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Epoch Extraction of Voiced Speech
T. V.ANANTHAPADMANABHA

Abstract-A general theory of epoch extraction of overlapping nonidentical waveforms is presented. The theory is applied
t o outputs of
models of voiced speech production mechanism and to actual speech
data. Some typical glottal waveshapes are considered to explain their
effect on the speech output. It is shown that the points of excitation
of the vocal tract can be precisely identified for continuous speech. It
is possible to obtain accurate pitch information bythis method even for
high-pitched sounds. The epochextraction haswide applications in
speech analysis, speaker verification, speechsynthesis, and pitch perception studies.

I.INTRODUCTION
PEECH can be considered as the output of a linear system
for which neither the excitation nor the system is known.
In particular, voiced speech is formed by exciting a quasistationary vocal tract system with quasi-periodic puffs of air
[ 11. The responses due to successive excitations overlap forming a superposition of nearly identical waveforms. Such a
superposition of multiple signals is referred to as a composite
signal [ 2 ] . The decomposition of composite signals is of considerable importance in speech analysis and synthesis. The formation of composite signals can also be seen in other areas like
seismology [ 3 ] ,radar [4] , electrophysiology [2], etc.
The main difficulty in the analysis of voiced speech is the
overlapping of successive impulse responses in time domain
and the lack of knowledge of the excitation waveform. Linear
fiiters can be designed to separate out superposed waveforms
[2] provided of course the individual waveforms have energy
in different frequency bands. In voiced speech the successive
responses are nearly identical and hence cannot be separated in
the frequency domain also. A convenient alternative viewpoint is to regard voiced speech as a convolution of impulses
at the pitch epochs and the impulse response of the vocal tract
system. The system response now incorporatesthe glottal
waveform also [5]. Voiced speech analysis is then essentially
a deconvolution problem aimed at obtaining the resonances of
the vocal tract and the characteristics of the excitation. The
characteristics of the excitation are the glottal waveform, the
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duty ratio, the pitch period, and the excitation epochs. In this
paper we are mainly concerned with the epoch extraction.
Inverse filtering techniques [ 6 ] , [7] have been proposed for
finding the glottal waveform. In these techniques speech signal
is passed through an inverse network which removes the first
or the first two resonances of the vocal tract. The output of
the inverse network is then passed through a suitable low-pass
filter to obtain the glottal waveforms. The parameters of the
inverse filter need to be adjusted depending upon the formant
structure of the vocal tract. This requires a priori estimate of
the formants and their bandwidths and hence the inverse filtering technique is suited for sustained vowels only.
In pitch-synchronous analysis [&] of voiced sounds the spectrum of a single pitch period of voiced speech is fitted with the
spectrum of anassumedpole-zero
model in some optimal
sense. The poles are ascribed to the vocal tract system and the
zeros to the excitation. The impulse response of the all-zero
transfer function gives an estimate of glottal waveform.
Both the above approaches are unsuitable for the analysis of
high-pitched sounds. The duration available for analysis will
not adequately represent the impulseresponse of the vocal
tract system.
Some of the methods 191- [ 131 for the determination of the
pitch period are based on the assumption that voiced speech is
a result of a periodic impulse train exciting a time-invariant
linear system. The spectrum of the impulse train willbe
periodic in the frequency domain with a quefrency of the
pitch period. The gross resonant structure of the vocal tract is
removed from the spectrum of voiced speech to obtain a flat
spectrum containing the periodicities due to pitch. It is possible to get only the average pitch over the chosen duration by
means of this technique because it uses only the spectral information. The exactpitchinitiationpoints
can be obtained
only when the actual phase information is also used. The accuracy of pitch estimation is therefore limited due to the
simplified model assumed. Moreover, these methods fail to
extract the pitch information from high-pitched sounds. This
is due to the fact that there is considerable temporal overlap
of the impulse responses which causes the spectral difference
between the system and the excitation less marked.
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At present there is no reliable technique for obtaining epochs
or the instants of excitation of the vocal tract [l]. Although
the closure of the glottis is considered as the point of excitation, it could occur at other points as well [7], [14]. Usually
the epoch is regarded as the point of maximum discontinuity
in the derivative of the glottal waveform [ l ] . It is generally
difficult to extract the epochs from speech waveform due to
the varying shapes of the glottal pulses and the nonstationary
nature of thevocal tract.
Through our study of composite signal decomposition, we
have arrived at a technique for epoch determination of identical wavelets overlapping in time [15] . We shall present here
the generalization ofthe technique for epoch extraction of
voiced segments of speech.
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11. THEORYOF EPOCHEXTRACTION
A. Epochs
An epoch can be defined as the occurrence of a reference
point ona given waveform. The reference point can be.selected so as to have some significance as related to the waveform. For example, the starting point of a waveletcanbe
chosen to be an epoch [16] , [17] . In the present work epochs
are defined as follows.
Let f ( t ) be a function defined overan interval (a;b) and
zero outside the interval. Also let f ( t ) possess continuously
differentiable derivatives in the interval (a, b). Then the point
of discontinuity of the lowest ordered derivativewill be regarded as an epoch. The epoch therefore can occur either at a
or at b or at both a and b. Here by the term "discontinuity of
the lowest ordered (n) derivative" we mean thatat t = ti,
f ( n + l ) ( tis) discontinuous, but f ("'(t)is continuous. Some
examples aregiven in Table I. Thevalue of (n + 1) will be
referred to as the order of the epoch.
In the above definition we have restricted the function to
possess continuously differentiable derivatives in the interval
(a, b). If the function is piecewise continuous, then the interval (a, b) can be further subdivided so that the restriction is
satisfied in each ofthe subintervals. Then thenumberof
epochs could be more than two for a given function. Thus,
for example, for a triangular function there will be epochs of
order one at the ends as well asat the apex.
B, The Asymptotic Expansion of Fourier Transform and the

Epochs
For the type of function f ( t ) defined in Section 11-A,it has
been shown [ 181 thatthe Fourier transform F ( o ) can be
written as

F(o)=

f(a)e-iwa - f(b)e-iwb + . . .
io

+

f

(n)(a)e-iwa - f

(1)

Let us assume that the function f (t)has an epoch of order k
at t = ti where ti = a or b. Then f ( n ) ( t )= 0 outside the interval (a, b ) for all n. Since f ( " ) ( tis
) continuous at t = ti for n =
0,1;.*,k- 1,itfollowsthat

(2)

wk

On

Combining (1)-(3) we get
~ ( wI large
)

= R (w)e-iwti

(4)

where

R (w) = f (k)(ti)/(jw).
C Theoly of Epoch Filter
In this section we shall use the above definition of epochs
and the asymptotic theorem to develop the theory of epoch
filter fortheextraction of epochs. Let the frequencies w,
and w, - B be sufficiently large so that (3) is satisfied. We
have

(uc
'

,k - 1.

1
1
-<<-forn>k.

<< 1, Le., if B is very smallcompared to a,,then
1

+....

* *

For large w we can regard

If kB/w,

(n)(b)e-iwb

(io)"

f ("'(t;) = f ( " ' ( t 2 ) = 0 for n = 0, 1, *

- BIk

1
=7.
0,

From (5) and (7) we get

For even valuesof k (= 21 )
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niT = ti.
The phase of F(w) at large

CJ

decides the values of Pi and

Qi. When Qj = 0 we get a sampling function centered at the
epoch. On the other handif Pi= 0, the function f ^ ( n T )crosses

For odd values of k(= 21 - 1)

- j sgn (a)Qi (an odd imaginary constant).

(10)

zero atthe epoch and willpossessan
odd symmetry with
respect to the epoch position. If a peak is desired at the epoch
in the latter case, the Hilbert transform f ^ ~ ( n Tof) f ^ ( n T )is
computed.

In a more general situation like for example the complex
echoed signal [19] , R(w) will have both real and imaginary
parts. Then

R(w)=Pi + j Qisgn (w).

(1 1 )
- Qi

We define a window function G ( o ) as

sin [B(n- ni)T/2]
n(n - ni)T

Ina general situation since both Pi and Qi can exist,the
epoch can be obtained by computing the sum of the squares
of (19) and (20).

lforw,-B<IwI<w,
G(w) =
0 otherwise.
The signal f ( t ) is passed through a filter whose transfer function is G(w). Then the output f^,(t)of the fdter is given by

Therefore,

&(t)= 3 - I { G ( u ) R ( a ) e - j w t i }

=Pi g ( t -

ti) -

QigH(t - ti)

(13)

where
g(t) =

sin (Bt/2)
cos 0,t
nt

+

1 - cos (Bt/2)

nt

sin u,t

(14)

This gives a sampling function around the epoch irrespective of
the phase of F(w) for large a.
Since all steps up to (20) are linear operations, for multiple
epochs we get

and

gH(t)=-

1 - cos (Bt/2)
sin (Bt/2)
sin act. (15)
nt
cos act+
nt

For sampled signals
t = nT = 2nn/2wC
However, if more than one epoch is present the nonlinear
operation in step (21) may produce peaks slightly displaced
from the true epochs due to crossterms. By choosing a proper
frequency window function the sidelobe leakage of adjacent
epochs can be minimized. Then (22) also can be generalized,
i.e.,

where Tis the sampling interval. Then
sin act= sin nn = 0
and
cos o,t

= cos nn = (- 1)".

Therefore, we get

111. COMPUTATIONALCONSIDERATIONS
and

The alternate points of F l ( n T ) have opposite signs.This
effect can be removed by changing the signof the alternate
samples. The output f ^ ( n T )of the epoch filter now becomes

[B(n- ni)T/2]
f^ ( n T )= Pi sin n(n
- ni)T

1 - cos [B(n- ni)T/2]
+'i

n(n (19)

where

The resolution of epochs at the output of the epoch filter
depends upon the choice of the window width (B). A nearly
flat spectrum over a large width can be obtained by sampling
the signal at a higher rate [ 151 . The sidelobes associated with
the uniform window function G ( o ) affect the epoch estimation. Hence a proper window function [20] must be chosen.
We have used a discrete Hanning window centered around the
folding frequency inthe discrete Fourier transform (DFT)
domain.
Generally, the two endpoints of an input frame act as impulse discontinuities. The contribution of these discontinuities in the frequency domain is large compared to that of the
epochs. This results in large peaks attheendpoints of the
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Fig. 1. Epoch fiiter.

output of the epoch filter. To suppress these undesired peaks
a suitable window function must be used.
The computational procedure adopted for epoch extraction
is illustrated schematically in Fig. 1. The epochs are indicated
by peaks in the output Fo(nT) of the epoch filter.
IV. APPLICATION
TO VOICEDSPEECH
In this section the epoch filter theory is first applied to the
output of models of voiced speech production mechanism and
then to the actual speech data.

A. Model 1: Impulse Excitation of a Two-ResonatorSystem
A two-resonator model with resonant frequencies at 500
TIME IN MSEC
(b)
and 1000 Hz and bandwidths 50 and 100 Hz, respectively is
considered forthe system. The system is excited by four Fig. 2. Impulse excitation of a two-resoqator model: (a) Response due
to impulse sequence and (b) output f ( n T ) of the epoch fiiter.
impulses spaced 8 ms apart. The response of the system is
shown in Fig. 2(a). This is a superposition of successive impulse responses. Each impulse ysponse has an epochatthe
excitationpoint.
The output f ( n T ) of an epoch filter is
shown in Fig. 2(b). It isseen that the epochs obtained cor- when these waves are passed through the epoch filter. It can
beseen fromthe figure thatthe epochs are obtained, correspond to the excitation instants.
rectly. The relative amplitudes and polarity of the epochs are
B. Model 2: Glottal Wave Excitation of a Two-Resonator also maintained. It should particularly be notedthat peaks
System
corresponding to waveforms D do not appear significantly as
Glottal pulsesare triangular-like waveforms with marked there are no discontinuities in its first derivative.
The response of the two resonator vocal tract model excited
points of discontinuity in their derivatives and a definite duty
ratio [l]. A set of five representative glottal pulses [21] ,are by these five glottal waves is shown in Fig. 4(a). It is difficult
shown in Fig. 3(a). These waves have
a positive slope during to know the exact points of epochs and their relative ampliresponse shown in the figure. The Fourier
40 percent and negative slope during 16 percent of one pitch tudesfromthe
period. The spacing of these waveswas chosen to be 10 ms. transform of the response is the product of the Fourier transThese waves havespecific points of discontinuities in their first forms of the impulse response of the system and glottal waves.
Ai high frequencies the Fourier transform of the impulse
derivatives.Thewaveform
A has three such points,twoat
the ends and one at the apex, B and C have one such point response of the system gives a rational decay. Therefore the
each at the closure of the glottis while D has none and E has epoch theory can be applied to the response., The output of
two such points both at the open and closure of the glottis. the response when passed through the epoch filter is shown in
These points correspond to the epochs of order one as defined Fig. 4(b). This figure canbe compared with Fig. 3(b). The
earlier. The output fh(nT) shown inFig. 3(b) is obtained peaks correctly give thepoints of discontinuityofthe first
Authorized licensed use limited to: INTERNATIONAL INSTITUTE OF INFORMATION TECHNOLOGY. Downloaded on August 26, 2009 at 06:06 from IEEE Xplore. Restrictions apply.
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Fig. 3. Glottal waveforms: (a) Typical glottal waveforms and (b) output f ( n T ) of the epoch filter.
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Fig. 4. Glottal excitation of a two-resonator model: (a) Response due to glottal waveforms and (b) output f ( n T ) of the
epoch filter.
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Fig. 5. Log spectrum of a voiced speech segment.

derivative of the glottal waveform. From this it canbe concluded that the system gets excited at all points of discontinuity though the major excitation coincides with the greatest
discontinuity in the derivative which usually occurs atthe
closure of the glottis.
The response in Fig. 4(a) for the glottal waveform D corresponds mostly to the first resonance, i.e., 500 Hz. This waveform does not contain significant high-frequency components
to excite higher formants. Only a point of discontinuity can
excite all the resonances of the vocal tract and hence can be
regarded as the point of excitation. Thismay be the reason
for perceptually lower ranking of waveform D [21] . It can be
noted that the epoch corresponding to B is larger compared to
C. This may possibly be the reason for higher ranking of B in
perceptual tests [21].

IY

v

v VV

“

Y“

jV’

C. Speech Datu
The determination of variations in the pitch period for bandlimited speech is generally difficult. The usual method of
pitch extraction assumes the excitation to be periodic. This is
not required if the epochs of the excitation of the vocal tract
can be obtained. In this section, epoch extraction from speech
data is discussed.
Speech data from a sentence “cats and dogs each hate the
other” spoken bya male speaker representative of general
American English (GAE) are considered for analysis. The log
spectrum of a portion of voiced speech [Fig. 6(a)] is shown in
Fig. 5. The grossspectrum (shown by dotted line) corresponds
to the system transfer function whereas the superposed fluctuations are due to the’periodicity of the excitation [22]. It
can be seen that the tail end spectrum is nearly flat. A Hanning window over the nearly flat portion is used in the epoch
filter. For the voic:d speech segment shown in Fig. 6(a) the
outputs f^(nT)and f z ( n T ) of the epoch filter are given in Fig.
6(c) and (d), respectively. The output of a digital inverse filter
[23] is also shown in Fig. 6(b) for comparison. It is clear that
the positions of the epochs and hence the pitch interval can be
unambiguously obtained. Theaverage pitch period for each

(d)
I

1

2.5

22.5

12.5
TIME

IN MSEC.

Fig. 6.’ Epoch extraction of voiced speech: (a) Voiced speech segment,
(b) output of a digital inverse filter with,l2 coefficients, (c) output
f (nT)of the epoch filter, and (d) outputf
i ( n T ) of the epoch filter.

frame is calculated from the output of the epoch filter. This
is compared with the value obtained using cepstrum technique
for several frames of voiced speech in Table 11.
The outputs of the epoch filter for four successive frames is
shown in Fig. 7. It is seen that the epoch positions as well as
the shape of the output waveforms are maintained in spite of
theshift. This also shows thatthe vocal tract need not be
strictly stationary.
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PITCHPERIODESTIMATE
Frame
No.
8.457

5

7.000
8.156
8.460
8.540
8.250
8.500

1
2
3
4
5
6
7
8
9
10

11
12
13
14
15
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TABLE I1
EPOCHFLITER
A N D CEPSTRUM TECHNIQUE

Average Pitch Period Obtained Average Pitch Period Obtained
using Epoch
Filter
using Cepstrum
(Milliseconds)
(Milliseconds)
8.500
8.750
8.500
8.3 12
7.825
1.250
7.000

7.315
1.250
6,875
7.875
8.125
8.250
8.375
8.500

0

5.0

n.o

10.0

I

TIME

L
20.0

IN SEC

(b)

Fig. 8. (a) Speech segmentof the cAonsonant-vowel transitionin the
word “cats” and (b) output fo(nT) of the epoch filter.

m

\

TIME

IN MSEC

(b)

Fig. 9. (a)Speechsegmentof
the vowel-nasal transition in the word
“and” and (b) output fo(nT) of the epoch filter.

of the epoch filter for this segment indicates double excitation of the vocal tract within a single pitch period. The output
of the epoch filter for the fricative / s / in the word “cats” is
shown in Fig. 10. As this sound is unvoiced, the peaks in the
output are randomly spaced compared to theoutput for a
voiced sound.
(d 1
TIME IN MSEC

Fig. 7. Output $ ( n T ) of the epochfilterforfour
lapping frames.

successiveover-

The application of the epoch filter technique for sounds
other than steady-state vowelsis illustrated in Figs. 8-10. A
portion of the speech waveform fromthe consonant-vowel
transition in the word “cats” is shown in Fig. 8(aj. The output of the epoch filter for this segment is shown in Fig. 8(bj.
The onset of voicing is clearly evident from the figure. A portion of speech ‘waveform from the vowel-nasal transition in
the word “and” is shown in Fig. 9(a). The output [Fig. 9(bj]

D. Experimental Work
Since an epoch filter performs mainly a bandpass operation,
speech signal waspassed through one-third octave bandpass
filter to obtain the epochs. A portion of the speech waveform
and the output of the bandpass filter centered around 10 and
20 kHz are shown in Figs. 11 and 12. It is seen that the epochs
can easily be located from the sharp pulses at the output. It is
therefore clear thatthe rational decay of the lower order
resonances of the vocal tract dominates over the higher order
resonances even at 20 kHz. The experiment was conducted
in an ordinary room with normal background noise and reverberation. For glottal waves having more than one discontinu-
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can be analyzed to obtain the pitch. Because of the linearity
of the process, even the transition regions will not pose any
problem. This technique could possibly beused for voicedunvoiced decision.
It is well known that the glottal wave is highly characteristic
of the speaker whereas the vocal tract parameters are mainly
characteristic of the speech [24]. Although the present technique is not aimed at obtaining theglottal waveshape, the
important characteristics of the glottal wave and the variations
in pitch period are still obtained. These characteristics are
extracted irrespective of theformantstructure of the vocal
tract. This may prove useful for speaker verification and in
pitch perception studies of connected speech.

(b)

Fig. 10. (a) Speech segment of unvoiced fricative / s / and (b) output
f & T ) of the epochfilter.

Fig. 11. (a) Voiced speech segment and (b) output of one-third octave
bandpass filter centered at 10 kHz.
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A Semiautomatic
pitch Detector (SAP

Abstract-The purpose of this paper
is t o describe a technique for
semiautomatically determining the pitch contour of an utterance. The
method is significantly more sophisticated than the standard technique
of hand tracking of pitch periods from awaveform display of the utterance and leads to a fairly robust measurement ofthe pitchperiod. This
technique utilizes a simultaneous display(on a 10 ms section-by-section
basis) of the low-pass filtered waveform, the autocorrelation of a 400point segment of the low-pass filtered waveform, and the cepstrum of
the same 400-point segment of the wideband recording. For each of the
separate displays (i.e., waveform, autocorrelation, and cepstrum) an independent estimate of the pitch period is made on an interactive basis
with the computer, andthe final pitch period decisionis made by the
user
based on results of each of the measurements. The technique has been
tested on a large number of utterances spoken by a variety of speakers
with very goodresults. Formal tests of the method were madein which
four people were asked to use the method on threedifferent utterances,
and their results were
then compared. During voiced regions, the standard
deviation in the value of the pitch period was about 0.5 samples across
the four people. The standard deviation of the location of the time at
which voiced regions became unvoiced, andvice versa was on theorder
of half a section duration, or 5 ms The major limitation of the proposed method is that it requires about 30 min to analyze 1 s of speech.
However, the increased accuracy and robustness of the results indicate
that thetradeoff of time foraccuracy isa good one for many
applications.

I. INTRODUCTION
OR SOME applications, anextremelyaccurateand
reliable measurement of the pitch contour of an utterance
is required. One suchapplication is a comparison and
evaluation study of a variety of pitchdetection algorithms
which has recently been
performed at Bell Laboratories [l] .
Another application was a study of the inter and intraspeaker
similarities in pitch contours for several utterances [2] . Other
applicationsinclude
studiesfordetermination
of linguistic
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rules for pitch generation for use in speech synthesis applications [ 3 ] , [4]. Although a largenumberof pitchdetection
algorithms have been proposed in the literature, none of them
is able to achieve the performance of a human who is knowledgeable in the area of speech communications
with a fairly
sophisticated interactive display of the speech waveform.
The usual method of manual pitch detection is for the user
to mark pitch periods on a period-by-period basis, directly on
a display of the speech waveform. Althoughsuch a technique
is often quite good, there are segments of some speech sounds
during which the waveform periodicity is not clearly visible in
the waveform due to rapid spectral changes in the sound [5].
During such intervals a rough indication of the pitch period
can be obtained from the waveform, but due to the changing
spectrum,thepitch
period estimate canbeoffbyseveral
samples. It is the purposeof the paper to describe a semiautomaticpitchdetection
(SAPD) technique which issignificantly more sophsticated than the standard manual pitch
tracking method described above, and which has been found
to yield reliable, and repeatable estimates of the pitch period
across a variety of speakers and utterances.
11. THE ANALYSISSYSTEM
Fig. 1 shows a block diagram of the SAPD processing. The
speech signal s(n) sampled at a 10 kHz rate is processed to give
three simultaneous displays for eachsectionofspeech.
For
two of the displays the speech is low-pass filtered by an N = 99
linear phase, finite impulseresponse (FIR), low-pass digital
filter with a passband cutoff frequency of 900 Hz, and a stopband cutoff frequency of 1100 Hz. Fig. 2 shows a plot of the
log magnitude frequency response of the filter. The passband
ripple of the filter is about 0.03 and the stopband ripple is
down about 50 dB.Thelow-pass
filtered speechwaveform
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