
IJSRD - International Journal for Scientific Research & Development| Vol. 6, Issue 02, 2018 | ISSN (online): 2321-0613 

 

All rights reserved by www.ijsrd.com 2176 

Audio Extraction using MFCC Algorithm 

Mrs. Meenu Garg1 Akshay Bhardwaj2 
1Assistant Professor 2Student  

1,2Department of Information Technology 
1,2MAIT Rohini, New Delhi, India 

Abstract— Human voice plays a very important role as a vital 

biometric parameter for authentication and identification. 

Voice recognition is a biometric technology used to identify 

one particular person's voice. It provides enhanced security, 

convenient authentication and considerable cost saving. It can 

be performed using many algorithms and speech models. Mel 

Frequency Cepstral Coefficients (MFCC) algorithm is 

generally preferred as a feature extraction technique to 

perform voice recognition as it involves generation of 

coefficients from the voice of the user that are unique to every 

user. 
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I. INTRODUCTION 

Mel Frequency Cepstral Coefficients (MFCCs) are a feature 

widely used for audio processing. They were introduced by 

Davis and Mermelstein in the 1980's, and have been state-of-

the-art ever since. The MFCC are the coefficients of the Mel 

cepstrum. The Mel-cepstrum is the cepstrum computed on the 

Mel-bands (scaled to human ear) instead of the Fourier 

spectrum. 

Mel-frequency Cepstral coefficients (MFCCs) are 

coefficients that collectively make up an MFC. They are 

derived from a type of Cepstral representation of the audio 

clip (a nonlinear "spectrum-of-a-spectrum"). The difference 

between the cepstrum and the mel-frequency cepstrum is that 

in the MFC, the frequency bands are equally spaced on the 

mel scale, which approximates the human auditory system's 

response more closely than the linearly-spaced frequency 

bands used in the normal cepstrum. This frequency warping 

can allow for better representation of audio. 

Mel frequency Capstral coefficients (MFCC) are 

very common, efficient and one of the best method for feature 

extraction when talking about the audio. So this paper 

presents an application of MFCC for audio feature extraction. 

The first step in audio feature extraction system is to 

extract features i.e. identify the components of the audio 

signal that are good for identifying the linguistic content and 

discarding all the other stuff which carries information like 

background noise, emotion etc. 

The main point to understand about any audio is that 

the sounds generated by a human are filtered by the shape of 

the vocal tract including tongue, teeth etc. This shape 

determines what sound comes out. If we can determine the 

shape accurately, this should give us an accurate 

representation of the phoneme being produced. The shape of 

the vocal tract manifests itself in the envelope of the short 

time power spectrum, and the job of MFCCs is to accurately 

represent this envelope. 

II. INSIDE THE MFCC ALGORITHM 

This is the block diagram for the feature extraction processes 

applying MFCC algorithm: 

 
Fig. 1: 

III. PREPROCESSING 

To enhance the accuracy and efficiency of the extraction 

processes, audio signals are normally pre-processed before 

features are extracted. Audio signal pre-processing covers 

digital filtering and audio signal detection. Filtering includes 

pre-emphasis filter and filtering out any surrounding noise 

using several algorithms of digital filtering. 

A. Pre-Emphasis Filter 

In general, the digitized audio waveform has a high dynamic 

range and suffers from additive noise. In order to reduce this 

range, pre-emphasis is applied. This pre-emphasis is done by 

using a first-order FIR high-pass filter. 

In the time domain, with input x[n] and 0.9 ≤ a ≤ 1.0, 

the filter equation 

y[n] = x[n]−a . x[n−1]. 

And the transfer function of the FIR filter in z-domain is: 

H ( Z) = 1 − α . z− 1 , 0.9 ≤ α ≤ 1.0 

Where α is the pre-emphasis parameter. 

The pre-emphasizer is implemented as a fixed 

coefficient filter or as an adaptive one, where the coefficient 

a is adjusted with time according to the auto-correlation 

values of the audio. 

The aim of this stage is to boost the amount of 

energy in the high frequencies. The drop in energy across 

frequencies (which is called spectral tilt) is caused by the 

nature of the glottal pulse. Boosting the high frequency 

energy makes information from these higher formants 

available to the acoustic model. The pre-emphasis filter is 

applied on the input signal before windowing. 
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IV. FRAMING & WINDOWING 

First we split the signal up into several frames such that we 

are analyzing each frame in the short time instead of 

analyzing the entire signal at once, at the range (10-30) ms 

the audio signal is for the most part stationary. 

Also an overlapping is applied to frames. Here we 

will have something called the Hop Size. In most cases half 

of the frame size is used for the hop size. (Look at the figure 

(2.3) shown below, it represent what the frame and hop sizes 

are.) The reason for this is because on each individual frame, 

we will also be applying a hamming window which will get 

rid of some of the information at the beginning and end of 

each frame. Overlapping will then reincorporate this 

information back into our extracted features. 

 
Fig. 2: 

V. FAST FOURIER TRANSFORM 

To convert the signal from time domain to frequency domain 

preparing to the next stage (mel frequency wrapping). 

The basis of performing Fourier transform is to 

convert the convolution of the glottal pulse and the vocal tract 

impulse response in the time domain into multiplication in the 

frequency domain. 

Spectral analysis shows that different timbres in 

audio signals correspond to different energy distribution over 

frequencies. Therefore we usually perform FFT to obtain the 

magnitude frequency response of each frame. 

VI. MEL-SCALED FILTER BANK 

We can use the following formula to compute the mels for a 

given frequency f in Hz: 

mel(f)= 2595*log10(1+f/700). 

A. Mel Frequency Analysis 

 Mel-Frequency analysis of audio is based on human 

perception experiments. 

 Human ears, for frequencies lower than 1 kHz, hears 

tones with a linear scale instead of logarithmic scale for 

the frequencies higher than 1 kHz. 

 The information carried by low frequency components 

of the audio signal is more important compared to the 

high frequency components. In order to place more 

emphasize on the low frequency components, mel 

scaling is performed. 

VII. CEPSTRUM 

In the final step, the log mel spectrum has to be converted 

back to time. The result is called the mel frequency cepstrum 

coefficients (MFCCs). The cepstral representation of the 

audio spectrum provides a good representation of the local 

spectral properties of the signal for the given frame analysis. 

Because the mel spectrum coefficients are real numbers (and 

so are their logarithms), they may be converted to the time 

domain using the Discrete Cosine Transform (DCT). 

 
Fig. 7.1: Mel Cepstrum Coefficients. 

VIII. LITERATURE SURVEY 

SAYF A. MAJEED, HAFIZAH HUSAIN, SALINA 

ABDUL SAMAD, TARIQ F. IDBEAA [01], Mel Frequency 

Cepstral Coefficients (MFCCs) are the most widely used 

features in the majority of the speaker and speech recognition 

applications. Since 1980s, remarkable efforts have been 

undertaken for the development of these features. Issues such 

as use suitable spectral estimation methods, design of 

effective filter banks, and the number of chosen features all 

play an important role in the performance and robustness of 

the speech recognition systems. This paper provides an 

overview of MFCC's enhancement techniques that are 

applied in speech recognition systems. The details such as 

accuracy, types of environments, the nature of data, and the 

number of features are investigated and summarized in the 

table combined with the corresponding key references. 

Benefits and drawbacks of these MFCC's enhancement 

techniques have been discussed. This study will hopefully 

contribute to raising initiatives towards the enhancement of 

MFCC in terms of robustness features, high accuracy, and 

less complexity. 

R.M.Sneha, K.L.Hemalatha [02], Processing of 

speech signal is very important for fast and accurate 

automatic speech recognition technology. The voice is a 

signal of infinite information. The speech signal is analyzed 

to extract the information contained in the signal. The two 

process in Speech recognition are Feature Extraction and 

Feature Matching. Mel Frequency Cepstral Coefficients 

(MFCCs) are used for extracting the features in a speech 

signal. MFCC is used for its less complexity and less power 

consumption in implementing the feature extraction. 

Dynamic Time Warping (DTW) is used  for feature matching 

where the voice signal of the speaker is compared with the 

pre stored voice. DTW is an algorithm, which is used for 

measuring similarity between two sequences, which may 

vary in time or speed. Several methods such as Liner 

Predictive Coding (LPC), Hidden Markov Model (HMM), 

Artificial Neural Network (ANN) etc are some of the methods 

used for feature extraction and feature matching. The 

combination of MFCC and DTW algorithm achives high 

recognition accuracy. 



Audio Extraction using MFCC Algorithm 

 (IJSRD/Vol. 6/Issue 02/2018/593) 

 

 All rights reserved by www.ijsrd.com 2178 

IX. CONCLUSION 

The results obtained in this project using MFCC are applaud 

able. I have computed MFCCs corresponding to each speaker 

and these are vector quantized. MFCCs of an unknown 

speaker is taken as the basis for determining the speaker’s 

authenticity. Finally I conclude that although the project has 

certain limitations, its performance and efficiency have 

outshined these limitations at large. 
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