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Abstract— This paper presents speech processing and 

recognition system for Myanmar continuous language. The 

speech segmentation methods are based on two simple speech 

features, namely time domain features and frequency features. 

To detect the word boundaries, dynamic thresholding method is 

applied. Then, important features of speech features are 

extracted by LPC (linear predictive coding) and GTCC (gamma 

tone cepstral coefficient) approach. K-means is used in feature 

clustering and HMM is used in recognition process.   All the 

algorithms used in this work are implemented in Matlab. The 

system obtained the average word error rate of 1.18 and 0.5 with 

LPC and GTCC feature extraction techniques respectively. 
 

Keywords— Automatic Speech Segmentation, Short time 

Energy, Spectral Centroid, LPC, GTCC, HMM. 

I. INTRODUCTION 

Speech recognition is the process of automatic extracting 

and determining linguistic information conveyed by a speech 

wave using computers. Speech recognition has tremendous 

growth over the last five decades due to the advances in signal 

processing, algorithms, new architectures and hardware. 

Speech recognition is involved in our daily life activities like 

mobile applications, weather forecasting, agriculture, 

healthcare, video games etc. 

Speech recognition systems have been developed for 

isolated words in Myanmar Language. Isolated word 

recognition, in each word is surrounded by some sort of 

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 task is greatly 

in difficult. 

In speech recognition systems, the pre-processing of the 

speech signal is a key function for extracting and coding 

efficiently the meaningful information in the signal. In this 

system, LPC and GTCC feature extraction techniques are 

used. The basic idea of LPC is to predict the current value of 

the signal using a linear combination of previous samples, 

each weighted by a coefficient. Gammatone Cepstral 

Coefficient (GTCC) technique is based on the Gammatone 

filter bank, which attempts to model the human auditory 

system as a series of overlapping bandpass filters. 

LPC is used for both noisy and clean environment and 

GTCC is better in noisy environment [1]. In a hidden Markov 

model, the state is not directly visible, but variables influenced 

by the state are visible. Each state has a probability 

distribution over the possible output tokens. Therefore the 

sequence of tokens generated by an HMM gives some 

information about the sequence of states. 

This paper is organized as the follows. Section 1 is the 

Introduction. Background theory is described in Section 2. 

The Proposed System Design is detailed in Section 3. 

Experimental study is presented in Section 4 and the 

Conclusion is summarized in Section 5.  

II. BACKGROUND THEORY 

In general, the following steps are executed:  

A. Word Level Segmentation 

B. Feature Extraction 

C. HMM evaluation  

A. Word Level Segmentation 

1) 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. 

 

2) Signal Prepocessing  

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 msec. Each frame 

overlaps by half. To reduce the edge effect of each frame 

segment windowing is done.  

 

3) Speech Feature Extraction 

After windowing, compute the short-time energy features 

and spectral centroid features of each frame of the speech 

signal.  

 

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 [2]. 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 
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Where x(m) is the discrete-time audio signal and w(m) is 

rectangle window function. 
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2) 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, 

SCi , of the i-th frame is defined as the center of ―gravity‖ of 

its spectrum and it is given by the following equation: 
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Here, f(m) represents the center frequency of i-th bin with 

length N and Xi(m) is the amplitude corresponding to that bin 

in DFT spectrum[4].  

 

4) Speech Segment Detection 

After computing speech feature sequences, a simple 

dynamic threshold-based algorithm is applied in order to 

detect the speech word segments.  

1. Compute the Mean or average values of smoothed feature 

sequences. 

2. Find the local maxima of histogram. 

3. If at least two maxima M1 and M2 have been found, then: 

Threshold, 
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Where W is a user-defined weight parameter [5]. Here, 

W=10. 

The above process is applied for both feature sequences and 

finding two thresholds: T1 based on the energy sequences and 

T2 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).  

5) Post Processing  

As a post-processing step, the detected speech segments are 

lengthened by 5 short term window. Finally, successive 

segments are merged. 

 

B.  Feature Extraction 

The purpose of feature extraction is to convert the speech 

waveform to some type of parametric representation (at a 

considerably lower information rate) for further analysis and 

processing. This is often referred as the signal-processing 

front end. 

1)  Linear Predictive Coding (LPC) 
LPC of speech has become the predominant 

technique for estimating the basic parameters of speech. It 

provides both an accurate estimate of the speech parameters 

and it is also an efficient computational model of speech. The 

basic idea behind LPC is that a speech sample can be 

approximated as a linear combination of past speech samples. 

The basic steps of LPC processor include the following: 

1) Preemphasis 

The digitized speech signal, s(n), is put through a low 

order digital system, to spectrally flatten the signal and to 

make it less susceptible to finite precision effects later in the 

signal processing. The output of the preemphasizer network is 

related to the input to the network, s(n) , by difference 

equation:        

               (5) 

 

2) Frame Blocking 

The output of pre-emphasis step, )(
~

ns , is blocked into 

frames of N samples, with adjacent frames being separated by 

M samples. If xi (n) is the l 
th

 frame of speech, and there are L 

frames within entire speech signal, then 
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Where, n = 0,1,…,N – 1 and l = 0,1,…,L – 1 

 

3) Windowing 

After frame blocking, the next step is to window each 

individual frame so as to minimize the signal discontinuities at 

the beginning and end of each frame. If we define the window 

as w(n), 0 ≤ n ≤ N – 1, then the result of windowing is the 

signal: 

             (7) 

 

Where, 0 ≤ n ≤ N – 1 

Typical window is the Hamming window. 
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4) Autocorrelation Analysis 

The next step is to auto correlate each frame of windowed 

signal in order to give: 
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Where the highest autocorrelation value, p, is the order of 

the LPC analysis. 

 

5) LPC Analysis  

The next processing step is the LPC analysis, which 

converts each frame of p + 1 autocorrelations into LPC 

parameter set by using Durbin’s method. This can formally be 

given as the following algorithm: 
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For i=1,2,…,p, the LPC coefficient, am, is given as 

 

 

 

6) LPC Parameter Conversion to Cepstral Coefficients 

LPC cepstral coefficients, is a very important LPC 

parameter set, which can be derived directly from the LPC 

coefficient set. The recursion used is 
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The LPC cepstral coefficients are the features that are 

extracted from voice signal and these coefficients are used as 

the input data of HMM Model. In the HMM model, LPC 

features are used in building phoneme model. 

 

2)  Gamma Tone Cepstral Coefficient (GTCC) 

The following steps explain the feature extraction 

process. 

1) Hamming windowing and FFT 

The first step of the algorithm is to subdivide a speech 

sequence into frames. The windowing function is the 

Hamming window, which aims to reduce the spectral 

distortion introduced by windowing.   

After windowing, Fast Fourier Transform (FFT) is applied 

to the windowed speech frame. The N-point FFT spectrum, 

S[k] for 0 ≤ k ≤   N-1, of the speech frame is obtained as a 

result. 

2) Gammatone Filterbank 

The Gammatone filterbank consists of a series of bandpass 

filters, which models the frequency selectivity property of the 

human cochlea. The impulse response of each filter was 
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Where, a is a constant, usually equals to 1, n is the order of 

the filter, Φ is the phase shift, fc and b are the center frequency 

and the bandwidth of the filter in Hz. The next step is to find 

out the filter output, Xm, 
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3) Equal-loudness 

The equal-loudness weight of the m
th

 filter, Em, can be 

found by evaluating 
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The filter output after equal loudness, Xm(e), is simply the 

product of the filter output and the equal  loudness weight 

               (14) 

 

 

4) Logarithmic Compression 

The next step of the algorithm is to apply logarithm to each 

filter output. The aim of this procedure is to simulate the 

human perceived loudness given certain signal intensity.  

Let Xm(ln+ e )  be the logarithmically-compressed filter 

output of the mth  Gammatone filter. 

 

5) DCT 

To de-correlate the filter outputs, Discrete Cosine 

Transform (DCT) is applied to the filter outputs. Suppose p is 

the order of GTCC. The feature vector of one speech frame, 

which has p number of GTCC coefficients, contains the first p 

DCT coefficients of the filter outputs. In mathematical term, 

the kth GTCC coefficient of the feature vector is defined as 

follows. 

 

             (15) 

 

C. Hidden Markov Model(HMM) 

HMM can be used to model a unit of speech whether it is a 

phoneme, or a word, or a sentence. The HMM  is  a  variant  

of  a  finite state  machine  having  a  set  of  hidden states  Q,  

an  output alphabet (observations) O, transition probabilities 

A, output (emission)  probabilities B,  and  initial  state  

probabilities π. The current state is not observable.  Instead, 
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each state produces an output with a certain probability (B). 

Usually the  states Q, and outputs O, are understood, so an 

HMM is said to be a triple (A, B, π).The  HMMs  are  suitable  

for  the  classification  from  one  or  two  dimensional  signals  

and  can  be  used  when  the information  is  incomplete  or  

uncertain  [6]. The following figure shows the HMM structure 

of the Myanmar phoneme model. 

 
Fig.1 HMM structure of the phoneme ―မလာ့‖  

III. PROPOSED SYSTEM  

In this system, human speech is taken as input to the 

system. First human speech is decoded into signals for digital 

processing. For segmenting continuous Myanmar speech 

sentences into word/sub-words, time-domain and frequency- 

domain features extraction is used. To detect the word 

boundaries, dynamic thresholding criterion is applied. Then, 

important features of speech signals are extracted by Linear 

Predicted Coding (LPC) and Gammatone Cepstral Coefficient 

(GTCC) approach. Feature vectors are clustered using K-

means. The detailed steps of word segmentation and features 

extraction techniques are described in Section 2.  

A. Training 

The extracted feature vectors of LPC and GTCC are trained 

into HMM. The training is done in two steps as 

 HMM code book  

 HMM training by forward backward re-estimation 

algorithm 

First the code book contains the cluster number specifies to 

each observation vector, which is obtained by applying the K-

means algorithm. 

After clustering the training to HMM, parameters begin by 

applying Forward-backward algorithm. It uses the principle of 

Maximum likelihood estimation. It returns the state transition 

matrix A, observation probability matrix B, and the initial 

state probability vector π. In this phase, the observation 

vectors being trained in the form of HMM parameters and 

resulted as the log likelihood of entire speech. This log 

likelihood is used to store in training database for recognition 

in real time. 

B. Language Model 

For continuous speech recognition, a pronunciation 

dictionary was created that contains the input-output-

pronouncing for each word entry where the pronunciation 

describes the sequence of HMMs that constitute each word. 

For each word the output is provided as Unicode sequence and 

the pronunciation is given with the consideration of phoneme 

as a unit. As in continuous speech recognition, the system 

recognizes a sequence of words and that’s why it is necessary 

to incorporate a language model. The Regular grammar 

modelling technique is used as language model which has the 

properties like finite state model, small vocabulary and 

restricted grammar.  

C. Recognition 

HMM recognition recognizes the words on the basic of log-

likelihood. It recalculates the log likelihood of speech vector 

and compares it to the pre stored value of log likelihood. If it 

matches the entire log value from the database of specified 

model, then it can recognize the words. Then, words are 

composed to get the sentences in text. Finally, input speech is 

transformed into text structure and displayed as output. The 

following figure shows the proposed system design. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Fig. 2 Proposed System Design  

IV.  EXPERIMENTATIONS AND RESULTS 

For a continuous speech signal to be recognized, the 

preprocessing and the feature extraction is done first. Then the 

signal is recognized using the HMM. This work is based on 

558 files gathered from Myanmar native female speaker. The 

words are taken from the Grade 1 Myanmar Text Book. The 

speech signals were digitized at a sample rate of 44100 Hz 

using 16 bits and saved in WAV format.  

In this experiment, example of 10 spoken sentences was 

recognized by the system. The system output was recognized 

Myanmar words.  The  performance  of  speech  recognition  

systems  is  usually specified  in  terms  of  accuracy. 

Accuracy will be measured in terms of performance accuracy 

which is usually rated with word error rate (WER).Word error 

rate can then be computed as:  

 

 

                                                           (16) 

 

 

An example of Myanmar continuous sentences are given in 

Table 1. Table 2 shows the output of the system and the 

detailed recognition results were shown in Table 3. 
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TABLE I 

EXAMPLE OF MYANMAR CONTINUOUS SENTENCES 

 

 

 
TABLE III 

RECOGNITION RESULTS 

 
Sentence 

ID 

No. Of 

Segment 

WER by LPC WER by 

GTCC 

S1 4 0 0 

S2 10 0.2 0.2 

S3 13 0.23077 0.15385 

S4 23 0.21739 0.13043 

S5 19 0.26316 0 

S6 14 0.071429 0.21429 

S7 15 0.066667 0.066667 

S8 26 0.038462 0.038462 

S9 11 0.090909 0 

S10 13 0 0 

Total 148 1.18 0.5 

 

 

The system obtained the average word error rate (WER) of 

1.18 and 0.5 based on LPC and GTCC features respectively.  

 

 

 

 

 

 

 

TABLE II 

OUTPUT OF THE PROPOSED SYSTEM 

 

 

 

Sentences 

ID 

Myanmar Continuous Sentences 

S1 ခခေရကဵု့ မေလ့်ပဵဳ့  
S2 ငါ့မဖမး့ရ ပနး့မခူ့ရ ေရကနး အနီ့မေဆာံရ 

စညး့ကမး့ေလ့စာ့ပါ  
S3 မို့လရာသ ီ အဘို့အုိတို ံ လယးတ ဲ တကဲေလ  ့

မို့ယိုေနသလာ  ့ကူည၍ီ မို့ေပ့ပါ  
S4 အေရြံရျာမြာဘာရြိသလလဲူစညးကာ့လြပါသညး 

ဘုရာ့ပျဲေတားရြိပါသလာ  ့ လြညး့စီ့၍  လာၾကသညး 
ေလြစီ့၍ လညး့လာၾကသညး 

S5 ရျာလူၾကီ့မ္ာ့ၾကျလာ်ပီေၾကျပနး့ကနးယူခဲံပါ 
ကျ္ ေဲကာသီ့ထညးံထာ့ပါ ေကျ္ ့ေမျ့ ်ပဳစုပါရေစ  

S6 ကေလ့ငယးငယး ဘာစာ့ခဲံသလ ဲ အမသဲာ့ငါ့စာ့ရဲံလာ  ့

ကုလာ့ပစဲာ့ပါ 
S7 ေချ္ ့တရႊရဲႊ ဲအာ့ကစာ့ပျဲ လႊဖဲယး၍  မေနပါ 

ေ်ပ့လႊာ့ကစာ့ၾကသညး အာ့ရပါ့ရ ႏႊပဲါဦ့  

S8 ေစာေစာ အိပးထ ်ပဳက္ငးံက တျငး့ပ ကိုယးခႏၶာ 
ေရာဂါခပးသိမး့ ေရြာငးချာတိမး့ ကငး့်ငိမး့လျနးခ္မး့သာ ဥစၥာ 
ဓန ေပါၾကျယးွ  ထျနး့ပဥာဏးပညာ 

S9 လယးထမဲြာေရလြ္ဵေန်ပီေလြ္ားစညး့မ္ာ  ့ ေမ္ာပါေနၾကသညး 
ေလြ္ာၾကမညး သတိထာ့  

S10 ေနံစဥးမြနးစျာေရခ္ိဴ့ပါ ေခါငး့ကိုမြနးစျာ ်ဖီ့ၾကပါ 
က္နး့မာသနးရံြငး့ေရာဂါကငး့  

Sentences 

ID with 

different 

features 

Myanmar Continuous Sentences 

S1(LPC) 
 

S1(GTCC) 

ခ,ခေရ,ကံုးမေလး,ျပံဳး;  
,ခ,ခေရ,ကံုးမေလး,ျပံဳး  

 

S2(LPC) 
 

 

S2(GTCC) 

အ,ဖမး့ရ,ပနး့မ,ခူ့ရ,ေရကနးအနီ့မ,ေဆာံရ,စညး့,ကမး့ေလ့, 
လာ,ပါ;  
,ဘူ့,ဖမး့ရ,ပနး့မ,ခူ့ရ,ေရကနးအနီ့မ,ေဆာံရ,စညး့, 
ကမး့ေလ့,လာ,ပါ  

 

S3(LPC) 

 
 

S3(GTCC) 

,အ,အ,ဘို့,ဘို့,တိုံလ,ဲတ,ဲတကဲေလ ,့မို့,သလာ့,ကူညီ၍,မို့ 
,ေပ့,ပါ;    
,အ,အ,ဘို့,အုိ,တိုံလ,ဲတ,ဲတကဲေလ ,့မို့ယိုေန,မို့,ကူညီ၍,မို့ 
,ေပ့,ပါ  

 

S4(LPC) 

 

 
 

 

S4(GTCC) 

အေရြံရျာမြာ,ဘာရြ,ိသလ,ဲလ,ူစညးကာ့,လြ,ပါ,သညး,ပါ, 
ပျဲေတား,ရြ,ိပါ,သလာ့,လြညး့,စီ့၍,လာ,ေလြ,သညး,ေလြ,စီ့၍
လညး့,လာ,ၾက,ၾက;   
အေရြံရျာမြာ,ဘာရြ,ိသလ,ဲလ,ူစညးကာ့,လြ,ပါ,သညး,ဘုရာ့, 
ပျဲေတား,ရြ,ိပါ,သလာ့,လြညး့,စီ့၍,လာ,ၾက,သညး,ေလြ 
,စီ့၍လညး့,လာ,ၾက,ၾက 

 

S5(LPC) 
 

 

S5(GTCC) 

ရျာလူၾကီ့မ္ာ့,ၾကျလာ,်ပ,ီေၾကျပနး့,ကနး,ယ,ူေကာ,ပါ,ကျ္ ဲ 
,ေကာ,ကျ္ ဲ,ထညး,ံ ထညး,ံပါ,ေကျ္ ့ေမျ့ ,်ပဳ,စု,ေကာ,ထညး;ံ   
ရျာလူၾကီ့မ္ာ့,ၾကျလာ,်ပ,ီေၾကျပနး့,ကနး,ယ,ူခဲံ,ပါ,ကျ္ ဲ,ေကာ,
သီ့,ထညး,ံထာ့,ပါ,ေကျ္ ့ေမျ့ ,်ပဳ,စု,ပါရ,ေစ  

 

S6(LPC) 

 
 

S6(GTCC) 

ကေလ့ငယးငယး,ဘာ,စာ့,ခဲံ,သ,လ,ဲအမဲ,သာ့ငါ့,စာ့ရဲံ,လာ့,
ကုလာ့,ပဲ,လာ့,ပါ;  
ကေလ့ငယးငယး,ဘာ,စာ့,ခဲံ,လ,ဲလ,ဲအမ,ဲသာ့ငါ့,စာ့ရဲံ,လာ့,
ကုလာ့,လာ့,လာ့,ပါ 

 

S7(LPC) 

 

 
S7(GTCC) 

ေချ္ ့တရႊရဲျဲ,အာ့ကစာ့,ပျဲ,လႊ,ဲဖယး၍,မေန,ပါ,ေ်ပ့လႊာ့,ကစာ့
,ၾက,သညး,အာ့ရ,ပါ့ရ,ႏႊပဲါ,ဦ့;    
ေချ္ ့တရႊရဲျဲ,အာ့ကစာ့,ပျဲ,လႊ,ဲဖယး၍,မေန,ပါ,ေ်ပ့လႊာ့,ကစာ့
,ၾက,သညး,အာ့ရ,ပါ့ရ,ႏႊပဲါ,ဦ့  

 

S8(LPC) 

 
 

 

 
S8(GTCC) 

,ေစာေစာ,အိပး,ထ,်ပဳ,က္ငး,ံက,တျငး့,ပ,ကိုယး,ခႏၶာ,ေရာ,ဂါ, 
ခကး,သိမး့,ေရြာငး,ချာ,တိမး့,ကငး့်ငိမး့လျနးခ္မး့သာ,ဥ,စၥာ,ဓန,
ေပၚ,ၾကျယးွ ,ထျနး့,ပဥာဏး,ပညာ;   
ေစာေစာ,အိပး,ထ,်ပဳ,က္ငး,ံက,တျငး့,ပ,ကိုယး,ခႏၶာ,ေရာ,ဂါ, 
ခကး,သိမး့,ေရြာငး,ချာ,တိမး့,ကငး့်ငိမး့လျနးခ္မး့သာ,ဥ,စၥာ,ဓန,
ေပၚ,ၾကျယးွ ,ထျနး့,ပဥာဏး,ပညာ 

 
S9(LPC) 

 

 
S9(GTCC) 

,လယးထမဲြာ,ေရလြ္ဵေန်ပ,ီေမ္ာ,ေမ္ာ,ပါေနၾကသညး,ေလြေမ္ာ
၍,ဆယးယ,ူပါ,ေလြ္ာၾကမညး,သတ,ိထာ့;   
လယးထမဲြာ,ေရလြ္ဵေန်ပ,ီေလြ္ားစညး့မ္ာ့,ေမ္ာ,ပါေနၾကသညး,
ေလြေမ္ာ၍,ဆယးယ,ူပါ,ေလြ္ာၾကမညး,သတ,ိထာ့  

 

S10(LPC) 

 

 

S10(GTCC) 

ေနံစဥး,မြနးစျာ,ေရခ္ိဴ့,ပါ,ေခါငး့ကိ,ုမြနးစျာ,်ဖီ့ၾက,ပါ,က္နး့မာ,
သနးံရြငး့,ေရာ,ဂါ,ကငး့;  
ေနံစဥး,မြနးစျာ,ေရခ္ိဴ့,ပါ,ေခါငး့ကိ,ုမြနးစျာ,်ဖီ့ၾက,ပါ,က္နး့မာ,
သနးံရြငး့,ေရာ,ဂါ,ကငး့  



V. CONCLUSIONS 

This paper presents an automatic speech recognition system 

for Myanmar language using the appropriate features and 

recognizer. This paper clearly describes the theory and 

implementation details of the entire development task using 

the HMM. Speech segmentation was done using time-domain 

feature and frequency-domain feature and the recognition 

accuracies obtained using standard vector comparison method 

like Euclidean distances. The results also demonstrate the 

superiority of the features using LPC and GTCC features.  
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