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Abstract - The mode of communication like gesture, eye 

contact, sign language, written communication and vocal 

communication were being used by human beings for sharing 

thoughts and information to other people. The vocal 

communication has being one of the comfortable modes of 

communication, speech has been used for computer human 

interface. The automatic speech recognition has been the active 

field of research for more than five decades. The Tamil speech 

recognition has its own challenge, because of the large 

character set, high grammatical rules, and varied accents. 

Many research works have been carried out in Tamil speech 

recognition in the fields like varied recognition units, 

segmentation of the speech into subword units, designing the 

language model and designing the decoder etc. The Tamil 

speech recognition based research needs more enrichment as 

the English language. The size of the dataset of the word based 

speech recognizer will be more as the recognition unit is the 

whole word itself. Data mining based classification of the 

dataset to improve the performance of the speech recognizer is 

proposed in this paper. 
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I. INTRODUCTION 

In Automatic Speech Recognition (ASR), the recognition is 

performed with various subword units like word, phonemes, 

Triphones, Senone, Morpheme and syllable based. Phone 

model have the capability to overcome problem of whole word 

model by incorporating the sharing of parameters and thereby 

saving the computing resources. Phoneme is used as the basic 

unit in recognition. But the phones are highly context 

dependent and their aspiration too varies across the word. 

In phonetics, a diphone is an adjacent pair of phones. It is 

usually used to refer to a store the transition from one phone to 

another phone. Diphones are useful in speech 

synthesis.A triphone is a sequence of three phonemes. In 

models of natural language processing, triphones could be used 

to form various contexts in which a phoneme could occur in a 

particular natural language. If two phones have same identity 

but different left and right context, they are considered as 

different Triphone. Triphone subword models have provided 

better acoustic modeling and considerable reduction in word 

error rate for Large Vocabulary Continuous Speech 

Recognition (LVCSR) systems. Larger memory requirement is 

a limitation of triphone subword model approach. 

The triphone model leads to memory wastage since the model 

is created for a triphone which has similar center and left or 

right phones. To overcome this problem, the similar states 

were tied to form a new model called Senone.In linguistics, 

a morpheme is the smallest grammatical unit in a language. A 

morpheme is not similar to a word because a morpheme 

may be dependent or may be independent , whereas a word is 

independent. Every word comprises one or more morphemes. 

Free and bound are the two categories of morphemes. A 

morpheme can be either in any one of these categories, as they 

are mutually exclusive. Syllable is a larger sub-word unit 

which is being used for a larger speech recognition system. 

Syllable consists of three parts, the onset, nucleus and coda. 

Onset and coda are context dependent and only nucleus has no 

contextual dependencies. The contextual dependency of coda 

and the offset of the current syllable is the issue to be dealt. In 

some of the languages, the pronunciation mainly depends on 

the syllable so the syllable is being used as the recognition 

model. In phonetic languages, strong linguistic rules are 

comfortable to form syllables where as in languages like 

English, syllabication is fuzzy.  

 

When the recognition unit was syllable, it has the disadvantage 

that identification of the syllable boundaries is difficult. This 

problem is called syllabification problem. So a unit smaller 

than a syllable and bigger than a phone can be used is named 

as the demisyllable. Each syllable can be considered to be 

composed of an initial half syllable containing the initial 

consonant cluster and some part of the vowel nucleus plus a 

half syllable containing the remaining portion of the vowel 

nucleus and the final consonant cluster. But when the vowel is 

segmented, considerable care must be taken in matching the 

vowel on either side of the boundary.Word unit is acoustically 

well defined. The problem with the choice of word unit is that 

every word used has to be trained individually and as a result 

sharing of the parameters is not possible. This leads to the need 

of setting up a very large training set and growing memory 

requirement. In spite of this issue, word models have been 

successfully applied for building limited vocabulary automatic 

speech recognition but it’s not practically applicable for large 

vocabulary speech recognition. The word based Speech 

Recognition System when applied to large vocabulary, 

degrades with the accuracy. If the vocabulary is classified into 

many vocabularies using the data mining classification 

algorithm it will improve the performance of the speech 

recognition model. 

II. BACKGROUND STUDY  

 

A. Isolated Speech Recognition System 

The speech that has been received by the machine could be an 

isolated word, a connected speech, a natural continuous speech 

or a spontaneous speech which were discussed in the previous 

chapter. Many speech recognition systems have been built for 

these four types.The Isolated word Speech Recognition System 

has been designed using algorithms like Dynamic Time 

Warping (DTW), Hidden Markov Model (HMM), Artificial 

Neural Networks (ANN) [1] [2] with small and medium 
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vocabulary size. DTW has been used in isolated speech 

recognition systems as it works well for small number of 

templates and it is speaker dependent [3]. DTW based Speech 

Recognition System has a good accuracy for isolated Tamil 

digits [4]. An HMM based SRS was built by Durai Murugan 

and his team [5] with medium size vocabulary. The system was 

trained with 21 speakers and the transcription of the isolated 

digit input into orthographic representation was done. The 

isolated Tamil word speech recognition system has been built 

for recognition of digits in Tamil [6], agricultural crop names 

in Tamil [7] where the models were designed only for small 

and medium size vocabulary.The newspaper reading system 

was designed by J.Stephen and his team using the speech 

recognition, speech synthesis and web [8] to help the visually 

challenged and illiterates. The system has been designed to 

support the languages like Malayalam, Tamil, Hindi and 

English. 

 

B. Data Mining Classification Techniques  
Classification is the process of identifying the class category 

out of the set of classes of an unidentified data. The set of 

classes may be known or unknown. If the set of classes is 

known in advance, it is called supervised classification. If the 

set of possible classes is unknown, it is called unsupervised 

classification. The class is named after the classification in 

unsupervised classification. The unsupervised classification is 

also known as clustering.In supervised classification technique, 

the data is assigned a class label and the objective of 

classification is to analyze the input data and to develop an 

accurate description or model for each class using the features 

present in the data. The input data, also called the training set, 

consists of multiple records each having multiple attributes or 

features. This model is used to classify test data for which the 

class descriptions are not known.In unsupervised model, the 

correct results are not provided during training [9].  

 

It clusters the input in classes on the basis of their statistical 

properties. Classification refers to tagging the data into the 

number of predefined sets [10]. It also includes data 

processing, feature extraction, object detection, object 

classification and object segmentation [11].It is very 

predominant and challenging task in various application 

domains including video surveillance, biometry, biomedical 

imaging. Clustering pertains to unsupervised learning where 

the data with class labels are not available [12]. Classification 

maps data into the predefined groups or classes. In 

classification the classes are indomitable before examining the 

data which is often mentioned as supervised learning.Class is 

the process which classifies the collection of objects , data or 

ideas into groups , the members of which have one or more 

characteristics in common [13].  

 

C. Classification based Speech Recognition System 
In the paper by Senthildevi [14], the overview of data mining 

techniques and the various applications of data mining in 

speech processing are discussed. The data mining techniques 

for speech was classified as speech data mining, voice data 

mining and audio mining. The text based indexing and 

phoneme based indexing are the two approaches of audio 

mining. The paper also discusses the various tasks of data 

mining in speech recognition are classification, clustering, 

prediction, searching & retrieval and pattern discovery. Some 

of the research areas of speech with data mining are call center 

management, error detection in dictation speech recognition, 

speech quality measurement, voice document retrieval and 

indexing were discussed in the paper. In the work done by 

Harisha et al[15] , an isolated kannada speech recognition 

system using MFCC and ANN. The proposed speech 

recognition system can used ANN for Classification. 

 

III SPEECH RECOGNITION SYSTEM WITH 

SUPERVISED CLASSIFICATION 

 
Fig 1: Phases of Speech Recognition System with Supervised 

Classification 

 

A. Speech Data  

The Speech data which has to the recognized is given as input 

to the speech recognition system. The speech is recorded and 

modeled by a HMM and Gaussian mixtures are used for 

representing the observation distribution in each state. 

Sampling of the speech signal is done and the segmentation of 

the sampled speech signal into frames with overlapping is 

carried out. Each frame can be parameterized by 13, 26, 39 

dimensional feature vectors consisting of energy coefficients, 

mel frequency cesptral coefficients, their first and second 

derivatives.The fig 1 represents the phases in the proposed 

speech recognition system with supervised classification 

model.  

 

B. Preprocessing  

In this phase, the preprocessing of the speech signal received 

as input is done. The process such as preemphasis, endpoint 

detection, speech rate identification and word segmentation are 

done before performing any speech processing operations.  The 

preemphasis is used to flatten the signal. In the endpoint 

detection, the silence present before and after the speech is 

removed to improve the performance of the speech recognition 

system. Variation in the speech rate of the speech signal also 

affect in the performance of the speech recognition system. 

The word category depending on variation of speech rate is 

identified in the preprocessing phase for further processing in 

the successive phases.   

 

C. Speech Processing 

The normalization of speech signal using rate of speech, 

feature extraction using Mel Frequency Spectral Coefficient 

(MFCC), segmentation of speech into subunits [8], 

classification of character are done in the speech processing 

phase. When the speech category of the input was either fast or 
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slow, the expansion or compression of the time scale has been 

performed. The MFCC features were extracted for each frame.  

 

D. Speech Recognition System 

The words have been used to construct the grammar, dictionary 

and create the transcription files and to train the acoustic 

models [7]. The word acoustic models were used for training 

and testing the speech signal and the corresponding text of the 

speech input was the outcome of the Speech Recognition 

Model. The text can be used to find the answers for the queries 

of speaker in the search engines and can give response to the 

user as speech using speech synthesis. 

 

E. Classified Speech Database 

The dataset of word based speech recognition system will be 

huge. The comparison of the input speech data with the entire 

data corpus will degrade the performance of the speech 

recognition system. To improve the performance, the 

classification technique can be used. The data corpus is 

classified based on the gender using the supervised 

classification technique.   

 

IV CONCLUSION 

  

As there is wide scope in the speech recognition system using 

classification, the proposed methodology is considered for 

implementation. The performance of speech recognition 

system will be improved by the proposed methodology as it 

reduces the corpus size. The implementation of speech 

recognition system with supervised classification will be done 

in Matlab.     
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