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ABSTRACT 
 In this paper an efficiency of the speech recognition system is compared between the correlation and neural 
network to recognize Hindi words in MATLAB. This paper takes a brief look at the basic building block of a speech 
recognition engine. It talks about implementation of different types of modules i.e. Sound Recorder, Framing, 
Correlation, Feature Extractor and Neural Network Training. In real life, this speech recognition technology might 
be used in voice calling, call center automation, in data entry, in medical documentation, etc.  
KEYWORDS: Speech Production, framing of speech signals, cross correlation, auto correlation MFCC, feed forward 
neural network.  

1. INTRODUCTION 
Speech, the power of expressing or communicating thoughts by speaking and an extra ordinary mentor to control our 
emotions, gestures and  one of the natural form of human communication which furnish us with a unique identity 
.Therefore, this technology might be  the next obvious step in an attempt to integrate computing into a natural way of 
life.  Nowadays, thanks to the evaluation of computational power it has become possible not only to develop, test and 
implement this system but also capable of real-time conversion of speech into text[1]. There are so many strategies are 
accessible to implement this system but correlation and neural network methods give satisfactory result among all the 
possible available routes. This paper  use the MATLAB platform to calculate  the efficiency between  two designed 
systems from  fifty one recorded speech samples, so it is significant to check if these  two designed systems work well to 
compare the database of  fifty reference speech signals against one target speech sample. 
 one method is cross-correlation, measure  similarity between the   two signals  as a function of the lag of one relative to 
the other ,[ 2] and it is the optimal technique for detecting a known waveform even in random noise and best suited  for 
comparing the two signals and its analysis.   Other one is Artificial Neural Networks (ANN), composed of simple 
computational elements operating in parallel and understand the shape and functional characteristics of the brain [3].  
We have applied the Feed-Forward back- propagation neural network for training so that particular input leads to a 
specific target output.  
In the next chapter, a general introduction to speech production and its basic ideas will be given. In the third chapter 
we focus on extracting the relevant information from two different methods. The fourth one calculates the proficiency 
between correlation and neural network and determined which one is better for speech recognition system. The 
conclusion remarks are given in the last chapter of the paper. 

2. GENERAL BEHAVIOR AND LAYOUT OF SPEECH PRODUCTION PROCESS 
In common language speech is the act of speaking which express thoughts, ideas and feelings and speech recognition is 
the translation of spoken words into text. The applications of Speech recognition can be found everywhere, which make 
our life more effective and convenient. If someone wants to send some text messages, he/she   can speak messages 
directly to the mobile phone in place of typing. [4]  

 
Fig 1.Speech recognition process [5] 
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 Therefore, speech recognition system not only improves the efficiency of the daily life, but also makes ours life more 
diversified.  This system can be implemented by different components as illustrated in Fig. 2  

 
Fig 2.Speech Recognition process 

 The First part deals with the input, consists of the acoustic environment plus a microphone connection to record 
the speech signal but to process the signal into computer sampling of analog signal is required. 
 The second part deal with the problem of background noise which affect the quality of speech signal.  To reduce 

the leakage problem due to adjacent frequency components hamming window is used, i.e. its aim to suppress high 
frequency components before spectral analysis 
 The third block must be capable of extracting the relevant information from pre-processed signal and discard all 

other irrelevant source of variations. This can be done with varieties called MFCC called as Mel Frequency 
Cepstral Coefficients. 
 The fourth one declares the most proficient method for speech recognition system after   comparing the results. 

Correlation search for the similarities among the signals and neural network search for the transfer function for 
accurate training of inputs and their corresponding targets.   
 The last, part tries to relate the input sound to the best fitted method to translate the recognized speech into text by 

using "Devanagari New Normal" font.  This represent as a final output which can be displayed in Hindi language   
on command window in MATLAB.  

3. THE INPUT SPEECH SIGNAL  
Vocalized form of human communication is called as speech and its aim is to transfer the ideas. [6] Signal capturing is 
the first step that needs to be taken for implementing the speech recognition system in MATLAB. We know that the 
signal from a human is an analog signal. When storing the speech to a computer, the analog signal needs to be 
digitized by some data acquisition hardware devices which convert real-world sensor signals into numbers.   

 
Fig 3.Working of sound signal [7] 

 3.1SIGNAL PRE-PROCESSING 
We know that signals properties changes quite rapidly over time.  In general any speech signal contains 16000 samples; 
these samples show quasi periodic behavior i.e.  Periodic on a small scale but unpredictable at some large scale hence, 
it's   become very difficult to study 16000 samples simultaneously.  
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Fig 4.Speech sample of Madhav word                                         Fig 5.Framing of word Madhav 

 
Most of the speech signal can be remained invariant for a short period of time by taking short windows. These short 
windows of signal like this called as "FRAMES" as shown in figure 5.  

4. FEATURE EXTRACTION 
The sounds generated by a human are filtered by the shape of the vocal tract including tongue, teeth, lungs etc. This 
shape determines what sound comes out. If we are able to determine the shape accurately, this should give us an 
accurate representation of the phoneme being produced [8] and MFCCs is a good idea for accurately represent this 
envelope. So, the development includes an extensive study of MFCC (Mel Frequency Cepstral Coefficients). Mel-
frequency scale is a perceptually motivated scale which is linear below 1 kHz and logarithm above1 kHz and extract 
only 20 coefficients from the spoken words.  

 
Fig 6.Block Diagram to calculate MFCC [9] 

 
Therefore goal of feature extraction is to transform the high dimensional speech signal to relatively low dimensional 
features while preserving the speaker discriminative information.  
4.1 COMPARISON METHODS 
(a).BY CORRELATION  
It’s a natural phenomenon, even with the same speaker, every time he/she speaks frequency bands of speech signal and 
shapes of spectrums is unrelated   due to the different vibrations of the vocal cord. The cross-correlation is a good 
approach to calculate the similarity of the spectrum between the target signals against the database of fifty recorded 
speech samples by estimating their   shift parameters.   
The equation for cross-correlation is:    

 
 
If we are doing the cross-correlation of the two same spectrums and plotting the cross-correlation, the graph of the 
cross-correlation should be totally symmetric according to the algorithm of the cross-correlation as shown in fig 7:  



International Journal of Application or Innovation in Engineering & Management (IJAIEM) 
Web Site: www.ijaiem.org Email: editor@ijaiem.org 

Volume 4, Issue 5, May 2015              ISSN 2319 - 4847 
 

Volume 4, Issue 5, May 2015                                                                                                Page 392 

 
Fig 7.Cross correlation of word Madhav against target sample 

Hence, by comparing the level of symmetric property for the cross-correlation, the system can make the decision that 
which two recorded signals have more similar spectrums. This is the most important concept for designing the speech 
recognition. 
(b).FEED FORWARD NEURAL NETWROK IMPLEMENTATION 
Many authors used neural networks for speech recognition in the past. MATLAB Neural Network toolbox has been 
used to create, train and simulate the network.  Such a situation is shown in figure8.   

 
Fig 8.Neural Network architecture 

 
In Feed-Forward  network, the information moves in only one direction, forward, from the input nodes, through the 
hidden nodes (if any) and to the output node[10] and trained in such a way that a particular input leads to a specific 
target output.  
These are good at fitting functions and recognizing patterns. Log-sigmoid-Transfer Function commonly used in Feed-
Forward neural networks, as it is differentiable and its input values lies in the range of -5 up to 1.5.  
  

 
Fig 9.Training the feed-forward back-propagation network 

 
The Performance of the network is mainly dependent on the quality of the signal pre-processing and performs very well 
with MFCCs as input having more than 60% successful classification rate. 
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5. MATCH THE SIGNALS WITH TWO DESIGNED SYSTEMS 
We know that we Indians are more comfortable in Hindi language so, we had recorded five words of Hindi ten times 
each so, there are fifty speech samples in total. We compare the target signal against database of these fifty words with 
correlation and neural network.   Following are the Comparison between correlation and neural network methods: 

Table No. 1 COMPARISON BETWEEN CORRELATION AND NEURAL NETWORK 

 
therefore, correlation give much better result as compared to neural network because one of the main application of 
neural network is in pattern recognition but in speech recognition system, every time there will be a different frequency 
spectrum even for same word. So, construction of particular pattern is very tedious task. Due to large database neural 
network become very complex...  
Hence, speech Recognition using correlation method is trying to understand the words being spoken and established a 
similarity to the human speech communication system. 

6. DISPLAY THE FINAL OUTPUT WITH UTF-8 CODING  
UTF-8 stands for "Universal Character Set Transformation Format-8bit is a character encoding capable of encoding all 
possible characters [11]. 
We know that computers can only deal with binary numbers. It stores letters and other characters by assigning a unique 
number for each one. Unicode provides a unique number for every character, no matter what the platform, no matter 
what the program, no matter what the language. 

 
Fig 10.Finally speech is converted into text 

 
There are so many dialects are present whole over the world but for Indians Hindi is the most majestic and prominent 
language to express our thoughts, feelings and expression.  
Lets suppose word  ma/v  is used for comparing against database of Aakax , bnars , %rgox , ma/v , xlgm.  Now 
madhav is correlating with the database of  fifty words.  finally the output can be visualised on the screen.  
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Fig 11.Final Output is displayed in MATLAB 

7. PROBLEM AND ISSUES 
Despite the good progress made on that field, by these techniques the speech recognition process is still facing a lot of 
problems as: 
 Pronounce the same word at a different time even by same the speaker is really very difficult due to dialect     

variation, speed of speech and emotional condition of the speaker.   
  Position and direction of the microphone with respect to speaker and many others.   
 A noisy environment can corrupt the signal and even the speaker himself can add noise by the way he speaks. 

8. CONCLUSION 
This paper describes the implementation of automatic speech recognition system by using the correlating concept and 
MFCC is a very reliable tool for signal preprocessing stage. This implementation try to build a text-dependent system 
or something that could actually determine what word was being spoken to the system by the user and neural network 
architecture does not give optimum result due to its complexity. So in order to improve the designed systems to make it 
work better, design some analog and digital filters for processing the input signals which can reduce the effects of the 
input noise and to establish the large data base of the speech signals for different words. 
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