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The speech recognition can be done with two approaches. In the first approach called as Isolated Word
Recognition (IWR), the problem is to identify each word as an individual unit. The second approach is
Continuous Speech Recognition (CSR), where speech must be broken into smaller units for identification.
We have developed an Isolated Word Recognition (IWR) technique for identification of spoken words for the
database created by recording the words in Kannada Language. Support Vector Machine (SVM) algorithm
is used for designing the classifier model. We have also analyzed the variation in the performance of
classification for words ending with same phonetics. We found that the classification accuracy using SVM
with Mel-Frequency Cesptrum Coefficients (MFCC) is good and accuracy has an affect due to the similar
phonetic sounds in different words.
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1. INTRODUCTION

2. PREVIOUS WORKS

The Automatic Speech Recognition problems
have been solved using pattern recognition
technique in most of the cases. In pattern
recognition approach for speech recognition,
speech patterns are used directly without explicit feature determination (like in acoustic)
and segmentation. The method has mainly two
steps: training of speech pattern and recognition of speech pattern via pattern comparison.
The concept is that the enough versions of a
pattern to be recognized are included in the
training pattern. Machine learns the acoustic
properties of speech class that are reliable and
repeatable across all training tokens of the pattern. The process of classification of a given
speech signal into a particular class has four
steps: feature measurement, pattern training,
pattern classification and decision logic [1].

The ASR problem can be researched in many
ways like, how the speech data can be enhanced for improving the quality of speech, reducing the level of noise in the speech signals,
detecting the presence/absence of voice(VAD)
or how signal can be segmented into different
units; (the unit may be phone, syllable or word
etc.,). Some of the major works relating to
noise and speech-end point detection can be
seen in [2],[3],[4],[5]. Many authors have considered phone / triphone model as the basic
unit of speech and segmentation of speech and
recognition is done based on that [6]. Isolated
Word Recognition (IWR) is an area of ASR
where the input speech is an isolated word unit
in contrary to a Continuous Speech Recognition where continuous speech sentence is uttered. There are also significant research done
on segmenting speech into syllabic like models
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signal assign target label from 1 to 10 that
corresponds to the ten words.
4. EXPERIMENTAL ANALYSIS
The frame size for computing the log-energy
values is 10ms and for computing the MFCC
feature is 30ms. Each of the file is converted
into sequence of nearly 50 number of feature
vectors totally constituting around 5000 number of records. We have conducted two experiments for the speech recognition. In the first
experiment, the entire database as it is considered for the evaluation. In second kind of
experiment, we leave a trailing end of each file
i.e., around 15 frames and then the evaluation
is applied. In Hold-out method the database is
divided into two parts in a particular ratio and
then one of the parts is used as training set and
another as testing set. We have used a ratio 1:3
for training and testing set respectively. We
have already explained the technique of training and testing in the previous section.
For the first type of experiment conduced, the
Figure 4 shows the accuracy for the result of
testing the 100 files with the trained SVM
model. The first column gives the word uttered
with the meaning given in both English and
Kannada. The second column gives the total
number of files for each word. We have done
ten iterations and the average class recognition
accuracy is 78.4%. In each of the iteration,
database is divided into training and testing
set randomly.
We observed that each of the word in the
database that we considered is ending with
same phonetic sound, /u. For analyzing the
effect on classification accuracy of words due
to this, we conducted another experiment. In
this experiment we used the same feature extraction techniques as in first experiment, but
the trailing 15 frames of each file are discarded.
By doing this, we created a new database which
has no feature vectors corresponding to the last
part of the file. The experiment is repeated
for ten times and average classification accuracy computed is 97.29%. The Figure 5 shows
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the results of classifying for one of the iteration
with 99%. We can observe that the classification accuracy is increased and so the same ending phonetic sound has an effect in the classification accuracy for Isolated Word Recognition.
5. CONCLUSIONS
The speech recognition problem has application in many diverse areas. Due to the complex
nature of the signals the ASR problem has not
been solved to its full extent. Especially Indian languages need more focus so that it can
be easily accommodated into the existing ASR
system. The database creation for Indian languages spoken words is challenging job. We
have demonstrated that the technique SVM
combined with MFCC feature extraction, systematic method of noise reduction and speech
end point detection yields generating classifier
model that could classify the considered words
with a good accuracy rate. We can test the
same model with a large database and analyze
the results. Due to similarity in some of the
phonetics sounds in words, the classification
accuracy may be affected. This problem can
be analyzed further by dividing the word again
into sub-word units. We can also consider the
continuous speech database in the next step, in
which case we should for efficient segmentation
techniques.
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Figure 4. The Results of Classifying ten Kannada Words

Figure 5. The Results of Classifying Ten Kannada Words after Discarding the Trailing 15 Frames
from Each File
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