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Abstract —  Security systems in present era moreover depends on the user specific data, making the system robust and highly 

reliable. User specific information can be listed as the unique features which differ from humans to humans, like fingerprint, Face, 

Voice, etc. Robust voice based authentication proves to be challenging for better false rejection and true acceptance ratio.In this case, 

as time passes by, there is another innovation known as Biometric Identification System. With the use of biometric features for better 

security got move popular over a short period of time, challenges occurs for biometric authentication.The proposed framework takes 

a shot at the issue of speaker ID and check under uproarious conditions where data about commotion attributes isn't accessible. 

Speaker recognizable proof for confirmation enables the user to distinguish the speaker by utilizing their voices. A Mel Frequency 

Cepstrum co-Efficient (MFCC) based feature extraction method is used for human auditory filtering to identify different energy 

levels, change in frequencies etc. System in real time works on data sample capture between silent periods. Data samples are further 

processed with MFCC to match with the database entry pre-stored. Proposed system when tested with number of sample delivers a 

true acceptance of 85% and false rejection of 95%.In this manner the secure robustness speaker authentication system is designed by 

using MFCC.  
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I. INTRODUCTION 

   The speaker recognition is a biometric approach that uses a person's voice for identification purposes. It 

depends on characteristics that are affected by the physical structure of the user's vocal tract and its 

behavioural characteristics. The speaker identification is different from other biometric methods in such a 

way that the voice samples are changing continuously for a short period (normally few seconds).  There 

are mainly two types of speaker identification technique: a text dependent and a text independent .Text 

dependent is called as “Constrained” mode whereas Text Independent is known as “Unconstrained” mode. 

Since, there is no any advance information of the speaker's speech is available for Text Independent. It 

shows more difficult challenge than the text dependent systems whereas, a “text dependent” voice 

recognition system requires the person to speak a fixed phrase. 

A. MFCC Process: 

MFCC is a technique based on human listening behaviour that cannot recognize frequencies over KHz. 

MFCC depends on the difference of frequencies that can be distinguish by  human ear. The flag is 

communicated in the MEL scale, this scale depends on the impression of the contributes a similarly 

dispersed interims made a decision by onlookers. This scale uses a filter that is placed linearly at 

frequencies below 1KHz and above 1KHz for logarithmic spacing. 
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B. Pre-emphasis: 

In this process we emphasize the higher frequencies; this will enhance the energy in the signal at 

frequencies over 1KHz.Pre-emphasis strategy is utilized to expand flag Quality of an information 

transmission at the yield. 

C. Removal of noise: 

Having performed the normalization procedure, the magnitudes corresponding to the low frequencies 

affect the accuracy of the identification system. They can be considered as noise that needs to be 

eliminated or reduced. Therefore, all frequencies which are below a threshold value are eliminated i.e. 

their corresponding magnitudes are set to a value of zero. 

D.    Framing: 

       The segmentation of the speech samples in boxes within the range of 20 ms to 40 ms. the voice signal 

is divide in terms of frames of N samples. Corresponding frames are separated by M where M is less than 

sample N. Different values used for M is  M = 100 and N= 256. 

E. Hamming  windowing: 

In signal processing, a window is used when a signal we are interested has a limited length. Indeed, a real 

signal has to be finite in time; in addition, a calculation is only possible from a finite number of points. To 

observe a signal in a finite time, we multiply it by a window function. 

II. METHODOLOGY 

This segment depicts the two primary modules of a speaker acknowledgment framework which gives the 

different modules and a portion of the techniques is utilized in this undertaking work. 1. Highlight 

Extraction: Feature Extraction changes over the discourse waveform which are simple in nature into an 

arrangement of highlights. For assist investigation Feature vectors are utilized. 2. Highlight Matching: In 

include coordinating procedure, the highlights extricated from the info voice are coordinated with the pre-

put away database and a recognizable proof choice is made. 

 

 
1. Signal acquisition:  

 

         To record and convert the user's voice into digital form the Microphones and A/D converter are used. A 

vector representation of input signal is available at the end of this process. The duration of speech recording 

depends on the desired accuracy. 

 

2. Speech signal pre-processing:  
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        The speech signal x ( n ) is not a static signal since the vocal tract is continuously changing and the model 

parameters are time-varying. But, it nowdays accepted the fact that these parameters are constant over small 

time intervals. Generally, the signal is divided into frames of 20-25 ms denoted by x i (n). Due to this division into 

frames, it tends to discontinuities in the temporal domain.  To avoid this phenomenon, a Hamming window is 

used. 

 

3. Feature extraction:  

    Based on the speech signal and pre-processing, features are extracted to design a model corresponding 

to the user.By and large, these extricated highlights must be hearty to the client's voice, to commotion and 

contortion. The strategies comprises of here and now range highlights. We have removed MFCC (Mel-

recurrence cepstral coefficients) acquainted by which uncover with be more powerful and productive by 

and by. 

 

 

 

 

 

 

 

 

 

 

 Fig 1: Block diagram of MFCC 
 

4. Speaker modelling:  

         After the completion of Feature extraction on each frame, the corresponding model or design requires 

a training phase. Once more, we pick the VQ (vector quantization) technique. It depends on the LBG 

(Linde Buzo and Gray) calculation. This procedure permits, in the wake of grouping, to depict a voice test 

by a model vector having a predefined settled size, whatever the underlying length of the signal. 

5. Speaker recognition:  

       The above four steps represents the user training phase. For recognition or testing step we consider 

user authentication: in this process it is get identified that whether the user is owner or not. For VQ method, 

the identification part is generally performed through Euclidean distance computation between the 

reference sound sample and the new captured sample. 

III. RELATED WORK 

 

      In the field of speaker recognition, researchers have worked upon few challenges on the various 

models of speaker identification. In [1], authors have used Short Term Fourier Transform (STFT) but the 

accuracy of identification was not achieved due to large dataset. 
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     In [2], the author has applied first extracts MFCC features from the raw signal and then creates 

Information Set Features (ISF) by applying a fuzzy logic approach. .ISF features reduce the size of the 

MFCC features and computes templates composed of only 12 floating-point numbers. 

In [3], the authors have summarize the operation flow of the whole identification system and implement 

the speaker identification system with python. 

SIS is currently in use with highly sensitive information such as forensic science, bank account 

transactions, medical applications, and password protection [4]. 

    

     In [5], the algorithm used provides efficiency up to 40% at low Signal to Noise ratio (7dB) with very 

low computation/processing time. 

 

     The fusion feature vector of cepstrum with MFCC and formants gives good accuracy for emotion 

recognition. For speech recognition, the traditional classifiers used are SVM, HMM, KNN etc. But the 

simplest and the most effective with less complexity and great accuracy is SVM. [6]. 
 

 

TABLE II 

 RESEARCH TRENDS IN SPEAKER RECOGNITION 

Problem Methodology Future Scope 

Accuracy is less [1] 
By decreasing the dataset, the accuracy 

can be increased. 

The future work will be concentrated 

on improving the accuracy of the 

implemented approach as a first step 

. 

Word difference between the trained voice 

and the verification can reduce the 

system’s accuracy. [2] 

The trained data and testing word should 

match while recognition 

It is helpful in convening people’s 

everyday lives, such as the 

applications on personal computer by 

using voice control 

 

Feature Fusion Techniques Based Training 

MLP for Speaker Identification System. [3] 

The enrollment stage aims to build 

speaker’s model contingent upon the 

features taken from the words produced 

by the speaker during the feature 

extraction stage. 

To focus on different factors for 

recording speech such the health of the 

speaker, the emotional status of the 

speaker 

 

This algorithm provides up to 40%  

efficiency at low SNR(7dB) with very low 

computation/processing time. [4] 

The processing time can be increased 

with high SNR ratio to increase the 

efficiency up to 60 %, but the only 

problem is large dataset. 

When the test voice is not included in 

the training phase, different words will 

produce different vocal patterns, and 

will affect the overall system 

identification rate.  

 

More works are required to reduce the 

limitations of the system and make it 

overall robust against noise, mimicry and 

playback attack.[5] 

Linear and quadratic function shows 

highest recognition rate for fear, joy and 

sadness. And polynomial is worst for 

speech emotion recognition.    

Noise can be removed using the 

Butterworth filter. 

 

As long as the number of speakers 

increase, the number of errors increases, 

this is because  of the distance to each 

centroid of each speaker can be similar to 

another. [6] 

VQ distortion represents the separation 

from the closest codebook, figured while 

testing period of speaker 

acknowledgment framework. 

Patterns of speech/non-speech 

detection and diarization can be used 

to analyze social interactions. 

 

 

 

 

International Journal of Scientific Research And Review

Volume 7, Issue 10, 2018

ISSN NO: 2279-543X

Page No: 517



IV. PROBLEM STATEMENT 

     In the case of speaker recognition, the need is for more discriminative features between any two 

speakers rather than higher individual information on every vector available. However, the Cepstral 

coefficients perform quite well for speaker identification, its performance can further be improve by using 

the hidden features of the speech signal. During the recording, the time taken to record should be suitable. 

If it is too short, it will result in lack of identifying enough data. In the event that it requires excessively 

investment, it will lessen the exactness of framework. Foundation clamors likewise play an essential issue 

to be overwhelmed. The software will have a slightly problem of identifying voices signal when there are 

too many noises. To overcome this problem, the noise has to be filter so that any unwanted signal is 

removes. There are additionally estimations of vitality levels contrasted with vitality levels of quietness. It 

will improve the way toward distinguishing the flag voices. 

 

 

V. PROPOSED SYSTEM 

     Proposed system presents an effective method for speaker identification system. A Mel-Frequency 

Cepstrum Co-efficient (MFCC) based feature extraction method is used for human auditory filtering to 

identify different energy levels, change in frequencies etc. The results are compared based on the accuracy, 

the speed and the number of MFCC. 

 

 
Fig. 1: Training Set 
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Fig 2: Testing ( Recognition ) 

 

       Now, in the testing or Recognition part first four steps are same as the training session. After 

extraction of features using MFCC the Vector Quantization of test signal can be performed from the 

database signals. Furthermore, calculation of match percentage is performed and result will get displayed 

on the screen whether the recognition has been done successfully or not. 

 

 
Fig 3 : System Model 

 

 

 

International Journal of Scientific Research And Review

Volume 7, Issue 10, 2018

ISSN NO: 2279-543X

Page No: 519



VI. DATASET 

 The database formation will consist of distinct speakers including both male and female speakers. It 

will also contain multiple sound files used for training and testing the Speaker Recognition module. New 

sound will be stored in real time for recognizing the Continuous Speech signal module under clean and 

noisy environments. 

VII. RESULTS AND DISCUSSION 

 
Fig 4: Results (1) 

 
Fig 5: Results (2) 
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Fig 6: results (3) 

 
 Fig 7: Results(4) 

Recognition rate of the trained VQ model is given by the formula: 

 

International Journal of Scientific Research And Review

Volume 7, Issue 10, 2018

ISSN NO: 2279-543X

Page No: 521



In the above condition RR is the acknowledgment rate, Ncorrect demonstrates the quantity of right 

(precise) acknowledgment of testing discourse tests per digit, and the aggregate number of discourse tests 

per digit is spoken to by Ntotal.   

VIII. CONCLUSIONS 

The outcomes acquired in this undertaking utilizing MFCC and VQ are commendable. I have figured 

MFCCs relating to every speaker and these are vector quantized. The VQ bending between the resultant 

codebook and MFCCs of an obscure speaker is taken as the reason for deciding the speaker's validness. 

Here I utilized MFCC in light of the fact that they take after the human ear's reaction to the sound signs. 
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