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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 s 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)



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.
. 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 ((8§2@205:601€:000500269,

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).



TABLE 1 TABLE I: IPA CODE FOR MYANMAR WORDS

IPA Words in Myanmar IPA format
3 % po000: [2o0234]
h 005 [hoo?]
k (ye%‘, [koun]
K 2% [K"003]
1 od [lou?]
| e [lov?]
2 50005 [K"aloo?]
d [na]
- d [a]

Il. 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}
N

Aij=p{qt+l=jgt=i}i<ij<N, D a; =1 1<i<N 1)
=1

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

B is observational symbol probability distribution matrix (2) defined by NxM matrix equation

comprises

bk=p{O, =V, lq =]} 1<j<N, 1<k<M

o : )
> bi(k)=1 1<j<N
k=1


http://en.wikipedia.org/wiki/Voiced_dental_fricative
http://en.wikipedia.org/wiki/Voiceless_glottal_fricative
http://en.wikipedia.org/wiki/Voiceless_velar_plosive
http://en.wikipedia.org/wiki/Alveolar_lateral_approximant
http://en.wikipedia.org/wiki/Mid-central_vowel

Where Vy represents the K™ observation symbol in the alphabet, and O, the current parameter
vector. It must follow the stochastic limitations.

e misaintinal state distribution matrix (3) defined by Nx1.

r={n}

. : @)
m; =p{g, =1}, 1<i<N

By defining the N, M, A, B and t, HMM can give the observation sequence for entire model as A = (A,B, 7)
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(Xy O1.) posterior marginal or distribution. For all hidden state variables X € {X,, ..., Xi}.By given a set
of observations as O;.:= O;,....,0x

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.

I1l. 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.

M Recoanized Word
A

Word Level Segmentation Word Composition
Feature Extraction Word Recognition
Clustering Lp| Language | HMM
Model Evaluation

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.



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:

$(n) =s(n)—as(n-1) “)
b) Frame Blocking

The output of pre-emphasis step, S (N), is blocked into frames of N samples, with adjacent frames being

separated by M samples. If x; (n) is the | ™ frame of speech, and there are L frames within entire speech signal,
then
x.(n) =S (Ml +n) ©)

Where,n=0,1,....N—-1and1=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)
¥, (n) = x, (Mw(n)
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:
N-1-m

rmy= > XX M+m) m=0L..p (7)
n=0
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:



E® =r(0)

r(i) —ia}qui =)

ki = £ 1<i<p
al =k, (8)
aV =al? —ka 1<j<i-1

EV = (1_ kiZ)Ei—l
Fori=1,2,...,p, the LPC coefficient, a, is given as

a =al?

m

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

m-1
Cn = [hj'ck XC " m>p ©)

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
g(t) = at" e > cos(2f t + @) (10)

Where, a is a constant, usually equals to 1, n is the order of the filter, @ is the phase shift, f. and b are the

center frequency and the bandwidth of the filter in Hz. The next step is to find out the filter output, X,

N (11)

X, = SIS IH, [K]

k=0



c) Equal-loudness
The equal-loudness weight of the m™ filter, E,,, can be found by evaluating

c_ (W? +56.8%10°)w*
™ (W +6.3%10°)2 (2 +0.38*10%)(W® +9.58*10%) (12)

The filter output after equal loudness, X ), is simply the product of the filter output and the equal loudness

weight

X o=E X_ (13)

m(e)

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 Xn(In+ e ) be the logarithmically-compressed filter output of the my, 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 ky, GTCC coefficient of the

feature vector is defined as follows.

M —
GTCC, =, /&Z X ninae) cos[%jls k<p (14)
m=1

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 . 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.

10



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:

R No. of miss recognized words (15)
Total No. of segmented words

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 |
EXAMPLE OF MYANMAR CONTINUOUS SENTENCES

Sentences ID Myanmar Continuous Sentences

s1 096q03s 0ecols

S2 Choobiq 0§09 GaME F:o§1ea07e 0pSinbievIEd

S3 8200628 3203:3303 00503 Bonecw: §:desa00: o3 Siew:d

S4 326ggPe0§20030wop50m:ploopd opepsgeord§dlaocon: appdidss) coofogaopd
60p8:g) copdieonfogaopd

S5 Ppo3qpdogenBelrgosinsopdd ofeomaBioopdoond eogregdgpdaen

S6 600:c05c05 90002:32003 20800:SkenHO: P30

S7 egpongg s:neng (Reudq) eesdl elgiagamendooopd saqdke S0i8:

S8 eoneon 33800 [gogon 0g€:0 Budegn eepdle&adds eqpEgnaBds ol fBEigSqbiom
pgo 05 adogedo og§iopoabopy

S9 codSadgneqagiesBecgbopSigp: eqpdleso3oopd cagplogepd coo30on:

S10 650908g06g)pdl edl:0308e0 Boadl ogienangqlieqpdont:s
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TABLE II
OUTPUT OF THE PROPOSED SYSTEM

Sentences ID with
different features

Myanmar Continuous Sentences

S1(LPC)

9,066,0%:0600:,[§t;
19,066,0%:0600:, (G

S1(GTCC)

S2(LPC) ,062,0820,9:6,6q005308:0,69076,005:, 006:600:,000,0;

S2(GTCC) ,97%,063q,0850, 924,66 005 208:0,68076, 005, 00856003, 00, Al

S3(LPC) 82,32,0%:,53:,0303,03,03006002,8:,00000:,0903¢), 82, 6.02,0;

S3(6TC0) /32,92,0%,33,0303,03, 036003, 80365, 3:,09034), 85,608, A
EGEPE?,9278,9003,09,005072,09,d,0005,d,

S4(LPC) §e005,§,d,20002%,00058, Bs],0,609,2005, 609, BsdjeopSs, o o3 [03;
EGEPE?,027§,9003,09,0p507:,00,3,0005,996p2,36095,§,31,00000:, 00052, Bsq)

S4(GTCC) 0 J03,0998, 600, B:§c0nSs, o [3,03

. S G e R P et e
00pd,dl,eogpags[d),9,607,0005;

S5(GTCC) PR3P logeon B elogos: 00§ ap,3,d 0,602, 98:,00p8 000 Al cogpeg: [y,
9,0lq,60

S6(LPC) 6Ge0:co8cud,000,078,8,20,08,928,000:Ck,005§), 0003, 0p0002,3 0028, 0,

Se(eTeC) eoscu5c0d,000,02,3,03,03,938,000:Ck 00:§), 0008, 09038, 000:,000: Al

S7(LPC) Ggpongq,320:000:,3,08,005¢), 06, 0l,6lgiagas, 000z [03,0005, 3202, 0k, 501, 8%;

S1(GTCO) GgEoogY,392:0002:,3,03,005¢), 065, 0, 6lggagns, 000, (03,0005, 3902, ke, 53, B8
,600602,336,00,[g,031€,02,0382,0,0805,080,66p,A,005,5362,64pE, 2,038, 00 E:

SB(LPC) B&sag§qiéeom,p,8,05,6d [og050,08,00205,0p30;
60060,336,00,[g,03¢,02,0385,0,0305,080,66p,4),005,5383,64pE g0,036:,

S§(GTCC) n&B:g8qbiom,p,g,05,6d] [o3050,098:,0p0c,0p0

s9(LPO) cooScdp,eageseqp.eqp.desodaspd ecpeqpgsocdop decgploden,
2003,00%;
oS3, eanesB,eaqpopdiqps, eqp,deslogoops,eapeqps),soudoy,d.eagp| |

S9(GTCC) g, 0008 000t

S10(LPC) 6508,080>,6qqp,,68IE:08,089>,Bi{on, A, oy, 20§ E: eep, A, 00Es;

$10(GTCC) o30,93g>0qdf A,096:03 95> Bifod, J oo, 0088+ eep 006

12



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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