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Abstract— Now a days biometric person authentication is secure way to authenticate or recognize a person. Speech is one 
of the easiest and safest method among all biometric model. Speaker recognition can divided in to text dependent and text 
independent recognition. Feature extraction is the first process in any speaker recognition technique. This paper describes 
text dependent speaker recognition In this, Mel Frequency Cepstral Coefficient (MFCC) have been used for feature 
extraction. Along with this pitch and formants are also extracted. Gaussian Mixture Model (GMM) and Artificial Neural 
Network (ANN) are used for modelling and speaker matching process. GMM is parametric model of probability distribution 
of features in speaker recognition process. Compared to GMM, ANN is seen to be best for recognizing a person. It is 
unaffected by differing shape and style of testing speech. False Acceptance Rate (FAR) in ANN is small compared to ANN. 
 
Keywords— Artificial Neural Network (ANN), False Acceptance Rate (FAR) , Feature extraction, Gaussian Mixture Model 
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I. INTRODUCTION 
 
Security is the main subject in day today life. 
Authentication of person is the main element of 
security system. Conventional authentication and 
biometric authentication are two types of personal 
authentication. Authenticating conventionally means, 
it totally depends upon knowledge about the 
password or something like smart card or keys which 
client should take with him always. It is not a safe 
way to authenticate a person because password or 
keys are not fully protected from others. Biometric 
based authentication is safe method to authenticate a 
person. There are different way to authenticate a 
person biometrically such as Signature dynamics, 
Fingerprints, Eye Patterns, Facial Features, Speaker 
Recognition. It is a safe means of authentication 
because authentication includes behavioral 
characteristics of a person.  
 
Speaker recognition is the process of automatically 
recognizing speakers from their speech signal. Voice 
is the main element in this type of authentication. 
Some features of speech, which are particular for 
each person are collected for recognition process. 
This type of recognition helps to confirm speaker’s 
authentication and also used to control many secure 
services like online transactions, confidential 
information areas, database access services etc. 
Speech signal can use as a password to locker, laptop, 
to lock our home. This type of recognition is also 
helpful for verifying criminal’s voice from telephonic 
conversation. There is nothing like forgetting 
password or misplacing keys in this type of biometric 
recognition. This is the main advantage of speaker 
recognition in the field of security process. 
Speaker recognition can be of two types, text 
dependent and text independent speaker recognition. 
In text dependent, recognition is performed by 
utterance of specific word. Complexity can reduce by  

 
using text dependent speaker recognition because 
there will have a database for comparing the voices. 
Text dependent speaker recognition is a process of 
detecting speakers based on the text they speak. In 
this, all the speakers are saying same thing and they 
are store in a database. The main aim is to distinguish 
the speakers. Here speech is chosen as a way to 
authenticate a person biometrically because it is one 
of the easiest and safest method compared to other 
methods. Speech is easy to collect and is a natural 
way for recognizing a person. Another reason is that 
almost all security system use speech as a way to 
block unwanted clients. 
A speaker recognition system has two phases, 
training phase and testing phase. During training 
phase models are created for each speaker by 
extracting features from the speech signal. During 
testing phase, claimant features are compared with 
the trained speaker’s feature and recognition is made 
by score generated from the models. The main feature 
which is used for speaker recognition is MFCC (Mel 
Frequency Cepstral Coefficient) which contains 
speaker specific information. MFCC is based on 
human peripheral auditory system. It is noted that 
human perception of frequency content of sound 
produced by the speaker doesn’t follow linear scale. 
For each tone with actual frequency, there is 
subjective pitch measured in melscale. This nonlinear 
frequency wrapping can give better representation of 
voice. GMM (Gaussian Mixture Model ) is used as a 
parametric model for feature modeling. Maximum 
likelihood score is get from the mean and variances 
of fitted Gaussians. Accuracy of speaker recognition 
can further increase by using ANN (Artificial Neural 
Network) for feature modeling. This paper is 
organized as follows, section II describes the speech 
processing algorithm, section III describes feature 
extraction, section IV describes the feature modeling 
and section V and section VI describes the result and 
conclusion. 
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II. SPEAKER RECOGNITION 
ALGORITHM 

 

 
Fig. 1 Block diagram of speaker recognition algorithm 

 
Block diagram of text dependent speaker recognition 
is shown in fig. 1. Initial step in recognition process is 
feature extraction. Features like pitch and formants 
are extracted. Before that speech data is passed 
through filter to remove noise. Then MFCC is 
extracted and given to feature modeling. Here for 
feature modeling GMM and ANN can use. By using 
feature modeling, score is generated in order to 
distinguish the speakers. 
 
III. FEATURE EXTRACTION 
 
Speech can have several amount of information. 
Speech can give the message which is spoken by the 
person and also give information about the person 
speaking. We can determine the person from features 
of voice of the person. Different features should be 
extracted and it is stored in the database for act as 
reference. Training phase is the task of creating 
models for each speaker in the database. Here 
database is created by 5 speakers to create five 
speaker models. Features are extracted from these 
utterances and they are stored in the database. Each 
speaker will get a unique ID after training in the 
system which represents his/her claim information. 
Testing stage compares a test speech with the five 
reference models of the claimant and results in a 
decision whether to accept or reject. 
 
A. Pitch Extraction 
The pitch of the voice refers to how high or low the 
note produced by the vibrating vocal folds appears to 
be. The faster the vocal folds vibrate the higher the 
pitch. Conversely, slowly vibrating folds will produce 
a lower pitch[1]. Pitch is the fundamental frequency 
or frequency of sine wave which is match to the given 
sound. 
 
For the detection of pitch, we have to remove formant 
structure of speech signal. So spectral flattening 
which means the process of removing spectral 
shaping should be used for pitch detection. For 
removing spectral shaping, the effective method is 

central clipping. For this ‘central clipping spectral 
flattener’ is used. It is simple method to remove 
formants and at the same time retaining periodicity. 
After the Centre clipping the autocorrelation is 
calculated and the fundamental frequency is 
extracted. 
 

 
Fig. 2 Block diagram of pitch extraction 

 
Fig. 2 shows the block diagram of pitch extraction 
algorithm. At first speech signal is divided in to 
different overlapped sections. Then compute clipping 
levels for each section. So selection of clipping level 
is most critical in pitch detection algorithm. The 
maximum absolute peak levels for first mid and last 
mid section are determined. The clipping level is set 
at 68% of two absolute peak values. Then each 
section of speech signal is centre clipped by above 
centre clipped level. Centre clipped signal is given by 
 

 if x(n) > CL then y(n)= x(n ) - CL 
 if x(n) <= -CL then y(n) = x(n) + CL 
 if -CL<= x(n) <= CL then y(n)= 0 

 
After that, the speech section is infinite peak 
clipped,as a result of this signal can takes three 
possible values : if the sample exceeds the positive 
clipping level (+CL) then it can take value as +1, if 
the signal falls below the negative clipping level(-CL) 
then value becomes -1 and 0 otherwise. By making 
signal as infinite peak clipped, computational 
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complexity can reduce. Next step is autocorrelation 
process, which is performed for each section. The 
autocorrelation is given by  

 
The main advantage of using autocorrelation function 
is that it enhances the peaks at the pitch period. Then 
the pitch can detected by picking the autocorrelation 
peak and corresponding position of maximum peak 
will give the pitch period. Thus pitch can extracted 
and store in database for further comparison in testing 
stage. 
 
B. Formant Extraction 
Formants are spectral peaks of the sound spectrum. 
They are basically resonances occurring in the vocal 
tract[1]. The shape of vocal tract can be consider as a 
filter which will filters the excitation produced by the 
vocal tract to make a sound. Therefore depending 
upon the shape of the vocal tract, filter has different 
frequency response to different person. Formants are 
the spectral peak and they are considered as the 
concentration of acoustic energy at a particular 
frequency. one of the most powerful techniques to 
extract formant frequencies is by linear predictive 
analysis. The main advantage of this method is its 
computational speed and it provides accurate 
estimates [2]. The basic formulation of the linear 
prediction seeks to find an optimal fit to the envelope 
of the speech spectrum. LPC (Linear Predictive 
Coder) system is the system which will predict the 
current value from the previous samples. In this the 
LPC method is described for formant estimation. In 
LPC, each sample of the speech signal is modeled as 
the weighted sum of past samples. The weights (or 
coefficients) are used to derive a linear prediction 
filter. The coefficients [ a1, a2, a3, … ap ] are 
developed by LPC analysis inorder to predict the 
current data sample, x(n), from the set of p previous 
samples, x(n-1), x(n-2), … x(n-p): 

 

 

Where αk is root of parameter a and Fs is sampling 
frequency. Hence formans are extracted and store in 
database for further reference. 
 

 
Fig 3 speech signal and formants corresponding to speaker 

III’s voice 
 
C. MFCC(Mel Frequency Cepstral Coefficient) 
MFCC is a technique based on human hearing 
capability. It is noted that human perception of 
frequency content of sound produced by the speaker 
doesn’t follow linear scale. In MFCC the signal is 
expressed in melscale which is based on human 
perception of pitch. The mel frequency scale is a 
linear frequency spacing below 1000 Hz and 
logarithmic spacing above 1kHz [3]. Fig. 4 shows 
block diagram of MFCC process. 
 

 
Fig. 4 Block diagram of MFCC process 

 
1) Framing: The first step is framing. Framing is 

the process of splitting speech signal in to 
frames. Overlapping is used to make sure that 
each speech signal is approximately centered at 
some frame. It is also used to ensure that no 
portion of speech is left as unframed. Frames of 
M Overlaped N point 2D array is formed by 
framing. Here used values are N = 256 and 
overlap M= 100. 

 
2) Windowing: After framing, i.e. the signal is split 

up into frames each frame is multiplied by a 
window function. There are many windows. If 
we are using rectangular window, we get only 
harmonics details in lower frequencies around 
100 to 1000 Hz. However in the mid 
frequencies of 1500 to 2500 Hz, the structure 
appears noisy, making it difficult to distinguish 
the harmonics. This is caused by spectral 
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leakage where the energy associated with the 
one pitch harmonics obscures neighbouring 
harmonics. If we use hamming window, 
harmonics are clearly represented in the entire 
frequency range including 1500 to 2500 Hz 
range. Lower side lobes of hamming window 
prevent spectral leakage. Here, hamming 
window is used, because most of our features 
like pitch, accent etc lies at higher frequencies. 
So we can shift the frequency to higher 
frequencies. The Hamming window is defined 
as 

 
3) Discrete Fourier Transforming: The third step is to 
apply the discrete Fourier transform on each frame. In 
order to convert every frame of N samples to 
frequency domain from time domain we have to 
apply the Fourier Transform 

 
4)Mel-Frequency Warping: Speech signal doesn’t 
follow linear scale, because of this melfilter bank 
technique is used. Frequency response of melfilter is 
always triangular in shape. Its central frequency is 
always unity and decreases linearly to zero towards 
two adjacent filters. Mel scale is based on human 
perception of frequencies. The mel frequency can be 
approximated by the following equation 
 
Mel(f)= 2595*log10(1+f/700)   (9) 
 
where f is the actual frequency and Mel(f) is the 
perceived one. 
 

 
Fig. 5 mel spaced filter bank from speaker III’s voice 

5) Log Compression and Discrete Cosine 
Transforming: from the above process mel spectrum 
is formed. In order to change mel spectrum to mel 
cepstrum , we use this process. By taking log and 
using discrete Cosine Transform (DCT), we change 

mel spectrum to domain of time. Doing this we will 
get the Mel Frequency Cepstrum Coefficients which 
is called as coefficients of acoustic vectors. Hence 
each input expression is transformed into a sequence 
of acoustic vectors. These acoustic vectors can be 
used to represent and recognize the voice 
characteristic of a speaker. 
 

 
Fig 6 MFCC corresponding to speaker III’s voice 

 
Hence feature extraction process completed. Next 
step is feature modelling and feature matching 
process. 
 
IV. FEATURE MODELLING AND 

MATCHING 
 
Feature modelling is modelling the speaker using any 
classifier. Gaussian mixture models (GMMs) can 
used as a classifier in speaker modelling. Such 
identification systems mainly use spectral features 
represented by cepstral coefficients i.e. MFCC as 
speaker features. 
 
A. GMM 
GMM is considered as an important mathematical 
tool in speaker recognition applications. A Gaussian 
Mixture Model (GMM) is a parametric probability 
density function represented as a weighted sum of 
Gaussian component densities [4]. GMM is 
parametric model of probability distribution of 
feature in speaker recognition process and it always 
tries to fit a given features in to a number of 
Gaussians and determines the maximum likelihood 
estimates of the mean and variance for the fitted 
Gaussians. GMMs are commonly used as a 
parametric model of the probability distribution of 
continuous measurements or features in a biometric 
system, such as vocal-tract related spectral features in 
a speaker recognition system.GMM can considered as 
a multivariate normal distribution i.e., features can 
express as a mixture of multiple normal distribution. 
GMM parameters are estimated from training data 
using the iterative Expectation-Maximization (EM) 
algorithm. Generally GMM is weighted sum of k 
component Gaussian densities and is given as 
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P(x/λ) = Σ wi g(x/µi, Σi)    (10) 
 
where x is feature vector, and is a D- dimensional 
vector. wi, I = 1, . . . ,k, are the mixture weights and 
g(x/µi, Σi), i = 1, . . . 
,k, are the Gaussian component densities. Each 
density is linear combination of k Gaussian densities 
with mean vector µi and covariance matrix Σ i of the 
form  

 
 
Therefore complete Gaussian mixture model is 
parameterized by the mean vectors, covariance 
matrices and mixture weights from all component 
densities. It can represented as 

 
 
Next step is to estimate the parameters of GMM. It 
can estimate by maximum likelihood (ML) 
estimation. The main aim of ML estimation is to find 
the model parameters which maximize the likelihood 
of the GMM. ML parameter are estimated from 
training data using the iterative Expectation- 
Maximization (EM) algorithm. The basic idea of the 
EM algorithm is that, first of all begin with an initial 
model λ, to estimate a new model, such that p(X| ) ≥ 
p(X|λ). The new model will act as the initial model 
for the next iteration and the process is repeated until 
some convergence threshold is reached. The initial 
model is typically derived by random 
equation.Consider the sequence of T training vectors 
X = {x1, . . . , xT }. On each EM iteration, the 
following re-estimation formulas are used 
 

 
In this way we are updating weight, mean, variances 
by above equation and find out likelihood according 
to this new values until likelihood converges. 
Likelihood converges when difference between old 
likelihood and new likelihood will become very small 
value. In testing phase, likelihood is calculated with 
trained w, μ, Σ and speaker corresponds to maximum 
likelihood is selected 
 
B. ANN 
When we have large number of samples of each 
speaker, neural network is used. Because of large no: 
of input there is large variation and it should be used 

to train the network. So neural network is used to 
update the weight according to the variation and train 
the network. Finally, the weights are applied to the 
testing samples to get the correct output. The main 
advantage of using Neural networks is that it is 
unaffected by the differing shape and style of testing 
samples as the network is already trained with large 
variations [5]. An artificial neural network is like a 
computer program that is designed for pattern 
recognition. ANN contains many processing nodes 
which are interconnected with each other. Each node 
is considered as an artificial neuron and has weight 
associated with each neuron. A neural network is a 
feed forward network which means neurons are 
arranged as different layers in a layered neural 
network. Different layers are input layers, hidden 
layers and output layers. Input layer composed of 
input data. Hidden layer transforms input data from 
input space to hidden space by a nonlinear function. 
Response of the network will get from output layer. 
Back propagation algorithm is used to adjust the 
weight and hence reduce the MSE (mean square 
error) between actual output and desired output. 
Selecting initial weights, architecture of the network, 
number of iterations, learning rate etc play an 
important role in training an ANN[6] . The number of 
input layers is equals to the number of features in 
each the feature vector of each input and the output 
layers are equal to the number of speakers. Each 
hidden unit, i, typically uses the logistic function to 
map its total input from the layer below, xi , to the 
next above layer , yi. logsigmoid’ function has been 
used as the activation function. Logsig is a transfer 
function which calculates output function from net 
input. 
 
Yi = logsig(xi) = 1/(1+ exp(-xi))  (17) 

 
Fig.7 Layered ANN architecture 

 
Fig .7 shows the four layered ANN architecture with 
input and output layer have N nodes and hidden 
layers have M nodes. It will map to the target 
speaker’s acoustic space. When training completed 
we get the weight matrix that represents the mapping 
function between the target and source speaker’s 
features. In testing phase, given input is simulated 
with trained data to get the output 
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V. RESULTS AND DISCUSSION 
 
The training and testing phases were simulated in 
Matlab on windowsXP platform. In the training 
phase, speeches of five speakers, which include 3 
female and 2 male speakers, were recorded in the 
database. Speeches were recorded at sampling 
frequency of 11025hz and recorded for 2 seconds and 
4seconds. Parameters used in this algorithm are 
hamming window for windowing process, frame 
blocking is done by N=256 and M=100, 20 mel filter 
banks, 2 Gaussian component, ANN training was 
done by feedforward network with logsig transfer 
function and adaptive gradient descent back 
propagation algorithm. In the training phase five 
speakers are trained and their features are stored. 
Features are modelled by GMM modeling and ANN 
modelling. In testing phase, features of the claimant 
are extracted and compared with the trained features. 
Speakers are identified on the basis of best match 
found. ANN is seen to be best for modelling the 
features. We can increase the accuracy of speaker 
recognition by using ANN. Mean square error can 
reduced to .000002 i.e., approximately zero by using 
ANN. 
 

 
Fig .8 ANN training result and graph showing MSE 

 
We can see false acceptance rate increase by using 
GMM. In GMM it will recognize the speaker based 
on comparison of stored values and tested value and 
recognize person with least difference value. So there 
can be false acceptance of speaker. But in the case of 
ANN we can set a threshold value and if the tested 
value is below threshold then it will display ‘not 
identified’ i.e., no match found with trained speakers. 
if we give a speech of trained speaker to test then 
GMM and ANN gives correct result 
 

 
If we give a untrained speech to test then ANN gives 
result as not identified but GMM gives incorrect 
result 

 
Fig.10 Testing result of untrained speaker 

 

 

 
First table shows the testing result of speeches which 
is recorded for 2s where as in second table, speeches 
are recorded for 4s. From the tables we can analyze 
that successful recognition of speakers are more in 
second table which indicate the dependence of 
recording time in speaker recognition process. If it is 
too short, it will result in lack of identifying enough 
data. Here recording for 4s get more enough data than 
recorded for 2s. If it is too much time, it will reduce 
the accuracy of system. Also we can analyze that 
ANN can recognize more speaker than GMM. In the 
case of first speaker out of 30 signal given for testing, 
only 22 of them are recognized by GMM. At the 
same time, ANN can recognize 28 speakers. In the 
same way for all other speaker we can analyze that 
ANN is better than GMM. If we give untrained 
speaker’s speech for testing GMM will give result 
falsely by comparing likelihood values of all speaker. 
A speaker with least difference is given as answer. 
But in the case of ANN, it will give result as not 
identified because it will set a threshold value and 
below this value, it will display as not identified. 
 
CONCLUSION 
 
Text dependent speaker recognition is recognizing 
speakers based on the text they spoken. Here speakers 
are recognized based on the features extracted from 



International Journal of Electrical, Electronics and Data Communication, ISSN: 2320-2084  Volume- 1, Issue- 7, Sep-2013 

 Text Dependent Speaker Recognition 
 

11 

their speech. Features such as pitch, formants, MFCC 
are used for modeling a speaker. Recognition was 
done in two phases such as training phase and testing 
phase. During training phase all features are trained 
using GMM and ANN and stored in a database. 
During testing phase, features of unknown speaker 
are extracted and compared with stored features. 
Speaker corresponding to best match is recognized. 
Artificial Neural Network (ANN)is found to be best 
compared to GMM in speaker recognition process. 
The main advantage of neural network over GMM is 
that it is unaffected by the differing shape and style of 
testing speech as the network is already trained with 
large variations. False acceptance rate of ANN is low 
compared to GMM. We can reduce the mean square 
error. Here MFCCs corresponding to each speaker are 
extracted and these are used as input to the neural 
network. Here MFCC is used because they follow the 
human ear’s response to the sound signals. 
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