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Abstract—Speaker recognition is one of the most essential tasks in the signal processing which 
identifies a person from characteristics of voices . In this paper we accomplish speaker recognition using 
Mel-frequency Cepstral Coefficient (MFCC) with Weighted Vector Quantization algorithm. By using 
MFCC, the feature extraction process is carried out. It is one of the nonlinear cepstral coefficient 
functions. Then the pattern matching is accomplished by evaluating the similarity of the unknown 
speaker and the trained models from the database.  For this process, weighted vector quantization is 
proposed that takes into account the correlations between the known models in the database. 
Experimentations express that the new methodologies provide higher accuracy and it can observe the 
correct speaker even from shorter speech samples more reliably. 

Keyword—Feature extraction, MFCC, Weighted VQ, Mel-filter bank. 
I. INTRODUCTION 

Speaker recognition is the process of realizing the speaker from the database based on characteristics in the 
speech signal [1], [11]. Generally speaker recognition can be classified into two processes which are speaker 
identification and speaker verification. The main difference between these two categories is that, the speaker 
verification performs a binary decision to verify the speaker’s identity whereas speaker identification performs 
multiple decisions and it consist the process of comparing the voice of the person speaking to a database or 
reference templates in an attempt to identify the speaker.  Speaker identification can be further divided into two 
subcategories; one is text dependent and another one is text independent speaker identification [2].Text-
dependent speaker identification varies from text-independent because the identification is performed on a 
voiced instance of a particular word, but in the second type, the speaker can say anything. The speaker 
recognition is being used for various popular applications which include automated dictation and command 
interfaces.  Speaker recognition used the biometric technology [3] and [12]. 

The objective of feature extraction is to convert the speech signal waveform into some of the parametric 
representation for further analysis and processing. The speech signal is a slowly time varying signal. More 
number of possibilities is available to permanently represent the speech signal for the speaker recognition 
process such as Linear Prediction Coding (LPC), Mel-Frequency Cepstrum Coefficients (MFCC) and so on. 
MFCC is possibly the best known and most popular technique which is used for speaker extraction process since 
LPC is not applicable for real-time applications.  The use of cepstrum permits for the resemblance between two 
cepstral feature vectors to be computed. The cepstrum derived from the MFCC features rather than LPC features 
produces best performance such as FAR (False Acceptance Ratio) and FRR (False Rejection Ratio) for a 
speaker recognition system. 

MFCCs are based on the fluctuations of the human ear’s critical bandwidths with the frequency.  Filters 
separated linearly at low frequencies and logarithmically at high frequencies have been used to get the 
phonetically important characteristics of the speech signal which is considered in the MFCC technique. 

The proposed work is focused on designing techniques by effectively extracting the information related to 
speaker and it is used to improve the speaker recognition system. This system is split into two models as 
mentioned below: 

• Speech signal features are extracted by the Mel-Frequency Cepstral Coefficients (MFCC) as feature 
vectors. 

• The pattern matching of the extracted signals are carried out by using the weighted vector quantization 
technique.  
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The rest of the paper is organized as follows: Section 2 gives the literature survey of the speaker recognition. 
Section 3 describes the proposed method for speaker recognition and the experimental results and discussions are 
explained in Section 4. Conclusion of the proposed work and scope for future work are given in Section 5. 

II. LITERATURE SURVEY 

Shivanker Dev Dhingra et al (2013) have proposed an approach of isolated speech recognition by using Mel-
Scale Frequency Cepstral Coefficients (MFCC) and Dynamic Time Warping (DTW). Normally several features 
can be extracted from the speech signal of spoken words.  MFCC algorithm is used for feature extraction and 
DTW is applied to deal with different speaking speeds in speech recognition. DTW is an algorithm which is 
used for measuring the similarity between two sequences which may vary in time or speed.  The extracted 
features were stored in a .mat file by using MFCC algorithm.  A distortion measure based on minimizing the 
Euclidean distance was applied when matching the unknown speech signal with the speech signal database. The 
experimental results were examined with the help of MATLAB and it is proved that the results are efficient. 
This process can be extended for n number of speakers [4].  

Xinhui Zhou et at (2010) have compared the Linear Frequency Cepstral Coefficients and Mel Frequency 
Cepstral Coefficients for Speaker Recognition.  This is prompted by insight from speech production that some 
speaker characteristics related with the structure of the vocal tract, in particular the vocal tract length, are 
speculated more in the high frequency region of speech.  The performances between MFCC and LFCC in the 
NIST SRE 2010 extended core task. The produced results explained that, while they are complementary to each 
other, LFCC systematically outperforms MFCC mainly due to its better performance in the female trials by 
better capturing the spectral characteristics in the high frequency region [5].  The performance of LFCC is as 
robust as MFCC for the babble noise, but it is not similar while dealing with the white noise. 

Geeta Nijhawanand Dr. M.K Soni (2014) have used MFCC and vector quantization for speaker recognition.  
The produced speech recognition rate is good by using the Voice Activity Detector (VAD), MFCC and LBG 
vector quantization algorithm.  On an average, VAD approach produced 5% error rate reduction when compared 
to simply using a speech free segment from the beginning of the utterance for noise modeling. In this paper, the 
vector quantization distortion between the resultant codebook and MFCCs of an unknown speaker is used for 
the speaker recognition.  MFCC is used for feature extraction since it mimics the human ear’s response to the 
sound signals.  The experimental results presented that the recognition percentage is about 95% and there is no 
false recognition rate [6]. The performance of the MFCC and VQ has been increased with increase in number of 
centroids. But these techniques have some limitations such as the decrement in efficiency when the database 
size is large. 

Akanksha Singh Thakur and Namrata Sahayam (2013) have proposed the concept of MFCC and vector 
quantization for speaker recognition using Euclidean distance.  They have explained the complexity of voice 
signal due to too much information contained in the signal.  Hence the digital signal processes such as feature 
extraction and feature matching have been introduced to demonstrate the voice signal.  The authors have been 
implemented an approach of speech verification by using a Euclidean distance. The speech recognition with 
MFCC has been enforced using software platform MATLAB R2010b [7]. 

Tomi Kinnunen and Pasi Fränti have proposed Speaker discriminative weighting method for VQ-based 
Speaker identification. They implemented and evaluated a weighted matching method for text independent 
speaker recognition. This method produced tremendous improvement over the previous method. The proposed 
method can also detect the correct speaker from much smaller speech samples. Furthermore, this method can be 
popularized to any other pattern recognition tasks because it is not designed for any particular features or 
distance metric [8]. 

III. PROPOSED METHODOLOGY 

This section describes about the proposed work behind the speaker recognition. Block diagram for the 
proposed work is illustrated in Fig 1. 

 
 
 
 
 
 
 
 
 

Fig.1. Speech recognition system 

 

Input Voice

Extracting the feature vectors

Pattern matching
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Initially input voice signal is received for the recognizing process. Then the features are extracted from the 
input signal and the extracted vectors are finally applied to the pattern matching process. 
A. Mel-Frequency Cepstrum Coefficients 

This section explains the extraction of the original signal into number of feature vectors for dimension 
reduction and probabilistic modeling. In the speech recognition, more methods are available to extract the 
features such as Mel frequency Cepstral coefficient (MFCC), linear prediction coefficients (LPC) and perceptual 
linear prediction coefficients (PLP) and so on. In the proposed methodology, features are extracted through 
MFCC and this method is one of the popular methods for extraction of speech signal. Sounds are represented in 
two ways, such as linear Cepstral and nonlinear Cepstral. MFCC is derived from nonlinear Cepstral 
representation of sound. Mel scale is used in the MFCC, and it is more responsible for human auditory system 
than linear Cepstral representation of sound [9]. Block diagram for MFCC is given in Fig. 2. 

 
 
 
 

In this process, initially the original signal from time domain to frequency domain is transformed by using 
Discrete Fourier Transform (DFT). The power spectrum is used for this conversion. Before DFT, hamming 
window is used for the reduction of frequency distortion due to segmentation. After this process, filter bank is 
used for wrapping the frequency from hertz scale to Mel scale. In conclusion Discrete Cosine Transformation 
(DCT) is used for the extraction of feature vectors on the logarithm of Mel scale power spectrum. 

Step 1: In the first stage, original signal is multiplied by using Hamming window, and then the window speech 
frames are processed under DFT. This is obtained from Fourier transform. 

                                   x(k) = ∑ x(n)e /       (1) 
In the above equation, N defines the number of points in the DFT. 
Step 2: Filter bank is created e (i) = In ∑ |x(k)| T (k)     (2) 
The above equation defines the energy spectrume (i), where number of filter is indicated by N  and i =1,2, . . , N . 

T (k) =
0 for k < kfor k ≤ k ≤ k
0 forfor k ≤ k ≤ kk > k    (3) 

The above equation demonstrates the band pass filter x(k) by triangular filter bank T (k).  Filter boundary 
points are indicated by k , where k denotes the index of the N  point DFT. 

Step 3: Mel-scale calculation using O’Shaughnessy [10] it is given by below equation f = 2595 × log 1 +     (4) 

In the above equation, f  denotes the sampling frequency. k = f f (f )+ ( ) ( )     (5) 

Input 
speech 
signal 

Windowing 
Technique Framing 

Mel 
Bank DCT Output 

signal 
FFT 

Fig.2. Block diagram for MFCC technique 
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In the above equation f  and f  denotes the low and high frequency boundary of the filter banks. Inverse 
transform f  is given by below equation f (f ) = 700 10 ⁄ − 1     (6) 
Step 4: MFCC coefficient is calculated, that the output of logarithmic filter bank is given to the DCT. MFCC(n) = ∑ e cos ( . ) 0 ≤ n ≤ N − 1  (7) 

Where n represents the number of MFCC coefficients. 
B. Improved Weighted Vector Quantization Technique 

Vector quantization is a function of framing the vectors from a large vector space to a finite number of regions 
in that space. Each region is called as cluster and can be represented by its center called as centroid [13,14]. The 
collection of all codewords is called a codebook [15 - 18].The codebook contains the resulting set of code 
vectors and it is stored in the speaker database. In this, each vector symbolizes a single acoustic unit typical for 
the particular speaker. Thus, a smaller set of sample vectors with similar distribution establishes the distribution 
of the feature vectors.  The codebook should be reasonably high since the matching performance improves with 
the size of the codebook [19]. 

The matching of an unknown speaker is then accomplished by evaluating the resemblance between the feature 
vectors of the unknown speaker to the models of the known speakers in the database.    

 

 

 

 

 

 

 

 

 

 
The sequence of feature vectors extracted from the unknown speakers is denoted as follows. =	 	, , … ,      (8) 
The aim of the speaker recognition is to find the best matching codebook Cbest from the database of N 

codebooks. In the proposed system, codebook is generated using the LBG algorithm. =	 , , … ,      (9) 
Normally the matching is carried out by a dissimilarity measure that calculates the average distance of the 

matching as mentioned below.  ∶ × 	 →      (10) 
The best pattern matching codebook can then be determined by the codebook that minimizes the dissimilarity 

measure.  Here similarity measure is used. In this way, we can define the weighting matching method more 
clearly. Thus, the best matching codebook is now determined as the codebook that maximizes the rate of the 
similarity measure of the mapping. ∶ × 	 →      (11) 

This can also be written as, =	 	 max ( , )     (12) 
 Here the similarity measure is determined as the average of the inverse distance values: ( < ) = 	 ∑ ( 	, , )     (13) 

Speaker 1 Speaker 2

Speaker 1

Speaker 2

Sample

Sample

Centroid

Centroid

Fig.3. Speaker recognition process 
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Where, , - The nearest code vector to xt in the codebook Ci 

d – Given distance function in the feature space. 
C. LBG Algorithm 

Linde-Buzo-Gray (LBG) algorithm is a vector quantization algorithm which is similar to  K-means clustering 
algorithm. It is used to derive a good codebook. It takes a set of input vectors as input and generates typical 
subset of vectors with the user specified K which is less than n as output according to the similarity measure. 
The steps of the LBG algorithm are given below. 

a) Input training vectors =	 ∈ | = 1,2,3, … ,  
b) Create a codebook  =	 ∈ | = 1,2,3, … , 	  
c) Set = 0 and let = 0. 
d) Categorize the n training vectors into K clusters according to ∈ 	 	‖ − ‖ 	 ≤ ‖ −‖ 	for 	 ≠ . 
e) Update cluster centers bj, j = 1,2,3,…,K by =	 ∑ ∈ . 

f) Determine ← + 1 and calculate the distortion ∑ ∑ ‖ − ‖ 	∈ . 

g) If − >	⋴ ( 	 	 ), repeat d~f. 
h) Output the codebook =	 ∈ | = 1,2,3, … , 	  

Best Matching Codebook is now determined as the Codebook that maximizes the rate of the similarity 
measure. 

IV. RESULTS AND DISCUSSION 

NTT database [20] and a large-scale Japanese Newspaper Article Sentences (JNAS) database [21] were used to 
evaluate proposed method. The proposed work is compared with the existing technique which is classified by 
DT-DWT with RVM and some other existing methods through performance metrics such as speaker 
identification accuracy. 

Comparison is made for the algorithms which include MFCC with GMM, Inverted MFCC, Kullback-Leibler 
divergence, DT-CWT with RVM, MFCC with ELM and the proposed MFCC with Weighted VQ algorithm. 

TABLE I.  SPEAKER IDENTIFICATION RATE 

Technique Speaker identification rate (%) 

MFCC with GMM 77.36 
Inverted MFCC 77 

Kullback-Leibler divergence 93 

DT-CWT with RVM 95 

MFCC with ELM 98.4 

Proposed MFCC with Weighted VQ 98.75 

The resultant windows obtained from the MFCC combined with the weighted vector quantization is shown in 
the following diagrams. 

 

 
Fig.3. Input Signal 
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The input voice is shown in the Fig. 4 as the signal in terms of normalized amplitude and time. It implicates 
the variations in the voice signal in terms of amplitude variation. 

 
Fig.4. The linear and the logarithmic spectrum plot 

The input signal is recognized and produced the linear and logarithmic spectrum plot of the given input signal 
in terms of frequency and time which is shown in the Fig. 5. 

 
Fig.5. Mel-Spaced Filter Bank 

The output of the MFCC technique is shown in Fig. 6 as the Mel-spaced filter bank in terms of frequency. 

 
Fig.6. Unmodified power spectrum and the modified power spectrum through Mel Cepstrum filter 

The unmodified power spectrum of the input signal is shown in the Fig. 7 in terms of frequency and time. The 
modified power spectrum through the Mel Cepstrum filter is given in Fig. 8 by considering the number of filters 
in the filter bank and time.  
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Fig.7. 2D plot of Acoustic vectors 

The 2D plot of acoustic vectors is shown for the fifth and sixth dimension.  
V. CONCLUSION 

This paper provides the speaker verification using weighted vector quantization. In this paper speech signals 
are extracted by using MFCC technique where features are extracted using linearly spaced filters in Mel scale. 
Compared to other existing techniques, this method of MFCC provides the better feature extraction. The 
weighted vector quantization is suitable for 2D acoustic signal, leading to high material recognition accuracy 
than that of other system.  The proposed method gives the better result which is observed from the experimental 
result.  
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