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Abstract: Speaker recognition is the task in which the speaker 

is identified based on various features from his speech. Speaker 
recognition is combination of various mathematical operations 
in which training and testing is the major part. For speaker 
recognition its very important to extract the features. So far 
many researches are going on about feature extraction 
techniques like MFCC, IMFCC etc. In which features can be 
extracted, but for the exact speaker recognition its very important 
to get the exact and accurate features so that we can increase the 
success rate of speaker recognition. For any speaker recognition 
system feature extraction is the primary and very important step. 
So the precise result depends on the accurate result of feature 
extraction technique. In this paper we are proposing a modified 
feature extraction system. 
 

Index Terms: IMFCC,MFCC 

I. INTRODUCTION 

     The task of speaker recognition is to determine the 
identity of a speaker. In order for humans to recognize 
voices, the voices must be familiar similarly for the tool 
using for it. For  speaker identification there are two parts, 
one is training and other is testing. In training step. Training 
of the system takes place with different voices and in testing 
phase we are going to test all the voices with trained voices. 
For that purpose data has to be created which is also called 
as database for different voices. 
Speaker recognition system has two major stages. First is 
feature extraction and second is to classify the speaker based 
upon different characteristics of speech of a speaker. Every 
speaker recognition system uses these features as the 
primary input to recognize the correct speaker[1]. 
Voice of every human is unique and hence each speaker is 
having different speech features. We can take advantage of 
the nature’s gift and we can use human voice as his unique 
identity in some applications[3-4].Many researches are 
going on but still some challenge problems are there who are 
attracting the researchers to do more study about the system. 
The main aim of this paper is to propose a modified MFCC 
feature system to increase the success rate of speaker 
recognition system[2-3].  
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II. FEATURE EXTRACTION 

A.   MFCC processor 

       Speech contains significant energy from a frequency up 
to around 5 KHz. to study speech signal the concept of time 
varying Fourier representation is used. However temporal 
characteristics of speech signal such as energy,zero crossing 
,correlation etc are assumed constant over a short period. i.e. 
its characteristics are short-time stationary. To transform 
speech signal in frequency domain its very important to 
make  short duration blocks of speech signal of short 
duration.  MFCC is based on the human auditory system[4-
5]. The human perception of the frequency contents of sound 
for speech signals follows a logarithmic scale,called as ‘Mel 
scale’ .  
B. Linear Predictive Coefficients (LPC) 
 For producing speech signal vocal folds, which are situated 
in vocal tract plays very important role. Using these 
biological structure we can determine the coefficients. LPC 
is the method in which prediction is the key word. All 
coefficients are predicted from the past values.  So this LPC 
method represents the vocal tract just by varying the 
diameter. 
 C.  Linear Predictive Cepstral Coefficients (LPCC) 
  LPCC find out the difference between characteristics of 
vocal tracts and computes the values using LPCC algorithm. 
Human vocal tract system can be represented by filters 
because of its biological structure. This model assumes two 
important signals i.e. glottal pulse and random noise. Glottal 
pulse generator generates voiced signal where random noise 
generates unvoiced signals.  

III. MODELING OF THE SPEAKER 

  In this process first feature vectors are extracted using 
feature  extraction techniques from the speech signal and 
with the help of these feature vectors speaker model can be 
created. Many modeling techniques can be created. Different 
types of modeling techniques are used by different people. 
To select the method of modeling some factors should be 
considered. That are, type of speech signal, expected result, 
computation techniques to be used etc. Some speaker 
modeling techniques are given below. 
A. Hidden Markov Models 
      It is the model based representation of the speaker based 
on statistical properties of the speaker. It shows how speaker 
generates sound. To form the model, speaker parameters 
from the speech signal should be found and these parameters 
should enroll the model, which will represent that particular 
speaker only.  
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At the time of speaker recognition different likelihood  
algorithms can be used. This is used  for both text- 
independent and Tex-dependant applications. 
B. Gaussian Mixture Model 
       This is the probabilistic modeling technique which is 
widely used. This can be approximated by using basic 
probability density function(Pdf). 
It is given by, 

P(x /λ )= ∑
i=1

M

pi bi (x )
 

where M is the number of component densities, the mixture 
weights for i = 1, .., M. x is a D dimensional observed data.  
with mean vector μ and covariance matrix Ʃ. Every speaker 
can be represented by a GMM and model denoted by λ . All 
GMM parameters should be calculated precisely to obtain 
good score in speaker recognition system. For the 
process,ML algorithm is used for estimation[7].  

IV. PROPOSED METHODOLOGY 

       In this system GMM is used with MFCC feature 
extraction technique. Different samples are collected from 
different people(male+ female). Following flow chart 
explains the steps: 
Step1: 
 
 
 
 
 
 
 
 
 
 
 
Step 2: 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1.  Steps in speaker recognition using GMM  

In training phase statistical models of each speaker is formed 
by calculating it’s means and co-variance matrix.which is 
given in following table. 
 

Table- I: Results of GMM 

 µ σ² σ 

Speaker 1 -0.47 62.41 7.921 

Speaker 2 0.187 25.60 5.052 

Speaker 3 -0.61 37.08 6.089 

Speaker 4 8.264 82.44 9.079 

Speaker 5 5.293 35.05 5.920 

 

  Table- II: Score of GMM 

 Speaker
1 

Speaker
2 

Speaker 
3 

Speaker 
4 

Speaker 
5 

Speaker
1 

-19.826 -20.430 -34.575 -20.801 -20.444 

 

Speaker
2 

-21.980 -18.870 -41.090 -20.114 -21.331 

Speaker
3 

-25.112 -23.717 -18.569 -22.648 -20.623 

Speaker
4 

-21.987 -19.906 -39.913 -19.151 -19.985 

Speaker
5 

-23.033 -22.308 -26.162 -21.048 -18.197 

Each column i represents the test recording of Speaker i 
Each row j represents the training recording of Speaker j 
The diagonal elements (corresponding to same speaker 
comparison) 

V. APPLICATIONS 

       Speaker recognition has many applications which helps 
to improve human life. Some techniques are as follows. 
A. Authentication for money transactions 
       For high value of money this application is used by 
using telephonic application. i.e. by setting particular 
password of a speaker we can control the access. 
B. In legal cases 
In some legal cases verification of the exact speaker from a 
speech sample can be considered as a valid proof. 
C. Access control 
Access to many applications e.g. certain device, documents, 
websites, digital diary, door lock can be controlled by setting 
a password in a speech format. Only that speaker can access 
these applications. 
D. Customization 
  Many devices or applications can be customized using user 
voice. Many commands can be set for a device to operate it 
from a distance. 

VI. FACTORS AFFECTING ON SPEAKER 

RECOGNITION SYSTEM 

   Following are some factors which affects the performance 
of speaker recognition system. 

A.  Microphones 

     In any speaker recognition system microphone plays very 
important role. 
 
 

Speech sample 

MFCC feature 
extraction 

Statistical 
 modeling(GMM) 

Training(MFCC +Modeling) 

Testing(Feature Extraction) 

Identifying best candidate(LM algo) 
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 It is used to take voice samples from a speaker. To get 
accurate results from the system, it is essential that the 
microphone should be of a good quality. 
B. Noise 

It can affect the entire speaker recognition system. Its very 
important to record the samples with good quality of 
microphones in noiseless environment. Also during training 
and testing of a speaker noise should be avoided. Some 
channel noise also can affect the system. 
 
C. Length of a voice sample 
   It depends on speaker recognition system applications. i.e. 
generally voice samples with greater length gives more 
precise and accurate results. But if the background is noisy, 
shorter voice samples gives better results. 
D. Text 
     While designing the speaker recognition system, its very 
important to make it clear that whether the system is Text- 
independent or Text-dependent. Comparatively Tex-
independent system is complicated to design and implement. 
E. Speaker database 
    There are two important phases  in speaker recognition 
system. i. e. training and testing of a speaker. By this process 
number of speakers are enrolled in the system database. To 
get accurate result large number of speakers should be 
enrolled. 
F. Health of a speaker 
 While taking samples this can affect the accuracy of the 
system. e.g. if speaker is having running nose, fever or throat 
infection, this may give wrong result. 

VII. CHALLENGES AND STRENGTHS 

Every system has its strengths and challenges. Following are 
the same for speaker recognition system. Here the challenges 
can be treated as the future scope of that system. 
A. Hardware and software used 
For speaker recognition  Hardware required is not that much 
expensive. e.g. microphone. For coding and pattern 
matching algorithms many software platforms are available. 
Among which popular tool is MATLAB. 
B. User friendly 
Speaker recognition system is user friendly once it is 
implemented. e.g. it can be used for biometric 
application[8]. Even a non-technical person can use it for 
many application. Also it is portable. 
C. Spoofing Attack 
In speaker recognition system,spoofing attack is possible. 
e.g. one can use the recorded voice of the authenticated 
speaker. Also data can be hacked from the system 
database[9]. 
D. Precise 
Speaker recognition system is not precise. For training and 
testing of a speaker it is very important to follow the rules of 
acoustics. Also mispronunciation, MTI(mother tongue 
influence) can give wrong results[10].  
E. Unavoidable health issues 

In speaker recognition system speech signal of a speaker 
plays very important role. But this system is not an universal 
system. The deaf people who are mute cannot use this 
system. Ageing is a big issue, where voice of a person 
changes with age. Emotional state of a speaker while taking 

sample is also important[11]. 

VIII. CONCLUSION AND FUTURE SCOPE 

   In this paper we have presented the different aspects of 
speaker recognition system. Also we have presented some 
techniques used in this system. Here, in this case different 
algorithms are used for pattern matching. Also speaker 
modeling can be done by using various methods. But now a 
days  the latest trend is about Artificial intelligence[12]. In 
speaker recognition system also one can use this technique. 
i.e. by using Deep neural network[13] can develop a speaker 
recognition system. Wavelets also can be used for speaker 
recognition system, as they have more advantages than DFT. 
Also in speaker recognition system, feature extraction is 
very important. These feature are used for speaker 
recognition. In this paper we have given some feature 
extraction techniques like MFCC,LPC etc. similarly one can 
try different feature extraction techniques e.g. IMFCC[14].  
Also in this paper we have discussed about the weaknesses 
and strengths of the system In todays world, to recognize a 
person DNA is used. And no one can challenge that result. 
In many legal cases DNA samples are used and considered 
as a strong proof. But speaker recognition system is not 
precise. One cannot rely on this system because this system 
is having some disadvantages as discussed in the paper. So 
its very important to work on these disadvantages to make 
traditional system better. 
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