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Abstract. Real generalized cepstral analysis is introduced and applied to 
speech deconvolution. Real pseudo cepstrum of the vocal tract model impulse 
response is defined and applied to the analysis of Czech vowels. The energy 
concentration measure of the real pseudo cepstrum of the vocal tract model im-
pulse response is introduced and evaluated for Czech vowels pronounced by 
male and female speakers. The goal of this investigation is to find a robust and 
more reliable method of vocal tract modeling also for voices with high funda-
mental frequency, i.e. for female and child voices. From the investigation fol-
lows that vowel and speaker dependent generalized cepstral analysis can be 
found which is more robust in speech modeling than cepstral and LPC analysis. 

1   Introduction 

In the papers [1-3] a parametric speech modeling approach based on homomor-
phic signal processing [4] using spectral analysis was presented and applied to speech 
synthesis. 

In 1979 Lim [5] suggested a new nonlinear signal transformation, which converts 
the convolution of two signals, one of which is a train of pulses, into another convo-
lution, in which the transformed impulse response is shorter than the original one and 
better separated from the other signal. Using this transformation it is possible to de-
convolve a speech signal, i.e. to extract the transformed impulse response from the 
transformed speech signal by applying a suitable window and after inverse transfor-
mation to obtain the impulse response of the vocal tract model with greater accuracy 
than in classical homomorphic deconvolution. Let us call this nonlinear signal trans-
formation generalized homomorphic approach. 

In papers [6-8] this principle of generalized homomorphic signal analysis was 
applied to speech deconvolution and to vocal tract modeling. A comparison of the 
computational complexity of cepstral IIR and FIR vocal tract models may be found in 
[9]. In this contribution generalized homomorphic signal analysis is used for the ana-
lysis of Czech vowels uttered by male and female speakers and compared with results 
obtained by homomorphic signal analysis. 

ITRW on Nonlinear Speech
Processing (NOLISP 05)

Barcelona, Spain
April 19-22, 2005

ISCA Archive
http://www.isca-speech.org/archive



2   Generalized Cepstral Analysis 

At first the procedure proposed by Lim is briefly summarized and applied to 
speech analysis. The voiced speech signal ( )ns  may be described by the convolution 

 ( ) ( ) ( )nhnpns ∗=  . (1) 

( )np  is the sequence of the vocal tract excitation impulses with the fundamental 
frequency period L and ( )nh  is the impulse response of the vocal tract model. The 
parameter L is the fundamental frequency period expressed by the number of speech 
samples. 

Fourier transform of the convolution (1) leads to  

 ( ) ( ) ( )ωωω HPS ⋅=  . (2) 

( )ωS  represents the speech signal spectrum, ( )ωP  is the spectrum of the excitation 
signal ( )np  and ( )ωH  is the frequency response of the vocal tract model. For spec-
trum calculation we use fast Fourier transform with the dimension FN . 

A new transformation is searched for, which converts the convolution (1) into 
another convolution 

 ( ) ( ) ( )nhnpns ∗=  (3) 

with shorter “impulse response” ( )nh , which is better recognizable in the trans-

formed speech signal ( )ns . The sequences ( )ns , ( )np  and ( )nh  are the transformed 
sequences of the corresponding signals ( )ns , ( )np  and ( )nh  in (1). 

This generally nonlinear transformation is performed in the frequency domain 
followed by inverse Fourier transform. The aim is to find a suitable function ( )( )ωSf  
for speech spectrum transformation. 

In homomorphic analysis the function ( )( ) =ωSf ln ( )ωS  is applied in the defini-
tion of the complex cepstrum. In real cepstrum computation ( )( ) =ωSf ( )ωSln  is 
used and for estimation of the autocorrelation sequence in the time domain we 
use ( )( ) ( ) 2ωω SSf = . In [9] a unifying view on cepstral and correlation analysis was 
presented. Lim proposed for the spectrum transformation the function 

 ( )( ) ( )( )γωω SSf = , 11 ≤≤− γ  . (4) 

In this contribution we shall not use the complex spectrum ( )ωS  as the argu-
ment of the function ( )⋅f , like in the definition of the complex speech cepstrum, but 
the magnitude speech spectrum ( )ωS  as in the computation of the real cepstrum. 
The transformation in the frequency domain is therefore defined as 



 ( )( ) ( ) γωω SSf =  . (5) 

The application of this transformation to (2) results in 

 ( ) ( ) ( ) ( ) ( ) ( )ωωωωωω γγ

γγγ

γ HPHPSS ⋅=⋅==  . (6) 

The symbols ( )ωγS , ( )ωγP  and ( )ωγH  are introduced for the Fourier transforms of 
the magnitude spectra transformed with the parameter γ . 

By inverse Fourier transform the convolution in the form of (3) is obtained, but 
with new sequences ( )nsγ , ( )npγ  and ( )nhγ , i.e. 

 ( ) ( ) ( )nhnpns γγγ ∗=  . (7) 

We shall call the transformed sequences real pseudo cepstra corresponding to the 
signals ( )ns , ( )np  and ( )nh , respectively they could be called pseudo correlation 
sequences. Lim calls them spectral root cepstra. 

The real pseudo cepstra are two sided, they have a causal and an anticipative 
part. Since the Fourier transforms in (6) of the real pseudo cepstra are real, for the 
sequences in (7) hold 

( ) ( )nsns −= γγ , ( ) ( )npnp −= γγ , ( ) ( )nhnh −= γγ  . 

The pseudo cepstrum ( )npγ  of the periodic excitation contains a quasi periodical 
component with the fundamental period L of the voiced excitation. In the following 

( )npγ  will not be examined. 
As already mentioned in Chapter 1, the aim of the pseudo cepstral approach is 

the robust extraction of the pseudo cepstrum ( )nhγ  by windowing the speech pseudo 
cepstrum ( )nsγ . Several approaches for inverse pseudo cepstral transformation of 

( )nhγ , i.e. for approximate estimation of ( )nh , are summarized in [6-8]. 

3   Concentration Measure of the Transformed Impulse Response 

For evaluation of the effective duration of the transformed impulse response 
( )nhγ  of the vocal tract model we define, according to Lim, the energy concentration 

measure ( )γMd  for LpM = , where L is the fundamental frequency period of the 
voiced excitation and p  is a chosen constant, 01 ≥≥ p . In our experiments we 

use 95.0=p , i.e. we apply for windowing of the transformed impulse response ( )nhγ  
a rectangular window of length 195.0 += LM . 
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The low summation index is set 1=n , since ( )0γh  corresponds to the mean value of 

the transformed spectral function ( ) ( ) γγ ωω SS =  and it is not convenient to consider 
it in the concentration measure ( )γMd . 

4   Concentration Measure for Male and Female Voices 

In the following experiment we evaluate ( )γMd  for Czech vowels uttered by a 
male and a female for several values of γ  in the interval 11 ≤≤− γ . We use the sta-
tionary parts of the sounds a, e, i, o, u sampled with the sampling frequency 

16=sF kHz. The dimension of the applied FFT in speech spectral analysis is 
1024=FN . The fundamental frequency period of the male speaker is approximately 

186=L  ( 860 =F Hz), for the female speakerc 91=L  ( 1760 =F Hz). The coefficient 
95.0=p  and the frame length for both voices was set FNN = . For spectrum analy-

sis Hamming windowing was applied. 

In Fig. 1 and 2 we see the energy concentration measure ( )γMd  for the male and 
female voice respectively, as function of the parameter γ . The concentration measure 
for the real logarithmic cepstrum ( )0Md  is shown with an asterisk on all curves. It 
corresponds to the value 0=γ . 

It can be seen that the curves ( )γMd  have a maximum in the neighborhood of .0=γ  
The positions of the maxima depend on the ratio of the numbers of poles and zeros of 
the corresponding speech models, which was already stated in the paper by Lim using 
an experimental signal model. For a system with only zeros in its transfer function, 
i.e. for a finite impulse response system (FIR), the maximum of ( )γMd  is located in 
the neighborhood of .1=γ  In the case of an all pole transfer function, the maximum 
lies at .1−=γ  For an infinite impulse response system (IIR) with equal number of 
poles and zeros the maximum of ( )γMd  is positioned at 0=γ . This statement is not 
peremptory, the maximizing value of γ  depends also on the mutual position of the 
formants and on the fundamental frequency period L , i.e. it is speaker dependent. 
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Fig. 1. Energy concentration measure ( )γMd  for the male voice. 

When comparing Fig. 1 and Fig. 2 it seems that the speech models for the male 
and female voice have different number of poles and zeros for the same vowel. Fur-
ther the maximum values ( )γMd  for the female voice are mostly smaller than for the 
male voice, which is given by the shorter fundamental frequency period L  of the 
female voice in relation to the effective length of its transformed speech model im-
pulse response ( )nhγ . 

5   Conclusion 

The aim of the pseudo cepstral approach to speech analysis is to achieve greater 
accuracy of the vocal tract model in comparison to the accuracy obtained using cep-
stral speech modeling. The optimum value of the parameter γ  is in relation to the 
number of formants and antiformants and to the fundamental frequency of voiced 
sounds. The pseudo cepstral speech model for 0=γ  corresponds to the cepstral 
speech model. The approximation error of the pseudo cepstral speech model depends 
on the parameter γ  and on the length and type of the window used for pseudo cep-
strum weighting. 



-1 -0.8 -0.6 -0.4 -0.2 0 0.2 0.4 0.6 0.8 1
0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

---> gamma

---
> 

C
on

ce
nt

ra
tio

n 
m

ea
su

re
 d

(g
am

m
a)

a
o

i

e

u

 
Fig. 2. Energy concentration measure ( )γMd  for the female voice. 

The second goal of this investigation is to find a robust and more reliable method 
of vocal tract modeling also for voices with high fundamental frequency, i.e. for fe-
male and child voices. The signal transformation described in this paper has been 
tested using a synthetic signal with three formants and a variable fundamental fre-
quency [10]. It has been verified that the accuracy of the pseudo cepstral speech 
model is greater than that of the cepstral one, but the difference is not so convincing. 

Pseudo cepstral speech analysis has been applied in the last years also in recogni-
tion of noisy speech, e.g. in papers by Alexandre and Lockwood [11], Zühlke [12] 
and Chilton and Marvi [14]. In these contributions an improvement was registered, 
but for different values of the parameter γ . Another application of generalized 
homomorphic speech analysis is its use for fundamental frequency estimation, which 
is summarized in [15]. 
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