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Abstract
Speech is the main communication method between human 
beings. Sincethe time of the invention of the computer people 
have been trying to let the computer understand natural speech. 
Speaker recognition is a technology which has close connections 
with computer science, signal processing, voice linguistics and 
intelligent systems. Neural network is a technology which tries 
to mimic human brain functions. With the development of neural 
network these past few decades, using neural network in speech and 
speaker recognition has become very popular and successful. In 
this paper the main procedures that include signal pre-processing, 
feature extraction, neural network design and implementation, are 
introduced. The Mel Frequency Cepstrum Coefficients (MFCC) 
is the best available approximation of human ear features. Back 
propagation neural network is used to design the recognition 
system. Moreover an implementation has been made in Matlab 
platform. The experiment results show that the system works 
well and it can be improved by using more training samples. This 
research gives a good foundation for future implementation on a 
real-time DSP system.
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I. Introduction
The aim of speaker identification is to recognize an actualspeaker 
among set of possible speakers, on the basis of aparticular utterance. 
At the stage of trials end experiments speaker identification is an 
iterative and multi-stage process of speech signal pre-processing. 
Speaker Identification is a sub part of Speaker Recognition. 
Speaker Recognition is the process of automatically recognizing 
the speaking person from a recording, using there are two sub 
groups in speaker recognition:

A. Speaker Identification
This refers to determining the actual identity of the speaker. refer 
to fig. 1.

B. Speaker Verification
This refers to verification of whether the speech belongs to the 
claimed speaker or not. It is also referred to as 
Speech Authentication. Based on whether test utterances are 
allowed to come from any unknown identity, speaker identification 
problem can be divided into two groups:

1. Closed Set Problems
In closed set identification, the system knows that the test utterance 
belongs to one of the speakers it is trained with, therefore forces 
itself to decide on an identity.

2. Open Set Problems
In open set identification, the system may reject to assign the 
utterance to any of the speakers. Also on the basis of dependency 
on text, Speaker Identification is of two types:

(i). Text Dependent
Speaker’s speech depends on the text speakers speech corresponds 
to known Text, cooperative user, ‘PIN’ type applications.

(ii). Text Independent
No constraints on what the speakers Speaks, potentially
Uncooperativeuser. Approaches to Speech Recognition: There are 
three different approaches to speech recognition-

Acoustic Phonetic Approach• 
Pattern Recognition Approach• 
Artificial Intelligence Approach• 

Fig. 1: Speaker Identification System

(i). Artificial Intelligence Approach
The Artificial Intelligence approach is a hybrid of the acoustic 
phonetic approach and pattern recognition approach. In this, it 
exploits the ideas and concepts of Acoustic phonetic and pattern 
recognition methods. Knowledge based approach uses the 
information regarding linguistic, phonetic and spectrogram.Here 
we have used the Pattern Recognition approach, whichinvolves two 
essential steps-namely, pattern training and pattern comparison. 
The essential feature of this approach is that it uses a well 
formulated mathematical framework and establishes consistent 
speech pattern representations for reliable pattern comparison, 
from a set of labelled training samples via a formal training 
algorithm. Under the pattern recognition approach we have used 
the Vector Quantization approach.

Fig. 2: Speaker Recognition Model Using ANN

Vector Quantization (VQ)
Vector Quantization (VQ) is often applied to Speech Identification. 
It is useful for speech coders, i.e., efficient data reduction. Since 
transmission rate is not a major issue for speech identification, 
the utility of VQ here lies in the efficiency of using compact 
codebooks for reference models and Codebook searcher in place 
of more costly evaluation methods. The test speech is evaluated 
by all codebooks and Automatic Speech Recognition chooses the 
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word whose codebook yields the lowest distance measure.
Basically, VQ uses Optimal Algorithm. Commonly used features 
include Mel cepstrum (MFCC) and LPC-cepstrum (LPCC), which 
both measure the short-term spectral envelope.

(a). MFCC
Mel frequency cepstrum coefficients, refers to the mathematical 
coefficients used for sound modelling. It is a representation of 
the short-term power spectrum of a sound, based on a linear 
cosine transform of a log power spectrum on a nonlinear mel 
scale (a perceptual scale of pitches judged by listeners to be 
equal in distance from one another.) of frequency. MFCCs are 
commonlyderived as follows:
MFCCs are commonly used as features in speech recognition 
systems, such as the systems which can automatically recognize 
numbers spoken into a telephone. They are also common in 
speaker recognition, which is the task of recognizing people from 
their voices.

(b). LPCC
Linear Predictive Coding (LPC) is a tool used mostly in audio signal 
processing and speech processing for representing the spectral 
envelope of a digital signal of speech in compressed form, using 
the information of a linear predictive model (Linear prediction is 
a mathematical operation where future values of a discrete-time 
signal are estimated as a linear function of previoussamples).LPC 
analyses the speech signal by estimating the formants, removing 
their effects from the speech signal, and estimating the intensity 
and frequency of the remaining buzz.

Fig. 3: Clusters in K-means Algorithm

The process of removing theformants is called inverse filtering, 
and the remaining signal after the subtraction of the filtered 
modelled signal is called the residue. The numbers which describe 
the intensity and frequency of the buzz, the formants, and the 
residue signal, can be stored or transmitted somewhere else. LPC 
synthesizes the speech signal by reversing the process: use the 
buzz parameters and the residue to create a source signal, use the 
formants to create a filter (which represents the tube), and run 
the source through the filter, resulting in speech .Because speech 
signals vary with time, this process is done on short chunks of the 
speech signal, which are called frames; generally 30 to 50 frames 
per second give intelligible speech with good compression.

II. Literature Review
MOHD ZAIZU ILYAS (et al.) [1], reported that by using the 
proposed combination technique, a Total Success Rate (TSR) 
of 99.97% is achieved and it is an improvement of 11.24% in 
performance compared to HMM. For speaker verification, true 
speaker rejection rate, impostor acceptance rate and equal error 
rate (EER) are also improved significantly compared to HMM.
NUR SHAZREEN YUSSOFF [2], reported that considerable 
research and development has been carried out to extract speaker 
specific features and to develop features matching techniques 
but further mentioned that in the literature these methods are 
inefficient in terms of performance and computing intensive.
However, Artificial Neural Network (ANN) based models show 
considerable promise for many pattern recognition problems.
NILADRI SEKHAR DEY (et al.) [3], according to this paper 
acquisition of speech signal, analysis of spectrogram, neutralization, 
extraction of features for recognition, mapping of speech using 
Artificial Neural networks is presented. Further such a method 
of mapping is realized using back propagation rules of neural 
networks. This algorithm is especially suitable for huge set of 
input and output speech mapping..
JI-SOO KEUM (et al.) [4], reported that the feature vector reflects 
the speaker specific characteristics and has a long-term feature 
for which makes it text-independent. The proposed method has a 
computational efficient for feature extraction and identification.

III. Methodology
A speaker recognition system is mainly composed of the 
followingfour modules, Refer Fig 4:-

Fig. 4: Neural Network Emulation Experiment

A. Front-End Processing
It is the “signal processing” part, which converts the sampled speech 
signal into set of feature vectors, which characterize the properties 
of speech that can separate different speakers. Frontend processing 
is performed both in training- and recognition phases.

B. Speaker Modelling
This part performs a reduction of feature data by modelling the 
distributions of the feature vectors.

C. Speaker Database
The speaker models are stored herein .wav format.

D. Decision Logic
It makes the final decision about the identity of the speaker by 
comparing unknown feature vectors to all models in the database 
and selecting the best matching model.
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E. 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 approximator.
The technique of VQ consists of extracting a small number of 
representative feature vectors as an efficient means.
In fig. 6, the result code words (centroids) are shown by black circles 
and black triangles for speaker 1 and 2, respectively.The distance 
from a vector to the closest codeword of a codebook iscalled a 
VQ-distortion. In the recognition phase, an input utteranceof an 
unknown voice is “vector quantized” using each trainedcodebook 
and the total VQ distortion is computed. The speakercorresponding 
to the VQ codebook with smallest total distortionis identified as 
the speaker of the input utterance. By using thesetraining data 
features are clustered to form a codebook for eachspeaker. In the 
recognition stage, the data from the tested speakeris compared to 
the codebook of each speaker and measure the difference. These 
differences are then use to make the recognitiondecision.

1. Design Problem
The VQ design problem can be stated as follows. Given a 
vectorsource with its statistical properties known, given a 
distortionmeasure, and given the number of code vectors, find a 
codebook(the set of all red stars) and a partition (the set of blue 
lines) whichresult in the smallest average distortion. We assume 
that there isa training sequence consisting of M source vectors:

I = {x1, x2... xM}

For example, if the source is a speech signal, then the 
trainingsequence can be obtained by recording several long 
telephoneconversations. M is assumed to be sufficiently large 
so that allthe statistical properties of the source are captured 
by the trainingsequence. We assume that the source vectors are 
k-dimensional,
e.g, xm = (xm,1, xm,2 ,..., xm,k), m = 1, 2 ,..., M
Let N be the number of code vectors and let:
C = {c1, c2... cN}represents the codebook. Each code vector is 
K dimensional,
e.g.,cn = (cn,1, cn,2, ...., cn,k), n = 1, 2, ..., N

Fig. 6: Vector Quantization Classical Model

Let, Sn be the encoding region associated with code vector Cnand 
let:p = {S1, S2, SN}
Denote the partition of the space. If the source vector xm is in 
theencoding region Sn, then its approximation (denoted by Q(Xn) 

isCn: Q(xm) = cn, if xm ,sn
Assuming a squared-error distortion measure, the averagedistortion 
is given by D. The design problem can be succinctlystated as 
follows: Given T and N find C and P such that D isminimized.
Nearest-Neighbor Search: for each training vector, find thecodeword 
in the current codebook that is closest (in terms ofsimilarity 
measurement), and assign that vector to the correspondingcell 
(associated with the closest codeword).Centroid update: Update 
the codeword in each cell using thecentroid of the training vectors 
assigned to that cell.

2. Optimality Criteria
If C and P are a solution to the above minimization problem, thenit 
must satisfy the following two criteria.

3. Nearest Neighbour Condition
This condition says that the encoding region Sn should consists 
ofall vectors that are closer to Cn than any of the other code 
vectors.
For those vectors lying on the boundary (blue lines) tie-
breakingprocedure will do.

4. Centroid Condition
This condition says that the code vector Cn should be averageof 
all those training vectors that are in encoding region Sn. 
Inimplementation, one should ensure that at least one training 
vectorbelongs to each encoding region (so that the denominator 
in theabove equation is never 0).

IV. Algorithm
After the enrolment session, the acoustic vectors extracted 
frominput speech of each speaker provide a set of training 
vectorsfor that speaker. As described above, the next important 
step isto build a speaker-specific VQ codebook for each speaker 
usingthose training vectors. There is a well-know algorithm, 
namely LBG algorithm Linde et al., 1980, for clustering a set of 
L trainingvectors into a set of M codebook vectors. The algorithm 
is formallyimplemented by the following recursive procedure:

Design a 1-vector codebook; •	 this is the centroid of the 
entireset of training vectors (hence, no iteration is required 
here).
Double the size of the codebook •	 by splitting each current 
codebook yn according to the rule

y n + = yn(1+ ∈) and yn - = yn(1− ∈)
where, n varies from 1 to the current size of the codebook, and 
isa splitting parameter (we choose , ∈= 0.01).

Nearest-Neighbor Search: •	 for each training vector, find 
thecodeword in the current codebook that is closest (in 
termsof similarity measurement), and assign that vector 
to thecorresponding cell (associated with the closest code 
word).
Centroid update: •	 Update the code word in each cell using 
thecentroid of the training vectors assigned to that cell.
Iteration 1: •	 repeat steps 3 and 4 until the average distancefalls 
below a preset threshold.
Iteration 2: •	 repeat steps 2, 3 and 4 until a codebook size 
ofM is designed.Intuitively, the LBG algorithm designs an 
M-vector codebook instages. It starts first by designing a 
1-vector codebook, then usesa splitting technique on the 
code words to initialize the search fora 2-vector codebook, 
and continues the splitting process until thedesired M-vector 
codebook is obtained.
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LBG Design Algorithm
The LBG VQ design algorithm is aniterative algorithm which 
alternatively solves the above twooptimality criteria. The algorithm 
requires an initial code book. Refer fig. 7.

In this method, an initial code vector is set as the average of 
theentire training sequence. This code vector is then split into 
two.The iterative algorithm is run with these two vectors as the 
initialcodebook. 

The final two code vectors are splitted into four andthe process is 
repeated until the desired number of code vectorsis obtained..

Fig. 7: Vector Quantization Flow Chart

V. Expected Outcomes

Fig. 8: Speaker Independent Speech Recognition

Speaker Identification using Mel Frequency Cepstral Coefficients 
and Vector Quantization for the different speech and speakers is 
recognized. The experimental results are analysed with the help 

of MATLAB. This process gave a recursion rate between 85-
95% depending Upon the cluster formation. In future, Speaker 
Identification process will receive the prime importance for voice 
based Automatic Teller Machines.
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