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Abstract— Speech Recognition Application has been a high 

demand with the development of intelligent System. 

Developing a speech recognition system for regional 

language is a tedious job for many reasons.  The paper 

proposes designing of feature extraction of Manipuri 

language for speech retrieval application using MFCC 

algorithm. The feature extraction algorithm derives feature 

vectors from acoustic signal of the speech. Using MFCC 

algorithm the system derives feature vectors of Manipuri 

speech which is a speaker dependent system. Based on this 

feature vectors, speech retrieval is done for match of the 

input speech to the reference speech in the database. 
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I. INTRODUCTION 

Natural Language processing (NLP) is widely developed in 

this era and has been a scope for the researchers to carry out 

the research work. However, NLP for regional language is 

very less processed. This opens door for the new fellow 

researchers to explore the regional languages and gives them 

a platform to the world. Manipuri language is one of the 

languages which are spoken widely by the inhabitants of 

Manipur and the people at Indo-Myanmar border. 

The Manipuri language is quite rich in its linguistic 

culture and it has its own script unlike few regional 

languages which doesn’t have its own script. Few research 

on Manipuri Language has been carried out already but they 

are all content constrain processing, which mean to say, the 

research are based on the textual content or the script based. 

Some of the work to highlight includes – suffix or prefix 

identification, Part of Speech tagger (POS), Keyword 

identifier of Manipur Speech, etc.[1,2,3] Till date, not a full- 

fledged work has not been done for processing the Manipuri 

language like speech-to-text conversion, Text-to-speech 

conversion, Speaker recognition, etc. 

The main reason why Manipuri language is less 

popular and less processed is due to the following reasons:  

1) Manipuri Language is a monosyllabic and so 

segmenting each word them for further processing 

is very tough. 

2) It is a less computerized language and hence less 

processing is done. 

3) Currently, there are two scripts – Bengali 

script(influence by Bengali Language) and Meitei 

Mayek (Indigenous script) 

4) Due to the landscape, the language is known to 

only few people. 

To overcome all this obstacle, designing an 

automatic system for speech recognition based on the 

acoustic features of the Manipuri Speech is proposed in this 

paper. The designing of the Automatic Speech Recognition 

(ASR) is very important because people of this age are so 

technology advanced. So, an automated system which gives 

easy access to the language is a solution to this rather than 

having a context dependent system where one needs to learn 

the textual content of the language. 

II. RELATED WORK AND REVIEWS 

There are minimal researches done for processing the 

Manipuri Language. Few works that has been done so far 

are listed in the following content.  

Sushanta, Nandakishor, Joyprakash [1] have 

presented a phonetic search engine for Language 

Identification between Manipuri, Bengali and Assamese 

language based on phoneme to symbolic conversion of the 

speech spoken and extracting the acoustic feature of the 

language for language identification.  

Krishna, Raju and Bipul [2] have presented a 

morphotactics identification system for identifying 

adjectives of Manipuri language. In this system, based on 

some predefined adjectives of Manipuri language, search is 

done and language identification is done. 

Another paper by Rahul Laishram [3] have 

presented a keyword spotting algorithm where an automatic 

search engine is designed based on few frequently used 

keywords in Manipuri Language. Identification of the input 

text for occurrence of any Manipuri adjective is search by 

the search engine. 

Harisha, Amarappa, and Dr Sathyanarayana [4] 

have given an overall survey on research of Indian Regional 

Languages. They also design a digit identifying system for 

Kannada language based on MFCC feature extraction 

algorithm of the acoustic features of the audio speech.  

Vibha Tiwari [5] has given an overview of the 

MFCC algorithm and the various applications of the 

Speaker Recognition System. The paper defines the feature 

extraction algorithm for extracting the acoustic vectors of 

the speech. These acoustic vectors are used for the speech 

retrieval for speaker identification.  

However, most of the researches for Manipuri 

Language are based on the Language processing of context 

dependent and so far research for analyzing the acoustic 

features have not been done. To give a new platform for 

designing a speaker identification system of Manipuri 

language, the paper proposes feature extraction model for 

identifying acoustic features of Manipuri speech spoken. 

These acoustic features will help in defining the aspects of 

each speech sample recorded differentiating the difference 

from other speech.  

The main motive of language processing for 

acoustic features of speech is to help these less popular 

regional languages to analyze better so that it can be brought 

to the global platform and to bring it in par with the 

internationally spoken languages like – English, Germany, 

French, Korean, etc. Also, interaction with the rest of the 

world would be much easier if these regional languages are 

developed thereby, helping in the advancement of Artificial 

Intelligent and creating a technology world. 
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III. MODELING OF FEATURE EXTRACTION SYSTEM 

The acoustic feature extraction uses Mel Frequency 

Spectrum Coefficients (MFCC) for the feature extraction of 

the Manipuri audio speech. Below are the steps listed for 

feature extraction [6,8,9,10]: 

A. Preprocessing 

Pre-processing is done to remove the extra entities present in 

the input audio. The pre-processing like filtering of the 

audio file for noise removal will help to remove the 

unwanted noise present in the voice sample. The filtering 

will give a better spectral analysis output when compared to 

the raw input audio file. 

 
Fig. 1: Plot of peridogram for an audio sample before and 

after filtering of noise.  

In Fig 1, the left hand side peridogram gives the 

plot of audio sample before applying the filtering algorithm, 

while the peridogram plot on the right hand side gives the 

plot of audio file after removing the noise.   

B. Spectral Analysis: 

The spectral analysis of the audio input signal is needed to 

analyze the audio file. The input audio file is comprised of 

many frequencies together forming a spectrum. These 

frequencies must be decomposed according to each sub-

band so that they can be identified as one feature vector 

which will help to characterize the audio speech sample. At 

the initial step, framing and windowing are performed to the 

audio signal for better processing of the signal. 

C. Mel-Filter Banks: 

The spectral signal of the audio voice is divided into 

triangular Mel filter banks frequencies. The input audio 

signal spectrum is decomposed based on the critical sub-

band frequencies as per the human ear perception standard. 

This is necessary to understand the frequency distribution in 

any audio file signal. The mel coefficients is calculated by 

the following equation which takes the logarithmic function 

of the sub-band frequencies. 

 (1.1)            M(f) = 1125 ln (1 +
f

700
)       (1.1)  

In Equation 1.1, M stands for the Mel coefficients 

of the frequency f, ln signifies the logarithmic operation 

performed. The Mel coefficients are taken for feature 

determination of the MFCC coefficients and its derivatives. 

There are total 26 feature vectors where 13 are standard 

feature vectors while the rest are the derivatives of the 13 

vectors. 

D. Cosine Transformation: 

The cosine transformation takes the Mel coefficients 

frequency and converts them into cosine data. This cosine 

data are the Cepstral coefficients used for the graphical 

analysis of the MFCC coefficients to check for their 

accuracy and efficiency. The inverse of the mel coefficients 

gives the Cepstral coefficients. 

(1.2)               M−1(m) = 700 (exp (
m

125
) − 1)      (2) 

In Equation 1.2, M inverse cosine transform of the 

Mel coefficients m obtained in the equation 1.1. The 

function ‘exp’ defines the exponential function defined over 

the mel coefficients m. 

 
Fig. 2: Workflow of the MFCC Feature extraction 

Fig 2 gives the workflow of the generating the 

MFCC coefficients from the input audio Manipuri speech 

sample. 

IV. OUTPUT RESULTS 

To test the system for feature extraction, audio sample is 

collected from Manipuri Speakers. The means for collecting 

the audio sample could be through: i. any recording 

instrument like microphone, ii. Through any smart phone or 

recording application or iii. Through any online recording 

applications.  

Around 10 sample of Manipuri voice recording is 

collected comprising of 5 females, 3 males, 1 male child and 

1 female child. Feature extraction algorithm is applied for 

these sample input signal and MFCC coefficients are found 

out. Below table1 gives the MFCC coefficients of 2 sample 

voice – first one: Manipuri speaking male 21 years old and 

the second: Manipuri speaking female 27 years old to 

demonstration between two audio samples. 

Manipuri_Male-21 Manipuri_Female-27 

-1.95E+02 -2.24E+02 

1.74E+01 5.29E-01 

8.09E+00 1.47E+00 

2.32E+00 -1.68E+00 

1.37E+00 -3.02E+00 

9.63E-01 2.04E-01 

5.28E-02 1.81E+00 

7.92E-01 -2.47E+00 

4.85E-01 -1.60E+00 

-6.71E-01 -1.49E+00 

6.95E-01 -1.36E+00 

-5.21E-01 -8.83E-01 

-7.16E-01 -1.58E+00 

Table 1: MFCC coefficients for two audio samples 

In Fig 3, the X-axis gives the 13 feature vectors of 

MFCC coefficients and the corresponding values are plotted 

against the Y axis for a audio sample of Manipuri Speaking 

Male 21 years old. 

In Fig 4, the X-axis gives the 13 feature vectors of 

MFCC coefficients and the corresponding values are plotted 

against the Y axis for an audio sample of Manipuri Speaking 

Female 27 years old. 
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Fig. 3: MFCC coefficients plot for a Manipuri Speaking 

Male 21 years old. 

 
Fig. 4: MFCC coefficients plot for a Manipuri Speaking 

Male 21 years old. 

From the above figures, Fig 3 and Fig 4, it can be 

observed that the MFCC coefficients of two audio samples 

differ from gender to gender and from age to age also. The 

difference in the values of the MFCC coefficients 

determines the difference in the acoustic features of each of 

the individual audio speech sample that bear fruitful for the 

project for speaker identification used in Intelligent system. 

V. CONCLUSION 

MFCC are the spectral analysis algorithm whereby it 

analyzes the Cepstral features of the audio signal. MFCC 

has one unique property where it could mimic the perception 

capabilities of the human ear and perform the spectrum 

analysis for better identification of the human voice. The 

above analysis of the two audio samples is demonstrated to 

show the distinction of two voice samples. Many factors 

could influence an audio sample of a person, like external 

noise, mimicking of voice by another person, landscape of 

the place or by the community. The paper gives the 

overview of how the feature extraction is done using MFCC 

algorithm of Manipuri language and draws up the 

differentiation between the two voices for speaker 

identification. The remaining factors which influence the 

voice of a person would be the future enhancement of this 

project.  
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