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Abstract: This paper presents simple and novel feature extraction method for segmenting Myanmar continuous speech
sentences into words/sub-words. These methods are based on two simple speech features, namely time domain features and
frequency features. After the features sequences are extracted, a simple dynamic thresholding criterion is applied in order to
detect word boundaries and label the entire speech sentences into a sequence of words/sub-words. All the algorithms used in this

work are implemented in Matlab.
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I. INTRODUCTION

Segmentation of acoustics signal into words/sub-words
is an important stage in ASR system. When building a
Myanmar speech database, speech signals should be
segmented and labeled. Manual segmentation and labeling,
however, is extremely time consuming and tiresome. The
process is both laborious and tedious, in that it requires
extensive listening and spectrogram interpretation.
Therefore automatic procedures for segmenting speech into
syllables are implemented in this paper. Speech recognition
systems have been developed for isolated words in
Myanmar Language. Isolated word recognition, in each
word is surrounded by some sort continuous of pause, is
much easier than recognizing continuous speech, in which
words run speech into each other and have to be
segmented. Continuous speech tasks themselves vary
greatly in difficulty. This paper is organized as the follows.
Sectionl is the introduction, Sectionll explains about the
overview of the standard Myanmar language. Sectionlll
details background theory. Proposed system design is
described in SectionlV. Experimental study is presented in
SectionV and the conclusion is summarized in SectionV1.

Il. OVERVIEW OF STANDARD MYANMAR
LANGUAGE

A. Tones

The most important feature of the Myanmar language is
its use of tone to convey the lexical meaning of the
syllables. Myanmar tones can be divided into two groups:
static and dynamic. The static group consists of three
tones (mid, low, and high) whereas the dynamic group
consists of two tones (falling and rising).
B. Stress

The syllable in a word produced with a higher degree of
respiratory effort is referred to as “stress.” The stressed

syllables are usually louder, longer, and higher in pitch
than unstressed syllables. The placement of stress on a
word in Myanmar is linguistically significant and governed
by rules including the monosyllabic word rule and the
polysyllabic word rule. For monosyllabic words, all
content words are stressed, whereas all grammatical words
are unstressed. However, monosyllabic unstressed words
when spoken in isolation or emphasized can be stressed as
well. For polysyllabic words, stress placements are
determined by the number of syllables as well as the
structure of the component syllables in the word. The
primary stress falls on the final syllable of a word. The
secondary stress is determined by the position of the
remaining syllables and whether or not they are linker or
non-linker syllables.

TABLE I: IPA Code for Myanmar Words
IPA ‘Words in Myanmar TP A format

[ an ada)
[hous P ]
[kous o ]
k"ot ]
[los 2 ]
[lov ? ]
[k"alows 2 ]
[na]

[na]

i b= =1 1
=

C. Vowels and Consonants

The Myanmar alphabet consists of 33 letters and 12
vowels, and is written from left to right. It requires no
spaces between words, although modern writing usually
contains spaces after each clause to enhance readability.
The latest spelling authority, named the Myanma
Salonpaung That pon Kyan (0 00 O 0 00000 MO
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00000000000/, wasicompiled in 1978 at the
request of the Burmese government. Some of the spoken
words and their International Phonetic Alphabet (IPA)
format are shown in table (1).

1l. BACKGROUND THEORY

The segmentation method described here is a purely
bottom-up blind speech segmentation algorithm. The
general principle of algorithm is to track the amplitude or
spectral changes in the signal by using short-time energy or
spectral features and to detect the segment boundaries at
the locations where amplitude or spectral changes exceed a
minimum threshold level. Two types of features are used
for segmenting speech signal: time-domain signal features
and frequency-domain signal features.

A. Time-Domain Signal Features

Time-domain features are widely used for speech
segment extraction. These features are useful when it is
needed to have algorithm with simple implementation and
efficient calculation.

1. Short-Time Signal Energy: Short-time energy is the
principle and most natural feature that have been used.
Physically, energy is a measure of how much signal there
is at any one time. Energy is used to discover voiced
sound, which have higher energy than silence/unvoiced, in
a continuous speech. The energy of a signal is typically
calculated on a short-time basic, by windowing the signal
at a particular time, squaring the samples and taking the
average [1]. The square root of this result is the
engineering quantity, known as the root-mean square
(RMS) value, also used. The short-time energy function of
a speech frame with length N is defined as

£, = > Tx(mw(n - m)} 0

The short-term root mean square (RMS) energy of this
frame is given by:

1 N
Enrus) = \/_Z[X(m) —w(n-m)]* 2
N m=1
Where x(m) is the discrete-time audio signal and w(m) is
rectangle window function.

w(m) ={;

B. Frequency-Domain Signal Features

The most information of speech is concentrated in
250Hz-6800Hz frequency range [2]. In order to extract
frequency-domain features, discrete Fourier transform (that
provides information about how much of each frequency is
present in a signal) can be used. The Fourier representation
of a signal shows the spectral composition of the signal. In
this system spectral centroid feature is used.

0<n<N-1

®3)

Otherwise

Spectral Centroid: The spectral centroid is a measure
used in digital signal processing to characterize a spectrum.
It indicates where the “center of gravity” of the spectrum

is. This feature is a measure of the spectral position, with
high values corresponding to “brighter” sound [3]. The
spectral centroid, SC; , of the i" frame is defined as the
center of “gravity” of its spectrum and it is given by the
following equation:

S famyx, o )
SCi = m=0 N1
> X,

Here, f(m) represents the center frequency of i-th bin
with length N and X;(m) is the amplitude corresponding to
that bin in DFT spectrum. The DFT is given by the
following equation and can be computed efficiently using a
fast Fourier transform (FFT) algorithm [4].

Nt —jemk
X,=>x(ne N;k=0,.,N-1 ®)
n=0

Here, X, is the DFT coefficients of i short-term frame
with length N, given in equation (4).

111. PROPOSED SYSTEM
The proposed speech segmentation system has five
major steps, as shown in fig.1.

A. Speech Acquisition

Speech acquisition is acquiring of continuous
Myanmar speech sentences through the microphone.
Speech capturing or speech recording is the first step of
implementation. Recording has been done by native female
speaker of Myanmar. The sampling frequency is 44100
Hz; window length is 512, and both mono and stereo
channels are used.

Continuous Myanmar Sentence

!

| Speech Acquisition ‘

!

| Signal Preprocessing ‘

!

| Speech Feature extraction ‘

!

| Speech Segment Detection ‘

:

| Post-processing ‘

!

Segmented Speech Words

Fig.1. The Proposed Automatic Speech Segmentation
System.

B. Signal Pre-pocessing

This step includes elimination of background noise,
framing and windowing. Background noise is removed
from the data so that only speech samples are the input to
the further processing. Continuous speech signal has been
separated into a number of segments called frames, also
known as framing. After the pre-emphasis, filtered samples
have been converted into frames, having frame size of 50
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msec. Each frame overlap by half. To reduce the edge
effect of each frame segment windowing is done.

C. Speech Feature Extraction

After windowing, compute the short-time energy
features and spectral centroid features of each frame of the
speech signal. These features have been discussed in detail
in Section 3. In this step, median filtering of these feature
sequences also computed.

D. Speech Segment Detection
After computing speech feature sequences, a simple

dynamic threshold-based algorithm is applied in order to
detect the speech word segments.

e Compute the Mean or average values of smoothed

feature sequences.
¢ Find the local maxima of histogram.
e If at least two maxima M; and M, have been found,

then:
Threshold,
T— W*M,; +M, (6)
W +1
Otherwise,
Threshold,
T_ Mean ©)
2

Where W is a user-defined weight parameter [5], Large
values of W obviously lead to threshold values closer to
M,, Here, W=10.

The above process is applied for both feature sequences
and finding two thresholds: T, based on the energy
sequences and T, based on the spectral centroid sequences.
After computing two thresholds, the speech word segments
are formed by successive frames for which the respective
feature values are larger than the computed thresholds (for
both feature sequences).

E. Post Processing

As a post-processing step, the detected speech segments
are lengthened by 5 short term window. Finally, successive
segments are merged.

IV. EXPERIMENTAL STUDY

All the techniques and algorithms discussed in this paper
have been implemented in Matlab. In this implement,
various speech sentences in Myanmar Language have been
recorded, analyzed and segmented by using time-domain
and frequency-domain features with dynamic threshold
technique. Fig.2 shows the filtered short-time energy and
spectral centroid features of the Myanmar sentence. Fig.3
shows the segmented sub-word. The percentage of
accuracy rate and failure rate of segmentation had been
calculated using the following eq:

_ No.of correct words segmented by the system
sepmentation accuracy = - #100%
No.of words in the sentence

®)

In this experiment, example of 10 spoken sentences
was allowed to segments by the system. The system output
was word and sub-word. An example of Myanmar
continuous sentences are given in Table 2 and the detailed
segmentation results were shown in Table 3.
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Fig.2. The first sub figure shows the sequence of the
signal’s energy. In the second sub figure the spectral
centroid sequence is presented. In both cases, the
respective thresholds are also shown. The third figure
presents the whole audio signal. Red color represents
the detected speech segments.
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Fig.3. The first sub figure shows the spectrogram of the
segment “[1” and the second sub figure shows the
segmented sub-word “[1”.
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TABLE II: Example of Myanmar Continuous

Sentences
Sentence Myanmar continuous sentence
ID
S1 (O
il
S2 (O
(OO
S3 (O
(I [
S4 (O
(O
(O
(Y
S5 (OO
il
S6 (I oo
(OO
S7 (OO
(O
S8 O
(OO
(IO
S9 (o (I
(I
(OO O
il
S10 (OO
(OO

TABLE I11: Segmentation Result

Sentence 1D | No. of expected words in the sentence | No. of correct words sesmented by the svsew | Accuracy rate
i 13 1l %
il 1§ 17 P45
4 i 1l 8%
B A P ih
B 1 1} i
Bl 1§ 1§ 9%
i i 16 04 1%
8 4 ] B3
9 2 ] 909%
pil] 1§ 1j $3%

Toal 1 182 i

V. CONCLUSION

It has presented a simple speech features extraction
approach for segmenting continuous speech into word/sub-
words in a simple and efficient way. From the experiments,
it was observed that some of the words were not segmented
properly. This is due to different causes: (i) the utterance of
words and sub-words differs depending on their position in
the sentence, (ii) the pauses between the words or sub-
words are not identical in all cases because of the

variability of the speech signal and (iii) the non-uniform
articulation of speech. Also, the speech signal is very much
sensitive to the speaker’s properties such as age, sex, and
emotion. This reduces the memory requirement and
computational time in any automatic speech recognition
system.
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