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Abstract: The conventional model of the linear prediction analysis suffers from difficulties in
estimating vocal tract characteristics of high-pitched speakers. This is because the autocorrelation
function used by the autocorrelation method of linear prediction for estimating autoregressive
coefficients is actually an “aliased” version of that of the vocal tract impulse response. This “aliasing”
occurs due to the periodic nature of voiced speech. Generally it is accepted that homomorphic filtering
can be used to obtain an estimate of vocal tract impulse response which is free from periodicity. Thus
linear prediction of the resulting vocal tract impulse response (referred to as homomorphic prediction)
is expected to be free from variations of fundamental frequencies. To our knowledge any experimental
study, however, has not yet appeared on the suitability of this method for analyzing high-pitched
speech. This paper presents a detail study on the prospects of homomorphic prediction as a formant
tracking tool especially for high-pitched speech where linear prediction fails to obtain accurate
estimation. The formant frequencies estimated using the proposed method are found to be accurate by
more than an order of magnitude compared to the conventional procedure. The accuracy of formant
estimation is verified on synthetic vowels for a wide range of pitch periods covering typical male and
high-pitched female speakers. The validity of the proposed method is also examined by inspecting the
spectral envelopes of natural speech spoken by high-pitched female speakers. We noticed that almost
all the previous methods dealing with this limitation of linear prediction are based on the covariance
technique where the obtained AR filter can be unstable. The solutions obtained by the current method
are guaranteed to be stable which makes it superior for many speech analysis applications.
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speech spectrum. Since the source of voiced speech is of a

1. INTRODUCTION quasi-periodic nature with spiky excitations, those impul-

Formant frequencies are the principal analytical fea-
tures in speech processing. This is because they are clearly
related to the articulatory act and the perception of speech.
Formant information is used extensively in coding, analy-
sis/synthesis applications, and recognition of speech [1,2].
Linear predictive analysis [1] is one of the most powerful
techniques to extract formant frequencies. The importance
of this method lies in its ability to provide accurate
estimates and its relative speed of computation. However,
the conventional linear prediction technique is not free
from limitations [2]. The basic formulation of the linear
prediction seeks to find an optimal fit to the envelope of the
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sive periodic innovations sometimes result in inaccuracy in
spectrum estimation, especially, in case of high-pitched
speech. In this paper, we briefly illustrate the cause of
inaccuracy of formant frequency estimation in case of
pitch-asynchronous autocorrelation method and propose a
solution based on homomorphic deconvolution.

In the conventional autocorrelation method of linear
prediction (CALP) when a finite segment is extracted over
multiple pitch periods, the obtained autocorrelation se-
quence is actually an “aliased”* version of the true
autocorrelation of vocal tract system impulse response.
This is because the replica of autocorrelation of vocal tract

Unlike the fold-over phenomena in the frequency domain, the term
“aliased” intends to mean the distortion due to the periodic
repetition of autocorrelation function.
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impulse response is repeated periodically with the perio-
dicity equivalent to pitch period, which overlaps and
distorts the underlying autocorrelation of the speech
waveform. The true solutions of the autoregressive (AR)
coefficients can be obtained only if the autocorrelation
sequence equals that of the vocal tract system impulse
response. This true solution, however, is approximately
achieved for a periodic waveform having a long pitch
period. As the pitch period of high-pitched speech is small,
the periodic replicas cause “aliasing” of the autocorrelation
sequence. Thus the low order autocorrelation coefficients
are considerably different from those of system impulse
response. This leads to the fact that the accuracy of CALP
decreases as the fundamental frequency (Fy) of speech
increases.

For voiced speech, one approach to avoid this problem
is to analyze only the interval included within a duration of
glottal closure of a pitch period [3,4] where the covariance
method is applied. However, it is very difficult to find such
an interval of appropriate length on natural speech
especially on speech uttered by females or children. Even
if such an interval is found, the duration of the interval may
be very short. For example, for a high-pitched female of
Fy = 400 Hz at 10kHz sampling rate this interval consists
of 2.5ms minus the duration of the glottal open phase,
which is very short. The closed-phase method has been
shown to give smooth formants contours in cases where the
glottal close phase is at least 3ms in duration [3]. If the
covariances are computed from an extremely short interval,
they could be in error, and the resulting spectrum might not
accurately reflect the vocal tract characteristics [3].
Another main concern of the covariance methods is
vulnerability to the stability of estimated AR filter which
reduces the scope of such methods for many practical
applications.

An improvement to these methods have been proposed
in [6] where the idea has been modified and extended to
multiple pitch periods. The linear prediction has been
applied to only the speech samples with nearly zero
excitations in each frame. These samples are selected by
referring to the residual signals obtained by conventional
covariance method. The selection criterion is based on a
threshold logic which may in turn causes instability of the
synthesis filter when the number of selected prediction
equations become small. Attempts have also been made to
decouple the F effects from spectrum estimation by using
weighting function of the prediction residuals [7,8]. Both
the methods have been presented to perform quite well for
formant estimation of synthetic vowels. The methods,
however, can also easily be subject to the instability of the
resulting AR filter. Thus if stability is required, methods
based on autocorrelation function should be privileged.

Since the conventional autocorrelation method also

suffers from “aliasing” due to speech periodicity, this
effect needs to be removed from the autocorrelation
function. One such approach is to deconvolve the vocal
tract impulse response from speech signal using homo-
morphic filtering (real or complex cepstrum) which is free
from the waveform periodicity. The deconvolved impulse
response can result in good autocorrelation estimates.

In this paper, for the purpose of formant estimation we
propose a use of the autocorrelation method with homo-
morphic filtering. The use of cepstrum analysis in
combination with linear prediction, called homomorphic
prediction, is not actually first in this paper. In [9], a
homomorphic vocoder employing predictive coding has
been proposed to reduce the bit rate with respect to its
predecessor [10] from 7800 to 4,000 bits/s. In the analysis
phase, predictive coefficients are estimated from the vocal
tract impulse response (obtained through homomorphic
deconvolution) and in the synthesis phase these coefficients
are used to synthesize speech. In [11], additionally it has
been shown that homomorphically estimated vocal tract
impulse response can be used to estimate moving average
parameters as well using the residual signal obtained by
linear predictive inverse filtering. In this paper, we aim at
formant estimation and elaborate the application of
homomorphic prediction in a perspective of eliminating
effects due to high Fy of speech signal.

As mentioned earlier, true solutions for AR coefficients
can be obtained only if the autocorrelation function equals
that of the vocal tract impulse response. To accomplish
this, the proposed method first obtains a minimum phase
estimate of the vocal tract impulse response using
homomorphic filtering. The autocorrelation function of
the resulting impulse response estimate is thus free from
the distortions caused by the overlapping of the periodic
replicas (as occurred when autocorrelation is directly
calculated from speech waveform). The AR coefficients
obtained using the newly estimated autocorrelation se-
quence are very close to the true solutions. In fact, the
estimated errors of formant frequency obtained using this
approach are found to be negligibly effected even for very
high Fo. We present experimental results on both synthetic
and real speech and we observe that a suitable liftering
window can provide very good robustness against higher
Fy of speech.

We organize the paper as follows. We define the
problem in Section 2 and we propose our method in
Section 3. Sections 4 and 5 illustrate results obtained using
synthetic and natural speech respectively. Finally, Section
6 is on the concluding remarks.

2. PROBLEM IDENTIFICATION

Let us consider an all-pole impulse response h[n]. The
z-transform of A[n] is given by
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where 8[n] is an impulse. Here, the gain of the impulse
input is considered to be unity. By multiplying both sides
of the above equation by Ak[rn — i], summing over n and
noting that h[n] is causal, it can be shown that

P
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k=1
where r,[i] is the autocorrelation of A[n]. Suppose now that
a periodic waveform s[n] is constructed by running a
periodic impulse train through A[n], thus
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s[n] =

where P is the pitch period. The normal equations
associated with s[n], windowed over multiple pitch periods,
for an order p predictor, are given by

r
Y oarnli—kl=rlil, 1<i<p (5)
k=1

where r,[1] is the autocorrelation function of the windowed
s[n] and can be shown to equal periodically repeated
replicas of r,[1], i.e.,

8]
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with decreasing amplitude due to the windowed version.
Equation (6) implies that as the pitch period P decreases,
the spacing between impulses decreases and r,[7] suffers
from increasing distortion. Thus r,[7] can be thought of as
“aliased” version of ry[r]. When the “aliasing” is minor,
the two solutions of Egs. (3) and (5) are approximately
equal. The accuracy of this approximation, however,
decreases as the pitch period decreases, because the
autocorrelation functions, repeated every P samples, over-
lap and distort the underlying desired r,[t]. This effect
becomes potentially more severe for higher-pitched speak-
ers. This is illustrated by an example shown in Fig. 1. The
low order autocorrelation coefficients in case of Fy = 100
Hz in Fig. 1(b) look very similar with those of r,(t) in
Fig. 1(a). In fact, this is the reason why CALP performs
relatively better in estimating spectrum at lower F. The
autocorrelation coefficients in case of Fy = 250Hz in
Fig. 1(c), however, are considerably different from those of
rp[t]. This illustrates that accuracy of linear prediction
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Fig.1 Autocorrelation “aliasing” for windowed speech
waveform. a) autocorrelation of the impulse response,
ry[]; b) autocorrelation of a periodic waveform at
Fy = 100 Hz; c) same as (b) at Fy = 250Hz.
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Fig.2 Comparison of the spectra estimated using CALP
with the ‘true’ spectrum. a) at Fy = 100Hz; b) at Fy =
250 Hz.

analysis decreases with increasing Fy. In this example, h[n]
consists of three poles (at 400, 1,800, and 2,900 Hz) and
s[n] is the convolution of A[n] with a periodic impulse train.
The spectra estimated by CALP using the autocorrelation
sequence of Fig. 1 are shown in Fig. 2 along with the FFT
spectrum. By ‘true’ spectrum in Fig. 2, we mean the
spectrum obtained from the autocorrelation of pure vocal
tract impulse response ry(t). It is seen that the CALP
spectrum estimated at Fp = 100Hz in Fig. 2(a) approx-
imately overlaps with the ‘true’ spectrum. However, a clear
deviation is observed in the CALP spectrum estimated at
Fy = 250Hz in Fig. 2(b), which ascertains the effect of
autocorrelation “aliasing” at higher pitch frequencies.
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To summarize, from Eq. (3), we can say that if the
autocorrelation function in the normal equations equals that
of h[n], then the solution must equal the a;’s of H(z) in
Eq. (1) and which are thus the true solutions.

3. THE PROPOSED SOLUTION

From Section 2, we understand that true solutions can
be obtained if we have an estimate of r,[t]. It means that
ru[t] s the key to obtain solutions free from F, variations.
In order to obtain r,{r] we, in turn, need a good estimate of
the vocal tract impulse response h[n]. Though it is
generally accepted that h[n] can be separated from s[n]
using homomorphic filtering, unfortunately accuracy of the
straightforward deconvolution approximation is limited by
distortion which is induced from the repeated nature of the
vocal tract contribution. The conditions for an absolute
separation are still unknown. Nevertheless, a reasonable
deconvolution approximation can be obtained by employ-
ing some means.

From Eq. (4), we can write

s[n] = h[n] * p[n] (N

where p[n] is an impulse train with period P. Our target is
to achieve the estimation of A[n] as good as possible.

3.1. Deconvolution Method

We note that not all formulations of cepstral deconvo-
lutions are appropriate for formant extraction. The discrete
complex cepstrum using a N-point DFT is defined by [12]:

N-1

#nl = — 3 loglX(1/ ¥, 0<n <N =1
k=0

1
N
where X(k) is the Fourier transform of the speech signal
x[n] and log[X(k)] = log(|X(k)|) + jLX (k). This formula-
tion is not suitable for formant estimation because of its
high sensitivity to phase [13]. Estimation of the complex
cepstrum varies significantly depending on the positioning
of analysis window.
Real cepstrum, on the other hand, defined by

lN—l 21
cnl== log|X(k)|e¥" 0<n<N-—1
[n] N; g |X(k)|

sets the phase terms effectively to zero and the sole
magnitude is indeed enough for the resonant information to
be restored. A 1,024-point DFT is sufficient to avoid DFT
aliasing. The minimum phase counterpart of the real
cepstrum can be obtained by multiplying the real cepstrum
by the right-sided window w[n] as:

x[n] = w[n]c[n]

where,

N
2, 1<n<—;
_n_2

N
0, §+1§nSN—1;

In case of formant tracking application, both the real and
minimum phase cepstrum result in similar estimates
because the /og magnitudes are same in both cases. When
the vocal tract impulse response is extracted from the
speech signal, however, the minimum phase counterpart of
the real cepstrum makes the impulse response right-sided,
whose energy is compressed toward origin. For the
analysis/synthesis application minimum phase definition
is also preferred for producing more natural sounding
speech [12]. For these reasons, we use the minimum phase
cepstrum in the current work.

3.2. Liftering Window

Since the liftering process contributes significantly to
the degree of deconvolution of h[n], it requires careful
inspection. The length of the traditional liftering window
(which is simply less than the pitch period) can introduce
errors in formant estimation because the cepstrum coef-
ficients closer to the pitch period location get distorted
[14]. Moreover, there exists possibilities of pitch estimation
errors. A liftering window having the length close to one
pitch period can cause the inclusion of samples at or
outside the actual pitch period within the liftering window.
In that case we could not achieve the estimation free from
Fy variations. A liftering window with the length of 0.5P
(50% of the pitch period) has been proposed in [14] with
some compensating factors that minimize the distortions
due to the windowing of speech waveform. In case of high-
pitched speech, we found that a slight increase in the
window length increases accuracy of formant estimation.
We observe that a lifter of length 0.6P is best suited for
analyzing synthetic speech signal with F value up to
250Hz and 0.7P for larger F values. Tapering at the end
of higher coeffieients can also be useful. It helps under-
weight the less important higher coefficients. The general
form of the liftering window is given as in [15]:

1, n<lL
l(n) = { 0.5(1 + cos[n(n — Ly)/AL]), Ly <n <L)+ AL

(8)

where L = L; 4+ AL is the length of the liftering window.
Equation (8) implies that only the higher part AL are
tapered. Typical length of AL can be 25% of the total lifter
length L. Tapering is, however, optionally used. In this
paper, results are presented without using any tapering.
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Fig.4 Steps required by the proposed method. a) speech
segment; b) obtained cepstrum; c¢) vocal tract impulse
response, h[n], in time-domain; d) autocorrelation
function r[z] of h[n].

3.3. Definition of the Proposed Method

Based on the discussions presented so far, we propose
our method as shown in the block diagram of Fig. 3.

Figure 4 illustrates graphically the steps required to
obtain the AR coefficients of speech signal by using the
proposed method. Figure 4(a) shows a segment of synthe-
sized Japanese vowel /e/ sampled at 10 kHz. The synthetic
speech is generated by convolving the train of impulses of
different pitch frequencies with the vocal tract impulse
response. Figures 4(b) and 4(c) show the obtained ceps-
trum and vocal tract impulse response which is transferred
back to the time domain, respectively. Finally, Fig. 4(d)
represents the autocorrelation of vocal tract impulse
response. Clearly now the estimation is free from the
distortion due to periodic replicas of r,[t] (as discussed in
Section 2). Thus the estimation of AR coefficients from the
resulting autocorrelation function is expected to be robust
to Fy variations. Figure 5 shows the spectra estimated using
CALP and the proposed method from speech waveform
synthesized at eight different values of Fy (125, 150, 200,
250, 275, 300, 330, and 380 Hz) for the vowel sound /e/. It
clearly depicts that the proposed method estimates the
spectra very accurately even for Fy = 380 Hz. Variations in
the formant peaks are completely absent in all the spectra
when compared with the ‘true’ spectrum. The ‘true’
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Fig.5 Spectra estimated at 8 different pitch frequencies.
(a) using proposed method; (b) using CALP.

spectrum has been obtained using the pure vocal tract
impulse response which is used for synthesizing the vowel
sound. In contrast, variations in the formant peaks are
clearly evident in the spectra estimated using CALP.
Though impulse train used in the above demonstration does
not exactly represent the glottal volume velocity, it is a
good representative to show the goodness of the method. In
the next section, we present the results in more detail
taking the glottal effects into consideration.

4. RESULTS ON SYNTHETIC SPEECH

The accuracy of the proposed method in estimating
formant frequencies is verified on five synthetic Japanese
vowels over a wide range of Fy. The popular Liljencrants-
Fant glottal model [16] is used to simulate the source
and the synthetic speech is sampled at 10kHz. Since the
purpose of this paper is to study the estimation against Fy
variations, all the parameters of the glottal model (open
phase, close phase, and slope ratio) are kept constant for all
values of Fy. The formant frequencies used here are shown
in Table 1. Bandwidths of the five formants are set fixed to

Table1 Formant frequencies used to synthesize vow-

els.
vowel F, F> F3 Fy Fs Hz
/a/ 813 1,313 2,688 3,438 4,438
/1/ 375 2,188 2,938 3,438 4,438
/u/ 375 1,063 2,188 3,438 4,438
/e/ 438 1,813 2,688 3,438 4,438
/o/ 438 1,063 2,688 3,438 4,438
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60, 100, 120, 175, and 281 Hz, respectively. A sample
differencing operation is employed on the output of the
formant synthesizer to simulate the radiation characteristics
from lip. The analysis order is set to 12. The window used
here is Hamming of length 20 ms. The speech is preem-
phasized by the filter 1 —z=!. A cepstrum window of
length 0.6P is used for speech waveform with the F, value
up to 250Hz and 0.7P for larger values of Fy. Formant
values are obtained by the root-solving method of AR
coefficients.

4.1. Estimating Formant Frequencies

In order to obtain a reasonable estimation of the
formants concerning relative positions between the analysis
window and the excitation point, analysis is conducted on
different window positions. The final result is the arith-
metic mean of results taken from all window positions.
This is accomplished by shifting the frame by 0.1 ms (one
speech sample) over the duration of one pitch period as in
Eq. (9):

PO A
F=-3"F )
=

where F' (d) implies a formant estimated at d displacement
from the excitation point and n is the number of different
window positions. Finally, estimation error of the ith
formant, EF;, is calculated by averaging the individual F;
errors of all the five vowels. Thus we can express the
estimation error EF; as:

5
EF; = éZ |Fij — Fyl/Fy (10)
j=1
where Fj; denotes the ith formant frequency of the jth
vowel and F; is the corresponding estimated value.

The first and second formants are observed to be
effected mostly by Fy variations. The estimation errors of
the first and second formant frequencies are shown in
Figs. 6(a) and 6(b). It is seen that F'; estimation error using
CALP can be about 15% depending on the pitch frequency.
Using the proposed method, on the otherhand, it is very
smaller and looks very robust against even very high F. A
more objective evaluation has been made by averaging the
estimation errors of all the first three formants of the five
vowels. We express it by

1 EI
E= EZZIFU—FUVFU

j=1 i=l

(1

Figure 7 shows the estimation error using Eq. (11). The
estimation error using the proposed method is much smaller
than JND (Just Noticeable Difference) which is 3-5%,
reported by Flanagan in [17]. A close inspection of Fig. 6
and Fig. 7 suggests that the proposed method can be used
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Fig. 6 Comparison of the estimated errors of formant
frequencies at different values of Fy. (a) F estimation
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for formant estimation for female and children speech with
considerable improvement in estimation accuracy.

In Fig. 5(a), it is seen that the proposed method esti-
mates the formant peaks perfectly without being affected
by the pitch periods. In Fig. 7, however, we observe that
the proposed method introduces error though very slightly.
Actually this is due to the different synthesizing conditions
of vowel sounds. The excitation source used for synthesiz-
ing sound of Fig. 5 is pure impulse train which is the ideal
condition for cepstrum deconvolution. In case of Fig. 7,
however, the glottal and radiation effects have been taken
into consideration in synthesis process and as a result the
source is no longer a pure impulse train. Thus the
deconvolved vocal tract impulse response is not completely
perfect.

In Fig. 7, it is seen that the estimation error obtained
using CALP drops around Fy = 300 Hz. This is somewhat
unexpected but still can be explained by taking the
philosophy of linear prediction into account. It is well
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known that the linear prediction seeks to find an optimal fit
to the speech spectrum. For voiced speech, accuracy of the
fitness depends mostly on the frequency of the harmonics
of speech spectrum and on the prediction order as well. An
optimal fit can only be expected for relatively lower F,
because more harmonics are available in the frequency
domain. For higher Fy, however, the number of harmonics
decreased and as a result formant peaks shift irregularly
from its original position depending on the value of
prediction order. Thus at some Fy, the estimation error can
be slightly smaller, which is subjected to increase at an
adjacent Fj.

4.2. Effect of Pitch Estimation Errors on the Proposed
Method

One disadvantage of the homomorphic filtering meth-
ods is that an estimate of the pitch period of the underlying
speech waveform is required. Fortunately, many methods
[18,19] have been proposed for estimating pitch period
accurately based on cepstrum analysis. In case when the
pitch period is not estimated exactly, the length of the
liftering window will vary, that can affect the estimation of
formant frequencies. Two error parameters GPE (Gross
Pitch Error) and FPE (Fine Pitch Error) are commonly used
as a measure of errors in estimating pitch period. The
possible sources of GPE is pitch doubling, tripling, halving,
inadequate suppression of formants as to affect the
estimation, etc. One effective way to deal with the above
situations is to verify the consistency of estimation. The
estimated pitch period of nth frame, for example, can be
compared with that of the (n — 1)th and (n + 1)th frame.
The FPE, on the other hand, is attributed to the bias of
measurement technique. The mean value of FPE is reported
for seven pitch detection algorithms (including a cepstral
method [18]) by Rabiner ef al. in [20] as on the order of
+0.5 samples across all utterances and speakers. Figure 8
demonstrates the effect of FPE as +1 sample for all F
used in Fig. 7.

Acoust. Sci. & Tech. 26, 6 (2005)
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Fig. 8 Effect of fine pitch estimation error on the proposed method.

It is seen that even if the pitch period can not be
obtained to the utmost of precision, the proposed method

still provides a good estimation accuracy in compared with
CALP.

5. RESULTS ON REAL SPEECH

We present the result of analyzing two speech signals
of a vowel sound /o/ spoken by a male and a high-pitched
female speaker. The narrow-band spectrogram of vowel
sound /o/ spoken by a male speaker is shown in Fig. 9(a).
Some spectra estimated from the speech using the proposed
method and CALP are shown in Figs. 9(b) and 9(c),
respectively. The frame interval used here is 10ms. The
speech is preemphasized by the same filter as used for
synthetic speech (i.e. 1 —z~!). The prediction order is 12
and the frame size is adjusted to 4 pitch periods. The Fy
value of the speech signal is 160 Hz. In Figs. 9(a) and 9(b),
it is seen that both methods estimate F; and F, well.
Figure 10, on the other hand, is obtained using very high-
pitched speech of the same vowel /o/. The F value of this
vowel sound is estimated as 352 Hz. From the spectrogram
(Fig. 10(a)), it is seen that F; and F, become more closer
than those in Fig. 9(a). This time CALP misses tracking F,
which is depicted in Fig. 10(c). In contrast, the proposed
method still estimates F, correctly as shown in Fig. 10(b).
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Fig.9 Analysis of natural vowel /o/ spoken by a male speaker. a) narrow-band spectrogram; b) several consecutive spectra
estimated using the proposed method; c) same as (b) estimated using CALP.
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Fig. 10  Analysis of natural vowel /o/ spoken by a high-pitched female speaker. a) narrow-band spectrogram; b) several
consecutive spectra estimated using the proposed method; ¢) same as (b) estimated using CALP.
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Fig. 11 F,-F; plot of natural vowel /o/ spoken by a high-pitched female speaker. (a) estimated using the proposed method;

(b) estimated using CALP.

The F,-F, plot obtained using the proposed method and
CALP are shown in Figs. 11(a) and Fig. 11(b) respectively.
Except one point around (550,750) Hz in Fig. 11(a), the
accuracy of the proposed method is satisfactory. In
Fig. 11(b), it is observed that the third formant F3 is
treated as the second formant F,. It implies that for high-
pitched speech, CALP can easily be error prone in
estimating the formant frequencies while the proposed
method has the potential for much better estimation.

One of the greatest concerns for speech synthesis is the
stability of the linear prediction synthesis filter. In [6], the
estimated solutions, however, have been observed to be
unstable at the rate of 18 percent out of 210 frames of
natural vowel speech. The method described in [8] also
incorporates a module for stability checking and in case of
the filter being unstable, CALP is again referred to use. In
contrast, the proposed method is guaranteed to produce a
stable synthesis filter.

6. CONCLUSION

Practically, it is indeed very difficult to obtain a speech
analysis method which is absolutely free from F, effects.
We, however, expect from the discussion that the proposed

technique can be applied to analyze speech data when the
conventional medel of linear prediction is only an approxi-
mation to speech signal uttered by female and children
speakers. Though the method is intended for analyzing
high-pitched speech signal, the results demonstrate that it
can also be used for analyzing typical male speech with
better accuracy. The estimation accuracy of the proposed
technique depends on the degree of separation obtained
through the deconvolutional algorithm. Thus, development
of a better deconvolutional algorithm can lead to further
enhancement of the accuracy of the proposed method.
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