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(A New Endpoint Detection Method Based on Chaotic System Features
for Digital Isolated Word Recognition System )
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Abstract

In the research field of speech recognition, pinpointing the endpoints of speech utterance even with the presence of
background noise is of great importance. These noise present during recording introduce disturbances which complicates
matters since what we just want is to get the stationary parameters corresponding to each speech section. One major
cause of error in automatic recognition of isolated words is the inaccurate detection of the beginning and end boundaries
of the test and reference templates, thus the necessity to find an effective method in removing the unnecessary regions of
a speech signall The conventional methods for speech endpoint detection are based on two linear time-domain
measurements: the short-time energy, and short-time zero—crossing rate. They perform well for clean speech but their
precision is not guaranteed if there is noise present, since the high energy and zero-crossing rate of the noise is mistaken
as a part of the speech uttered This paper proposes a novel approach in finding an apparent threshold between noise
and speech based on Lyapunov Exponents (LEs). This proposed method adopts the nonlinear features to analyze the
chaos characteristics of the speech signal instead of depending on the unreliable factor-energy. The excellent performance
of this approach compared with the conventional methods lies in the fact that it detects the endpoints as a nonlinearity of
speech signal, which we believe is an important characteristic and has been neglected by the conventional methods. The
proposed method extracts the features based only on the time-domain waveform of the speech signal illustrating its low
complexity. Simulations done showed the effective performance of the proposed method in a noisy environment with an
average recognition rate of up 92.85% for unspecified person.

Keywords : Digital Isolated Word Recognition; Time-domain; Time-dependent Lyapunov Exponents
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speech signal processes such as in an automatic
speech recognition system wherein a good endpoint
detector can improve the accuracy and speed of the
system. Since an inaccurate detection of the
beginning and ending boundaries of the test and
reference templates is a major source of error in an
automatic recognition system of isolated words, it is
essential to locate the regions of a speech signal that
correspond to each word. Furthermore, an appropriate
scheme for locating the beginning and end of a
speech signal can be used to eliminate significant
computational tasks by making it possible to process
only the parts of the digital signal input that
correspond to speech.

In the last several decades, a number of endpoint
detection methods have been developed and they can
be categorized approximately into two classes, the
threshold-based! ™  and  the pattern-matching
methods” ™. The threshold-based method first
extracts the acoustic features for each frame of
signals and then compares these values of features
with the present thresholds to classify each frame.
The pattern-matching method on the other hand
needs to estimate the model parameters of speech
and noise signal and the detection process is similar
to a recognition process. Threshold-based method
does not keep much training data and training models
and is simpler and faster compared with the
pattern—matching method.

The conventional endpoint detection methods are
mainly based on the simple energy detector, which
performs adequately for clean speech. Most of these
methods use short-time energy and zero-crossing as
its algorithm for pinpointing the beginning and
ending point in a high signal-to-noise condition, but
their performance degrades in a noisy environment,

Aerodynamics indicates that the speech signal is
non-linear and the chaos characteristic of the speech
signal has been proved. We address this problem
from the point of view of chacs. A novel nonlinear
endpoint detection method is proposed, which is
based on

time-dependent Lyapunov exponents.

(330)

Compared with the conventional algorithms,
method carry out calculations based only on the

our

time-domain waveform of speech signal, therefore
it's low complexity. Experimental results show good
performance in extracting the speech segments from
utterance with a variety of background noise and a
high recognition rate.

I =

=
1. Conventional Method of Speech Endpoint
Detection

Endpoint detection has been studied for decades
and many algorithms have been proposed. Most of
these methods have the following problems.

(1) All features used in speech endpoint detections
is linear in feature, the nonlinear features of speech
are often ignored.

(2) Most methods

environment, but degrades rapidly in noise ones.

perform well in quite
The conventional algorithm for solving the problem
of endpoint detection of a speech utterance is based
on two simple time-domain  measurements:
short-time energy, and short-time zero-crossing rate.
They are combined to serve as the basis of a useful
algorithm for locating the beginning and ending point
of a speech signal in many previous research work.
Among various endpoint detection approaches,
energy-based methods are the mostly widely applied
solution to this problem. It has been found that the
amplitude of unvoiced segments is generally much
lower than the amplitude of voiced segments. The
short-time energy of the speech signal provides a
convenient representation that reflects these amplitude

variations. In general, we can define the short-time

energy as
m+N—1

here, s,(n) is the speech signal after windowing.

This expression can be written as
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miN—1_ trachea) coupling with vocal tract resonant structure
E, = s*(n) « h(n—m) 2 and radiation of sound at the lips. A time-varying
e linear filter can model the effects of some of these
where factors, but the remaining ones are very difficult to
model. Some techniques have been proposed in the

h{n)= w?(n) (3) d propo

wln)= {0~54—0-4GCOS(27m/(N— 1)) 0<n<N~-1
0 else

(4)

where w(n) is Hamming window. N is the number
of points in one frame.

Another parameter is short-time zero—crossing
rate. An appropriate definition is

e
Z, = rY 21|sgn[sw(n)]~ sgn[s,(n—1)]| (5

where sgn|s,(n)] is symbol function, defined as

1,
-1,

=0

<0 (6)

sgn[av]={

The short-time zero—crossing rate is too unstable
to be used on endpoint detection. It's
accompanied with short-time energy.

often

Based on the combination of the two features, one
such algorithm for locating the beginning and end of
a speech signal was proposed by Rabiner and

Sambur®

in the context of an isolated word speech
7 Their algorithm is fast and

practical since the speech signal is acquired at the

recognition system[

same time as the word boundary detection is done,
but it couldn’t guarantee its success in a noisy

environment.

2. Time—dependent Lyapunov Exponents
Algorithm

A mass of experiments indicate many physical

complex behavior with

fluctuations over time. A detailed model of the vocal

tract should consider the time variation of vocal tract

shape, the vocal tract resonances, losses due to heat

phenomena present a

conduction and viscous friction at the vocal tract
walls, nasal cavity coupling, softness of the vocal

tract walls, the effect of subglottal (lungs and

(331

literature to analyze the non-linearities of dynamical
systems, including those systems where it is not
currently possible to represent explicitly by. a
mathematical model. A set of techniques that can
perform this analysis constitutes so-called Chaos
theory.

Non-linear dynamical systems theory or just Chaos
theory can use time series to characterize the
dynamical properties of a system and extract
information from these data. Thus, speech production
can be analyzed by the techniques underlying this
theory, and the information extracted can be applied
to improve the accuracy of many speech processing
systems.

In this paper, we explore the extraction of an

mmportant non-linear dynamical feature, namely
time-dependent Lyapunov Exponents
As we know in mathematics, the Lyapunov

exponent of a dynamic system is a quantty that
characterizes the rate of separation of infinitesimally
close trajectories. Consider two points in a space, X
and X, + Az, each of which will generate an orbit
in that space (Fig.1).

These orhits can be thought as parametric
functions of a variable that is something like time. If
we use one of the orbits as reference orbit, then the

separation between the two orbits will also be a

ANK,,0
X+
X
gl 1, F HeEHH Az 2z
Fig. 1. The separation of two orbits from the two points.
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function of time.

According to many researches, if a system is
unstable, then the orbits diverge exponentially for a
while, but eventually settle down. For chaotic points,
the functionAz(X,t) will behave erratically. It's
thus useful to study the mean exponential rate of the
divergence of the two initially close orbits using the
formula

A= lim lln‘A—QCA(—);;’—t)|

t— o t
(A 20|

(7)

This number, called the Lyapunov exponent “\”, is

useful for distinguishing among the various types of

orbits. It determines the predictability of a dynamic
system. A positive LE is usually taken as an
indication that the system is chaotic.

Rosenstein, Collins, and De Luca(1993) proposed a
method to estimate the Lyapunov exponents from a
time series composed a few samples. Good results
were obtained for the Lyapunov exponent estimation
of known systems using lass than 1000 samples.
This characteristic is very important when dealing
with speech, since a speech signal can be considered
small of
approximate 30ms(Deller et al., 1987). Furthermore, it
allows the correct estimation of Lyapunov exponents
from speech windows, using speech recorded at low
sample rates, such as telephone speech.

stationary only during a window

We adopt the rationale of Lyapunov exponent®™ ™

and make some conversion to serve the need of the
speech recognition system. In our works, each
isolated word signal was sampled at 8 kHz for 1sec,
thus we got 8000 samples distributed in time-domain.
The calculation of LEs is outlined as follows: the
first step is to divide the time-domain waveform of
utterance signal into 100 frames, each of which is 10
ms. Then after adding Hamming window, we do the
following work in each frame:

a. Find the maximum and minimum amplitude
during this frame;

b. Segment the amplitude region into many small

(332)
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Fig. 2. The sketch map of segmentation in each frame.

(In fact, the number of horizontal line is equal to
the number of samples in the frame).

sects based on the sample number in the frame. The
sketch map was shown in Fig.2.

c¢. In each small region, Check the sample number
n, if n = 2, compute the amplitude dispersion d0 dl
d2---dn between two close samples from the first
sample in the region;

d. For each of the sample pairs in step ¢, we look
for another couple of points succeeding the current
sample pair in the curve. Some of these derived
points maybe out of this region or overlap the
current sample from step c¢. Then compute the
amplitude dispersion of the new couple of samples
do, dr’, d2---dn’;

e. Compute Lyapunov exponent using the following
formula:

En]logz(d’(i)/ d(@))
i=0

&
A=

n+1

{ After finish the computation for all the small
regions one by one, choose the mean of the
exponents as the final Lyapunov exponent of the
frame.

g. Then choose the next frame and repeat the
steps mentioned above.

h. Set a threshold among all of the LEs to filter
the Thus realize the
discrimination between speech and background noise.

noise  segments. we
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The “GoldWave” software was used to record the
set of English numbers 0-9 at a sampling rate of 8
kHz in a laboratory environment. The test subjects
consisted of 20 individuals and each of ‘the subjects
recorded two sets of samples. Then we carry out the
endpoint detection using the proposed method and
compared it with the conventional algorithrri

The comparative results are shown in Figure 3.
The left-column outputs were processed using the
Lyapunov Exponents method while conventional
algorithm was used for the right-column outputs.
We can see from the graphs in the right-column that
the conventional detection method will miss some
parts of the speech or include noise as a part of the
speech if the threshold of energy or zero-crossing
Contrast this with our
proposed method where we have a better result since

we could easily select an optimal threshold based
on the more accurate separation of the speech

rate is not properly set.
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Fig. 3. The endpoint detection results on “clean
speech”. Left~column wused the Lyapunov

exponents method while the right-column used
conventional algorithm.

98t BENLH STt BUEM JY

(333)

ot 2

1L

Table 1.

& gdste

—

Mot welol &3 @

Output using proposed method under noisy
environments.

{Unit: Sampling number)

Clean

Environmen ) ]
¢ white noise

Noisy Environment

f-16 cockpit| pink noise |babble noise

end
6240
4160
5760
6240
5520
5520
7440
6880
7200
6080

start
2440
1400
2440
2600
2680
2840
3000
2920
3960
2680

end
5520
4080
5840
6240
5360
5440
7440
6880
7120
6000

start
2280
1400
2440
2600
2680
2840
3000
3000
3960
2760

end
5520
4160
5840
6320
5520
5520
7440
6560
7120
5920

start
2440
1400
2440
2680
2680
2840
3080
2920
3960
2760

end
5760
4160
5760
6400
5360
5520
7440
6960
7040
6000

start
2480
1480
2440
2840
2840
2680
3240
3000
3960
2840

end
6240
4240
5840
6320
5360
5600
7440
6800
7200
6080

start
2200
1400
2440
2600
2680
2840
3080
3000
3960
2680
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Table 2. Recognition accuracy.

Recognition Accuracy (%)

new endpoint
detection

100.0
975
100.0
97.5
95.0
100.0
97.5
100.0
95.0
100.0

Speech conventional method

100.0
95.0
100.0
90.0
92.5
95.0
92.5
100.0
90.0
100.0
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segment from the noise.

The noise samples from noise database NOISEX92
were utilized as additional noise to each sample set
in order to evaluate the performance of the proposed
method simulating speech production under various
noisy conditions. We chose the representative noise,
white noise, F-16 cockpit noise, pink noise and
babble noise. The results are shown in Table 1.

We can see from Table 1 that although some
endpoints are affected by the introduced noise, the
error is less than 256 sampling points or one frame.
This small error confirms that the proposed endpoint
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detection method using Lyapunov Exponents performs
effectively even under noisy conditions.

Less but more typical parametric characteristics for
pattemn matching are then extracted based on the
detection method. As the
recognition results in Table 2 shows, the average
recognition accuracy has been improved to 98.25%.

accurate  endpoint

v.&d &

Digital isolated word recognition system requires
very high accuracy in locating the beginning and end
points of a speech in which endpoint detection plays
a crucial part. Conventional algorithms hased on the
short-time energy and zero-crossing rate performs
adequately for clean speech but fails in adverse or
noisy environments. Several research studies have
been done lately on the characterization of the speech
signal using non-linear dynamical features and our
proposed algorithm of Lyapunov exponents as a
method of endpoint detection exploits this approach
as a way of improving the accuracy of speech
recognition.

Simulation results showed that the proposed
method could extract or separate the speech segment
from the noise segment more precisely and with less
computational task than conventional
algorithms or methods. Even the introduction of
various noise into the speech sample set did not have
a major degradation on its performance but actually
proved the effectivity of our proposed method even
under various noisy conditions.

complex

Our proposed endpoint detection method using
Lyapunov Exponent which was able to increase the
average recognition rate up to 98.25% for isolated
words on unspecified person can be a valuable tool
for speech recognition systems in the future.
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