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Abstract
This paper presents a brief survey on Automatic Voice Recognition 
so as to provide a technological perspective and an appreciation 
of the fundamental progress that has been accomplished in area of 
voice communication. The voice is a signal of infinite information. 
After years of research and development the accuracy of automatic 
voice recognition remains one of the important research challenges 
in respect to variations of the speakers, text and surroundings. 
Digital processing of voice recognition and speech signal is 
very important for fast and accurate automatic voice recognition 
technology. This review paper summarizes and compares some of 
the well known methods used in various stages of voice recognition 
system. It further helps to identify research topic and applications 
which are at the forefront of this exciting and challenging field 
of voice recognition.
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I. Introduction
Human Voice is an important characteristic for an individual. 
Speaker Recognition is one of the most useful biometric recognition 
techniques in this world where insecurity is a major threat. Many 
organizations like industries, banks, institutions, etc are presently 
using this technology for providing better protection to their 
gigantic databases. In voice for every individual there are certain 
features which are unique, so those unique features are extracted 
and the remaining are discarded. These unique features are used to 
identify or to verify a person’s identity. In fact, this feature is being 
used preliminarily along with other biometrics including face, 
eyes, palm and finger print recognition for commercial security. 
Speaker recognition is the method of automatically identifying 
who is speaking on the basis of what has been spoken. Basically 
Speaker Recognition is of two types :Text dependent and Text 
independent. In Text dependent approach, the speaker is identified 
by the utterance of some fixed words while in the text independent 
approach the speaker is allowed to say any text whatsoever.
Speaker recognition systems basically divided into two types 
– speaker identification and speaker verification. In speaker 
identification, the system determines the speaker from the stored 
database by his/her utterance whereas in speaker verification 
the system performs the process of accepting or rejecting the 
claimed identity of a speaker .The identification & verification 
modes basically differs  in the number of decision alternatives. 
Identification mode has the number of decision alternatives equal 
to the size of the number of persons to be identified, whereas 
verification mode has only two alternatives, accept or reject 
the Identification claim, regardless of the number of persons. 
Most applications of speaker recognition are actually speaker 
verifications [1].

Fig. 1:  The Scope of Speaker Recognition

Speaker Recognition basically has two parts namely feature 
extraction and feature matching. Feature extraction is the procedure 
which is used to extract a small amount of data from the speaker’s 
voice signal and this extracted data is stored as a database for that 
particular speaker. Feature matching is the procedure to identify 
the test speaker by comparing the extracted features from his/her 
voice input with the ones that are already stored in our database. 
In feature extraction Mel Frequency Cepstrum Coefficients are 
computed, which extract a speaker’s discriminative features from 
the mathematical representation of the speech signal [2].  In feature 
matching the Vector Quantisation distortion between the input 
utterance of an unknown speaker and the codebooks stored in our 
database is computed. Based on this VQ distortion a decision is 
made whether to accept/reject the test speaker.

Fig. 2: Block Diagram for Speaker Recognition
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The state-of-the-art in feature extraction techniques used in speaker 
recognition includes Principal Component Analysis(PCA) which 
is a non linear eigen vector-based method, Linear Discriminate 
Analysis (LDA) which is also a non linear eigen vector-based 
method but better than PCA for classification. Another is 
Independent Component Analysis (ICA), Linear Predictive 
Coding (LPC) which is used for feature extraction at lower order. 
Mel frequency Cepstral Coefficient (MFCC’s) is another method 
for feature extraction which computes the power spectrum by 
performing the Fourier analysis and others. MFCC is perhaps the 
best known, robust, accurate and most popular.
The state-of-the-art in feature matching techniques used in speaker 
recognition includes Dynamic Time Warping (DTW), Hidden 
Markov Modeling (HMM), and Vector Quantization (VQ) [3]. In 
this paper, the VQ approach is used, due to ease of implementation 
and high accuracy. Vector Quantisation is a method of mapping 
vectors from a huge vector space to a limited number of regions in 
that space. Each region is known as a cluster and can be represented 
by its centre known as a codeword. The collection of all code 
words is known as a codebook. Out of all these feature extraction 
methods VQ is best and simple. 
This paper proceeds in V sections. Brief introduction is discussed 
in section I. Section II and III describes various voice recognition 
techniques and their development. Analysis from the survey is 
presented in section IV. Conclusion and future scope is presented 
in section V.

II. MFCC: Feature Extraction
Feature Extraction is the extraction of the best parametric 
representation of voice signals in order to produce a better 
recognition performance. The main objective of feature extraction 
is to extract characteristics from the speech signal that are unique 
to each individual which will be further used to differentiate 
one speaker from another. For the next phase it is important 
that this phase have good efficiency as it affects the behaviour 
of the system. The vocal tract characteristic is unique for each 
speaker , therefore the vocal tract impulse response can be used 
to differentiate speakers which can be obtained by applying Mel 
Frequency Cepstrum Coefficient algorithm (MFCC). MFCC is 
based on known variation of the human ear’s critical bandwidth 
with frequency [4-5]  i.e it is based on human hearing perceptions 
which cannot perceive frequencies over 1Khz. MFCC has two 
types of filter which are spaced linearly at low frequency below 
1000 Hz and logarithmic spacing above 1000Hz [6].
The general procedure of the MFCC is shown in fig. 3

Fig. 3: Block Diagram of MFCC

As shown in the block diagram, MFCC consists of six blocks. 
Each block has its function and mathematical approaches which 
as briefly discussed below:

A. Preprocessing 
Preprocessing is a key first step in order to enable further 
processing. This step involves the conversion of analog speech 
signal into digital form. Here the sample data signal representing 

the continuous time signal is formed by sampling the continuous 
time signal (speech) at  discrete time points [7]. The method of 
obtaining a discrete time representation of a continuous time signal 
through periodic sampling, where a sequence of samples, x[n] is 
obtained from a continuous time signal x (t). Here more signal 
data will be obtained if the samples are taken closer together.

B. Framing
Framing is the process of segmenting the speech samples obtained 
from analog to digital conversion (ADC) into a small frame with 
the length within the range of 20 to 40 msec   because speech 
signal is known to exhibits quasi-stationary behaviour over a short 
period of time (20 – 40ms). The voice signal is divided into frames 
of N samples. Neighbouring frames are being separated by M 
(M<N) [8].

C. Windowing
After framing windowing of each individual frame is done so as 
to minimize the signal discontinuities at the beginning and end 
of each frame. In other words, Fourier Transform, is done by 
assuming that the signal repeats, and the end of one frame does 
not connect easily with the starting of the next one. This introduces 
some glitches at regular intervals. So we have to make the ends 
of each frame smooth enough to connect with each other. This is 
possible by a process called Windowing. The choice of the window 
is a trade off between several factors. In speaker recognition, the 
most commonly used window shape is the hamming window 
[9].
The equation for Hamming window is given as:
If the window is defined as W (n), 0 ≤ n ≤ N-1 where
N = number of samples in each frame
Y[n] = Output signal
X (n) = input signal
W (n) = Hamming window, then the result of windowing     signal 
is shown below:
Y ( n )=X (n ). W (n)                                                                (1)
W(n)=  0.54 – 0.46cos [2 π n/(N-1)]    , 0 ≤ n ≤ N-1               (2)

D. Discrete Fourier Transform (DFT)
The next processing step is the Fast Fourier Transform, which is 
used to convert each frame of N samples into the frequency domain 
from the time domain. The FFT is a fast algorithm to execute the 
Discrete Fourier Transform (DFT) which is defined on the set of 
N samples {xn}, as follow:
N-1
Xk=∑  xn e

-2πjkn/N,  n= 0,1,2,….,N-1              (3)
       k=0
Note that we use j here to denote the imaginary unit ,i.e.
j2 = -1.

E. Mel Filterbank
The information carried by low frequency components of the 
speech signal is more important compared to the high frequency 
components. So mel scaling is done to give more emphasize on 
the low frequency components,. Mel Scaling is a unit of special 
measure or scale of perceived pitch of a tone. It behaves linearly 
below 1 kHz and logarithmically above 1 kHz but does not 
correspond linearly to the normal frequency. The equation below 
shows the relationship between frequency in hertz and mel scaled 
frequency [10].
Frequency (mel scaled) = 2595 log (1+ f (Hz) / 700)              (4)
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Number of triangular filters or filterbank are used  to perform 
mel-scaling.  In order to implement this filterbank, the magnitude 
coefficient of each fourier transformed speech segment is binned 
by correlating them with each triangular filter in the filterbank 
[11].

F. Discrete Cosine Transform
DCT is used to convert the log Mel spectrum into time domain 
.The result of the conversion is called Mel Frequency Cepstrum 
Coefficient (MFCC).  The set of coefficient is called acoustic 
vectors. Therefore, each input utterance is altered into a succession 
of acoustic vector [12].

III. Feature Matching
In Feature Matching the decision making procedure is applied to 
identity the speaker based on previously stored database. This step 
is basically divided into two parts, namely training and testing. 
Training is basically the process in which features of a speaker 
voice are extracted from the speaker’s voice sample and then the 
extracted features are stored in a database for further identification. 
Testing is a process in which   first the features of an unknown 
speaker are extracted and secondly the matching of similarity of 
the features extracted from the unknown speaker and the stored 
speaker models in the database is done. The unknown speaker is 
identified as the person having the minimum matching score in the 
database. In feature matching we find the VQ distortion between 
the input utterance of an unknown speaker and the codebooks 
stored in our database.

A. Vector Quantization 
In a speaker recognition system, the unique representation of 
each speaker in an efficient manner is done by the process known 
as vector quantization which is based on the principle of block 
coding. Vector quantization is the process in which mapping of 
vectors is done from a large vector space to a finite number of 
regions in that space. Each region is known as a cluster and can be 
represented by its centre known as a codeword. The collection of 
all code words is known as a codebook. [13]. Hence each cluster 
or centroid represents a different class of speech signal which is 
the data significantly compressed, yet still accurately represented. 
The system would be too large and computationally complex if 
the feature vectors are not quantized.
The testing or identification session begins by finding the Euclidean 
distance between the feature vector of the unknown speaker to the 
model of the known speakers in the database. 
The Euclidean distance is defined by:

              (5)
Where xj is the jth component of the input vector, and yij is the jth 
is component of the codeword yi.
To identify the unknown speaker the system finds the codebook 
that has the minimum distance measurement with the feature 
vector of unknown speaker.

IV. Analysis from the Survey 
This paper describes an improved Mel Frequency Cepstral 
Coefficient (MFCC) Technique for voice recognition and analysis 
by the system. In the training phase the system records the voice 
of the speaker and in the testing phase, a speaker speaks into the 
microphone, and the system examines 

it. Most important parts of speaker recognition system are (i) 
Feature Extraction (ii) Feature matching. The main motive of 
the feature extraction step is to remove or cut the unnecessary 
information from the voice signal and convert the properties of the 
signal which are important for the pattern recognition to store in 
the database. The goal of the Feature matching is to approximate 
the general extension of the classes within feature space from a 
training set. The various feature extraction techniques including 
Linear Predictive Coding (LPC), Perceptual Linear Prediction 
(PLP) and MFCC, out of which, MFCC is frequently used method 
for Speaker Recognition & Speaker Verification. The main 
advantage of MFCC is that it uses mel frequency scaling which 
is Very near to the human auditory system. The MFCC technique 
has been applied for speaker identification which include the basic 
steps of Cepstrum Preprocessing and FFT. Mel scale is also less 
vulnerable to the changes of speaker’s vocal cord in course of 
time. Vector Quantization is used to minimize the data of the 
extracted feature. 

V. Conclusion and Future Scope
It has been found by study that combination of Mel frequency and 
Hamming window gives the best performance. It also suggests 
that to obtain satisfactory result the number of centroids has to be 
increased as the number of speakers in the database increases. 
In order to achieve the better performance the training sessions 
have to be repeated so as to update the speaker specific codebooks 
in the database as it is shown in psychophysical studies that 
there is a probability that human speech may vary over a period 
of 2-3 years. The present study is still in progress, which may 
contain following further works HMM may be used to improve 
the effectiveness and accuracy of the segmentation to deal with 
crosstalk, laughter and uncharacteristic sounds. A more effective 
normalization algorithm can be adopted on extracted parametric 
representations of the acoustic signal, which would improve 
the identification rate further. Finally, a combination of features 
(MFCC, LPC, LPCC, Formant etc) may be used to implement a 
robust parametric representation for speaker identification. Further 
improvement can be obtained by increasing the reference database 
size. Also if we can unite voice activation detection with this 
procedure we can perform speech recognition on live voices and 
speech.
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