
International Journal of Scientific & Engineering Research, Volume 6, Issue 8, August-2015                                                                                                         1174 
ISSN 2229-5518 

IJSER © 2015 
http://www.ijser.org 

To Investigate the Relation between Class 
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Abstract— Voice conversion, is the modification of the speech of one speaker (called source speaker) into the speech of another speaker 
(called target speaker).  The quality of the synthesised speech depends upon the precise estimation of the transformation function, which is 
very difficult as there are many features of speech which are difficult to extract automatically, such as meaning of the passage and intention 
of the speaker. Although a good estimate of the transformation function may be obtained from the dynamics of the spectral envelopes of 
source and target speakers , the misalignment of the patterns of phonemes in the passages of the source and target may hamper the 
precise estimation. The quality of the transformed speech depends upon various factors such as alignment of phonemes of source and 
target speaker, estimation of transition segments, estimation of transformation function, and resynthesis algorithm, the quality of the 
speech will be further deteriorated if the transition segments are not aligned properly. The most error prone process in voice conversion is 
the alignment of transition segments. It means exact alignment of the corresponding speech units in the source and target passages is 
necessary for the accurate estimation of the transformation function. Different methods have been used for alignment. These may be 
based on dynamic warping, cluster mapping, HMM, speech recognition, unit selection, and adaptation models.  

Index Terms— DTW, HMM, GMM, RBFN, ANN, VQ, MLM, LPC, MFCC 

——————————      —————————— 

1 INTRODUCTION                                                                     
The area of research dealing speech signals may be broadly 

divided into three sub fields: speech recognition, speech syn-
thesis, and speech processing. The hot area of speech pro-
cessing, i.e. voice conversion, is the modification of the speech 
of one speaker (called source speaker) into the speech of an-
other speaker (called target speaker) [1]-[4]. Voice conversion 
is used in many applications namely dubbing, to enhance the 
quality of the speech, text-to-speech synthesizers, online 
games, multimedia, music, cross-language speaker conver-
sion, restoration of old audio tapes, cellular applications, low 
bit-rate speech coding, etc. Voice conversion is carried out us-
ing a speech analysis-synthesis system, in which the parame-
ters of the source speech are modified by a transformation 
function and resynthesis is carried out using the modified pa-
rameters. The transformation function is obtained by analyz-
ing the aligned source and target speakers’ utterances. Various 
techniques are used for voice conversion such as codebook 
based transformation [2], [3], dynamic frequency warping 
technique [5]-[7], speaker interpolation [8], artificial neural 
networks (ANN) [9], Gaussian mixture models (GMM) [10]-
[12], hidden Markov model (HMM) [13], and vector quantiza-
tion (VQ) [14]. 

 There are two main stages in voice conversion: train-
ing and transformation. The training stage may further be di-
vided into three steps: acoustic modeling, segmentation and 
alignment, and acoustic mapping. In the acoustic modeling 
stage, speaker-specific parameters are extracted from the 
speech waveform. These parameters describe the short-term 
and long-term characteristics of the source and target voices. 
Vocal tract, glottal source (pitch, spectral tilt, open / closed 
quotient), duration, and energy characteristics convey im-
portant speaker-specific information [15]-[19]. Linear predic-
tion coefficients (LPC) [20], line spectral frequencies (LSF) [21], 
mel-frequency cepstral coefficients (MFCC) [22], formant fre-

quencies and bandwidths [23], and sinusoidal transform cod-
ing (STC) parameters [24] may be used for modeling the vocal 
tract characteristics. There has been considerable amount of 
work on the analysis, modeling and modification of glottal 
source characteristics in voice quality research [25]-[27]. Pitch 
is one of the most important speaker-specific dimensions 
among the glottal source characteristics. It may be estimated 
using the autocorrelation function, average magnitude differ-
ence function, Fourier transform, and harmonic analysis [28]. 
Dynamic programming is a commonly employed method to 
avoid discontinuities and hence improve the robustness of the 
pitch detection algorithm [29]. 

 The second step, alignment, is necessary to determine 
corresponding units in the source and target voices. This is 
due to the fact that the durations of sound units (i.e. phonemes 
or sub-phonemes) may be quite different among speakers. It is 
preferable to employ automatic alignment techniques like dy-
namic time warping (DTW) [30] and HMM [31] because man-
ual alignment is time consuming. 

 The final training step is the estimation of the acoustic 
mapping function between the source and the target speaker’s 
acoustic spaces using machine learning techniques like vector 
clustering/quantization [14], codebook mapping [32], 
weighted codebook mapping [3], [33], GMM[11], radial basis 
function networks (RBFN) [34], ANN [9], and self-organizing 
maps (SOM) [35]. The main distinction between the earlier 
methods [14], [32] and more recent methods [3], [11], [33] is 
that smoothing among the mapping units is performed to re-
duce distortion at frame boundaries. Another difference of 
more recent methods is the employment of text and language 
independent automatic techniques for alignment such as sen-
tence-HMM and DTW. 

 The transformation stage employs acoustic analysis 
techniques similar to the acoustic modeling step in training. 
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Once the parameters of the input waveform are estimated, 
speaker transformation rules are imposed to obtain the corre-
sponding target parameters. Necessary modifications are per-
formed on the input waveform to match the target speaker 
characteristics. The modifications include transformation of 
the vocal tract, glottal source, duration, and energy character-
istics. The vocal tract characteristics can be transformed using 
formant modification [36], interpolation of the line spectral 
frequencies [3], and sinusoidal modeling techniques [37]. 
The objective of this paper is to investigate the relation be-

tween class dependent transformation function coefficients. 

Investigation was carried out to study the similarity of the 

transformation functions for different phonemes. 

2 Methodology 
The quality of the transformed speech depends on the accura-
cy of transformation function. To obtain the accurate trans-
formation function the speech signals of source and target 
speakers must be aligned properly. Fig. 1 shows the block dia-
gram of the methodology used. Methodoloy is divided into 
following three phases: 

 
2.1 Speech material 
Speech data is required for both training and testing. Speech 
material was recorded from eight speakers (4 male and 4 fe-
male, ages: 20-23years). The male speakers are referred to as 
M1, M2, M3, and M4 and the females F1, F2, F3, and F4. The 
speakers in our experiment were university students of the 
same age group and had Hindi as their first language. It is 
desirable that the speakers belong to same group in terms of 
language to avoid accent related bias. The material was rec-
orded in an acoustically treated room with 16 kHz sampling 
and 16-bit quantization rate. The recorded material was man-
ually segmented into sentences, and 50 sentences which were 
considered to be correctly articulated by all the speakers were 
selected for use as the speech utterances for voice conversion 
experiments. 
 
 

 
 

Fig. 1 Block diagram of the Methodology 

 

2.2 Estimation of transformation function using DTW 
 
The utterances were converted to mel frequency cepstral coef-
ficients (MFCC) based feature vectors. The feature vectors 
were aligned using DTW.  Each parameter for generating the 
target speech is modelled as a multivariate polynomial func 
tion of all the parameters of the source speech, and the sets of 
these polynomial functions is obtained by analyzing a set of 
time aligned source and target frames. MLM based transfor-
mation functions were estimated. 

. 

2.3 Estimation of class dependent function error 
To investigate the similarity of the transformation functions 
for different phonemes, they are divided into 8 classes usin 
VQ and then class dependent function errors are estimated. 

3 RESULTS 
To investigate the similarity of the transformation functions 
for different phonemes, they are divided into 8 classes. Inves-
tigation was carried out with four speaker pairs (F1-F2, F3-M3, 
M4-F4, and M1-M2). 
Table 1 (a) show the component functions (F1-F10) of the 
mapping for male to male (M1-M2) transformation. The first 
component function (F1) has been derived from the given 
training data using the MFCC coefficient of the source speaker 
and only first MFCC coefficient of the target speaker.  

For function F1, the values of the function coefficients rep-
resenting the function                           

1 0,1 1,1 1 2,1 2 ,1 ,....... n pF c c x c x c x= + + + +
  comes out to be 

same for the phonemes 
i. क and च 

ii. ट, ड, फ, स, श, and ष 

iii. ऊ, औ, घ, ण, छ, ठ, ढ, ध, न, म, र, ल, व, and ह 

iv. अ, आ, इ, ई, ओ, ए, ऐ, ख, त, थ, द, ब, भ, य, and � 

Phonemes ज, ग, प and झ do not show any similarity w.r.t. to 
function coefficients with any other phonemes. 

For function F2, the values of the function coefficients rep-
resenting the function                           

2 0,2 1,2 1 2,2 2 ,2 ,....... n pF c c x c x c x= + + + +
 comes out to be 

same for the phonemes 
i. झ and ठ 

ii. उ, द, and ल 

iii. ड, प, भ, and म 

iv. ई, ओ, च, ज, and य 

v. क and ग 

vi. इ, ए, छ, थ, ब, श, and ष 

vii. अ, आ, ऊ, ऐ, ओ, ण, and न 

viii. घ, ट, ढ, त, ध, फ, र, स, and � • , PH-91-9419201579. E-mail: radhikakhannaguptae@yahoo.in 
• Co-Author PH- 91-941912000267, E-mail: parveenlehana@gmail.com 
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For function F3, the values of the function coefficients rep-
resenting the function                           

( 3 0,3 1,3 1 2,3 2 ,3 ,....... n pF c c x c x c x= + + + +
 ) comes out to be 

same for the phonemes 
i. क and ग 

ii. इ, ई, ओ, औ, ण, च, ध, ज, र, and ह 

iii. अ, आ, उ, ए, घ, ज, र, and ह 

iv. ट, द, andप 

v. झ, त, फ, and भ 

vi. उ, ऐ, ख, छ, ढ, थ, ब, य, व, स, and ष 

Phonemes ड and ठ do not show any similarity w.r.t. to func-
tion coefficients with any other phonemes. 

For function F4, the values of the function coefficients rep-
resenting the function                           

( 4 0,4 1,4 1 2,4 2 ,4 ,....... n pF c c x c x c x= + + + +
) comes out to be 

same for the phonemes 
i. उ and क 

ii. आ, ऊ, ए, ज, and ष 

iii. झ and ठ 

iv. प,फ,भ,श, andह 

v. अ, ई, ऐ,औ, ख, छ, ट, ढ, त, थ, न, ब, र, ल, व, and � 

vi. इ, ओ, घ, ण, च, द, ध, म, य, and स 

Phonemes ड and ग do not show any similarity w.r.t. to func-
tion coefficients with any other phonemes. 

For function F5, the values of the function coefficients rep-
resenting the function                           

( 5 0,5 1,5 1 2,5 2 ,5 ,....... n pF c c x c x c x= + + + +
) comes out to be 

same for the phonemes 
i. अ, उ, ओ, झ, and ट 

ii. आ, घ, ठ, and ध 

iii. इ, ऊ, औ, छ, ज, थ, प, भ, म, व, and ह 

iv. ए, च, द, ब, य, र, श,and ष 

v. ई, ऐ, ख, ण, ढ, त, न, फ, ल, स,and � 

Phonemes क, ड, and ग do not show any similarity w.r.t. to 
function coefficients with any other phonemes 

For function F6, the values of the function coefficients rep-
resenting the function                           

( 6 0,6 1,6 1 2,6 2 ,6 ,....... n pF c c x c x c x= + + + +
) comes out to be 

same for the phonemes 
i. घ, ज, द, प, म, and श 

ii. आ, इ, ई, उ, ए, ऐ, औ, ख, ट, ढ, थ, ध, न, फ, ब, भ, य, र, 

ल, स, and � 

iii. अ, ऊ, ओ, ण, च, छ, त, व, ष, and ह 

Phonemes क, ग, ड, झ, and ठ do not show any similarity w.r.t. 
to function coefficients with    any other phonemes. 

For function F7, the values of the function coefficients rep-
resenting the function                           

( 7 0,7 1,7 1 2,7 2 ,7 ,....... n pF c c x c x c x= + + + +
) comes out to be 

same for the phonemes 
i. ठ and ड 

ii. आ, ए, त, र, ष, and ह 

iii. क, ट, फ, and म 

iv. उ  and ज 

v. ई, ऐ, ओ, ख, घ, थ, द, य, and व 

vi. इ, ऊ, औ, ण, च, छ, ढ, ध, न, प, ब, भ, व, स, श, and � 

Phonemes झ and ग do not show any similarity w.r.t. to func-
tion coefficients with any other phonemes. 

For function F8, the values of the function coefficients rep-
resenting the function                           

( 8 0,8 1,8 1 2,8 2 ,8 ,....... n pF c c x c x c x= + + + +
) comes out to be 

same for the phonemes 
i. उ and क 

ii. ठ, द, ध, फ, ल, and स 

iii. ओ, औ, ग, ण, ट, ब, and र 

iv. झ, म, ह, and न 

v. आ, इ, ख, छ, न, and प 

vi. ढ and श 

vii. अ, ई, ऊ, ए, ऐ, घ, च, ज, त, थ, भ, य, व, and � 

Phoneme ड do not show any similarity w.r.t. to function coef-
ficients with any other phonemes. 

For function F9, the values of the function coefficients rep-
resenting the function                           

9 0,9 1,9 1 2,9 2 ,9 ,....... n pF c c x c x c x= + + + +
 comes out to be 

same for the phonemes 
i. ट and श 

ii. आ, ऊ, ऐ, औ, ज, ण, त, थ, द, ध, न, ब, ष,and � 

iii. अ, उ, झ, and फ 

iv. इ, ई, ओ, च, प, म, and ह 

v. ग and ड 

vi. ए, ख, छ, ठ, ढ, भ, य, र, ल, व, and स 

 Phoneme घ and क do not show any similarity w.r.t. to func-
tion coefficients with any other phonemes. 

For function F10, the values of the function coefficients 
representing the function                           

( 10 0,10 1,10 1 2,10 2 ,10 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
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i. आ and ठ 

ii. अ, ऊ, ऐ,औ, छ, ढ, ण, त, थ, न, फ, भ, य, ल, व, स, ष, 

and � 

iii. घ, ट, and ड 

iv. ए, ज, and प 

v. ई, उ, ओ, च, ध, ब, म, and र 

vi. इ, ख, झ, द, श, and ह 

Phoneme क and ग do not show any similarity w.r.t. to func-
tion coefficients with any other phonemes. 
 Table 5.6 shows the component functions (F11-F20) of the 
mapping for male to male (M1-M2) transformation. For func-
tion F11, the values of the function coefficients representing 

the function  11 0,11 1,11 1 2,11 2 ,11 ,( ....... )n pF c c x c x c x= + + + +
 

comes out to be same for the phonemes 
i. इ, ई, क, ज, त, and श 

ii. झ and ह 

iii. अ, आ, च, ठ, and म 

iv. उ, ऊ, ए, ऐ, ओ, ढ, प, and र 

v. ख, ट, द, ब, भ, and ल 

vi. औ, छ, ण, थ, ध, न, फ, य, व, स, and � 

Phoneme डand ग do not show any similarity w.r.t. to function 
coefficients with any other phonemes.  

For function F12, the values of the function coefficients 
representing the function                           

( 12 0,12 1,12 1 2,12 2 ,12 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
i. क and ह 

ii. उ, ग, and श 

iii. ख, घ, झ, ठ, ड, and ल 

iv. आ, ई, ओ, च, छ, ण, त, and न 

v. प, म, and र 

vi. अ, इ, थ, द, फ, and स 

vii. ऊ, ए, ऐ, ज, ट, ढ, ध, ब, य, व ,ष, and � 

 Phoneme ओ do not show any similarity w.r.t function coeffi-
cients with any other phonemes. 

For function F13, the values of the function coefficients 
representing the function                           

( 13 0,13 1,13 1 2,13 2 ,13 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
i. उ, द, and फ 

ii. इ, झ, ठ, प,and म 

iii. आ, ट, थ, ब, य, स,and श 

iv. क and ड 

v. ई, ए, ज, and र 

vi. ओ, ख, घ, च, and ह 

vii. अ, ऊ, ऐ, औ, छ, ढ, ण, त, ध, न, भ, ल, व, and ष 

Phoneme ग do not show any similarity w.r.t. to function coef-
ficients with any other phonemes. 

For function F14, the values of the function coefficients 
representing the function                           

( 14 0,14 1,14 1 2,14 2 ,14 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
i. अ, घ, and झ 

ii. ख, छ, ण, न, भ, and र 

iii. क, ड, and ह 

iv. इ, उ, च, ट, त, ध, श, and ष 

v. ठ and प 

vi. आ, ई, ऊ, ए, ऐ, ओ, औ, ढ, थ, द, ब, म, य, ल ,व, स, and 

� 

Phonemes ज and ग do not show any similarity w.r.t. to func-
tion coefficients with any other phonemes 
 

For function F15, the values of the function coefficients 
representing the function                           

( 15 0,15 1,15 1 2,15 2 ,15 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
i. ट and श 

ii. झ and ड 

iii. उ, ओ, घ, त, द, ब,and  ल 

iv. इ, ई, ऐ, ख, ढ, ण, थ, फ, र,and स 

v. अ, च, ज, and म 

vi. ग and ठ 

vii. आ, ऊ, ए, ओ, छ, ध, न, प, भ, य, व, ष, and � 

Phoneme क do not show any similarity w.r.t. to function coef-
ficients with any other phonemes 
 For function F16, the values of the function coefficients 
representing the function 

16 0,16 1,16 1 2,16 2 ,16 ,( ....... )n pF c c x c x c x= + + + +
  comes out to 

be same for the phonemes 
i. इ, ट, ठ, and ह 

ii. झ and ड 

iii. अ, उ, ऊ, ए, क, ख, ढ, भ, र, ल, स, and ष 

iv. ज, ण, द, ध, प, ब, म,and व 

v. ओ and श 

vi. आ, ई, ए, औ, च, छ, त, थ, न, फ, य, and � 

Phonemes ग and घ do not show any similarity w.r.t. to func-
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tion coefficients with any other phonemes. 
For function F17, the values of the function coefficients 

representing the function                           

( 18 0,18 1,18 1 2,18 2 ,18 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
i. उ, घ, फ, र, ष, and ह 

ii. च and ज 

iii. अ, आ, ई, ऐ, ओ, औ, छ, त, द, ध, भ, म, व, स, and � 

iv. झ and श 

v. इ, ऊ, ए, ख, ट, ठ, ड, ढ, ण, थ,  न, ब, य, and ल 

Phonemes क, ग, and प do not show any similarity w.r.t. to 
function coefficients with any other phonemes. 

For function F18, the values of the function coefficients 
representing the function                           

( 18 0,18 1,18 1 2,18 2 ,18 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
i. घ and ड 

ii. च and ज 

iii. क, ठ, and श 

iv. ऐ, ओ, औ, ख, झ, प, ब, र, स, and ष 

v. अ, आ, इ, ई, उ, ऊ, ए, छ, ढ, ण, त, थ, द, ध, न, फ, भ, म, 

य, ल, व, and � 

Phonemes ग, ह, and ट do not show any similarity w.r.t. func-
tion coefficients with any other phonemes 

For function F19, the values of the function coefficients 
representing the function                           

( 19 0,19 1,19 1 2,19 2 ,19 ,....... n pF c c x c x c x= + + + +
) comes out to 

be same for the phonemes 
i. उ, ख, ट, ठ, and स 

ii. घ and झ 

iii. अ, इ, ई, ए, ओ, औ, ण, च, छ, ढ, त, थ, ध, न, ब, भ, र, 

ल, and � 

iv. प, फ, श, and ष 

v. अ, ग, and ज 

vi. आ, ऊ, ऐ, द, म, य, व, and ह 

Phonemes क and ड do not show any similarity w.r.t. to func-
tion coefficients with any other phonemes. 

For function F20, the values of the function coefficients 
representing the function 

( 20 0,20 1,20 1 2,20 2 ,20 ,....... n pF c c x c x c x= + + + +
) comes 

out to be same for the phonemes 
i. उ and घ 

ii. ठ, श, and ह 

iii. आ, इ, ई, ऊ, ए, ऐ, ओ, औ, ख, ट, थ, द, ध, न, ब, भ, र, व, 

स, and � 

iv. घ, ज, and ष 

v. झ and ड 

vi. अ, ण, छ, ढ, त, प, फ, म, य, and ल 

Phonemes क and ग do not show any similarity w.r.t. function 
coefficients with any other phonemes. 
 From the above analysis, it is clear that the20 component 
functions of the transformation functions for different pho-
nemes may be grouped into eight classes. Further, very few 
phonemes come in C1, C2, C3, C5, and C7 group and maxi-
mum phonemes comes in C6 and C8 group. 
As demonstrated in this document, the numbering for sections 
upper case Arabic numerals, then upper case Arabic numerals, 
separated by periods. Initial paragraphs after the section title 
are not indented. Only the initial, introductory paragraph has 
a drop cap. 

4 Conclusion 
Investigation was carried out to study the similarity of the 
transformation functions for different phonemes. All the pho-
nemes are divided into 8 classes’ and class dependent function 
errors were estimated. Investigation was carried out with four 
speaker pairs. In case of male to male transformation (M1-M2), 
maximum phonemes come in C6 and C8 group. For male to 
female transformation (M4-F4) maximum phonemes come in 
C4, C6, C7, and C8 group.In case of female to male transfor-
mation (F3-M3), maximum phonemes come in C4, C6, C7, and 
C8 group and for female to female transformation (F1-F2) 
maximum phonemes come in C4, C6, C7, and C8 group. In-
vestigations of the results show that the group can be further 
reduced to four classes. 
   
Investigations of the results show that the group can be fur-
ther reduced to four classes  
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Table 1(a)  component functions(F1-F10) of the mapping for M1-M2 transformation 
 

 
Function 
 

Class 
 
 

C1 C2 C3 C4 C5 C6 C7 C8 
 

F1  

क, च  ज  ग  उ, ट, ड, फ, स 
श, ष   

प  ऊ, औ, घ, ण, 
छ, ठ, ढ, ध, न 
म, र, ल, व, ह  

झ  अ, आ, इ, ई, 
ओ, ए, ऐ, ख, 
त, थ, द, ब, भ, 
य, �  

 
F2  

झ, ठ  उ, द, ल  ड, प, भ, म, व  ई, ओ, च, ज, य  क ग  इ, ए, छ, थ, ब, 
श, ष, ह  

अ, आ, ऊ, ऐ, 
ओ, ण, न  

ख, घ, ट, ढ, त, 
ध, फ, र, स, �  

 
F3  

क, ग  इ, ई, ओ, औ, 
ण, च ध ज र ह  

ड  अ, आ, उ, ए, 
घ, ज, र, ह  

ठ  ट, द, प  झ, त, फ, भ  उ, ऐ, ख, छ, ढ, 
थ, ब, य, व, स, 
ष  

 
 
F4  

ग  उ, क  आ, ऊ, ए, ज, ष  ड  झ ठ  प, फ, भ, श, ह  अ, ई, ऐ, औ, 
ख, छ, ट, ढ, त, 
थ, न, ब, र, ल, 
व, �  

इ, ओ, घ, ण, 
च, द, ध, म, य, 
स  

 
F5  

ग  अ, उ, ओ, झ, ट  ड  आ, घ, ठ, ध  क  इ, ऊ, औ, छ, 
ज, थ, प, भ, म, 
व, ह  

ए, च, द, ब, य, 
र, श, ष   

ई, ऐ, ख,ण, ढ, 
त, न, फ, ल, स, 
�  

 
 
 
F6  

ग  क  घ, ज, द, प, म, 
श  

आ, इ, ई, उ, ए, 
ऐ, औ, ख, ट, 
ढ, थ, ध, न, फ, 
ब, भ, य, र, ल, 
स, �  

ठ  झ  अ, ऊ, ओ, ण, 
च, छ, त, व, ष, 
ह  

ड  

 
 
F7  

ठ, ड  झ  ग  अ, आ, ए, त, र, 
ष, ह  

क, ट, फ, म  उ, ज  ई, ऐ, ओ, ख, 
घ, थ, द, य, व  

इ, ऊ, औ, ण च, 
छ, ढ, ध, न, प, 
ब, भ, व, स ,श, 
�,  

 
F8  

उ, क  ठ, द, ध, फ, ल, 
स  

ड  ओ, औ, ग, ण, 
ट, ब, र  

झ, म, ह, न  आ, इ, ख, छ, 
न, प  

ढ, श  अ, ई, ऊ,ए, ऐ, 
घ, च, ज, त, थ 
भ, य, व, �  

 
 
F9  

घ  ट, श  क  आ, ऊ, ऐ, औ, 
ज, ण, त, थ, 
द, ध, न, ब, ष, 
�  

अ, उ, झ, फ  इ, ई, ओ, च, 
प, म, ह  

ग, ड  ए, ख, छ, ठ, ढ 
भ, य, र, ल, व 
स  

 
 
F10  

ग  आ, ठ  अ, ऊ, ऐ, औ, 
छ, ढ, ण, त, थ, 
न, फ, भ, य, ल, 
व, स, ष, �  

क  घ, ट, ड  ए, ज, प  ई, उ, ओ, च, 
ध, ब, म, र  

इ, ख, झ, द, 
श, ह  
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Table 1(b)  component functions(F11-F20) of the mapping for M1-M2 transformation 
 

 
Function 
 

Class 
 
 

C1 C2 C3 C4 C5 C6 C7 C8 
 

 
F11  

ग  इ, ई, क, ज, त 
श  

घ, झ, ह  अ, आ, च, ठ, 
म  

ड  उ, ऊ, ए, ऐ, ओ, 
ढ, प, र  

ख, ट, द, ब, भ, 
ल, औ, छ  

औ, छ, ण, थ, 
ध, न, फ, य, व, 
स, �  

 
F12  

क, ह  उ, ग, श  ख, घ, झ, ठ, ड, 
ल  

आ, ई, ओ, च, 
छ, ण, त, न  

ओ  प, म, र  अ, इ, थ, द, ,फ 
स  

ऊ, ए, ऐ, ज, ट, 
ढ, ध, ब, य, व, 
ष, �  

 
F13  

ग  उ, द, फ  इ, झ, ठ, प, म  आ, ट, थ, ब, 
य, स, श  

क, ड  ई, ए, ज, र  ओ, ख, घ, च, ह  अ, ऊ, ऐ, औ, 
छ, ढ, ण, त, ध, 
न, भ, ल, व, ष  

 
 
F14  

ज  ग  अ, घ, झ  ख, छ, ण, न, 
भ, र  

क, ड, ह  इ, उ, च, ट, त, 
ध, श, ष  

ठ, प  आ, ई, ऊ, ए, ऐ, 
ओ, औ, ढ, थ, 
द, ब, म, य, ल, 
व, स, �  

 
F15  

ट, श  झ, ड  क  उ, ओ, घ, त, द, 
ब, ल  

इ, ई, ऐ, ख, ढ 
ण, थ, फ, र, स  

अ, च, ज, म  ग, ठ  आ, ऊ, ए, ओ, 
छ, ध, न, प, भ, 
य, व, ष, �  

 
F16  

ग  इ, ट, ठ, ह  झ, ड  अ, उ, ऊ, ए, क, 
ख, ढ, भ, र, ल, 
स, ष  

घ  ज, ण, द, ध, प, 
ब, म, व  

ओ, श  आ, ई, ए, औ, 
च, छ, त, थ, न, 
फ, य, �  

 
 
F17  

ग  उ, घ, फ, र, ष, 
ह  

प  क  च, ज  अ, आ, ई, ऐ, 
ओ, औ, छ, त, 
द ,ध, भ, म, व 
स, �  

झ, श  इ, ऊ, ए, ख, ट, 
ठ, ड, ढ, ण,  थ, 
न ,ब, य, ल  

 
 
 
F18  

ग  घ, ड  च, ज  क, ठ, श  ह  ऐ, ओ, औ, ख, 
झ, प, ब, र, स, 
ष  

ट  अ, आ, इ, ई, उ, 
ऊ, ए, छ, ढ, ण, 
त, थ, द, ध, न, 
फ, भ, म, य, 
ल, व,�  

 
 
F19  

उ, ख, ट, ठ, स  ड  क  घ, झ  अ, इ, ई, ए, ओ, 
औ, ण, च, छ, 
ढ, त, थ, ध, न, 
ब, भ, र, ल, �  

प, फ, श, ष  ग, ज  आ, ऊ, ऐ, द, 
म, य, व, ह  

 
 
 
F20  

उ, घ  क  ग  ठ, श, ह  आ, इ, ई, ऊ, ए, 
ऐ, ओ, औ, ख, 
ट, थ, द, ध, न, 
ब, भ, र, व, स, 
�  

घ, ज, ष  झ, ड  अ, ण, छ, ढ, 
त, प, फ, म, य 
ल  
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