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Abstract

Speech recognition by machine may be defined as the conversion of human speech signal into textual form automatically by the
machine without any human intervention. Two feature extraction techniques utilizing DWT (Discrete Wavelet Transform) and WPD
(Wavelet Packet Decomposition) for speech recognition are discussed in the present article. The comparison of two speech recog-
nizer, first, based on Discrete Wavelet Transform and the second based on Wavelet Packet Decomposition, and with four classifiers
has been done in this paper. The proposed method is implemented for a database consisting of ten digits and two hundred speakers,
making it a database of 2000 speech samples. The results present the accuracy rate of the respective speech recognizers.
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1. Introduction

Speech is a source of oral communication in which humans
express their ideas, emotions and thoughts with each other.
Human speech is a complex signal contains rich information.
Thus to understand this complex information by computer is
known as speech recognition. Developing an ASR (Automatic
Speech Recognizer) consists of two major parts one known as
front-end processor and other known as back-end processor.
Former is utilized for building individual templates of all speech
signals and latter performs the task of template matching."?
Figure 1 shows the basic block diagram for an ASR system.
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Figure 1. Block diagram for automatic speech recognition
system.

Front-end processor performs several tasks, like, end-point
detection, pre-emphasis, windowing, framing etc., known as pre-
processing of speech signal, and also extracting features from this
pre-processed speech. Back-end processor compares individual
template generated by front-end processor with the template of
unknown speech signal generated by the same front-end proces-
sor.? Features are the parametric representation of speech signal,
which can be utilized for grouping same kind of patterns.* MFCC
(Mel-Frequency Cepstral Coeflicient), LPC (Linear Predictive
Coding), PLP (Perceptual Linear Predictive) coefficient, wavelet
and auditory features are the generally used features. Despite of
availability of several feature extraction techniques, the efficiency
of a speech recognition system largely depends upon selection
of appropriate features.* Various parameters can deteriorate the
efficiency of the system. A very efficient method for speech rec-
ognizing application is wavelet transformation.

In this paper, Section-2 presents two wavelets based feature
extraction techniques. Section-3 provides the result and discus-
sions and lastly, Section-4 presents conclusion and future scope
of the paper.

2. Wavelet based Feature
Extraction Techniques

The general architecture of automatic speech recognition system
to recognize voice signal involves different stages and is shown in
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Figure 1. The sound signal captured by microphone is preproc-
essed for making it compatible, noise robust and appropriate to
extract features from the sound signal. In the present work, four
tasks are performed to pre-process the sound signals: detecting
end-point of sound, Pre-emphasizing the sound signal, Framing
and Windowing. After that, extracting features is the next step.

Most of the speech-based studies are based on Fourier
Transforms (FTs), Short Time Fourier Transforms (STFTs), Mel-
Frequency Cepstral coefficients (MFCCs), Linear Predictive
Coding (LPCs), and prosodic parameters. Various researches
have used MFCC, LPC, PLP etc. for speech processing but size
of feature vectors and thus, the computing costs are very high for
these parameters. Wavelet transform can reduce size of feature
vectors in comparison to these techniques and hence, reduces the
computing costs several folds.

2.1 Discrete Wavelet Transform (DWT)

Wavelet transform is a technique for decomposing the signals
in a set of basic functions, which are known as wavelet. DWT,
a specific type of WT, is a tool to represent signal in time and
frequency in a compact manner for efficient computation. DWT
can more efficiently process the sound signal due to its efficient
time-frequency localization® along with multi resolution, multi
scale analyzing features.
The DWT can be represented as:

WG =Y %2 o(27n—K)
i

4

Where g@(t) is basic analysis function of “mother wavelet”.
Further functions can be obtained translating and dilating the
mother wavelet. In DWT, sound signal is passed from low-pass
and high-pass filter, the outputs of which are known as approxi-
mation and detailed coefficients respectively.® In sound signal,
low-frequency component termed as approximation “h[n]” is
more important as compared to high-frequency signal termed as
detailed “g[n]” because low-frequency component characterizes
a sound signal as compared to its high-frequency component.”
The successive coefficients can be given by:

v, [k] = Z.r[ﬂ]h[2k —n]

Vaigaldl = ) slrlg(2k — ]
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Where, ¥;,,,. (approximation coefficient) and Yg;gn (detail
coefficient) are the output of low-pass and high-pass filters
respectively after sub-sampling with two. This process is per-
formed till the achievement of desired level.* WT has a variable
window-size, which is broad at low-frequencies and narrow at
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high-frequencies. Due to this, the output is an optimized time-
frequency resolution for all frequencies.” Figure 2 shows the
wavelet tree decomposition of speech signal up to 5 levels.

Figure 2.  Wavelet tree decomposition for 5 levels.

Figure 3. Wavelet Packet Decomposition (A, & D, -
Approximation & Detailed co-efficients at ith level).

2.2 Wavelet Packet Decomposition (WPD)

This transformation is an expansion of DWT. WPD also provides
a multi level time-frequency division of sound signal. The A, and
D, are further decomposed into low-resolution approximation
and detailed co-efficient. DWT is performed to low-pass filter
output only while WPD is applied to low-pass and high-pass filter
outputs both. Hence, WPD utilizes long time intervals for lower
frequencies and short time intervals for higher frequencies.”’ In
WPD, every detailed co-efficient is decomposed in two parts.
Approximation co-efficient consist properties of a sound signal
and detailed co-efficient consist noise and disturbance present
in the sound signal.! Although, majority of signal characteristics
are contained in approximation co-efficient but sometimes detail
co-efficient may also have useful characteristics of speech sig-
nal. So, both A, and D, are decomposed in WPD. Figure 3 shows
the WPD of speech signal. The classifiers used are Naive Bayes,
ANN, HMM and SVM.

3. Result and Discussion

Various experiments performed to develop a speech recognition
system using wavelet are presented here. Table 1 provides the
performance evaluation results to select optimal wavelet.

Figure 4 provides the comparison of recognition accuracy
for various wavelets over the digits database. From the experi-
ments conducted, it is concluded that result with higher accuracy
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were achieved with dbl or haar. Sym4 gave optimal results for Table 1. Selection of Optimal Wavelet
symlets and Coif4 for coiflets. The Daubechies wavelet performs
better than others with accuracy rate of 87.0% using db1 or Haar

Wavelet Accuracy Wavelet Accuracy Wavelet Accuracy

dblor 87.0 sym2 79.7 coifl 75.4
wavelet. Db4 wavelets also demonstrated a high accuracy rate of Haar ¥
86.9% with digit database. Hence, dbl or Haar wavelet is selected )
e . L. db2 84.3 sym3 80.1 coif2 73.4
and decomposition is done till 8 levels. The originally recorded '
sound signal and its end point detected speech are shown in Fig ~ 4P% 86.9 symd 820 coif3  76.1
5. The first level and 8" level DWT decomposition of speech sig- ~ db6 84.7 sym> 78.4 coif4 76.4
nal with approximation and details coefficients are provided in ~ db8 83.4 syme6 78.3 coif5 74.2
Figure 6 and Figure 7 respectively. db10o 82.8 sym7 80.3
db12 81.7 sym$8 80.4
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Figure 4. Recognition accuracy for digits database.
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Figure 5. Original Speech signal and End point detected speech.
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Figure 6.  DWT decomposition for level 1 (Approximation and Detail Coeflicients).
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Figure 7. DWT decomposition for level 8 (Approximation and Detail Coefficients).
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wave Packet coefficients
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Figure 8.  Wavelet Packet Decomposition for Digit 9.

The selected database has ten digits and two-hundred speak-
ers making it 2000 samples in all. Here, 16 experiments were
conducted. Following the front-end processing, resultant fea-
ture vectors are normalized and given as input to classifiers. The
number of speakers is varied during the course of experiment for
determining the effect of this factor on accuracy rate. Generally,
smaller database with few numbers of speakers results in high
recognition rate. Table 2 shows the results of DWT based features
of digits database after classification using four different classi-
fiers.

The results for WPD and four classifiers on digit database
along with comparison graph are presented in Table 3 and figure
10.

Figure 9 and Figure 10 provides the comparison between clas-
sification techniques of wavelet and wavelet packet based features
for digits based speech respectively. From the presented results it
is observed that both the methods perform well for speech digits
database and DWT perform better than WPD. The ANN clas-
sifier performs better recognition rate. Table 4 below shows the
comparison for performance for both the DWT and WPD.

wave Packet coefficients
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Figure 9. Recognition accuracy of DWT based features for
speech recognition.
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Figure 10. Recognition accuracy of wavelet packet features

for speech recognition.

Table 2. Results for wavelets based features of digits database with four classifiers
No. of Total Naive Bayes ANN HMM SVM
Speakers Samples Coprect Accuracy Correct Accuracy Correct Accuracy Correct Accuracy
10 100 95 95 97 97 96 96 97 97
25 250 237 94.8 245 98 238 95.2 242 96.8
50 500 468 93.6 480 96 469 93.8 476 95.2
75 750 699 93.2 705 94 692 92.26667 709 94.53333
100 1000 920 92 936 93.6 918 91.8 932 93.2
150 1500 1365 91 1395 93 1352 90.13333 1377 91.8
200 2000 1782 89.1 1821 91.05 1769 88.45 1800 90
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Table 3. Classification results for wavelet packet based features of digits database
No. of Total Naive Bayes ANN HMM SVM
Speakers  Samples  Gorrect Accuracy Correct Accuracy Correct Accuracy Correct Accuracy
10 100 95 95 98 98 93 93 97 97
25 250 235 94 241 96.4 232 92.8 238 95.2
50 500 466 93.2 477 95.4 463 92.6 472 94.4
75 750 697 92.93333 709 94.53333 687 91.6 701 93.46667
100 1000 909 90.9 937 93.7 908 90.8 924 92.4
150 1500 1353 90.2 1384 92.26667 1350 90 1365 91
200 2000 1775 88.75 1812 90.6 1774 88.7 1795 89.75

Table 4. Comparison of performance for both
DWT and WPD

Feature Extraction Accuracy Precision Recall
Wavelet 93.48 0.91 0.894
Wavelet Packet 92.8 0.897 0.877

4. Conclusion and Future Scope

Based on experimental results, it is observed that DWT performs
better than WPD and accuracy decreases with the increase in
number of speakers. Moreover, the results show that ANN has
given highest accuracy rate among the four chosen classifiers.
So, the best results are obtained by using DWT for feature
extraction followed by ANN as classifier. One extension of the
current work can be enhancing the database of speech samples
for higher accuracy rate. Also, other classifiers such as Genetic
algorithm, Fuzzy logic etc. can also be utilized for analyzing the
performance of the speech recognition system.
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