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ABSTRACT: Speech Recognition is the process of 

converting a speech signal to a sequence of words, by 

means of algorithms implemented as a computer program. 

Speaker Recognition is a multi-disciplinary technology 

which uses the vocal characteristics of speakers to deduce 

information about their identities. It is a branch of 

biometrics that may be used for identification, verification, 

and classification of individual speakers, with the capability 

of tracking, detection, and segmentation by extension. The 

technique applied here is first the recordings of the voice 

patterns of speakers is taken via noisy channel and uses 

some of noise removal techniques. The feature is extracted 

by Mel Frequency Cepstral Coefficient (MFCC). Then the 

result vector is fed to ANN (ARTIFICIAL NEURAL 

NETWORKS) classifier. Experimental results indicates that 

using ANN have better performance. 
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I. INTRODUCTION 

Speech recognition is a popular topic in today’s life. The 

applications of Speech recognition can be found everywhere, 

which make our life more effective. For example the 

applications in the mobile phone, instead of typing the name 

of the person who people want to call, people can just 
directly speak the name of the person to the mobile phone, 

and the mobile phone will automatically call that person. If 

people want to send some text messages to someone, people 

can also speak messages to the mobile phone instead of 

typing. Speech recognition is a technology that people can 

control the system with their speech. Instead of typing the 

keyboard or operating the buttons for the system, using 

speech to control system is more convenient. It can also 

reduce the cost of the industry production at the same time. 

Using the speech recognition system not only improves the 

efficiency of the daily life, but also makes people’s life more 
diversified. Speech recognition is an important and emerging 

technology with great potential. The significance of speech 

recognition lies in its simplicity. This simplicity together with 

the ease of operating a device using speech has lots of 

advantages. It can be used in many applications like, security 

devices, household appliances, cellular phones, ATM 

machines and computers. The speech signal conveys many 

levels of information to the listener. At the primary level, 

speech conveys a message via words. But at other levels 

speech conveys information about the language being spoken  

 

and the emotion, gender and, generally, the identity of the 
speaker. While speech recognition aims at recognizing the 

word spoken in speech, the goal of automatic speaker 

recognition systems is to extract, characterize and recognize 

the information in the speech signal conveying speaker 

identity. Speaker identification is the task of determining 

who is talking from a set of known voices or speakers. 

Speaker verification (also known as speaker authentication 

or detection) is the task of determining whether a person is 

who he/she claims to be (a yes/no decision).  

 

II. PROPOSED METHOD 
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Fig. 1. Block diagram of the proposed System. 

Various trained input audio signals are fed and the fed 

signals are preprocessed. The various preprocessing 

operations are Hamming Window, Fast Fourier Transform. 

First the digitized wave data is divided into overlapping 
frames, where the frame length is for few milliseconds. This 

division is needed to analyze the speech in small pseudo-

stationary segments. The speech waveform is cropped to 

remove silence or acoustical interference that may be present 

in the beginning or end of the sound file. The windowing 

block minimizes the discontinuities of the signal. The 

resultant frame is multiplied by a Hamming window to 

minimize the effect of spectral leakage. The Hamming 

window has almost zero values towards the both ends 

ensuring the continuity of the signal in successive frames. 

Fast Fourier transformation (FFT) is applied to the 

windowed signal to convert the time-domain signal into a 
frequency-domain signal (spectrum). Triangular band-pass 
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filters (BPFs) are applied to divide the spectrum into certain 

frequency bands. Later the MFCC features are extracted. 

MFCC simulates human auditory mechanism and performs 

reasonably well under robust conditions. Mel Frequency 
Cepstral Coefficients (MFCC) technique is used to extract 

features from the speech signal and compare the unknown 

speaker with the existing speaker in the Database (DB). 

Query audio signal is the testing signal. Trained signals are 

tested for the identification of the respective speakers and 

similar preprocessing is done and the MFCC features are 

extracted and then it is discriminated with the ANN. 

 

III. MEL FREQUENCY CEPSTRAL COEFFICIENTS 

(MFCC) 

MFCC simulates human auditory mechanism and performs 

reasonably well under robust conditions. In this project we 
are using the Mel Frequency Cepstral Coefficients (MFCC) 

technique to extract features from the speech signal and 

compare the unknown speaker with the exits speaker in the 

database. Fig.2 shows a block diagram of the MFCC 

calculation.  

 
Fig. 2. Block diagram of MFCC calculation 

 

A. FRAMING & BLOCKING 

First, digitized wave data is divided into overlapping frames, 

where the frame length is for few milliseconds. This division 
is needed to analyze the speech in small pseudo-stationary 

segments. The speech waveform is cropped to remove silence 

or acoustical interference that may be present in the 

beginning or end of the sound file. 

 

B. WINDOWING 

The windowing block minimizes the discontinuities of the 

signal. The resultant frame is multiplied by a Hamming 

window to minimize the effect of spectral leakage. The 

Hamming window has almost zero values towards the both 

ends ensuring the continuity of the signal in successive 

frames.  
 

C. FAST FOURIER TRANSFORM 

Fast Fourier transformation (FFT) is applied to the windowed 

signal to convert the time-domain signal into a frequency-

domain signal (spectrum). Triangular band-pass filters 

(BPFs) are applied to divide the spectrum into certain 

frequency bands.  

 

D. MFCC 

In the final step, the Cepstrum, the Mel-spectrum scale is 

converted back to standard frequency scale. This spectrum 

provides a good representation of the spectral properties of 
the signal which is key for representing and recognizing 

characteristics of the speaker. The center frequencies of the 

BPFs are spaced on a Mel-scale, and the bandwidths 

correspond to well known auditory perception phenomena 

called critical bandwidth. The relation between Mel-scale 

and linear scale (Hz) is almost linear up to around 800 Hz, 

and logarithmic beyond. See the below equation. 

 
In the above equation m corresponds to Mel's index (P filters 

are used) and f refers to frequency in Hz. Therefore, by 

applying (P = 24) BPF’s (Band Pass Filters), N points of the 

spectrum are converted to only 24 values. Log is applied to 

the 24 outputs to make the convolution components additive 

and to adjust the dynamic range in the spectrum. In this way, 

source excitation signal and vocal tract filter response 

become additive. The log outputs are then passed through 

discrete cosine transform (DCT) to de-correlate the 

components and reduce the dimension. The output of DCT is 

called MFCC. Typically, 0-th coefficient is ignored and 1st 
to 12th coefficients are retained to represent 12 MFCC. 

 

E. DISCRETE COSINE TRANSFORM (DCT) 

The process of carrying out DCT is done in order to convert 

the log Mel spectrum back into the spatial domain. For this 

transformation either DFT or DCT both can be used for 

calculating Coefficients from the given log Mel spectrum as 

they divide a given sequence of finite length data into 

discrete vector. However, DFT is generally used for spectral 

analysis where as DCT used for data compression as DCT 

signals have more information concentrated in a small 
number of coefficients and hence, it is easy and requires less 

storage to represent Mel spectrum in a relative small number 

of coefficients. This instead of using DFT, DCT is desirable 

for the coefficients calculation as DCT outputs can contain 

important amounts of energy. The output after applying DCT 

is known as MFCC (Mel Frequency Cepstrum Coefficient). 

 

IV. RESULT 

Xilinx ISE12.2 is used for synthesis and implementation of a 

design. In order to evaluate performance of the proposed 

scheme first pixel value was calculated using MATLAB tool. 

From that a binary equivalent of a pixel is obtained, for 
FPGA implementation. FPGA is implemented in SPARTAN 

3E. VLSI architecture for the combined filter can be 

implemented by the filtration of the full image by the 

utilization of one-line buffer memory. This results in the 

reduction of memory from multiple to single line buffer 

memory. The proposed model of bilinear interpolator for the 

reduction of delay paths to enhance the function of pipeline 

is also simulated in Xilinx ISE Simulator is depicted in fig.3. 
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Fig. 3.Simulation waveform of the DCT block. 

 

V. CONCLUSION 

In this work the recognition system involves MFCC (Mel 

Frequency Cepstrum Co-efficients) technique for extracting 

features. These features are utilized for training the classifier 

in the training stage. In the testing stage the database serves 

as an input for ANN classifier which recognises the speaker 
based on his or her voice. 
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