 
transform of a speech signal can make it possible to 
estimate the frequencies of the formants, when the 
parameters of the transform are quite selected. Indeed, 
the values of the product ωcσt obtained for the analyzed 
sounds (isolated vowels, consonants, syllables and 
words) made it possible to obtain satisfactory results and 
join those obtained by another researcher for isolated 
vowels. The difficulty of this method lies in the choice 
of these parameters like all the other methods of 
formants detection; however, it has the advantage be 
applied directly to non-stationary signals. In addition, 
we noticed the appearance of additional points to those 
of the existing formants on the various figures of the 
results presented for the case of real signals. We think 
that this problem can be related to the presence of other 
frequencies in the speech signal (harmonic noises and 
frequencies, aspiration,…) which energy is important 
and detected by our method. 
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