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Abstract— Speaker Recognition has been developed for wide range of applications. Still there are certain limitations. 
Vector Quantization (VQ) has been very popular in fields of Speaker Recognition. We will try to identify the person who is 
speaking by characteristics of his/her voice by using classical quantization technique from signal processing, VQ. We will 
use VQ for feature extraction in both the training and testing phases. For speaker identification, the codebook is generated 
using Kekre's Fast Codebook Generation (KFCG) algorithm. KFCG algorithm is simple and faster as only comparisons is 
required. The codebook of test sample is generated using similar method and compared with the codebooks of the reference 
samples stored in the database. Thus using KFCG algorithm, we will be able to recognize the person who is speaking. 
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I. INTRODUCTION 
 
Recent technological advances have enabled human 
users to interact with computers in ways which were 
previously beyond the imagination. Overcoming the 
borders of the mouse and keyboard, new applications 
for human-computer interaction such as voice, 
speech, gesture, and force-feedback are coming up. 
Even though important advances, one necessary 
feature for natural interaction is still missing–
emotions. Emotions are very important in human-to-
human communication and interaction, allowing 
people to express them beyond the verbal features. It 
is important that changes in human speech are fully 
understood by computers because many applications 
don’t want to know only “what it was said” but also 
“how it was said”. The majority of recognition 
applications extracts specific features from the audio 
signal and uses them to categorize it based on 
emotion. In this paper we will extract these 
“traditional” features plus some “new” perceptual 
features and we will use them for the classification of 
the input signal according to its emotional content. 
Speaker recognition system performs two 
fundamental operations: signal modeling and pattern 
matching. Signal modeling is to represent the signal 
via some set of model parameters. Pattern matching is 
to find parameters from memory which closely match 
the parameters obtained from the input speaker 
signal. 
The general area of speaker recognition comprises 
two more fundamental tasks. Speaker identification is 
the task of determining who is speaking from a set of 
known speakers. The unknown person makes no 
identity claim. Generally it is assumed the unknown 
voice must come from a fixed set of known speakers, 
thus the task is often referred to as closed-set 
identification. Speaker verification which is also 
known as speaker authentication or detection is the 
task of determining whether a person is the one who 
claims to be (a yes/no decision). 

 
Depending on the level of user cooperation and 
control in an application, the speech used for these 
tasks can be either text dependent or text-independent. 
In a text-dependent application, the recognition 
system has prior knowledge of the text to be spoken 
and it is expected that the user will cooperatively 
speak this text. Example of this is a system prompted 
phrase or a user specific pass-phrase. The prior 
knowledge of the text can greatly boost performance 
of a recognition system. In a text-independent system, 
there is no prior knowledge by the system of the text 
to be spoken. Text independent recognition is more 
difficult but also more flexible, for example allowing 
verification of a speaker while he/she is conducting 
other speech interactions (background verification). 
As speaker and speech recognition system merge thus 
improving the speech recognition accuracy, the 
distinction between text independent and text 
dependent applications will decrease. Of the two 
basic tasks, currently the most commercially viable 
and useful technology is text-dependent speaker 
verification, although there has been much research 
conducted on both tasks. 
 
II. CURRENT SYSTEM 
 
There are a few types of similar system has been 
developed by other researchers. All the systems have 
their own method as well as advantages and 
disadvantages. They also depend on how the 
mechanism works. Each system has the similar 
purpose, that is, to provide medium security system 
based on Biometric Recognition, or in this paper it is 
known as Speaker Recognition as the access key. It is 
a process of recognizing who is speaking on the basis 
of individual information automatically. The system 
uses physical characteristics and traits on human 
being which are unique for the recognition of the 
individuals. Using the information, the system makes 
it possible to use speaker’s voice to verify their 
identity and control access. For Linde-Buzo-Gray 
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(LBG) Algorithm the accuracy decreases with the 
increase in the number of feature vectors. For LBG 
the number of calculations required for generating the 
code-vectors by Euclidean distance comparison for a 
16-dimensional vector (16 additions + 16 
Multiplications + 16 comparisons). 
 
III. VECTOR QUANTIZATION 
 
Speaker identification has been done successfully 
using Vector Quantization (VQ). It is a process to 
characterize speaker specific features by extracting a 
small number of representative feature vectors, 
clustering to form a specific speaker codebook. 
Vector Quantization is also a lossy data compression 
method based on block coding principle. It has fixed 
length algorithm. Fig. 1 shows the 2-dimensional of 
Vector Quantization. 
 

 
 

Fig. 1. 2-dimensional of Vector Quantization 
 
Every pair of numbers falling in a particular region 
are approximated by a star associated with the region. 
The stars are called as code vectors and region shows 
by the borders are called as encoding regions. 
Codebook is set of all code vectors and set of all 
encoding regions is called partition of space. Fig. 2 
shows cluster formation in vector quantization. 
 

 
 

Fig. 2. Conceptual view of VQ 
 

Only two speakers and two dimensions of acoustic 
space are shown in the Figure above. Acoustic vector 
from speaker 1 is illustrated by circles while the 
triangles are from speaker 2. A speaker specific VQ 
codebook is generated in the training phase using 
KFCG algorithm. The result codewords (centroids) 
are shown in Figure by black circles and black 
triangles for speaker 1 and 2, respectively. VQ 
distortion is the distance from a vector to the closest 
codeword of a codebook. The speaker corresponding 
to the VQ codebook with smallest total distortion is 
identified as the speaker of the input utterance. 
 
IV. CODEBOOK GENERATION 

ALGORITHM 
 
Kekre’s Fast Codebook Generation (KFCG) 
Algorithm: 
In this algorithm we are generating the codebook 
using following procedure: 
1. Initially we have only one cluster which is the 
entire training vectors. Design a 1-vector codebook; 
which is the centroid the cluster. 
2. Split the cluster into two by comparing the first 
element of all the training vectors in the cluster with 
the first element of the centroid as follows:  
If vi, 1>c1, 1 then vi,1 is grouped into C1 (cluster 1). 
Else vi,1 is grouped into C2 (cluster 2).  
Where v = training vector and  
c = centroid. 
3. Find the centroids of C1 and C2 (this is 2-vector 
codebook). Now split C1 into two clusters by 
comparing the second element of all the training 
vectors in C1 with the second element of its centroids 
explained in step 2 above. Similarly split C2 into two 
clusters by comparing the second element of all the 
training vectors in C2 with the second element of its 
centroid. 
4. Now four clusters are formed. Centroids of these 
four clusters are computed (this is 4-vector 
codebook). These four clusters are split further by 
comparing the third element of the training vectors in 
that cluster with the third element of its centroid as 
explained in step 2 above. 
5. The process is repeated until a codebook of size M 
is designed. 
 

 
(A) 
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(B) 
 

 
(C) 

 
Fig. 3. Generation of 4- vector codebook using KFCG 

algorithm 
 

V. SYSTEM FEATURES 
 

 
Fig. 4. Speaker Recognition System 

Components:  
 
Feature Extraction Model:  
 
It is a core of Speaker Recognition System. This 
module is either directly or indirectly related to the 
other each and every component of the system.  
It is used to extract some important features such as 
frequency, frames, Euclidian Distance and some 
semantic features such as headers, word tags.  

All speaker recognition systems contain two 
main modules they are: feature extraction and feature 
matching. In Feature extraction, it extracts a small 
amount of data from the voice signal that can later be 
used to represent each speaker. Feature matching is 
the process of actually identifying the unknown 
speaker by comparing extracted features of his/her 
voice with the already existing ones in the database. 
 
Vector Quantization Model:  
 
This is also the very important model of the system, 
which actually contains the core process of the 
overall system, i.e. Vector Quantization which is 
explained above.   
 
Codebook Generation Model:  
 
Once the vector quantization is performed on the 
voice data which is stored in the voice database, the 
next important step is to generate the Codebook 
according to the Kekres’ Fast Codebook Generation 
Algorithm, which is accomplished in this model. Fig. 
3 shows generation of 4-vector codebook using 
KFCG Algorithm. 
 
VI. RESULT 
 
Basics of speech signal 
 
The speech samples used in this work are recorded 
using Sound Forge 4.5. The sampling frequency is 
8000 Hz (8 bit, mono PCM samples). Table 1 
describes the database. Different samples are 
collected from different speakers. Samples are taken 
from each speaker in two sessions so that training 
model and testing data can be created. Eleven 
samples per speaker are taken. The samples recorded 
in one session are kept in database and the samples 
recorded in other session are used for testing. 
 

Parameters Sample characteristics 
Language English 
No. Of speakers 30 
Speech type Read speech 
Recording condition Normal (silent room) 
Sampling frequency 8 kHz 
Resolution 8 bps 

 
Table 1 Database Description 
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With text-dependent systems making commercial 
headway, effort will shift to the more difficult issues 
in unconstrained situations. This includes variable 
channels and noisy conditions, text-independent 
speech and the tasks of speaker segmentation and 
indexing of multi-speaker speech. 
 
CONCLUSION 

 
Speech is the primary, and the most convenient 
means of communication between people. Whether 
due to curiosity to build machines that mimic humans 
or desire to automate with machines, research in 
speaker recognition, as a first step toward natural 
human-machine communication, has attracted much 
more enthusiasm over the past few decades. Although 
much vital scientific advancement have taken place, 
bringing us closer to the automatic speaker 
recognition and understanding by machine, we have 
also encountered a number of practical limitations 
which hinder a widespread deployment of 
application. In most speaker recognition tasks, 
humans produce one to two orders of magnitude less 
errors than machines. It is now matter of increasing 
interest in finding ways to bridge such a performance 
gap. Significant advances in speaker recognition are 
not likely to come solely from research in statistical 
pattern recognition and signal processing. Future 
systems need to have an efficient way of 
representing, storing, and retrieving “knowledge” 
required for natural conversation. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

We have proposed a vector quantization 
approach for speaker recognition using KFCG 
Algorithm. Furthermore, the method can be 
generalized to any other pattern recognition tasks 
because it is not designed for any particular features 
or distance metric. 
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