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Abstract

Hidden Markov Models (HMMs) are widely used in pattern
recognition applications, most notably speech recognition. Speech samples
are recorded using a wave surfer tool. Wave surfer is a simple but
powerful interface. The sound can be visualized and analyzed in several ways
with the help of this tool. The recorded signal (test data) is compared with the
original signal (trained data) using Hidden Markov Model algorithms. This
speech recognition is simulated in Matlab.
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1 Introduction

Stochastic processes that are usually presented as having a finite set of states,
but which, in another sense, may have an infinite number of states. These processes
are known variously as Hidden Markov Models (HMMs), functions of a Markov
Chain, or stochastic finite automata, all of which are essentially equivalent. HMMs
are used most widely and will be used here.

A process in the HMM class can be described as a finite-state Markov Chain
with a memory less output process which produces symbols in a finite alphabet.
This is the sense in which these processes have finitely many states. However, from
the perspective of an observer who knows the parameters of some representation
of the process and is able to observe the output symbols but not the internal states,
things look different. For some processes there are infinitely many distinct states
of such an observer’s knowledge about the status of the process. This knowledge is
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defined in terms of conditional distributions on future symbols. This is the sense in
which there can be infinitely many states. These states are more relevant than the
original finite set of states to the study of the process, since they allow for optimal
prediction.

2 Analysis using Wave Surfer

The standard speech analysis such as waveform, Spectrogram, Pitch, and Power
panes are analyzed. Magnitude and frequency comparison of 3 male and 3 female
speakers is shown

3 Vector quantization

Vector quantization is a process of mapping vectors from a large vector space
to a finite number of regions in that space. Each region is called a cluster and can
be represented by its center called a code word. The collection of all code words is
called a code book. Vector quantization (VQ) is a lossy data compression method
based on principle of block coding. It is a fixed-to-fixed length algorithm. VQ may
be thought as an approximation.

The technique of VQ consists of extracting a small number of representative
feature vectors as an efficient means of characterizing the speaker specific features.
By means of VQ, storing every single vector that we generate from the training is
impossible. Fig. 1 shows a conceptual diagram to illustrate this recognition process
in the figure, only two speakers and two dimensions of the acoustic space are shown.
The circles refer to the acoustic vectors from the speaker 1 while the triangles are
from the speaker 2. In the training phase, using the clustering algorithm described in
a speaker-specific VQ codebook is generated for each known speaker by clustering
his/her training acoustic vectors. The result code words (centroids) are shown by
black circles and black triangles for speaker 1 and 2, respectively.
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The distance from a vector to the closest codeword of a codebook is called a
VQ-distortion. In the recognition phase, an input utterance of an unknown voice
is “vector-quantized” using each trained codebook and the total VQ distortion is
computed. The speaker corresponding to the VQ codebook with smallest total
distortion is identified as the speaker of the input utterance.

By using these training data features are clustered to form a codebook for each
speaker. In the recognition stage, the data from the tested speaker is compared to
the codebook of each speaker and measure the difference. These differences are
then use to make the recognition decision.

Mel frequency Cepstral Coefficients are coefficients that represent audio based
on perception. This coefficient has a great success in speaker recognition
application. It is derived from the Fourier Transform of the audio clip. In this
technique the frequency bands are positioned logarithmically, whereas in the Fourier
Transform the frequency bands are not positioned logarithmically. As the
frequency bands are positioned logarithmically in MFCC, it approximates the
human system response more closely than any other system. These coefficients
allow better processing of data. In the Mel Frequency Cepstral Coefficients the
calculation of the Mel Cepstrum is same as the real Cepstrum except the Mel
Cepstrum’s frequency scale is warped to keep up a correspondence to the Mel scale.

4 Speech Recognition

The typical use of HMMs in speech recognition is not very different from the
traditional pattern matching paradigm. Successful application of HMM methods
usually involves the following steps

1. Define a set ofL sound classes for modeling, such as phonemes or words;
call the sound classesV = {vl ,v2, ...,vL}.

2. For each class, collect a sizable set (the training set) of labeled utterances that
are known to be in the class.

3. Based on each training set, solve the estimation problem to obtain a “best”
modelλi for each classvi (i = 1, 2, . . . ,L).
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4. During recognition, evaluateP(O/λ) (i = 1, 2, . . . ,L) for the unknown
utterance observation and identify the speech that producedO as classv j

5 Experimental Result
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6 Conclusion

Speaker Recognition using Hidden Markov Model which works well for ‘n’
users. On the training set, hundred percentage recognition was achieved. The
whole performance of the recognizer was good and it worked efficient in noisy
environment also. However, the performance of the system can be improved if
we have more training samples and it will be compare with the Neural networks
algorithms.
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