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Abstract — In this a hybrid segmentation methods are
proposed for Automatic Speech Recognition. The
segmentation methods are based on time domain
features and frequency domain features. The time
domain features are short time energy, short time
zero crossing rate. The frequency domain features
are spectral centroid and spectral flux. After features
are extracted, a simple thresholding method is used
to detect the word boundaries. The segmentation is
used to divide the continuous speech into a sequence
of words or sub words. In this project, short time
energy and spectral centroid are combined. Among
these methods, hybrid of short time energy and
spectral centroid has high segmentation accuracy.
The results shown to be computationally efficient for
real time applications and it perform better than
conventional methods.
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L INTRODUCTION

Speech is the most important manner of
communication for humans to exchange the information.
Speech Recognition is also called as voice recognition
which deals with analysis of the linguistic content of a
speech signal and its conversion into a computer
readable format. Speech recognition can be classified
into speaker dependent or independent, isolated or
continuous and can be for large vocabulary or small
vocabulary. Speech signal can be segmented into words,
sub words, syllables and phonemes [1]. Segmentation is
the process of decomposing the speech signal into a set
of basic phonetic units. Speech segmentation was done
using wavelet, fuzzy methods, artificial neural network,
hidden markov model. But it was found that results still
do not meet expectations. This paper is Continuation of
feature extraction for speech segmentation research.

Speech segmentation is wused to segments
continuous speech into uniquely identifiable or
phonemes, syllables, words or sub words and processes
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them to generate distinguishable features. Segmentation
is an important role in speech recognition to reduce
memory size and computational complexity for large
vocabulary systems [2]. Segmentation is used to detect
the proper start and end point of speech events.

Automatic speech segmentation can be classified
into two types: Blind segmentation and Aided
segmentation algorithms [4]. In blind segmentation there
is no use of pre existing or external knowledge of
linguistic properties. In aided segmentation use some
sort of external linguistic knowledge of the speech.
Generally there are two kinds of segmentation:
Phonemic segmentation and syllable like unit
segmentation. Phonemic segmentation segments speech
sequence into small phonemes and aided segmentation
segments speech into small syllables [5, 6].

This paper is organized as follows: Section 2
describes techniques for segmentation of the speech
signal. Section 3 describes segments detection of speech
signal. Section 4 describes the proposed method. In
section 5 describes the performance measures. Section
6and 7 describes the results and conclusion.

II. SPEECH SEGMENTATION

In speech segmentation two types of methods
are used. One is time domain features and another is
frequency domain features. The time domain features
are zero crossing rate and short time energy. The
frequency domain features are spectral flux and spectral
centroid [3].

A. Short Time Energy

The energy associated with speech is time varying in
nature. Hence the interest for any automatic processing
of speech is to know how the energy is varying with
time and to be more specific. By the nature of
production, the speech signal consist of voiced,
unvoiced and silence regions. Further the energy
associated with voiced region is large compared to
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unvoiced region and silence region will not have least or
negligible energy. Thus short term energy can be used
for voiced, unvoiced and silence classification of
speech. The energy of a signal is typically calculated on
a short- time basis, by windowing the signal at a
particular time, squaring the samples and taking the
average [7].

The short time energy is defined as
1 & 2
En = NZ[x(m)w(n —-m)]” ... (1)
m=1

Where, x (m) is a discrete-time audio signal and w (m)
is a rectangle window

The RMS energy equation is given by

1 N
Enpys) = WZ[x(m)W(n -m)I’ 2)
m=1

The equation of rectangle window is

w(m) = {

B.  Zero Crossing Rate

0<n<N-1

otherwise

Zero Crossing Rate gives information about the
number of zero-crossings present in a given signal [8]. If
the numbers of zero crossings are more in a given
signal, then the signal is changing rapidly and
accordingly the signal may contain high frequency
information. The numbers of zero crossing are less,
hence the signal is changing slowly and accordingly the
signal may contain low frequency information. Thus
ZCR gives indirect information about the frequency
content of the signal.

The ZCR is defined as

Zn = %Z [sgn[x(m)] —sgn[ x(m — )]w(n —m)

(4
Where,

sgn[x(m)] = {

1 x(m)=0
-1 x(m)<0
C. Spectral Centroid

Spectral centroid indicates where the "center of
gravity" of the spectrum is. This feature is a measure of
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the spectral position, with high values corresponding to
“brighter” sounds [9].
The Spectral centroid is given by

S £ (m)X,(m)

SC; = mZON—l
D X.(m)

m=0

.. (6)

f(m) is a Center frequency, X, (m) is a amplitude of the

signal
The DFT is given by the following equation

N-1 o n
X, = Zx(n)e 2N k=0..N-1 .0
n=0

D. Spectral Flux

Spectral flux refers to a measure of how quickly the
power spectrum of a signal is changing, calculated by
comparing the power spectrum for one frame against the
power spectrum from the previous frame. The spectral
flux can be used to determine the timbre of an audio
signal [10].

The Spectral Flux is given by
N 2

%
SF, = (X, (0| |x, (e = 1))

k=1
Here, X, (k) is the DFT coefficients of i " frame.

II1. SEGMENTS DETECTION

A simple dynamic based threshold method is used to
detect the speech segments. The following steps are
present in these thresholding methods.

1. Get the feature sequence from the previous
feature extraction module.

2. Apply median filtering to smooth the feature
sequences.

3. Compute the Mean or average values of
these sequences.

4. Find the threshold value.

Threshold

where,
W- weight parameter.
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Here, the both short time energy and spectral centroid
the above steps are applied to find the threshold value.

The two threshold values are T1 and T2. TI is
threshold value for energy and T2 is threshold value for
spectral centroid. Based on these two threshold values
speech segment is detected.

01

Figurel. Original and filtered signal of short
time energy.

Figure2. Original and filtered signal of
spectral
Centroid

In figures 2 & 3 shows the details of the
original speech signal of short time energy and spectral
centroid and how it will be after the preprocessed signal.
This preprocessed stage will makes the signal in
standard format which leads at increasing the
segmentation accuracy rate. In filtered output DC
component is removed and it gives standardized signal.
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Figure3. Time Domain results for short time
energy and spectral centroid.

In this figure3. Indicates the time domain results of
short time energy and spectral centroid. It shows the
segmented output of the input signal

Iv. PROPOSED METHOD

In this paper we have experimented to design the
speech segmentation using the combination of time
domain feature and frequency domain feature and
segmented into syllables or sub words. The proposed
method has five major steps [11].

Speech Acquisition

Signal Preprocessing
Speech Segmentation
Dynamic Thresholding.
Speech Segments Detection

kW=

1) Speech Acquisition

Speech acquisition is acquiring of continuous
speech sentence s through the microphone. Speech
recording is the first step of implementation.

2) Signal Preprocessing

Preprocessing is elimination of back ground noise,
framing and windowing. Back ground noise is removed
from the data. Continuous speech has been separated
into frames. That method is known as framing.
Windowing is used to determine the portion of the
speech signal.

3) Speech Segmentation

In this section we have been computed the hybrid of
short time energy and spectral centroid of each frame of
the speech signal.

4) Dynamic Thresholding

This method is used to find the threshold values.
The two threshold values are T1 and T2. After
computing two thresholds, the speech word segments
are formed by successive frames for which the
respective feature values are larger than the computed
threshold values.

5) Speech Segments Detection

A simple dynamic based threshold method is
used to detect the speech segments.
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FLOW CHART OF THE PROPOSED METHOD
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V. PERFORMANCE MEASURES

Percentage of correctness regarding extraction of
voiced sample from a speech signal is defined as
follows:

Hit rate is defined as number of correctly
recognized words. It is the ratio of number of correctly
identified words to the total number of words in the

sentence.

Hit Rate = No. of correctly identified words
Total no. of words

False Alarm rate is defined as number of words
incorrectly recognized. It is the ratio of number of

incorrectly recognized words to the total number of

words in the sentence.

False Alarm Rate = No. of erroneous word identified
Total no. of words

VL RESULTS AND DISCUSSION

The proposed technique has been implemented in
Matlab 2013a.Various speaker speech in Tamil language
have been recorded and segmented. Proposed method
has been implemented and analyzed. Table 1
summarizes the results showing percentage of
correctness in detection of word boundaries languages.

Table .1 Compartson of no. of identified words for existing and proposed methods

Sino Sentences Total no. of words Total no. of identified words

STE| SC | SF | STE&SC
1. Tamil 1 3 3 2 1 3
2. Tamil 2 5 E 1 4
3. Tamil 3 5 503 1 5
4 Tamil 4 6 503 1 3
5. Tamil 5 3 203 1 3
6. Tamil 6 5 51 1 5
7. Tamil 7 3 503 1 5
8. Tamil § 3 203 3 3
g, Tamil 9 5 503 1 5
10. Tami! 10 4 303 1 4
Total 4 KL I VA 43

In table.l shows the details no. of identified words
results for existing and proposed method. The existing
method is SF, SC and STE. The proposed method is
hybrid of STE and SC.
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Figure4. Comparisons of Segmentation

Algorithms

The above line chart gives the comparison of
various segmentation methods. Accuracy of four
segmentation methods is compared and it shows that the
hybrid of short time energy and spectral centroid has
high segmentation accuracy. Spectral flux has low

segmentation accuracy. Accuracy is exponentially
increased.
Table.2 Results for Hit Rate
Hit Rate (%)
Sentsnces | Total no SF SC STE STE&SC
of words
Tamil 1 3 3333 66.67 100 100
Tamil 2 3 20 100 80 100
Tamil 2 3 20 100 100 100
Tamil 4 6 16.6 83.33 8333 8333
Tamil 5 3 3333 100 66.67 100
Tamil 6 3 20 20 100 100
Tamil 7 3 20 100 Lo Lo
Tamil § 3 100 100 66.67 100
Tamil 9 3 20 100 100 100
Tamil 10 4 25 75 75 100
Average
Hit Rate 30.82 84.50 87.16 98.33
(%)

In table.2 showing the details Hit rate for
existing and proposed method. The existing method is
SF, SC and STE. The proposed method is hybrid of STE
and SC. From the above tabulation is observed that the
average hit rate of the proposed method is increased by
11.17 % when compared with existing method STE.

Table 3 Results for False Alarm Rate

False Alarm Rate (%)
Sentences | Total no SF sC STE STE&SC
of words
Tamil 1 3 G6.67 3333 a a
Tamil 2 5 80 0 20 Q
Tamil 3 5 80 0 a a
Tamil 4 [ 83.33 16.67 16.67 16.67
Tamil 5 3 G6.67 0 3333 a
Tamil 6 5 80 80 a 1]
Tamil 7 3 80 [1] a a
Tamil 8 3 o [1] 3333 o
Tamil 9 5 80 [i] a a
Tamil 10 4 73 25 25 Q
Average
False 69.16 155 12.83 1.66
Alarm
Rate
(%0)

43

In table.3 showing the details False Alarm rate for
existing and proposed method. The existing method is
SF, SC and STE. The proposed method is hybrid of STE
and SC. From the above tabulation is observed that the
average False Alarm rate of the proposed method is
decreased by 11.17 % when compared with existing
method STE.

VIL CONCLUSION

In this paper, a hybrid of short time energy and
spectral centroid are proposed and comparisons are
made between various segmentation methods. It
performs the segmentation of word and sentence
boundaries automatically. The proposed method results
better performance of word detection. The Average Hit
rate of proposed method is increased from the range of
11.17% to 67.51% compared to existing methods. The
Average False alarm rate of proposed method is
decreased from the range of 67.5% to 11.17% compared
to existing methods. This method increases the accuracy
rate and decreases the error rate. This reduces the
memory requirement and computational time in any
speech recognition system. Among these methods,
hybrid of short time energy and spectral centroid
provides the high segmentation accuracy. The hybrid of
speech segmentation algorithm achieved segmentation
accuracy of 98.33% and error rate is 1.67%.
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