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Abstract-A novel technique based on the continuous wavelet 

transform (CWT) is presented for analysis of multicomponent 
amplitude and frequency modulated signals. In the process, the 
multicomponent signal is decomposed in its constituents on the time-
frequency plane and the analysis is carried out on individual 
components. It is demonstrated that the separation of components for 
analysis brings many advantages in the proposed method, viz., simplicity 
in procedure, and noise immunity. The developed technique is employed 
for analysis-synthesis of speech phonemes. 

I. INTRODUCTION 

A variety of signals encountered in real life are multicomponent signals, 
where each component follows some characteristic amplitude and frequency 
(or phase) modulation laws [1]. The analysis of such signals involves 
estimation of the amplitude and frequency functions of each component of 
the signal. 

Among the nonparametric approaches, there are several methods based 
on the energy operator, the Hilbert transform [2], or the Wigner distribution 
[3], which can estimate the time-variant amplitude and frequency functions 
of a monocomponent signal. However, the methods often fail for a 
multicomponent signal due to presence of cross terms. The parametric 
approach of analysis of a multicomponent signal often requires optimization 
of a multivariate cost function [1], and the analysis may become inaccurate 
in presence of noise [4]. 

In this paper, we present an intelligent method based on the continuous 
wavelet transform (CWT) for analysis of a multicomponent signal [5]. The 
underlying principle of the proposed method is as follows: The time-
frequency representation (TFR) of a multicomponent signal as obtained by 
the CWT shows that the signal energy tends to concentrate in several regions 
in the time-frequency plane [6]. Each such region of energy concentration 
can be treated as a component of the composite signal, and each component 
is characterized by instantaneous frequency (or phase) and amplitude 
functions. It is the purpose of this paper to develop a procedure to analyze 
each component of the composite signal independently, and to extract its 
instantaneous frequency and amplitude functions. In the following sections, 
we present a method based on the CWT for analysis and synthesis of 
multicomponent signals, where the analysis is carried out by first separating 
each component on the time-frequency / time-scale plane. 

For illustration the proposed method, we consider speech signals which 
can be represented by the sum of complex amplitude modulated (AM) and 
frequency modulated (FM) sinusoids corresponding to voiced and unvoiced 
phonemes respectively [7-9]. The nonlinear problem of estimation of the 
frequency parameters of the multicomponent signal turns out to be a simple 
problem when each component of the signal is separated on the time-
frequency plane. The approach of separation of components of a 
multicomponent signals brings many advantages in the process of analysis as 
explained in the sequel.  

II. CONTINUOUS WAVELET TRANSFORM 

Let the analytic signal ( )s t  be expressed as 

( ) ( ) exp( ( ))
s s

s t A t j tφ=    (1) 

such that, ( ) 0sA t ≥  and ( ) [0,2 )
s

tφ π∈ . It is assumed that the 

signal is asymptotic with the condition 

1s s

s

d dA

dt A dt

φ
>>  ,   (2) 

which essentially means that the signal is oscillating due to the 
phase term [6]. The instantaneous angular frequency ( )

s
tω  is 

defined by 

( ) ( ( ))
s s

d
t t

dt
ω φ=    (3) 

It is assumed that the signal is locally monochromatic, i.e., ( )
s

tω  

varies slowly with time. One can estimate the instantaneous angular 
frequency (and analytic amplitude) of the signal when the above 
assumptions are valid [10]. 

The CWT of the signal ( )s t  having finite energy is defined as 

follows: 

,( , ) ( ) ( )
s b a
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∞

∗

−∞
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� �
 is a dilated and shifted version of 

( )tψ , a  is the scale parameter and b is the time parameter. It is 

assumed that the wavelet satisfies the admissibility condition, that is, 

2

( )
da

c a
a

ψ ω
∞

−∞
= Ψ�    (5) 

is a nonzero finite constant [6,11]. 

For the analysis of a real signal, we use an analytic wavelet ( )tψ  

of the form  

( ) ( ) exp( )t g t j tψ ξ=    (6) 

where ( )g t  is a real symmetric window function [11]. 

The choice of an analytic wavelet allows us to work essentially 
with the analytic signal associated with the real signal [10]. The 
Fourier transform of the wavelet ( )tψ is related to Fourier transform 

of the window ( )g t as shown  

( ) ( )Gψ ω ω ξ= −    (7) 

We choose ( )G ω  to be band-limited by the angular frequencyξ , 

which ensures that ( )tψ  is an analytic wavelet. Assuming that the 
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signal ( ) ( )exp( ( ))
s s

s t A t j tφ=  is asymptotic and locally 

monochromatic, the CWT ( , )
s

T b a can be derived as given by 

( , ) ( )exp( ( )) [ ( ( ))]
s s s s

T b a aA b j b G a bφ ω ω= −  (8) 

where 
a

ξ
ω =  and s

s

d

dt

φ
ω =  [11]. The normalized TFR is expressed 

as  

22

2 ( )1
, ( ) 1 s
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b
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ωξ
ξ
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� 	� �� �
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 �
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  (9) 

which attains its maximum value at the angular frequency 

 ( ) ( )
( )

s
b b

a b

ξ
ω ω= = ,    (10) 

assuming ( )G ω  to be maximum at 0ω = . The ridge of the 

transform where the TFR attains its maximum is defined by the 
time-angular frequency points ( , ( ))b bω . Thus, the instantaneous 

angular frequency of the signal, ( )s bω  is given by the angular 

frequency on the ridge. The analytic amplitude is given by 

1
( , )

( )
(0)

s

s

T b a
a

A b
G

=    (11) 

computed on the ridge. The above equation follows directly from 
(9). 

For a multicomponent signal ( )x t  expressed as 

1

1

( ) ( )

( ) exp( ( ))

M

i
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M
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x t s t
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with ( ) 0iA t ≥  and ( ) [0,2 )i tφ π∈ , the wavelet transform is given by  

1

( , ) ( )exp( ( )) [ ( )]
M

x i i i

i

T b a a A b j b a bφ ω
=

= Ψ�    (13) 

where (7) and (8) are utilized. 

Since ( )ωΨ  is maximum at ω ξ= , the wavelet transform 

modulus is localized near the M  ridges with 

( ) ( ( ))
( )

i i

i

d
b t

a b dt

ξ
ω φ= =    (14) 

where ( )
i

a b  is the scale parameter on the i  th ridge. 

 

III. ANALYSIS OF COMPLEX  AM AND FM SINUSOIDAL SIGNALS 

The complex sequence [ ]x n consisting of M  single tone AM signals 

is represented by 

1

[ ] [1 exp( )]exp( )
M

ci i i i

i

x n A j n j nµ ν ω
=

= +�    (15) 

where exp( )
ci i i

A A jφ=  , 
iA are the carrier amplitudes, 

iφ are the carrier 

phases, 
iµ are the modulation indices, 

iω  are the carrier angular 

frequencies, and 
iν  are the modulating angular frequencies [7,8]. 

We determine the carrier and modulating angular frequencies of the 
modeled signal (15) from the time-frequency plot by employing the CWT- 
based technique as presented in the previous section. The carrier amplitude 
and phases, and modulation indices are estimated next as follows: 

By utilizing the sequence { }[ ]; 0,1,..., 1x n n N= − and substituting 

exp( )i ijξ ω= , exp( )
i i

jς ν= , we form the matrix equation, 
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(16) 

which can be solved in the least squares sense to find the complex carrier 
amplitude and modulation index parameters. 

The complex sequence [ ]x n  consisting of M  single tone FM signal is 

represented by  

{ }
1

[ ] exp [ cos( )]
M

ci i i i

i

x n A j n nω β ν
=

= +�   (17) 

where exp( )
ci i i

A A jφ= , 
iA are the carrier amplitudes, 

iφ are the carrier 

phases, 
iβ are the modulation indices, are the carrier angular frequencies, 

and 
iυ are the modulating angular frequencies [7,9].  

The carrier and modulating angular frequencies of the modeled signal 
(17), together with the modulation indices are determined from the time-
frequency plot by applying the CWT-based technique. The carrier 
amplitudes and phases are estimated next by utilizing the sequence 

{ }[ ]; 0,1,..., 1x n n N= −  . We form the following matrix equation by 

substituting exp{ [ cos( )]}n

i i i i
W j n nω β ν= + , 
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which can be solved in least squares sense to obtain the complex carrier 
amplitudes. 
 

IV. SIMULATION STUDY 

For simulation we use the Morlet wavelet as given by 
2 2( ) exp( 2 ) exp( )t t j tψ σ ξ= − , with 2 1σ =  and 7 3ξ π=  [6, 

11]. The choices of  2σ  and ξ  ensures that the wavelet is 

approximately analytic and it is an admissible wavelet. The CWT is 
approximated by computing the transform for the scales chosen on a 
discrete grid. We select 32 intermediate scales over each octave 

1[2 ,2 ]k k +  , k be an integer [5]. Implementing the CWT as a 

combination of the fast Fourier transform and the chirp z-transform, 
a substantial reduction of computations is achieved [12].  

Example 1 

We consider the complex AM signal [ ]x n  as given by (15) with 

the following set of parameters: M=3, 
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1 1 1 1 1

2 2 2 2 2

3 3 3 3 3

1.0, 4, 0.35, 0.3, 0.005,

1.5, 6, 0.25, 0.5, 0.015,

1.0, 8, 0.15, 0.0, 0.000 .

A

A

A

φ π ω µ υ

φ π ω µ υ

φ π ω µ υ

= = = = =

= = = = =

= = = = =

 

The TFR of the signal as obtained by the CWT is shown in Fig. 1. 
The carrier and modulating angular frequencies of each component 
of the signal can be estimated directly from the TFR. When zero 
mean white Gaussian (ZMWG) noise is added to the signal setting 
the signal-to-noise ratio (SNR) at 10 dB and 0 dB, the TFR of the 
signal gets corrupted as shown in Fig. 2. It can be inferred from the 
figure that the estimation of frequency parameters is robust to noise, 
whereas the estimation of amplitude parameters can be degraded in 
presence of noise. 

Example 2 

 In this example, we consider the voiced speech phonemes for 
analysis and synthesis. The TFRs of the voiced speech phonemes /u/ 
and /a/ are shown in Figs. 3 and 5 respectively. The time-frequency 
plot of the corresponding phoneme reveals that /u/ has one AM 
sinusoidal component, whereas /a/ has two AM carriers and one 
unmodulated carrier. 

We separate each region in the time-frequency plane where a 
component of the signal is supported, and process each region 
masking the rest of the transform [5]. A threshold of magnitude is 
used in the TFR to suppress the effects of noise and cross terms [5]. 
Once a region is separated corresponding to a component of the 
signal, the extraction of the ridge and estimation of time-variant 
frequency and amplitude functions on the ridge can be carried out in 
a straight forward manner. 

The original and reconstructed signals for the voiced speech 
phonemes /u/ and /a/ are plotted in the Figs. 4 and 6 respectively. A 
comparison of two plots reveals that the developed technique 
together with the complex AM signal model can implement analysis 
–synthesis of voiced speech signals with reasonable accuracy. 

Example 3 

 We consider next the complex FM signal [ ]x n  as given by (17) 

with the following set of parameters: 2,M =  

1 1 1 1 1

2 2 2 2 2

1.0, 4, 0.40, 0.05, 0.02,

2.0, 6, 0.15, 0.05, 0.01.

A

A

φ π ω β ν

φ π ω β ν

= = = = =

= = = = =
 

The TFR of the signal is shown in Fig. 7. The carrier and 
modulating angular frequencies and the modulation indices can be 
estimated directly from the TFR. When the ZMWG noise is mixed 
with the signal setting the SNR-levels at 10 dB and 0 dB, the TFR 
gets corrupted as shown in the Fig. 8. It can be observed from the 
figure that the frequency parameters can still be estimated with good 
accuracy. However, the estimation of amplitude parameters can be 
less accurate in presence of noise. 

Example 4 

 In this example, we consider the unvoiced speech phonemes for 
analysis and synthesis. The TFRs of the unvoiced speech phonemes 
/q/ and /v/ are shown in Figs. 9 and 11 respectively. The time-
frequency plot of the corresponding phoneme shows that /q/ has two 
FM carriers and three unmodulated carriers, whereas /v/ has three 
FM carriers and three unmodulated carriers. 

We estimate the time-variant frequency and amplitude functions 
on the ridges of the TFR. Once a region is separated corresponding 
to a component of the signal, the estimation becomes a simple 
problem. A comparison of  original and reconstructed signals for 
unvoiced speech phonemes /q/ and /v/ as shown in Figs 10 and 12 
respectively shows that the CWT-based technique together with the 

complex FM model can effectively implement analysis-synthesis of 
unvoiced speech signals. 

V.  CONCLUSION 

   Since the TFR of a multicomponent signal shows energy 

concentration in different regions of the time-frequency plane, the 

approach based of the CWT as presented in this paper, is found to be 

a natural way to decompose a signal into its constituent components. 

The separation of component of a composite signal leads to simple 

procedure for estimation of characteristic functions of modeled 

signal. 

 

   Utilizing the approach developed here, we demonstrated the 

analysis-synthesis of speech signals which are modeled as the 

complex AM sinusoidal signal and the FM sinusoidal signal 

corresponding to voiced and unvoiced speech phonemes 

respectively. 
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FIG. 1A TIME-FREQUENCY REPRESENTATION OF A 

3-COMPONENT AM SIGNAL 
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FIG. 1B CWT MAGNITUDE  PLOT ON THE TIME-FREQUENCY 

 PLANE 

 

 

 
 

FIG. 2A TIME-FREQUENCY REPRESENTATION AT 10 dB SNR 

 

 
 

FIG. 2B TIME-FREQUENCY REPRESENTATION AT 0 dB SNR 

 

 
 

FIG. 3 TFR OF VOICED SPEECH PHONEME /U/ 

 

 
 

FIG. 4 ORIGINAL AND RECONSTRUCTED SIGNALS 

 

 
 

FIG. 5 TFR OF VOICED SPEECH PHONEME /A/ 

 

 
 

FIG. 6 ORIGINAL AND RECONSTRUCTED SIGNALS 

 

 
 

FIG. 7A TIME-FREQUENCY REPRESENTATION OF  

A 2-COMPONENT FM SIGNAL 
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FIG. 7B RIDGES OF THE TRANSFORM 

 

 
 

FIG. 8A TFR AT 10 dB SNR 

 

 
 

FIG. 8B TFR AT 0 dB SNR 
 

 
 

FIG. 9 TFR  OF  UNVOICED SPEECH PHONEME /Q/ 

 

 
 

FIG. 10 ORIGINAL AND RECONSTRUCTED SIGNALS 

 

 
 

FIG. 11 TFR  OF  UNVOICED SPEECH PHONEME /V/ 

 

 
 

FIG. 12 ORIGINAL AND RECONSTRUCTED SIGNALS 

 

 

14th European Signal Processing Conference (EUSIPCO 2006), Florence, Italy, September 4-8, 2006, copyright by EURASIP


