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Abstract:  

This project develops voice recognition. The key is to change the speech wave to some kind of parametric representation (at an  

impressively lower data rate) for further examinat ion and processing. This is frequently known as the voice processing front end. To 

attain this we need to made a relative investigation of the MFCC (Mel-Frequency Cepstrum Coefficients) approach with the time 

space approach for acknowledgment by simulat ing both these strategies utilizing MATLAB 7.0 and investigating the consistency of 

acknowledgment utilizing both the procedures. 
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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 

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. The speech signal conveys 

several form of information. Primarily, the speech signal 

conveys the words or message being spoken, but on a secondary 

level, the signal also coveys information about the identity of the 

talker. The area of speech recognition is concerned with 

extracting the underlying linguistic message in an utterance [1].  

Depending upon the application, the general area of speaker 

recognition is divided into two specific tasks: verification and 

identification. In verification, the goal is to determine from a 

voice sample if a person is whom he or she claims. In speaker 

identification, the goal is to determine which one of a group of 

known voices best matches the input voice sample. In another 

case, assume that speech is corrupted by additive noise. If the 

noise is uncorrelated with the original speech, noise component 

is additive in the power spectrum  of the signal. If the noise is 

changing slower than the speech, one accepted way of dealing 

with the noise is spectral subtraction [2], in which the estimate of 

noise power spectrum is subtracted from the power spectrum of 

the signal. 

                     

II.SPEAKER RECOGNITION PROCEDURE 

Speaker recognition tests were carried out to determine the 

effectiveness of various parameters. The task in a speaker test 

could either be that of identifying an unknown speaker in a 

population of several speakers of known characteristics, or that 

of verifying whether the person is what he claims to be. Of the 

two, the speaker identificat ion task is more suited for comparing 

the effectiveness of the different parameters. In the speaker 

identification task, a single error rate can provide a measure of 

the performance, while in the speaker verification task two kinds 

of errors, namely, the probabilit ies of false verification and false 

rejection, as functions of a threshold parameter, determine the 

performance. Furthermore, the accuracy with which one can 

identify speakers correctly provides a more sensitive indication 

of ability of parameter fo r discriminat ing speakers . 

 

III.HUMANAUDITORY PERCEPTION  

 

The fact that human perception tends to react to the relative 

value of an input is quite obvious in vision, but literature on 

perception of very slowly varying auditory stimuli seems to be 

rather scarce.  

 

Some circumstantial evidence indicates that there is a preference 

for sounds with a certain rate of change. Green [5] cites early 

experiments of  Riesz [21] that were later confirmed by Zwicker 

[26] and green [5], which ind icate a greater sensitivity of human 

hearing to modulation frequencies around 4 Hz than to lower (or 

higher) modulation frequencies. More convincing evidence 

comes from some speech experiments. Some years ago, a simple 

but striking experiment was carried out [2] A whole spoken 

sentence was processed by a filter that approximated the inverse 

of the short-term spectral envelope of the center of one of the 

vowels in the sentence. Thus, the spectrum of the given vowel 

became roughly white. In spite of this, the sentence remained 

perfectly intellig ible, and the given vowel was still perceived, in 

spite of its lack o f any formant structure.   

 

More formal experiments supporting this notion were done by 

Summerfield and his colleagues [24] who showed that a 

perception of speech-like sounds is dependent on the preceding 

sound, namely, that it depends on the spectral difference 

between the current sound and the preceding sound. 
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IV.MELFREQUENCY COEFFICIENT: 

 

The Mel Scale represents the human auditory system response 

more appropriately than the linearly Spaced Frequency bands 

used in case of the spectrum. The Mel Scale wraps the frequency 

& allows better representation similar to the human auditory 

system. It involves six steps.  

 

 
Figure.1. Block Diagram of MFCC 

 

FLOWCHART OF MFCC: 

 
Figure.2.Flowchart of MFCC 

 

1. Pre-Emphasis: 

This step involves the signals through a filter which boosts 

higher frequencies which results in increasing the energy of a 

signal at higher frequency. 
 

    Y[n] = X[n]-0.95 X[n-1] . 

2. Framing: 

The process of dividing the digit ized speech samples into a small 

frames of length ranging from 20 to 40 ms assuming Quasi-

stationary nature of speech. the voice signals are divided into 

suitable frames containing N samples. Overlap between two 

adjacent frames is  M points, (M<N). Typical values used are 

M=100 and N=256. 
 

3. Hamming windowing: 

Hamming windowing Shape is used by considering the next step 

in feature extract ion processing chain and integrates all the 

closest frequency boundary.  
 

4. Fast Fourier Transform: 

This step converts each frame containing into N samples from 

time to Frequency domain. The Frequency Transform converts 

the convolution of the glottal pulse denoted by H[n] in the time 

domain. 

 

Y[w] = fft [ h(t)*x(t) ]= H[w] *X[w] 

 

      The Fourier Transform of X(t), H(t) and Y(t) are X(w), H(w) 

and Y(w) respectively. 

 

 5. Processing of Mel Filter Bank: 

The Frequencies range in FFT spectrum is very wide and linear 

scale does not represents voice signal properly. The Magnetic 

response of each filter is found to be triangular in shape and 

equal to unity at the center frequency and linearity decreases it to 

zero at center Frequency of two adjacent Filters . Now, the 

following equation is used to calculate the Mel for the given 

frequency f in Hz. 

   

    F (Mel) = 2595*log10[1+f/700] 
 

6. Discrete Cosine Transform: 

This Process is used to convert the logarithmic Mel spectrum 

into a time domain using discrete cosine transform. The result 

obtained after conversion is called Mel Frequency Cepstrum 

coefficient. These set of coefficients are called acoustic vectors. 

Therefore, each input speech sample is changed into a sequence 

of an acoustic vector. 
 

VI. GRAPHIC US ER INTERFACE:  
 

A GUI, which some folks pronounce as 'gooey', is exactly what 

it sounds like... a graphical way to do ( Simply  put, a graphical 

user interface is a way to communicate what you want to a 

computer application (or computer operating system) using 

graphical symbols rather than typing the instructions in. GUIs let 

you work with picture-like items (icons and arrows for example) 

to tell the computer what you want from it. And, rather than a 

keyboard (which can  leave you guessing what to type next), you 

get to scoot around a blocky thing on your desk called a mouse, 

which makes the arrows and icons scoot around on the screen.  

Much easier! A GUI uses windows, icons, and menus to carry 

out commands, such as opening, deleting, and moving files. 

Although many GUI operating systems are navigated through 

the use of a mouse, the keyboard can also be utilized by using 

keyboard shortcuts or arrow keys. 
 

VII. SPEAKER IDENTIFICATION: 

 

 A voice analysis is done after taking an input through 

microphone from a user. The design of the system involves 
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manipulation of the input audio signal. At different levels, 

different operations are performed on the input signal such as 

Pre-emphasis, Framing, Windowing, Mel Cepstrum analysis and 

recognition (Matching) of the spoken word 

 

 
Figure.3. S peaker Identification (training) 

 

VIII.FEATUREEXTRACTION (MFCC): 

 

The extraction of the best parametric representation of acoustic 

signals is an important task to produce a better recognition 

performance. The efficiency of this phase is important for the 

next phase since it affects its behavior. MFCC is based on 

human hearing perceptions which cannot perceive frequencies 

over 1Khz. In other words, in MFCC is based on known 

variation of the human ear’s critical bandwidth with frequency. 

MFCC has two types of filter which are spaced linearly at low 

frequency below 1000 Hz and logarithmic spacing above 

1000Hz. A subjective pitch is present on Mel Frequency Scale to 

capture important characteristic of phonetic in speech 

 

IX. SPEAKER TES TING: 

 

In emotion classification of speech signals, the popular features 

employed are statistics of fundamental frequency, energy 

contour, duration of silence and voice quality. However, the 

performance of system employing these features degrades 

substantially when more than two categories of emotion are to be 

classified. A text independent method of emotion classification 

of speech is proposed. The proposed method makes use of short 

time log frequency power coefficients (LFPC) to represent the 

speech signal and a discrete hidden Markov model (HMM) as 

the classifier. Performance of the LFPC feature  parameters are 

compared with that of LPCC and  MFCC feature parameters 

commonly used in speech recognition system.  

  

 
Figure.4. S peaker Verification (testing) 

X. RES ULTS : 

 

 
 

 
 

XI. APPLICATIONS:    
 

1. Stand alone customer gadgets, for example , wrist watch, toys 

and sans hands cellular telephone in auto where individuals are 

not able to utilize different interfaces or huge informat ion stages 

like consoles are not accessible. 

2. Single reason order and control Framework, for example, 

voice dialing for cell, home and office telephones where multi-

capacity(PCs) are repetit ive. 

3. Security Control for Secret Data.  

4. Access control systems 

5. Phone Banking. 

 

XII. CONCLUS ION: 
 

In this paper, we effectively recreated the MFCC methodology 

utilizing MATLAB. It was seen from the investigations that due 

to noticeable quality given to vitality, this methodology 

neglected to perceive the same word art iculated with distinctive 

vitality. As far the neutral trained-neutral test close set speaker 

identification process concerned, identification is 91.4%. Most 

of the spectral informat ion from the unvoiced consonant speech 

is contained in higher frequencies, feature vectors that 

emphasize more low frequency structure. 
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