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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 0.5 with GTCC feature extraction 

techniques respectively. 
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I.  Introduction  

Automatic Speech Recognition (ASR) is a technology that allows a computer to identify the words that a 

person speaks into a microphone or telephone. This is a very difficult task, partially because the field is 

motivated by the promise of human-like performance under realistic conditions. ASR has so far gained some 

commercial success due to demonstrable increases in productivity by greatly assisting human operators or by 

replacing the human element altogether. A speech interface in users‟ own language is a very natural, flexible, 

efficient, and economical form of communication. ASR has a wide area of applications: command recognition, 

information inquiry, dictation, personal computer interfaces, automated telephone services, interactive voice 

response, and special purpose commercial and industrial systems.  It can also be used in education for language 

learning. It has other important applications for handicapped people to help them with their daily life and 

communication with the rest of the society. It is a technology that makes life easier and very promising. 

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) 
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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. Overview of standard Myanmar language is described in Section 1. 

Hidden Markov Model is detailed in Section 2. Proposed system design is presented in Section 3. Experimental 

results are showed in Section 4 and the Conclusion is summarized in Section 5. 

I. OVERVIEW OF STANDARD MYANMAR LANGUAGE 

Myanmar is a tonal language. This means that all syllables in Myanmar have prosodic features that are an 

integral part of their pronunciation. Standard Myanmar is based on the dialect spoken in the lower valleys of the 

Irrawaddy and Chindwin rivers. It is spoken in most of the country with slight regional variations. In Myanmar 

there are 8 main races and 135 sub-races. Myanmar (Burmese) is the official language in Myanmar. A syllable is 

assigned a tone and each spoken syllable with a different tone will have a different lexical meaning.   

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.  

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 Thatpon Kyan (ြြန်ြာစာလု  ုးပေါင်းသတ်ေု  ုကျြ်း), 

was compiled 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). 
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TABLE 1 TABLE I:  IPA CODE FOR MYANMAR WORDS 

 

IPA Words in Myanmar IPA format 

ð အညာသား [ʔəɲàðá] 

h ဟ တ်  [hoʊʔ] 

k က န ် [kòʊɴ] 

kʰ ခ န ် [kʰòʊɴ] 

l လ ေ ် [loʊʔ] 

l̥ လှုေ ် [l̥oʊʔ] 

ə ခလ တ ် [kʰəloʊʔ] 

` ငါ  [ŋà] 

˷ ငါ ့ [ŋa̰] 

 

II. HIDDEN MARKOV MODEL (HMM) 

HMM is defined as the finite state machine with fix number of states. It is statistical processes to characterize 

the spectral properties of voice signal. It was two types of probabilities. There should be a set of observation or 

states and there should be a certain state transitions, which will define that model at the given state in a certain 

time.  

In HMM, the states are not visible directly. They are hidden but the output is visible which is dependent on 

the states. Output is generated by probability distribution over the states. It gives the information about the 

sequence of states but the parameters of states are still hidden. HMM can be characterized by following when its 

observations are discrete. 

 N is number of states in given model, these states are hidden in model. 

 M is the number of distinct observation symbols correspond to the physical output of certain model. 

 A is a state transition probability distribution defined by NxN matrix as shown in equation (1). 

A = {aij} 

Aij = p{ qt+1 = j|qt = i}, i ≤ i, j ≤ N, 



N

j

ij Nia
1

1,1                                 (1) 

Where qt occupies the current state. Transition probabilities should meet the stochastic limitations 

 B is observational symbol probability distribution matrix (2) defined by NxM matrix equation 
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Where Vk represents the K
th
 observation symbol in the alphabet, and Ot the current parameter 

vector. It must follow the stochastic limitations. 

 π is a intinal state distribution matrix (3) defined by Nx1. 

Niiqpi

i


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1},{
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1


       (3) 

By defining the N, M, A, B and π, HMM can give the observation sequence for entire model as λ = (A,B, π) 

which specify the complete parameter set of model [2]. 

HMM defined forward backward estimation algorithm to train its parameters to find log likelihood of voice 

sample. Segmental k means algorithm is used to generate the code book of entire features of voice sample. 

Forward backward algorithm is used to estimate the unidentified parameters of HMM. It is used to compute the 

maximum likelihoods and posterior mode estimate for the parameters for HMM in training process. It is also 

known (P(Xk| O1:t)  posterior marginal or distribution. For all hidden state variables Xk ϵ {X1,….,Xt}.By given a set 

of observations as O1:t:= O1,….,Ot. 

This inference task is commonly known as smoothing [2] [3]. This algorithm uses the concept of dynamic 

programming to compute the required values for the posterior margins efficiently in two processes first doing the 

forward estimations and then backward estimation. Segmental K-means algorithm is used to clustering the 

observations into the k partition. It is the variation of EM (expectation-maximization) algorithm.  

III. PROPOSED SYSTEM DESIGN 

In this system, human speech is taken as input to the system. First human speech is decoded into signals for 

digital processing. The following figure shows the proposed system design. 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 1 Proposed System Design  

For segmenting continuous Myanmar speech sentences into word/sub-words, time-domain and frequency- 

domain features extraction is used [4]. To detect the word boundaries, dynamic thresholding criterion is applied 

[5]. After segmenting the continuous Myanmar words, important features of speech signals are extracted by 

Linear Predicted Coding (LPC) and Gammatone Cepstral Coefficient (GTCC) approach.  
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A. Features 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: 

a) 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:     

                     (4) 

 

b) 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 

                                (5) 

  

Where, n = 0,1,…,N – 1 and l = 0,1,…,L – 1 

c) 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: 

                      (6) 

 

Where, 0 ≤ n ≤ N – 1 

Typical window is the Hamming window. 

d) Autocorrelation Analysis 

The next step is to auto correlate each frame of windowed signal in order to give: 

               (7) 

 

Where the highest autocorrelation value, p, is the order of the LPC analysis. 

 

e) 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 

 

 

f) 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 

 

 

 

                                              (9) 

 

 

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. 

a) 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. 

b) 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 

 

                               (10) 

 

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,                                                                               

(11)
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c) Equal-loudness 

The equal-loudness weight of the m
th

 filter, Em, can be found by evaluating 

 

                   (12) 

 

The filter output after equal loudness, Xm(e), is simply the product of the filter output and the equal  loudness 

weight 

                     (13) 

 

d) 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. 

e) 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. 

 

                   (14) 

 

B. HMM 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. 

C. 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.  
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D. 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. 

IV. EXPERIMENTAL 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:  

 (15) 

 

 

An example of Myanmar continuous sentences are given in Table 2. Table 3 shows the output of the system. 

Figure 2 illustrates different recognition results between LPC and GTCC feature extraction approach. 

TABLE I 

EXAMPLE OF MYANMAR CONTINUOUS SENTENCES 

 

 
 
 

 

 
 

 

 
 

 

 
 

 

 
 

 

Sentences ID Myanmar Continuous Sentences 

S1 ခခေရကဵု့ မေလ့်ပဵဳ့  
S2 ငါ့မဖမး့ရ ပနး့မခူ့ရ ေရကနး အနီ့မေဆာံရ စညး့ကမး့ေလ့စာ့ပါ  
S3 မို့လရာသ ီအဘို့အုိတို ံလယးတ ဲတကဲေလ့ 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 က္နး့မာသနးံရြငး့ေရာဂါကငး  ့ 

wordssegmentedofNoTotal

wordsrecognizedmissofNo
WER

.

.

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TABLE II 

OUTPUT OF THE PROPOSED SYSTEM 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
 

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,ေလ,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,စ,ုေ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,ကငး့
်ငိမး့လျနးခ္မး့သာ,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,ေလြ္ာၾ
ကမညး,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  
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Fig.2 Different recognition results between LPC and GTCC 

 

The system obtained the average word error rate (WER) of 1.18 and 0.5 based on LPC and GTCC features 

respectively.  

V. CONCLUSIONS 

This paper presents an automatic speech recognition system for Myanmar language using the appropriate 

features and recognizer. This paper clearly describes the design 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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