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Abstract

Epoch in speech, represent the instant where maximum excita-
tion at the vocal tract is obtained. Existing epoch extraction al-
gorithms are capable of accurately extracting epoch information
from clean speech signals. However, epoch extraction of band
limited signals such as telephonic speech is challenging due
to the attenuation of the fundamental frequency components.
The present work is focused on improving the performance of
epoch extraction from telephonic speech signals by exploiting
the properties of Chebyshev polynomial interpolation and by
reinforcing the frequency components around the fundamental
frequency through the Hilbert envelope (HE). The proposed al-
gorithm brings a refinement of the existing Zero Frequency Fil-
tering (ZFF) method by incorporating Chebyshev interpolation.
The proposed refinements to the ZFF algorithm confirmed to
provide improved epoch identification rate, identification accu-
racy, reduced miss rate and false alarm rate. The epoch identifi-
cation rate of the proposed method is observed to be better than
existing methods like Dynamic Programming Phase Slope Al-
gorithm (DYPSA), Speech Event Detection using the Residual
Excitation And a Mean-based Signal (SEDREAMS), Dynamic
Plosion Index (DPI) and Single Pole Filtering (SPF) methods
for telephonic speech quality.

Index Terms: telephonic speech, Hilbert envelope, Chebfun
system

1. Introduction

Epochs in speech signal processing represent the instants of
glottal closure for voiced speech and frication or burst for un-
voiced speech [1], [2]. The presence of vocal tract response
makes the automatic estimation of epochs a challenging task.
As the speech regions around epochs are perceptually relevant,
epochal processing of speech finds important applications in
speech enhancement [3], Prosody modification [4], [5], [6],
speech synthesis [7] and so on. For instance, any distortion in
the epoch sequence significantly affects the intelligibility of the
speech signals [8]. Also, instantaneous Fp can be used as an
additional feature to improve speech recognition [9].

There are many existing methods which estimate epoch lo-
cations reliably from speech signals recorded in clean and noise
free environments. Some of the popular epoch extraction meth-
ods are DYPSA, DPI, ZFF and YAGA (Yet Another GCI/GOI
algorithm) [10]. Also, few other methods, process the linear
prediction (LP) residual which gives an approximate represen-
tation of the glottal flow derivative for epoch extraction. SE-
DREAMS [11], group delay (GD) analysis and Hilbert envelope
(HE) [12] based methods are such popular methods.

Even though these methods estimate epoch locations reli-
ably, the performances of epoch extraction of these methods de-
grade significantly in the case of band limited signals like tele-

phonic speech [13] or high pass filtered speech [14]. Therefore,
the motive of the present work is to enhance the performance of
epoch extraction from telephonic speech signals.

Telephonic channel is a band limited channel with band-
width essentially from 300 Hz to 3.4 kHz [13], [14]. The speech
signals transmitted through the telephonic channel are signifi-
cantly attenuated at the low frequency components or the funda-
mental frequency components. Therefore, most of the methods
show significant degradation in estimating the epoch locations
and instantaneous Fy contours [13]. Methods, which are de-
vised to process the lower frequency regions in the speech are
affected the most. The popular epoch extraction method ZFF,
which relies on the energy of the signal around zero frequency,
shows significant reduction in the performance of the epoch ex-
traction for telephonic speech. The present work chooses the
ZFF method as a case study for the improvement in the perfor-
mance of epoch extraction for telephonic speech signals.

The degradation in the performance of epoch extraction for
high pass filtered speech using the ZFF method is reported in
[14], in which the properties of the HE in enhancing the strength
of the impulse like discontinuities are exploited to improve the
performance of epoch extraction using the ZFF method. The ex-
traction of epochs from HE of speech using zero frequency fil-
tering is also found to be effective in telephonic speech signals
[15]. The epoch extraction for the telephonic speech signals
can be further improved, by enhancing the strength of regions
around the local pitch marks in the HE obtained from the tele-
phonic speech by using an all pole filter prior to zero frequency
filtering of the HE. The epoch identification rate for telephonic
speech shows improvement for these two methods, however,
they show larger deviations for the estimated epochs from the
reference epochs. The present work is focused on the improve-
ment of epoch extraction accuracies for the telephonic speech
signals. Figure 1 shows the pitch contour of clean speech sig-
nal, telephonic speech signal and the HE of telephonic speech
signal. The distortion in the pitch contour of telephonic speech
in Figure 1(b) is due to the presence of spurious zero cross-
ings which is reduced in the pitch contour of HE of telephonic
speech signal in Figure 1(c). There are also methods like single
pole filtering (SPF) proposed for improved epoch identification
accuracies in telephonic speech signals.

As reported in [16], the identification accuracy of the esti-
mated epochs is improved by processing, group delay around
the peaks obtained from HE of LP residual. Motivated by
this, the properties of the Chebyshev polynomial interpolation
through the Chebfun system are proposed to improve the res-
olution of impulse like discontinuities enhanced by the HE of
speech. The remaining paper is organized as follows: The de-
scription of the Chebfun system is given in Section 2, the pro-
posed work is given in Section 3, the experiments and results
are discussed in Section 4 followed by conclusion in Section 5.
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Figure 1: Pitch contours corresponding to (a) Clean speech, (b)
Telephonic speech, (c) Hilbert envelope of telephonic speech
respectively

2. Approximation of a function using
Chebyshev polynomial interpolation

A function f(z), defined in the interval [-1,1] can be rep-
resented by an unique polynomial interpolant Py (x) at the
Chebyshev points. The Chebyshev points are defined as

Tj = cos (H

’

0<ji<M
M >J >

The selection of Chebyshev points over the interval [-1,1] is
illustrated in Figure 2(a). Here a semicircle passing through the
end points is divided into N (here 31) arcs of equal length. Pro-
jecting the arcs on the x axis gives the Chebyshev points equiva-
lent to (1). The Chebyshev points are unequally distributed with
more points clustered at the end points when compared to the
center. A Chebyshev polynomial of order k is defined as

Tr(x) = cos(k arccos(zx)) (2)
where x is the Chebyshev points. The Chebyshev polynomi-
als of degree £k = 1,2..,5 over the interval [-1,1] are shown
in Figure 2(b), from which it is clear that the polynomials are
fast varying at the edges than at the center. A good approxi-
mate of f(x) with reduced coefficients is obtained by evaluat-
ing the Chebyshev polynomial series at the Chebyshev points
rather than uniformly spaced points [17]. The Chebyshev ap-
proximation of f(x) is obtained by truncating the polynomial
series and is given by

Py(z) = cxTi(x) 3)
k=0

where cy, is the Chebyshev coefficient. During approximation
the number of coefficients required to obtain a near optimal rep-
resentation of f(x;) is defined as a standard distance minimiza-
tion problem [18].

min | f ~ p]

4
stAc=p @

where cis the N + 1 Chebyshev coefficients in the range [0, N],
p is the polynomial values at the M + 1 Chebyshev points and
f is the function values at the Chebyshev points. The matrix A

(a)

(b)

(c)

2153

® Chebyshev -
points

0.8
06 (a)

04

0.2

-0.6

-0.2 0 0.2 0.4 0.6 0.8 1
X
1 T T T T T
7™\
‘ k=5 \
o5 / k=4 < i
\ / \
/
E \ [
= k=1—"/ \ (b)
| s / k=3 s /
05/ . / [
‘ X / /
SN N k2
-1 -0.8 -0.6 -0.4 -0.2 [} 0.2 0.4 0.6 0.8 1
X

Figure 2: (a) Selection of Chebyshev points in the interval [-
1,1], (b) Chebyshev polynomials of degree k =1,2,3,4,5 (regen-
erated based on [19])

consists of orthogonal Chebyshev polynomials and is given by

To(zo)  Ti(wo) TN (o)
To(zx1) Ti(z1) Tn (1)

A= . ) . )
To(ear) Ti(ar) T ()

So, the Chebyshev approximation of f(z) at the Chebyshev
points is given by

N
flz;) =p; = ZCka(ﬂ:j) where 7 =0,1,....., M (6)
k=0

The problem definition in (4) is the basis for Chebfun system
which performs symbolic operations over the function values at
the speed of numerical operations. Each time an operation is
performed over f(x), the Chebyshev coefficients are manipu-
lated to construct the output function of the operation. In Cheb-
fun system one can evaluate the data as if it is a continuous func-
tion. For example, operation like sum in MATLAB for vectors
is overloaded to perform integration in Chebfun system. Simi-
larly, zero frequency resonator operation in the Chebfun system
leads to improvement in the extraction of source information at
the resonator output.

3. Refined zero frequency filtering using
HE and polynomial interpolation

The proposed work is an improvement of the epoch extraction
using Hilbert envelope based ZFF approach [14]. The HE en-
hances the low frequency information in the speech signal [20].
The HE of the speech signal is approximated by the Chebfun
system and is integrated twice similar to a single zero frequency
resonator operation. The output signal after integration is de-
trended using the local mean subtraction method. The negative
peaks in the de-trended signal y(n) gives the epoch estimate of
the speech signal. The proposed work is described below

» The Hilbert envelope of the speech signal s(n) is ob-
tained.
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Figure 3: Estimated epochs from (a) ZFF of Clean speech, (b)
ZFF of telephonic speech, (c¢) ZFF of HE obtained from tele-
phonic speech, (d) the output of proposed work obtained from
the HE of the telephonic speech and (e) Differenced EGG signal

where sp, (n) is the Hilbert transform of the speech signal
s(n).

» The Hilbert envelope is approximated to e(z) in the
Chebfun system.

e(z) = chTk (z) (8)
k=0

* The Chebfun approximation e(z) is integrated twice
similar to the zero frequency resonator operation.

el(m):]e(m)dm ;a<z<b

a

)]

eg(m):/el(x)dx ;a<x<b

a

10)

where [a,b] is the interval over which e(z) exists.
* The zero frequency resonator output, e2 () is discretized
to e2(n) and de-trended by local mean subtraction.
1 T
M1 mz e2(n +m)

=-T

y(n) = e2(n) — (1

where 27" + 1 is the window length, which is fixed to achieve
better performance. In general, the zero frequency resonator op-
eration in MATLAB is carried out using the cumsum command
twice. The same command over the data approximated in the
Chebfun system performs indefinite or fractional integral oper-
ation during which the amplitudes corresponding to the higher
coefficients are attenuated without reducing the overall accu-
racy [21], [22]. Hence, in the proposed work, an operation sim-
ilar to single zero frequency resonator, instead of two is used
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to remove the vocal tract resonances. The negative peaks in the
de-trended signal y(n) gives the epoch estimate of the speech
signal. The effect of the proposed work in reducing the epoch
deviation is illustrated in Figure 3. The epochs estimated us-
ing ZFF method for the clean speech signal in Figure 3(a) coin-
cide with the reference epochs (negative peaks in first derivative
of EGG signal (DEGG)) in Figure 3(e). The epochs estimated
by ZFF method for the telephonic speech shows several false
epochs due to the spurious zero crossings. The false epochs
are reduced by using the ZFF method for the HE of telephonic
speech, but the deviation from the reference has increased. This
drawback has been overcome by the proposed method in which
the estimated epochs shown in Figure 3(d) are closer to the
reference and the estimated epochs from clean speech in Fig-
ure 3(a). Based on these visual evidences from the plots, the
epoch estimation is improved using the Chebfun approximation
with reduced epoch deviation.

4. Experiments and results

The proposed work is evaluated over the speech signals taken
from the cmu arctic database for the speakers BDL, JMK and
SLT [23]. The database contains clean speech and its corre-
sponding EGG signals. The telephonic speech signals for eval-
uation is obtained by simulating the clean speech signals using
the G.191 software tools given by the international telecom-
munication union (ITU) [24]. The clean speech signals used
for epoch extraction are down sampled to 8kHz and the refer-
ence epochs for validation are obtained from the correspond-
ing EGG signals. The performance measures used to validate
the proposed work are identification rate (IDR), false alarm rate
(FAR), miss rate (MR), identification accuracy (IDA) and ac-
curacy to +0.25ms deviation. A comparison with the state of

Table 1: Performance of the epoch extraction methods for clean
speech

SPEAKER METHOD IDR(%) MR(%) FAR(%) IDA(ms) iA;_CZ“S’;Z-"(% )

ZFF 985 1.9 033 048 429
HE ZFF 8836 481 683 1.6 28.1
DYPSA 99.1 031 062 046 713

JMK  SEDREAMS 996 03 0.1 05 80.1
DPI 9961 022 017 038 84.8
SPF 94 2.8 34 0.88 59.5
Proposed 98.96 0.1 0.98 0.66 67
ZFF 99.14 0.7 068 029 82.14
HE ZFF 928 38 332  LI19 295
DYPSA 9627 084 288 043 78.4

BDL SEDREAMS 99.5 0.6 036 044 77.1
DPI 994 027 032 029 89.5
SPF 9625 24 136 067 65.5
Proposed 9926 0.1 068 044 69
ZFF 998 0.1 004 031 789
HE ZFF 949 302 205 069 37.8
DYPSA 989 038 072 033 82

SLT  SEDREAMS 998 002 0.l 038 76.6
DPI 9886  1.09 004 024 92.6
SPF 9587 282 131 059 65.4
Proposed 98.94 0.15 0.92 0.52 68

the art epoch extraction methods such as ZFF, DYSPA, DPI,
SEDREAMS and SPF are made to analyze the performance of
the proposed work. The SPF method gives improved epoch ex-
traction for telephonic speech that is comparable with the clean
speech. The ZFF of the HE obtained from the speech signal
(HE_ZFF) is also included in the comparison, to analyze the
improvement due to the Chebfun approximation. The perfor-
mance measures for the clean and the telephonic speech signals
by the above epoch extraction methods are given in Table 1 and



Table 2 respectively. In case of clean speech, the IDR perfor-
mance of the proposed work is compatible with the other meth-
ods used in validation and MR is better than the other meth-
ods. The performance of these measures for HE based ZFF
filtering is reduced when compared to the clean speech. The
same HE when given to the proposed Chebfun implementation,
the measures for the latter is improved. Also the identification
accuracy for +0.25ms deviation is highly improved compared
to the HE_ZFF method. The performance of the epoch ex-
traction methods such as ZFF, DYPSA, DPI and SEDREAMS
are reduced for telephonic speech. The performance IDR and
FAR for HE_ZFF is better compared to the ZFF method, but
epoch deviation is increased. The performance measures of
the proposed method for the telephonic speech show improve-
ment when compared to the HE_ZFF method. The performance
of IDR and MR values of the proposed method is comparable
with that of the clean speech. The proposed work is demon-

Table 2: Performance of the epoch extraction methods for tele-
phonic speech

SPEAKER METHOD IDR(%) MR(%) FAR(%) IDA(ms) fgcz“sr;:csy( %)
ZFF 109 26 865 12 59
HE ZFF 862 8.1 5.7 115 48
DYPSA 8737 304 959 0.6 44
JMK SEDREAMS 278 08 714 12 21.1
DPI 7204 084 2712 06 555
SPF 956 27 158 075 50
Proposed 98.14 0.1 179 078 47
ZFF 52 15 933 17 38
HE ZFF 84 887 7.3 1.6 2.14
DYPSA 8737 304 959 0.6 34
BDL SEDREAMS 148 08 844 1.5 9.6
DPI 874 13 112 049 63.7
SPF 954 355 109 0.69 53.6
Proposed 97.56 0.11 2.33 0.6 59.6
ZFF 66.19 611 277  1.08 30
HE ZFF 827 119 54 17 21
DYPSA 868 315 1002 0.6 487
SLT SEDREAMS 919 102 707 064 535
DPI 899 468 54 0.92 52
SPF 91 7.62 1.7 0.67 56.3
Proposed 9642 029 329 065 65.7

strated in Figure 4. The HE of telephonic speech signal in Fig-
ure 4(b) is closely represented by its corresponding Chebfun
approximation in Figure 4(c). The proposed work output in Fig-
ure 4(d) shows a smooth signal without spurious zero crossings.
The negative peaks of this signal (marked by downward arrow)
gives the estimated epochs which coincide with the reference
(marked by vertical dashed line) in Figure 4(e). The glottal clo-
sure timing errors of the proposed work are compared with the
SPF method which gives better performance for the telephonic
speech. The histogram plot of glottal closure timing errors for
clean speech using SPF method and the proposed work is given
in Figure 5(a), where the deviation of the proposed method is
comparable with SPF method. The overall IDA at £0.25ms
deviation for clean speech, obtained using SPF is 53% and us-
ing the proposed work it is 60%. The histogram plot of glottal
closure timing errors for telephonic speech using SPF method
and the proposed work is given in Figure 5(b), where the devi-
ation of proposed method is little higher than the SPF method,
however the performance of IDR and MR are higher for the
proposed method. The overall IDA at £0.25ms deviation for
telephonic speech, obtained using SPF is 67% and using the
proposed work it is 69%. Overall, the proposed work shows
compatible performance when compared to the SPF method for
epoch extraction from clean and telephonic speech signals.

Error probablity density

2155

05 T T T T T
[-%
2 ol
<
05F L L L L L 7
4800 5000 5200 5400 5600 5800
05 T T T T T
2 I AANANAAANANMNAMANNAA
g 0 (b)
<
05 i | . | . 1
4800 5000 5200 5400 5600 5800
Samples
05 T T T T T
2 AANANANAANNANAANNNA
0
£ (c)
051 1 i . | . 1
4800 5000 5200 5400 5600 5800
Samples
05 T T T T
< (d)
05E L L L L L 7
4800 5000 5200 55 mples 3400 5600 5800
ST T T T ¥ T T T 71T T 17T T T T 1
-3
£ 0 (e)
<
05 I

4800 5400 5600 5800

5200 Samples

Figure 4: The proposed epoch extraction method, (a) Speech
signal, (b) HE of the speech signal, (c¢) Chebfun approximation
of HE of speech, (d) the proposed work output obtained from
the HE of the speech, (e) Differenced EGG signal and reference
epoch locations (vertical dashed lines)
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Figure 5: Histogram of the epoch timing errors for (a) clean
speech and (b) telephonic speech using SPF method (blue line)
and the proposed work (orange line)

5. Conclusion

The improvement of the epoch extraction method using the
zero frequency filtering of the HE obtained from the telephonic
speech signal is proposed in this work. In the HE of speech sig-
nal, the low frequency information is enhanced. The Chebyshev
polynomial interpolation further enhances the discontinuities
due to the epochs present in the HE of speech. The Chebfun
based interpolation incorporated in the ZFF method provide bet-
ter epoch identification accuracy over the HE_ZFF based epoch
estimation for telephonic speech signals. The effective approx-
imation property of the Chebyshev polynomials is exploited for
efficient epoch extraction from telephonic speech signals. As
a future work, the focus is on the significance of incorporating
accurately estimated epoch parameters for speech recognition
applications.
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