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Abstract Feature extraction algorithm is very important task in the process of classification and recognition. 

Feature extraction exactly means the reduction of sources which describes the samples. If there are more sources 

then the classification and recognition becomes difficult. There are many development in the field of feature 

extraction of the speech signal for word recognition and classification. The feature extraction  algorithm for 

speech signal can be implemented on FPGA. For the speech signal, the Mel-cepstral coefficients are considered 

as the features of that signal. Here implementation of feature extraction algorithm is on FPGA as it has high 

computational capability and accuracy. 

 

Index  Terms  –  Field  programmable  gate  array,  Feature  extraction,  Mel-cepstral coefficient. 

 

 

I. INTRODUCTION 

In the recognition system there two phases 

consist of feature extraction and 

classification.  In recognition   system 

initially there is one input signal, the input 

signal may be any signal. First the signal is pre-

processed,   pre-processing includes removal 

of noise, amplification and so on. Then   using   

the   FPGA   hardware,   the features of speech 

signal is extracted. In this way   features   can   

be   extracted.   These features are then stored 

and are used for further process of 

classification. In this way using FPGA features 

of speech signal can be extracted. 

Speech  signal  are  very  important signals, 

they are used in many applications. In the  

developing technologies it is very important 

to  communicate with machine. Speech  

signals  are   used  in  recognition technologies.  

For  the  speech  signal  the feature extraction 

is the process to extract the  information  

related  to  language   or speech.  The feature 

extraction  of speech 

signal is based on the short term of the 

amplitude of the spectrum of the speech 

signal.  The short section of speech signal are 

separated  from the spectrum and then are 

processed. 

There are various algorithm that are used to 

detect the required feature of speech signal. 

• Mel-frequency cepstral coefficient 

(MFCC) 

• Linear-scale filter bank cepstral 

coefficient (LFCC) 

• linear predictive cepstral 

coefficient  (LPCC) 

• linear predictive coefficients (LPC) 

Mel-scale frequency cepstral coefficient 

(MFCC) are mostly used algorithm for feature 

extraction and speech recognition. In MFCC the 

sensitivity of different frequency is observed by 

human ear.The main objective of the paper is to 

study the implementation of feature extraction 

algorithm of speech signal. The system is 

implemented using FPGA. 
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II. LITERATURE SURVEY 

A. In 2009 IEEE [1], Rafael Ramos-Lara, 

Mariano   López-García,   Enrique   Cantó- 

Navarro and Luís Puente-Rodriguez , 

proposed  the  system.  The  SVM  speaker 

verification  system   was  proposed.  The 

hardware  used  was  dedicated  hardware. The 

feature vector was  calculated which was

 based  on Mel-frequency cepstral 

coefficient. The  obtained vector was 

compared   with   users   model   stored   in 

SRAM memory. The low cost  Sparten 3 

FPGA was used. 

B. In  June 2010  [2], International 

conference at Mixed design of Integrated 

Circuits and Systems, Micha Staworko and 

Mariusz  proposed  the  feature  extraction 

systems. This feature extraction system was 

based on Linear frequency cepstral 

coefficient (LFCC). The new  architecture wad 

introduced for averaging the spectrum of 

speech signal. The design of system of feature 

extraction is implemented on the reduced 

feature extraction execution time device  

which is  programmed. Hence the FPGA is 

used  for implemented as system on 

programmable chip (SOPC). 

C. In September 2012 [3], Shing-Tai Pan, 

Member, IEEE, and Xu-Yu Li proposed the 

system of feature extraction  and 

recognition.   The System was proposed in 

which the signal affected by noise are first 

passed through various  IMFs filters. The 

empirical  mode decomposition (EMD) 

process  was  used  for  noise  removal  in 

system.  Finally  the  original   signal  was 

obtained   by   summing   up   the   various 

weighted signal segments. In this proposed 

system  further  the  feature  extraction  is 

performed   using  MFCC process. The 

MFCC process is most accurate to extract the  

feature of speech  signal.  Further the 

recognition  is  carried  out  in  which  the 

extracted feature are fed to Discrete hidden 

Markov Model (DHMM). The computation time 

was saved by using DHMM. 

D. In 2012 [4], Genevieve I. Sapijaszko and 

Wasfy  B. Mikhael proposed a system. In this  

proposed  system  the  various  frame algorithm 

 were  compared  using experiment. 

 The centre for  spoken Language 

understanding (CLSU) was used. Many of the 

feature extraction  coefficient were compared. 

Coefficient compared were such as  Perceptual

  Linear Predictive Cepstral Coefficients 

 (PLPCC),   Real Cepstral Coefficients 

(RCC), Mel Cepstral Coefficients  (MFCC),  

Linear  Predictive Cepstral   Coefficients  

(LPCC).  Here  the vector quantization (VQ) 

method was used along with other methods. 

Here Euclidean distance classifier was also used 

for feature extraction. 

 

In  the proposed system the 

identification  of  the  speech  is  basedon 

vector  Quantization. Comparision is done 

among various  methods  of feature 

extraction, text dependent system was used. 

 

E.  Saambhavi.V.B.,  S.S.S.P.Rao  and  P. 

Rajalakshmi   [5],  proposed   the  system. 

HERE the hardware and software codesign 

implementation  was presented, the circuit was 

designed using hardware and software for 

feature extraction. Here Mel-frequency cepstral  

coefficient  was  used  extract  the feature of 

speech signal. The hardware and software 

design proved to be advantageous as delay was 

decreased by 0.0184 seconds from 17.29

 seconds.  The  MicroBlaze 

software processor was used. The 

frequency  66.67MHz  was  chosen.  The 

hardware  used  in  proposed  system  was 

Atlys Sparten-6 development board. 
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III. DISCUSSION AND CONCLUSION 

 

For the feature extraction of the speech signal, 

the MFCC system is studied, hence the feature 

extraction system using MFCC can be  

implemented. The implementation of the 

system  on  the FPGA platform can improve

 the accuracy as computation 

capability is high. The faster system can be 

implemented  using  MFCC,  as  MFCC  is 

faster than all other methods. The extracted 

features   can  be  further  used  in  speech 

recognition system. 
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