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This paper describes the development of noise free speech database in Marathi language. Speech data was collected from 
30 speakers from Marathwada Region of Maharashtra with the help of Laptop and unidirectional condenser Microphone. 
As a result, the acquired speech data captured large amount of noise. The noise from speech data was removed through 
filtering techniques like Pre-emphasis, Butterworth low pass, Butterworth high pass, Butterworth pass band and Butterworth 
stop band filtering techniques to get the actual signal. Band stop filtering technique is an efficient technique to remove the 
noise from speech signal. Templates of each spoken corpus of Marathi Language were constructed which helps to develop 
speaker independent system. 

Computer Science

Introduction
The Indian constitution identifies 22 languages, of which six 
languages (Hindi, Telugu, Tamil, Bengali, Marathi and Gujarati) 
are spoken by at least 50 million people within the bounda-
ries of the country. Marathi has the fourth largest number of 
native speakers in India. In the 2001 Indian census, 73 million 
(73,000,000) people reported Marathi to be their native lan-
guage[1] .  

The script used for writing Marathi is called Devanagari de-
rived from the Brahmi script of Ashoka. Devanagari was 
originally developed to write Sanskrit but was later adapt-
ed to write many other languages, including Marathi and 
Hindi. Devanagari has 65 consonants, 18 full vowel letters, 
17 vowels symbols and 2 symbols for nasal sounds. Marathi 
Language uses only 36 consonants Syllables, 13 vowels and 
2 symbols for nasal sounds. The main feature of the script is 
left-to-right and words are spelled phonetically [2, 3, and 4].

This paper is presenting the steps requires to create a noise 
free speech database or speech corpus for Marathi language  
Marathi Speech Database

2.1 Speech sampling
Speech signals, i.e., signals intended to carry only hu-
man speech can usually be sampled at a much lower rate. For 
most  phonemes, almost all of the energy is contained in the 
5Hz-4 kHz range, allowing a sampling rate of 8 KHz for tele-
phone system [6]. In Speech Recognition System, speech is re-
corded at 16 KHz sampling rate [5] to get accuracy in speech 
recognition using Praat software[6].  

Thirty speakers from three districts of Marathwada Region of 
Maharashtra i.e. Latur, Parbhani and Nanded of different age 
group, gender and socio linguistic background were selected 
for development of speech database of Marathi Language.

The Data acquisition process has been conducted at 16 kHz 
sampling frequency using Praat in the silent environment by 
using Laptop with unidirectional condenser Microphone.  

Marathi language has 49 characters, so, 1470 samples were 

collected for development Speech database of Marathi lan-
guage. While data acquisition process, there are many types 
and sources of noise or distortions are included in a speech 
signal.

Signal distortion is the term often used to describe systemat-
ic undesirable change in a signal and refers to changes in a 
signal from the non-ideal characteristics of the communication 
channel, signal fading reverberations, echo, and multipath re-
flections and missing samples [7]. 

3. Noise removal through filtering techniques
3.1 Pre emphasis filter
The high-frequency signal components are emphasized to 
produce a more equal modulation index for the transmitted 
frequency spectrum. In Pre-emphasis technique, speech signals 
are processed to increase the magnitude of higher frequen-
cies within frequency band with respect to the magnitude fre-
quencies in order to improve the overall signal-to-noise ratio 
by minimizing the adverse effects of such phenomena as at-
tenuation distortion or saturation of recording media [7,8,9]. 

The frequency response is decided by special time constants. 
The cutoff frequency can be calculated from the constant val-
ue 0.95.  Pre-emphasis Digital Filter is used to reduce differ-
ences in power of different components of the signal and it is 
defined as

y(n) = x(n) - a.x(n-1) 
where: x(n) = value of input signal at discrete time step n,

y(n) =value of output signal at discrete time step n

a =constant  = 0.95.

Pre-emphasis Algorithm 
Step 1: Input the spoken vowels and consonants of Marathi 
Language recorded at 16 khz  sampling frequency and store 
the signal in ‘x’

Step 2: Set the constant value as 0.95 to the variable ‘a’ to 
determine the cut off frequency
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Step 3: Set n =length(x)

Step 4: Set y(n) = x(n) - a.x(n-1)  where x(n) is original signal 
and y(n) filter signal

Step 5: Restore the filtered vowels and consonants into corre-
sponding wave file.

Step 6:  Determine the accuracy of filtered spoken vowels and 
consonants recognition 

3.2 Butterworth filter
The Butterworth filter is a kind of signal processing filter de-
signed to have as flat a frequency response as possible in the 
pass band. It is also mentioned to as a maximally flat magni-
tude filter. Butterworth filters are normal in character and of 
different orders, the lowest order showing the excellent in the 
time domain, and the higher orders showing better in the fre-
quency domain. The Butterworth filter has minimal phase shift 
over the filter’s band pass when evaluate to other convention-
al filters [8,9].

3.2.1 Low pass filter
Low pass filter is used to remove useless higher frequency in-
terference. Its function is to filter high-frequency component 
and increase the low-frequency component. Sometimes it is 
called high-cut filter. For different low-pass filter, there is dif-
ferent weakening of frequency in each signal. When using it 
in audio applications, sometimes it is called high-cut filter or 
treble cut filter [8]. 

3.2.2 High-pass filter
High-pass filter is a filter that removes useless low frequency 
interference. Its function is to filter low-frequency component 
and increase the high-frequency component. Sometimes it is 
called low-cut filter or bass-out filter. In addition, high-pass fil-
ter always appears with low-pass filter. No matter high-pass 
filter or low-pass filter, their function is sending the sound fre-
quencies to the appropriate unit[9].

3.2.3 Band-pass filter
A band-pass filter is used to pass frequencies within a certain 
range and rejects frequencies outside that range. An example 
of band-pass filter is resistance-inductance-capacitance circuit 
[8, 9].

3.2.4 Band stop filter
In signal processing, a band-stop filter or band-rejection filter 
is a filter that passes most frequencies unaltered, but atten-
uates those in a specific range to very low levels. It is the op-
posite of a band-pass filter. A notch filter is a band-stop filter 
with a narrow stopband.

Band stop filter is also called as ‘band limit filter’, ‘T-notch fil-
ter’, ‘band-elimination filter and ‘band-reject filter [7,8,9].

Butterworth filter Algorithm:
Step 1: Input the spoken vowels and consonants of Marathi 
Language recorded at 16 khz  sampling frequency and store 
the signal in ‘y’

Step 2: a. If Low pass filter is used the set cut off frequency as 
8000 Hz,  

b. If High pass filter is used then set cut off frequency as 2000 
Hz 

c. If band pass and band stop filter is used the set the band 
pass and stop band as  Frequency range as 1000hz and 
2000hz 

Step 3: Determine the appropriate filter order

Step 4: Determine the filter coefficient by assigning [b, a]=but-
ter( filterOrder, cutOffFreq /  (fs/2) 

,’type’) where type is low pass, high pass, band pass or Band 
stop

Step 5: Determine the frequency response and angular fre-
quency from filter coefficient vector b  and store the frequen-
cy response and angular frequency in the vector h and w re-
spectively

Step 6: Apply the filter y1=filter (b,a,y)

Step 7: Restore the filtered vowels and consonants into corre-
sponding wave file.

Step 8: Determine the accuracy of filtered spoken vowels and 
consonants recognition 

4. Results and conclusion
Filtering techniques are applied on Marathi Language data-
base which consists of Speech Corpora and results are ob-
tained as shown in the figure 1.
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The main objective of this study is to develop a noise free 
Marathi Language corpus database and to achieve this Mar-
athi language corpus was recorded at 16 khz sampling fre-
quency and noise removal techniques are applied to remove 
the noise from speech database. all types of noise removal 
techniques were implemented and accuracy of vowels and 
consonants recognitions are noted which is shown in the table 
1.1 (a and  b).

Table 1.1 (a) Comparison of average accuracy of recogni-
tion of vowels various filtering techniques.

% of recognition

 Vowels Original 
Signal

Pre-
emphasis

Low 
pass

High  
pass

Band 
pass

Band 
stop

v 93.25 94.75 94.25 94.45 95.20 98.15

vk 92.25 94.55 94.15 94.35 95.10 98.55

b 93.25 94.75 94.25 94.45 95.20 98.15

Ã 92.25 94.55 94.15 94.35 95.10 97.55

m 93.25 94.75 94.25 94.45 95.20 98.15

Å 92.25 94.55 94.15 94.35 95.10 98.55

, 93.25 94.75 94.25 94.45 95.20 98.15

,s 92.25 94.55 94.15 94.35 95.10 97.55

vks 93.25 94.75 94.25 94.45 95.20 98.15

vkS 92.25 94.55 94.15 94.35 95.10 98.55

va 92.25 94.75 94.25 94.45 95.20 98.15

v% 93.25 94.55 94.15 94.35 95.10 97.55

: 93.25 94.75 94.25 94.45 95.20 98.15

Table 1.1 (b) Comparison of average accuracy of recogni-
tion of Consonants various filtering techniques. 

% of recognition

Consonants Original 
Signal

Pre-
emphasis

Low 
pass

High  
pass

Band 
pass

Band 
stop

d 93.25 94.75 94.25 94.75 95.45 97.88
[k 92.25 94.55 94.15 94.75 95.45 97.88
x 93.25 94.75 94.25 94.75 95.45 97.88
/k 92.25 94.55 94.15 94.75 95.45 97.88
³ 93.25 94.75 94.25 94.75 95.45 97.88
Pk 92.25 94.55 94.15 94.75 95.45 97.88
N 93.25 94.75 94.25 94.75 95.45 97.88
> 92.25 94.55 94.15 94.75 95.45 97.88
¥ 93.25 94.75 94.25 94.75 95.45 97.88
V 92.25 94.55 94.15 94.75 95.45 97.88
B 92.25 94.75 94.25 94.75 95.45 97.88
M 93.25 94.55 94.15 94.75 95.45 97.88
< 93.25 94.75 94.25 94.75 95.45 97.88
.ka 92.25 94.75 94.25 94.75 95.45 97.88
r 93.25 94.55 94.15 94.75 95.45 97.88
Fk 93.25 94.75 94.25 94.75 95.45 97.88

n 93.25 94.75 94.25 94.75 95.45 97.88
Fk 92.25 94.55 94.15 94.75 95.45 97.88
u 92.25 94.55 94.15 94.75 95.45 97.88
p 93.25 94.75 94.25 94.75 95.45 97.88
i 92.25 94.55 94.15 94.75 95.45 97.88
Q 93.25 94.75 94.25 94.45 95.45 97.15
c 92.25 94.55 94.15 94.35 95.45 97.15
Hk 93.25 94.75 94.25 94.45 95.45 97.15
e 92.25 94.55 94.15 94.35 95.45 97.15
; 93.25 94.75 94.25 94.45 95.45 97.15
j 92.25 94.55 94.15 94.35 95.45 97.15
y 92.25 94.75 94.25 94.45 95.45 97.15
o 93.25 94.55 94.15 94.35 95.45 97.15
’k 93.25 94.75 94.25 94.45 95.45 97.15
“k 92.25 94.75 94.25 94.45 95.45 97.15
l 93.25 94.55 94.15 94.35 95.45 97.15
g 93.25 94.75 94.25 94.45 95.45 97.15
G 93.25 94.75 94.25 94.45 95.45 97.15
{k 93.25 94.75 94.25 94.45 95.45 97.15
K 93.25 94.75 94.25 94.45 95.45 97.15

The first conclusion of this research work is that band stop 
filtering technique is an efficient technique to remove noise 
from speech signal as compared to other noise removal tech-
niques and second conclusion is that when noise removal 
techniques are applied on the speech corpus of thirty different 
speakers, it is found that average accuracy of recognition of 
speech corpus was 98.55 %   which is helpful to develop an 
speaker independent system. 
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