The International Conference on Speech and Language
Technology (ICSLT 2004) is an international
conference being organized by C-DAC, Noida (India)
during November 17-19, 2004. The purpose of
ICSLT 2004 is to promote research on Speech and
Language Technology by bringing together researchers,
practitioners, and language and speech experts at one
platform and exchange their ideas and results of their
work and expertise developed. The key focus areas of
the conference are Speech Synthesis and Recognition
technologies, Machine Aided Translation, Multilingual
Corpora and Content Creation, Optical Character
Recognition and Digital Library.
The importance of collaboration, which transcends
national boundaries, is increasingly recognized. This
is both because of the practical and scientific value
attached to systematic work, which encompasses a
range of languages and analytic approaches, and because
of the practical need to establish common methods
of performance description and quantitative
comparison.
Oriental COCOSDA is an international workshop
held annually by the Oriental chapter of The
International Committee for the Co-ordination and
Standardization of Speech Databases and Assessment
Techniques for Speech Input/Output. The first
preparatory meeting was held in Hong Kong and then
the past six workshops were held in Japan, Taiwan,
China Mainland, Korea, Thailand and Singapore. The
seventh workshop is planned to be held in India.

Mission Statement of COCOSDA

Language Technology’. ORIENTAL COCOSDA
2004 will provide opportunities for presentations and
group discussions with researchers in the areas of focal
interest from different countries. Better participation
is expected from Indian sub-continental countries
thereby providing a forum of discussion on various
languages spoken in the region. India, the host of this
conference, is a multi-lingual country, several
languages and various dialects of these languages are
used in different parts of the country. Multilingualism
need not be textual only, but will take on spoken form,
when information services are to reach across different
language groups. Information access by speech will
need to handle multiple languages to service customers
from different language groups from different regions
within a country or travelers from abroad. According
to experts, Speech recognition and Speech synthesis
technology can be very useful in the Indian context as
it provides an easy interface for interacting with
computers. Using such a convenient means of
rendering information to or from the machine would
mean that the end-user need not be computer literate
and still can use the power of the IT industry.
The current requirement is to work on development
of Speech Corpora for various Indian languages,
development of Speech Recognition and Speech
Synthesis systems. The goal is to cover more Indian
languages and then to build a multilingual speech
recognizer and synthesizer for the Indian languages
based on a multilingual phone set.

COCOSDA supports the development of spoken
language resources and speech technology evaluation.
For the former, COCOSDA promotes the
development of distinctive types of spoken language
data corpora for the purpose of building and/or
evaluating current or future spoken language
technology. For the latter COCOSDA offers
coordination of projects and research efforts to
improve their efficiency.

There is an international trend towards speechenabling the technological products and this can see
the light of the day in Indian language context, when
the research outcomes of speech technology are
applied. Conducting Oriental COCOSDA workshop
in India will help in boosting the research and
development in the field of Speech Technology and
will help in enthusing the interest towards Speech
Technology.

Oriental COCOSDA 2004 has been planned to be
held in India during 17-19 November 2004 along
with an ‘International Conference on Speech and

The abstracts of the various papers, which will be
presented in the conference are presented here for
reference.
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4.0 ICSLT 2004, Oriental COCOSDA 2004: Abstracts of Papers
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ATR Spoken Language Translation Research
Labs., 2Shinshu University , 3Nagoya University,
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University of Tokushima, 5Toyohashi University
of Technology, 6 University of Tsukuba,
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Wakayama University, 8Ryukoku University,
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Advanced Institute of Science and Technology

A. COCOSDA
●

Korean Affect Voice Database from Actors
Cheolwoo Jo, Yongju Lee, Bongwan Kim
SASPL, School of Mechatronics, Changwon
National University, Korea SiTEC, Wonkwang
University, Korea
cwjo@sarim.changwon.ac.kr
yjlee@wonkwang.ac.kr

slp-noise-wg@slt.atr.co.jp
Speech recognition systems must still be
improved when they are exposed to noisy
environments. For this improvement,
developments of the standard evaluation corpus
and assessment technologies are essential.
Recently the AURORA-2,3 corpus and their
evaluation scenarios have had significant impacts
on noisy speech recognition research. This paper
introduces a Japanese noisy speech corpus and
its evaluation scripts, called AURORA- 2J. The
AURORA-2J is a Japanese connected digits
corpus. The data collection and evaluation
scenarios are designed in the same way as
AURORA-2 with the help of ETSI AURORA
group. This paper describes the data collection,
baseline scripts, and its baseline performance.

This paper describes the procedures and characteristics
of Korean affective voice database which is collected
from actors. 6 different kinds of emotions are
considered for 10 sentences. 6 actors spoke each
sentence with 6 emotions. The collected database is
evaluated by 20 judges using subjective opinion test.
Overall coincidence rate is over 80% on the average.
●

Overview of the Asian Activities on Speech
Corpora and Standardization
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Shuichi ITAHASHI
Graduate School of Systems and Information
Engineering,
University of Tsukuba
Tennodai, Tsukuba, 305-8573, Japan
itahashi@is.tsukuba.ac.jp
A speech corpus is a systematic collection of
speech data to be used for speech research. This
paper first mentions the necessity and importance
of speech corpora for promoting speech research.
Then, it touches on the process of creating speech
corpora. After that, it describes the organizations
for the creation and utilization of speech corpora
and standardization of speech I/O systems
assessment, especially the Asian activities in this
domain. Finally, it mentions the prospects for
the future of speech corpora creation and
utilization.
●

Aurora-2J: Japanese Speech Data Collection
for performance evaluation of speech
recognition in noise.
Satoshi Nakamura1, Kazumasa Yamamoto 2,
Kazuya Takeda3, Shingo Kuroiwa4,
Norihide Kitaoka5, Takeshi Yamada6, Mitsunori
Mizumachi1, Takanobu Nishiura7,
Masakiyo Fujimoto8, Akira Saso9, Toshiki Endo1
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●

CIAIR Simultaneous Interpretation Corpus
Hitomi Toyama, Koichiro Ryu
Graduate School of Information
Science, Nagoya University
Furo-cho, Chikusa-ku, Nagoya-shi,
464-8601, Japan
hitomi @el.itc.nagoya-u.ac.jp
Shigeki Matsubara, Nobuo Kawaguchi
Information Technology Center,
Nagoya University,
Furo-cho, Chikusa-ku, Nagoya-shi,
464-8601, Japan
Yasuyoshi Inagaki
Faculty of Information Science and
Technology,
Aichi Prefectural
University,
Nagakute-cho, Aichi-gun, Aichi-ken ÿ
480-1198, Japan
This paper describes the design, analysis and
utilization of a simultaneous interpretation

●

●

Kalika Bali, Satinder Pal Singh, RNV Sitaram,
N Sridhar Krishna, Partha Pratim Talukdar
Hewlett-Packard Labs India 24 Salarpuria Arena,
Bangalore, India
{kalika, satinder, sitaram, nsridhar} @hp.com,
partha@cis.upenn.edu
Sandeep Manocha
Birla Institute of Technology & Science Pilani,
Rajasthan, India
sandeep.manocha@rediffmail.com

Design and Evaluation of Layered Intention
Tag for In-Car Speech Corpus

Speech databases play an important part in the
development of speech technologies like Text to
Speech (TTS) and Automatic Speech
Recognition (ASR). The effort involved in
creating these databases is both time and resource
expensive. This paper describe tools and
methodology for creating speech databases for
Indian Language ASR and TTS. The
methodology takes into account the nearly
phonetic nature of Indian scripts to develop an
easily customizable Grapheme to Phoneme
Converter that transliterates text into its phonetic
equivalent. An Optimal Text Selection algorithm
is implemented to select appropriate text for
recording. To speed the annotation process an
Automatic Segmentation method is also
described. To minimize effort further techniques
and best practices are outlined that help in the
creation of high quality speech databases.

Yuki Irie
Graduate School of Information Science,
Nagoya University
Furo-cho, Chikusa-ku,
Nagoya-shi, 464-8601, Japan
irie@el.itc.nagoya-u.ac.jp
Shigeki Matsubara, Nobuo Kawaguchi
Yukiko Yamaguchi
Information TechnologyCenter,
Nagoya University
Furo-cho, Chikusa-ku,
Nagoya-shi, 464-8601, Japan
Yasuyoshi Inagaki
Faculty of Information Science and Technology,
Aichi Prefectural University
Nagakute-cho, Aichi-gun,
Aichi-ken 480-1198, Japan
This paper describes the design and evaluation
of speech act tags based on the CIAIR in-car
speech dialogue corpus. Compared with the tags
used for conventional corpus annotation, this
proposed speech intention tag is specialized in
spoken dialogue systems. Over 35,000 utterance
units in the CIAIR corpus have been tagged by
hand. To evaluate the reliability of the intention
tag, a tagging experiment was conducted. As a
result, we confirmed that reliable data could be
built.

Optimal Creation of Speech Databases for
Indian Language Speech Technology

●

RASC863 - A Chinese Speech Corpus with
Four Regional Accents
Aijun Li, Zhigang Yin, Tianqing Wang, Qiang
Fang, Fang Hu
The Institute of Linguistics,
Chinese Academy of Social Sciences
Yueliang Qian,
Institute of Computing Technology,
Chinese Academy of Sciences
liaj@cass.org.cn; ylqian@863-306.org.cn
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corpus. The corpus has been constructed at the
Center for Integrated Acoustic Information
Research (CIAIR) of Nagoya University in order
to promote the realization of the multilingual
communication supporting environment. The
discourse tag and the utterance time tag were
given to the corpus. Therefore, the corpus is
expected to be useful not only for the
development of simultaneous interpreting
systems but also for the construction of an
interpreting theory.

This paper introduces a speech corpus called
RASC863 (Regional Accent Speech Corpus
funded by National 863 Project) with 4 regional
accents of Shanghai (Wu), Guangzhou (Yue),
Chongqing (South West Guan ) and Xiamen
(Min). RASC863 includes spontaneous speech,
read speech and some dialectical words. For
spontaneous speech, each speaker was asked to
select a topic by himself or from our topic sheet
of 160 topics and then give a 4-5 minutes
spontaneous speech on the topic. Besides, each
speaker has to answer 15 questions
spontaneously. For read speech, 2200
phonetically balanced sentences were selected
automatically, 460 sentences in common use
were collected as well. For each dialectal region,
we collected some daily used words which are
different from Standard Chinese, and each
speaker read 15 such words in his/her dialect.
800 speakers (200 from each region) were
recruited covering age, gender and educational
background distribution required in the speaker
specification.
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●

segmentation with the aid of the speech
recognition medium built on the other languages
(e.g. Japanese or English) and simple acoustic and
language models trained using a few of native
language data. Finally, a new file which includes
both utterance and its transcription will be
output by matching commonly used word in
the input. The System has been tried on several
languages (Japanese, Mongolian, Uygur and
Khazak), and obtained a file of 800 sentences
both of text and speech from 2 hours news speech
of Mongolian.
●

In this paper, we report the research and
development of human language technologies in
Indonesia, primarily on machine translation
natural language processing systems, but also
including speech technology. A hybrid stochasticsymbolic architecture for Indonesian language
analysis system is also introduced, with the main
objective to develop Bahasa Indonesia Analyser
System II (BIAS-II). The system is intended to
improve an interlingual machine translation and
to create information extraction systems. Most
parts of the paper will describe research and
development activities in human language
technology in Indonesia and our future work.

Automatically Obtain A Corpus For Minority
Language
Idomuso. Dawa, Hitoshi. Isahara
-

National institute of Information and
Communication Technology, Japan
Katsuhiko. Shirai
-

Department of Information and Computer
Science, Waseda University, Japan
idawa@nict.go.jp

In this paper, a method is proposed with which
it will be possible to obtain digitalization and
informationization of minority languages
automatically. The system consist of three main
parts: first, the speech scene, here a long recording
including various sounds is called “scene”, which
comes from some of commonly used language
media such as TV or radio broadcasting speech
and publications (such as newspapers),
segmentation and clustering based on the VQ
(Vector Quantization) distortion using an
automatic adaptive threshold; next, the
transcription of the contents of the speech
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NLP and Speech Research for Indonesian
Language:
Hammam Riza
Language Technology and Applied Information
Agency for the Assessment and Application of
Technology (BPPT), Indonesia
hammam@aia.bppt.go.id

●

Creation of Speech Corpora for Speech
Research and Speech
Technology
Development: An approach
Shyamal Kr. Das Mandal, Indranil Sarkar, Arup
Saha and Asoke Kumar Datta
Centre for Development of advanced Computing
(C-DAC), Kolkata
Plot E2/1, Block GP, Sector V, Saltlake
Kolkata-700091.
shyamal.dasmandal@erdcical.org

●

●

Yong-Ju Lee
Department of Electrical, Electronic and
Information Engineering, Wonkwang University
344-2, Sinyong-dong, Iksan, Chonbuk, Korea
yjlee@wonkwang.ac.kr
Dae-Lim Choi, Yongnam Um,
Kwang-Hyun Lee, Young-Il Kim, Bong-Wan
Kim
Speech Information Technology & Industry
Promotion Center
344-2, Sinyong-dong, Iksan, Chonbuk, Korea
{dlchoi, umyongnam, khlee, yikim,
bwkim}@sitec.or.kr

Ress and Usage of Speech Corpora in Japan
Hisao Kuwabara
Teikyo University of Science and Technology
Uenohara, Kitatsuru-gun,
Yamanashi 409-0193, Japan
kuwabara@ntu.ac.jp

In this paper we will report on speech corpora
created by the Speech Information Technology
& Industry Promotion Center (SITEC) in Korea
and their current distribution and introduce the
Center’s future plans. A variety of speech corpora
such as corpora for car application, corpora for
foreign languages, corpora for basic technology
research for industrial application and other
speech corpora have been created by the Center.
It will also report on the Center’s development
of the platform for Korean speech recognition
and speech synthesis

Shuichi Itahashi
University of Tsukuba
Tennodai 1-1-1, Tsukuba,
Ibaraki 305-8573, Japan
itahashi@cs.tsukuba.ac.jp
Recent progress and usage of speech corpora in
Japan has been described. The database project
in Japan started in the early 1980s and several
database projects have been undertaken since
then, including the one initiated by the Advanced
Telecommunication Research Institute (ATR).
Now we have reached a point where an enormous
amount of spontaneous speech data is available.
A survey was conducted recently on the usage of
the presently existing speech databases among
industry and university institutions in Japan
where speech research is now actively going on.
It was revealed that the ATR’s continuous speech
database is the most frequently used, followed
by the equivalent version from the Acoustical
Society of Japan

Speech Corpus Development at the SITEC in
Korea

●

Multilingual Speech Corpus Design for
Speaker Identification in Indian Languages
Hemant A. Patil and T. K. Basu
Department of Electrical Engineering,
IIT Kharagpur, West Bengal, INDIA.
{hemant, tkb}@ee.iitkgp.ernet.in
Automatic Speaker Recognition (ASR) is an
economic method of biometrics because of the
availability of the low cost and powerful
processors. ASR finds its potential applications in
telephone based financial transactions, purchase
of credit card and in forensic science and social
anthropology for the study of different cultures
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For any kind of research work the standard
sample data collection is crucial. For the
development of speech technology and speech
research the standard annotated speech data
(corpora) plays a very important role. Speech
corpora provide the important voice segments
to the researcher for making test bed, analysis,
and collection of statistics on different speech
parameters. Good speech corpora should contain
the basic elements of speech research like acoustic
phonetics and acoustic prosodic and also the
required data for speech technology development.
This paper discusses an approach for creation and
management of such annotated speech corpora,
designed for the needs of speech research and
speech technology development including speech
recognition, speaker recognition and speech
synthesis.

and languages. Results of ASR are highly
dependent on database, i.e., the results
obtained in ASR are meaningless if recording
conditions are not known. In this paper, a
methodology and a typical experimental setup
used for the text-independent speaker
identification in multilingual environment
viz. Marathi, Hindi and Urdu have been
described. Finally, an ASR system is presented
to evaluate the corpus.
●

Modeling Prosody of Mandarin Chinese Fluent
Speech via Phrase Grouping
Chiu-yu Tseng & ShaoHuang Pin
Phonetics Lab, Institute of Linguistics
Academia Sinica,
Taipei, Taiwan 115
cytling@sinica.eud.tw
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It is proposed that Prosodic Phrase Grouping
(PG) best characterize the prosody of Mandarin
Chinese fluent speech [1]. PGs reflected a
higher semantic and cognitive unit of speech
planning in discourses. Corresponding prosodic
characteristics were obtained, demonstrating
how prosody of fluent speech was organized.
PG-related global intonation and duration
patterns [1, 2, and 3] indicated that phrasal and
sentential intonations were subordinate
prosodic units and modifications are required.
We will show how we model and simulate the
global PG intonation on top of the Fujisaki
model [4], a physiologically based phrasal
intonation model. We believe capturing the PG
effect helps understand prosody of fluent
speech, and simulation of this kind could
directly improve output naturalness of
unlimited TTS. Our methods included
quantifying PG related F0 characteristics from
speech corpus with commands from the
Fujisaki model, and subsequently utilizing these
features as variables to predict prosody of
Mandarin fluent speech.
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(B) Speech Technology:
●

Acoustic Characterization of Speech Signal
Recorded through Different Recorders for
Speaker Identification-An Experimental Study
Mishra R.K
Central Forensic Science Laboratory, Directorate
of Forensic Science, Ministry of Home Affairs,
G.O.I, Sec-36A, Chandigarh
S.K. and Sharma R.M.
Dept. of Forensic Science
Punjabi University, Patiala
Acoustic mismatch in recorded speech samples
due to different unknown and unseen handsets;
recorders and environmental conditions pose a
great difficulty in identification of speaker. It is
important to mention that the performance of
the speaker identification process depends upon
the speaker dependent acoustic features, which
are less perturbed due to involved transmission
channel and the recording devices. In this paper
we have attempted to find out the effect of
different recording devices on the speech samples.
We have carried out the experiments in which
three utterances of the Hindi cardinal vowels /
aa, /ee/, /uu/, in isolated state from 20 speakers
(10 males and 10 females) belonging to similar
dialect region of Punjab recorded directly on a
CSL-computer in a sound treated room using
LOZ- Shure microphone. As the distortion in
frequency response of the recorders depends on
the energy level, these recorded utterances were
passed through six different calibrated analog
audio recorders built in condenser microphone
to produce the same output level of the signal,
using Audio spectrum analyzer software. All the
speech samples were digitized at sampling rate
22050 Hz and 16-bit quantization using CSL4300B. In the analysis process, the utterances
were down sampled to 11025 Hz to conduct
the Spectrographic (Wide and Narrow band),
Pitch contour, Energy contour, Voicing, LPC,
FFT and Cepstrum analysis. The spectrographic
analysis revealed that each recording device has a
particular type of individualistic pattern in
wideband and narrow band spectrum and it is

●

●

Toru Taniguchi, Katsuhiko Shirai
Dept. of Computer Science, Waseda University,
Japan
Akishige Adachi
NEC Corporation, Japan
Shigeki Okawa
Dept. of Information and Network Science,
Chiba Institute of Technology, Japan
Masaaki Honda
School of Sport Sciences, Waseda University,
Japan
{tani,adachi,shirai}@shirai.cs.waseda.ac.jp,
okawa@net.it-chiba.ac.jp, ***hon@waseda.jp
We developed a method for discriminating
speech, musical instruments and singing voices
based on sinusoidal decomposition of audio
signals. Although many studies have been
conducted, few have worked on the problem of
the temporal overlapping of the categories of
sounds. In order to cope with such problems,
we used sinusoidal components with variable
lengths as the discrimination units, although
most of traditional work has used fixed length
units. The discrimination is based on the
temporal characteristics of the sinusoidal
components. We achieved an average
discrimination rate of 65.22% in classifying
sinusoidal components in unoverlapped audio
data and analyzed the results of the
discrimination in overlapped audio data.

Acoustic Features for Identification of Accented
Hindi
Anu Khosla, Kamini Malhotra, Scientific Analysis
Group,
Ministry of Defence Metcalfe House, Delhi
khoslaanu@yahoo.com, kaminimal@yahoo.co.in
Foreign Accent Identification is a new challenging
problem closely related to dialect identification
and language identification. This paper describes
effect of accent on the acoustic features of speech.
An accent sensitive data was recorded and features
were analyzed for accent identification. The
speech considered was Hindi spoken with
Bengali, Telugu and Punjabi accents. It was found
that amplitude related long-term features and
formant frequency ratios of vowels could
discriminate between the three accents. The results
obtained are encouraging for development of an
automatic accent identifier.

Discrimination of Speech, Musical
Instruments and Singing Voices Using the
Temporal Patterns of Sinusoidal Components
in Audio Signals

●

Grapheme to Phoneme Conversion for
Standard Malay
Tan Yeow Kee & Li Haizhou
Institute for Infocom Research,
21 Heng Mui Keng Terrace, Singapore 119613
Teoh Boon Seong
Business School, Singapore Management
University

29

Oriental COCOSDA & ICSLT : 2004

more prominent, in lower frequency regions. It
is also observed that noise of in-harmonic energy
is distributed over all frequency range nonuniformly. As a result the speech signal is either
amplified or attenuated in harmonic spectrum.
It can also be seen that speech signal energy in
first few harmonics is near to the noise energy.
LTA spectra of same utterance recorded through
different recording devices are quite
distinguishable. More globally recognized
parameters such as Mean F0, Mean Fr, First fourformant frequencies (F1, F2, F3, and F4),
Cepstrum (F0), LTA (F0), FFT (F0), Mean
Energy, Jitter, Shimmer and Harmonic to noise
ratio (HNR) were extracted from speech sample
and evaluated statistically for their grading. It has
been found that Cepstrum (F0), FFT (F0) and
Jitter are most prominent where as F4 (Fourth
formant frequencies) is least significant for
identification of speaker from noncontemporary speech samples recorded through
different recording devices. It is hoped that this
study would be helpful in improving the
performance of automatic speaker identification
system where mismatch is more due to noncontemporary speech samples.

Defence Research & Development Organization,
Metcalfe House, Delhi-110054, India.
smaithani58@hotmail.com

yktan@i2r.a-star.edu.sg, bsteoh@smu.edu.sg,
hli@i2r.a-star.edu.sg
This paper presents the use of Joint SourceChannel model (JSC) to carry out graphemeto-phonetic (G2P) transcription process on
Standard Malay (SM) [1]. Previous work on
using the JSC for English to Chinese name
transliteration indicates good results. Hence it is
assumed that similar result can be achieved for
the task of transforming SM Grapheme to SM
Phoneme, especially out-of-vocabulary (OOV)
SM words. This paper will discuss the SM
language and the rules for text preprocessing,
which are defined by [2] for SM language. A
cross validation experiment was carried out and
the result shows that the proposed JSC achieves
an accuracy of 86.3% for the first best choice in
close test and 85.7% in open test.
●

This paper presents the work done on extraction
of ferments and determination of speech/non
speech region under clean and moderate to
extremely noisy/distortion conditions. The
speech under consideration may be in analog or
digitized domain obtained using either Pulse
Code Modulation (PCM) coding or
Continuously Variable Slope Delta Modulation
(CVSD) . The affect of noise is manifested in
terms of random bit alteration. Bit alterations
up to 40% have been considered in case of
Formant extraction and 50% in case of speech/
non speech region determination. The formant
determination algorithm is based on energy and
zero crossing statistics of out put of bank of band
pass filters. The formant tracks for Continuous
speech have been determined using smoothing
techniques. The technique is modified, as the
noise level in terms of bit alteration level increases.
For speech/non speech region determination the
classical pattern recognition technique is used and
is based on linear discriminant function. The
features used are bit alteration/distortion power
(BAP) of the noise corresponding to frames of
different sizes. Further a technique for identifying
various level of bit alteration is developed which
is based on statistic of distribution of correlation
of bits of a fixed frame size. This helps in
efficiently and optimally applying the required
technique for the determination of above speech
parameters corresponding to the particular level
of bit alteration.

The Review of Voice Conversion
Jianhua Tao , Yongguo Kang
National Laboratory of Pattern Recognition
Institute of Automation,
Chinese Academy of Science, China
jhtao@nlpr.ia.ac.cn, ygkang@nlpr.ia.ac.cn
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Voice Conversion (VC) is a technology which
changes one speaker’s voice characteristic to
sound as if the speech is spoken by another
speaker. In the research of voice conversion, the
basic request, which also is relatively simple to
implement, is how to preserve the linguistic
information of speech and modify the speaker
characteristic of speech, whereas the difficult task
is how to modify one’s speaker pattern to another
speaker pattern. Studies on VC are involved with
speech analysis, speech synthesis, speaker
recognition and so on. In this paper, some current
methods to implement VC including spectral
conversion, prosody simulation, speech corpus
and the evaluation are reviewed. A technological
outlook for this technique is given in the last
section of the paper.
●

Noisy Speech Analysis for Speech Recognition
and Enhancement
Sunita Maithani
Scientific Analysis Group,
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●

Relevance of Unimodal and Multimodal
information in Interpreting Emotions
Kalaiselvi PS, Yeshoda K.
All India Institute of Speech and Hearing,
Naimisham Campus, Manasgangotri
Mysore, India
k-yeshoda@hotmail.com,
kalaiselvips@yahoo.co.in
There have been considerable research into the
perceptual and acoustic correlates of emotional

●

Standard for Japanese Speech Synthesizer
Performance Evamluation
Shuichi ITAHASHI
University of Tsukuba, Makoto Akabane,
Sony Computer Entertainment Inc., Yoshinori
KITAHARA
Hitachi Ltd.,
Kazuyo TANAKA, University of Tsukuba, Japan
itahashi@cs.tsukuba.ac.jp
Speech synthesis technology is one of the most
important elements required for better human
interfaces for communication and information
systems. This paper describes the outline of the
Standard for Speech Synthesizer Performance
Evaluation Methods issued by JEITA (Japan
Electronics and Information Technology
Industries Association).
The main body of the Standard comprises 4
chapters including text analysis evaluation, syllable

articulation test, word intelligibility test and
overall quality evaluation. This paper also
mentions some experiences of actual performance
evaluation based on the standard.
●

Speech Enhancement and Modification for
Hard-of-Hearing Persons
Hsiang-Lin Yeh and Hsiao-Chuan Wang
Department of Electrical Engineering,
National Tsing Hua University, Hsinchu, Taiwan
hcwang@ee.nthu.edu.tw
The hard-of-hearing (HoH) person always faces
the difficulty in speech comprehension under the
noisy environment. The noise reduction is a
necessary process for those assistive equipments
or products which generate speech information.
This paper presents a speech enhancement
method based on masking effect and rounded
exponential (ROEX) models. A two-step speech
enhancement system is proposed. In the first step,
the auditory masking threshold and a gain
function is estimated for noise suppression. In
the second step, the round exponential model is
applied to modify the spectrum so that the
produced speech is more suitable for HoH
persons.

●

Reduction of burst noises in STSA speech
enhancement
Kotta Manohar and Preeti Rao
Dept. of Electrical Engineering, I.I.T. Bombay
(prao@ee.iitb.ac.in)
Typical short-time spectral attenuation (STSA)
speech enhancement algorithms are ineffective
in the presence of highly nonstationary noise due
to difficulties in the accurate estimation of the
local noise spectrum. With a view to improve
the speech quality in the presence of random noise
bursts, characteristic of many environmental
sounds, a simple post-processing scheme is
proposed that can be applied to the output of an
STSA speech enhancement algorithm. The postprocessing algorithm is based on using spectral
properties of the noise in order to detect noisy
time-frequency regions which are then attenuated
using a suitable SNR-based rule. The post-
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state and other relevant aspects of emotional
effects on human speech, but a very limited
amount of the literature examines the
contribution of auditory, visual and multimodal
information in the interpretation of emotional
expressions. This paper reports the results from
a study conducted on vocal (acoustic/audio),
visual (facial) and multimodal portrayals of anger,
sadness, fear, and happiness as produced by
professional Italian actors. The specific questions
asked in the present study are: to what degree
the listeners can interpret emotional prosody
using auditory and visual clues alone, and whether
simultaneously presented faces expressing the
same emotions (audio- visual), improve the
interpretations. Audio recordings of emotional
expressions using nonsense sentences were
presented to the listeners in the experimental
settings. In the first settings the subjects were
presented the audio recordings only, in the
second, they were presented with visual clues i.e.
a face expressing different emotions, and in the
third settings both were presented
simultaneously. Results indicated that
interpretation of emotions improved with
multimodal stimulation (audio – visual).

Colloquial Bengali. First four moments of the
pitch distribution at word level and duration of
vowels and inter-vocalic gaps are studied with
20 male native speakers for the purpose. A fiveword sentence is used as the text. A distance
classifier based on Euclidean distance weighted
with the inverse of class variance at word level
has been used. The minimum of the sum of the
word level distance has been used for
classification. A comparison of different
combinations of the aforesaid four features is also
included. The unrestricted classifier using all the
features produced an encouraging score of 98%.
The classifier with restriction on the upper limit
of the minimum distance reveals interesting
behaviour of the classifier with respect to false
inclusion rate.

processing method is evaluated in the context of
two well-known STSA speech enhancement
algorithms and experimental results
demonstrating improved speech quality are
presented for a data set of real noise samples.
●

Adaptive Frequency Warping for Improved
Spectral Modeling
Pushkar Patwardhan and Preeti Rao
Dept. of Electrical Engineering, I.I.T. Bombay
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(prao@ee.iitb.ac.in)
The compact representation of harmonic
amplitudes in the sinusoidal coding of voiced
speech is often achieved by the all-pole modeling
of a spectral envelope. The perceptual accuracy
of the representation may be enhanced by the
use of frequency-scale warping prior to LP
modeling. The effectiveness of a frequency
warping function has been shown in previous
work to depend on the underlying signal spectral
shape as determined by phoneme quality as well
as voice quality. This suggests the possibility of
minimizing the perceived degradation due to LP
modeling by adapting the warping function to
the local signal spectrum. In this paper, an
investigation is conducted to determine possible
correlations between preferred warping condition
and easily computable spectral cues. Experimental
results are presented that demonstrate the
advantage of adapting the warping function to
the signal spectral envelope in the context of a
sinusoidal speech coding scheme.
●

Speaker Recognition Using Supra-Segmental
Features in Bengali
A K Datta, R Sengupta, N Dey, Dipali Nag and
A Mukerjee
Scientific Research Department,
Sangeet Research Academy,
1, N S C Bose Road, Tollygunge,
Calcutta 700 040, India
srasrd@vsnl.net
Fundamental frequency and prosodic
information, known to be useful in speaker
identification, are used in the present study for
text dependent speaker identification in Standard
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●

Qualitative Analysis of Speech Signal in Time
series
P M Radhakrishnan, V P N Nampoori,
International School of Photonics,
Cochin University of Science & Technology,
Cochin
Usha Nair ,
School of Engineering,
Cochin University of Science & Technology,
Cochin
Hpmrk@cusat.ac.inH,
Hvpnnampoori @cusat.ac.inH
Hun@cusat.ac.inH
Natural systems are highly nonlinear dynamic
and complex in nature, the analysis of which leads
to understanding the unexpected behaviour in
certain situations. These systems can be described
in a simplified way using chaos theory. The
speech signal can be considered as time series
resulted from complex nonlinear process in the
larynx (voice box). Time series diagrams and the
dimensions calculated from it can bring out some
of the important characteristics which are not
available from the conventional existing methods.
One of the techniques used for time series analysis
is Poincare plot which will provide a perspective
of the complex shape of the attractor in
difference planes. The complexity of Poincare

●

Acoustic Study of Anticipatory Labial
Coarticulation: A Cross Linguistic Study

●

Kalaiselvi PS, Yeshoda K
All India Institute of Speech & Hearing,
Naimisham Campus, Manasgangotri,
Mysore

S.Saraswathi
Research Scholar, Department of CSE,
Anna University, Chennai, India
swathimuk@yahoo.com

k-yeshoda@hotmail.com, kalaiselvis@yahoo.co.in

T.V.Geetha
Professor, Department of CSE,
Anna University, Chennai, India
tvgeedir@cs.annauniv.edu

The present study investigated acoustic aspects
of anticipatory labial Coarticulation in the speech
of Hindi and Tamil speaking adults respectively.
Five native speakers of Hindi and Tamil read a
list containing three repetitions of nonsense
V1CV2 sequences, where V1 was always /a/, C
was one of /t/ or /s/ and V2 was one of /i/ and /
u/. Each stimulus was computer edited to include
only the aperiodic portion of fricative – vowel
and stop – vowel syllables. LPC spectra were then
computed for excised segment. Analysis included
ascertaining the level of spectral peak of second
formant frequency for the following vowel and
the characteristic spectral prominence for each
consonant. Results suggested that there are
language specific differences in the production
of rounded vowels, which suggest that Tamil and
Hindi speakers have learnt different motor
programming goals.
●

Acoustic Analysis of Anticipatory Labial Co
articulation in Stutterers
Kalaiselvi PS, Yeshoda K
All India Institute of Speech & Hearing,
Naimisham Campus, Manasgangotri,
Mysore
k-yeshoda@hotmail.com, kalaiselvis@yahoo.co.in

The present study investigated the extent of
anticipatory labial co articulation in the speech
of four adult stutterers compared to age matched
control subjects. Three tokens of VCV syllables
/ati/, /atu/, /asi/, /asu/ were elicited from each of
the subjects. Spectral analyses were carried out

Dependency Based Language Model for Tamil
Speech Recognition System

This paper describes the work done in generation
of Language model based on Dependency
grammars for Tamil Speech Recognition system.
Such a grammar expresses the relations between
words by a directed graph. The edges of the
directed graph connect the words that are
arbitrarily far apart in a sentence. The dependency
based language models have the predictive power
of linking the words that lie outside of bigram
and trigram range. A simple dependency based
language model was built and tested for the Tamil
speech recognition system. The results showed
an improvement in the performance of bigram
and trigram based Dependency language model
when compared to the statistical bigram and
trigram model.
●

A Lexical Knowledge Driven Manner Based
Speech Recognition Model
Shyamal Kr. Das Mandal, Arup Saha, Asoke
Kumar Datta
Centre for Development of advanced
Computing (C-DAC), Kolkata
Plot E2/1, Block GP, Sector V, Saltlake
Kolkata-700091.
shyamal.dasmandal@erdcical.org
ap_saha@yahoo.co.in
Only about 40 – 60% intelligence is contained
in the acoustics of speech signal. Hence, the
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to explore the influence of the following vocalic
environment on the preceding consonants. The
data indicated that the stutterers displayed
evidence of coarticulation on most of measures,
but they did so to a lesser degree when compared
to normal subjects.

plot can be determined by fractal dimension. The
goal of this work is to extract the fractal
dimension as a qualitative means of analysis for
the speech signal. Time evolution of a phenomena
using fractal dimension gives the complexity
nature of the system dynamics.
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Speech Recognition Systems focused on acoustics
alone may not be a good practical solution. The
recognition efficiency such acoustics-based
recognition system can be vastly improved by
harnessing the associated lexical knowledge.
Integrating lexical knowledge in speech
recognition is one of the most effective ways to
achieve good recognition efficiency. In this paper
we proposed a hierarchical approach for speech
recognition. From the spoken continuous speech
signal first we have detected the word boundary
based on the suprasegmental and segmental
features. Then each detected words are converted
into pseudo-words using five manner-based
categories, namely V (vowels), L (nasal murmurs,
laterals), S (sibilants), P (plosives) and A
(affricates) of the phonemes. The manner-based
labeling of the input word signal is done using
phase-space approach. The cohorts of actual
words for each pseudo word can be
disambiguated through vowel recognition only
using shape domain parameters. Disambiguation
of consonants is not attempted. . Disambiguation
is done through successive binary partitioning of
the cohorts following a specific strategy
depending on the previous experience on vowel
recognition. The node of the binary tree contains
information, which guides the recognition
process and the branches contains the recognition
rate. The study is done on a large Bangla
vocabulary (20,000 word). The overall correct
recognition rate for twenty thousand Bengali
word is 95%
●

Implementing Normalization and Voice
Conversion in Tamil Text to Speech
M.Vinu Krithiga
Research Scholar, Department of Computer
Science and Engineering,
Anna University, Chennai-25, India.
vinu_krithiga@yahoo.com
T.V.Geetha
Professor, Department of Computer Science and
Engineering, Anna University, Chennai-25,
India.
rctamil@annauniv.edu
This paper describes implementing
normalization and voice conversion in Tamil Text

34

to Speech. Speech is generated by concatenative
speech synthesizer. Smoothing is done by
inserting suitable diaphone at the concatenation
boundary and changing the syllable pitch by
performing time scale modification. The suitable
diaphone is chosen based on LPC coefficient files
and their corresponding residuals. Quality has
to be improved further since each syllable is
played with different loudness and hence syllable
auditory spectrum with equal-loudness
weighting and cube-root compression has to be
fixed to perform normalization [7]. It is
impractical to collect data from mutiple
speakers. Voice conversion based on phase
vocoder [12] is performed to change female
speaker syllable database to male speaker syllable
database for Tamil Text to speech.
●

Speech Synthesis for Newspaper Text
R. H. Shaikh J. S. Chitode
Department of Electronics Engineering
Bharati Vidyapeeth Deemed University
College of Engineering,
Dhankawadi, Pune 411043
This application is very useful for blind people,
since it reads the newspaper for them. The
application allows the user to download the
newspaper from the respective website. A parser
has been developed, which converts the
downloaded Html page, into plain text. The
parser removes all the formatting information,
by the removal of html tags. It has been
developed for the Marathi Daily Sakal. The
application presently makes use of the word
concatenation technique for the synthesis of
speech. The words in the text are converted to
their corresponding ASCII values. Each word is
represented by a string of ASCII values. These
words along with their corresponding audio file
names are stored in a database. Oracle database
is used due to its robustness and ease of
maintenance. The application has the advantage
of producing natural sounding speech since word
concatenation is used.

Significant peaks detection of ECG waveform
J. S. Chitode
Department of Electronics Engineering,
Bharati Vidyapeeth Deemed University
College of Engineering, Pune.
Periodicity properties of the ECG signal can be
used for significant peaks detection. The QRS
complex occurs at fairly regular intervals. The
algorithm uses this characteristic of ECG signal.
The algorithm estimates the distance between
QRS complexes based on past values. It updates
the estimate based on recent values. Practically
this works well, since the heart rate never
changes drastically. The algorithm takes care of
gradual changes in the heart rate by updating
its estimate. The algorithm places its pointer
approximately half the way between QRS
complexes. It then monitors the ECG data for
one estimated period of QRS complex. Then
it checks for peak (QRS) in the data and
evaluates the new QRS-QRS distance. Here the
heart rate is first calculated in terms of samples
between QRS complexes, and then it can be
converted to appropriate values.

●

International Scenario on Speech and
Language Technology
Shuichi ITAHASHI
Graduate School of Systems and Information
Engineering, University of Tsukuba
Tennodai, Tsukuba, 305-8573, Japan
Email: itahashi@is.tsukuba.ac.jp
Language is an essential media of
communication between men, and it will also
become an important communication media
between men and machines in the 21st century
which can be called an age of information or
intelligence. Research and development of
information processing has concentrated its
emphasis on the research of the container of
information rather than its content, which is
expressed largely by language. We need to
promote research and development of
information content. A large amount of speech
and language data is required, in order to
promote speech and language research. Oriental

COCOSDA was initiated to promote speech
research on Asian languages with the
recognition of importance of language
resources.
●

A Linear-Cumulative Approach to Speech
Recognition
Preeti Ramdasi, Prasad Ramdasi, S.C.Mehrotra
Dept. of Computer Science and Information
Technology,
Dr. B.A.Marathwada University, Aurangabad.
preetiramdasi@sify.com,
mehrotrasc@rediffmail. com
An approach based on cumulative energy and
cumulative cepstral coefficients has been
proposed. The speech recognition system is based
on dynamical comparison of two spoken word
related to relative energy delivered during speech.
The feature vectors are stored as coefficients of
polynomial due to which the required storage
memory is reduced by 70%. This will enable
one to design large database for general
applications.

●

High performance language identification
using broad phonetic categories.
H. V. Sharada, S. A. Santosh Kumar
V. Ramasubramanian T. V. Sreenivas
Department of Electrical Communication
Engineering
Indian Institute of Science,
Bangalore 560 012, India
vram@ece.iisc.ernet.in
We report results of a spoken language
identification system using a bigram language
model of broad phonetic categories derived from
manually labeled phonetic sequences. The system
performs with high recognition accuracies (100%
on training data and 90% on test data) on 6
languages in the OGI-TS database. The present
work, set in a ‘phone recognition followed by
language modeling’ (PRLM) framework, extends
the findings of the ‘textbased’ LID results of
House and Neuburg (JASA, 1977) to ‘spokenlanguage’ identification and confirms that bigram
statistics of broad phonetic categories to model
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●

(MFCC) is developed. The effectiveness of the
newly derived feature set is demonstrated for the
dentification of twins in multilingual
environment viz. Marathi, Hindi and Urdu. The
results are also compared with conventional
features set viz. Linear Prediction Coefficients
(LPC) Linear Prediction Cepstral Coefficients
(LPCC) and MFCC for polynomial classifier of
2nd and 3rd order approximations

the phonotactics of a language are indeed very
effective in realizing high performance language
identification.
●

Automatic Grapheme to Phone Converter for
Tamil using Rules
S. Kumar, N.Udhyakumar, R.Srinivasan,
AmritaVishwa Vidyapeetham,
C.Shunmugom
Bharathiar University,
Coimbatore, Tamilnadu,
cs_kumar@ettimadai.amrita.edu,
{udhay_ece,vasan_it} @rediffmail.com

●

Sanghamitra Mohanty, Suman Bhattacharya,
Sumit Bose, Sabyasachi Swain
PG Dept. Of Computer Science
Utkal University, Bhubaneswar
Orissa, India-751004
{sangham1, suman1_bh, mail_sumit_bose,
sabyasachi_swain} @rediffmail.com
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This paper presents the details of an automatic
grapheme to phone (g2p) conversion software
for Tamil language using rules. The rules are
designed to predict the phones of a word from
its grapheme representation using phonetic
knowledge. The work is motivated with
applications to speech recognition. In cases where
there are more than one possible pronunciation
are possible for a word, all such pronunciations
are listed. The system is evaluated on a large text
corpus and the result is presented.
●

Since years, various intelligible speech parameters
have been on the process of evaluation and some
are implemented to solve these real time
challenges such as speech recognition and speechto-text conversion. An intuitive problem can be
visualised among these problems is accent
analysis. Accent in which the person speaks
depends upon the speaker and the way in which
it is spoken. Apart from geographical parameters,
the acoustic parameters for speaker identification
and the intonation parameters of how one speaks,
play important roles in accent analysis. In the
context of Indian languages variation in accent
for same language can be distinctly marked from
province to province during continuous speech.
This paper discusses some of the parameters, in
sentence, word and syllable levels that may be
used for accent analysis for Oriya, an official
language of the republic of India

Identification of Twins in Multilingual
Environment Using Teager Energy Operator
Hemant A. Patil and T. K. Basu
Department of Electrical Engineering,
IIT Kharagpur, West Bengal, INDIA.
{hemant, tkb}@ee.iitkgp.ernet.in
Automatic Speaker Recognition (ASR) refers to
the identification of a person’s identity from his/
her voice with the help of machines. For an ASR
system to be successful in real-life environments,
it must be robust or resistant to mimicry, i.e.,
the ASR system should have high mimic
resistance. Mimics can be of two types viz. one
based on physiological characteristics such as
identical twins or triplets and the one based on
behavior or learned characteristics such as
professional mimics (or Bahurupee in India). In
this paper, a new feature set T-MFCC,
amalgamating Teager Energy Operator (TEO)
and Mel frequency cepstrum efficients
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An Approach for Context Dependent
Parametric Analysis of Spoken Oriya Accent
with Topographically Different Dilates

●

Dependency Based Language Model for Tamil
Speech Recognition System
S.Saraswathi
Research Scholar, Department of CSE,
Anna University, Chennai, India
swathimuk@yahoo.com

●

Harsh Jain, Varun Kanade, G. Sivakumar
CSE, IIT Bombay
harsh@cse.iitb.ac.in, vkanade@cse.iitb.ac.in
siva@cse.iitb.ac.in

This paper describes the word done in generation
of Language model based on Dependency
grammars for Tamil Speech Recognition system.
Such a grammar expresses the relations between
words by a directed graph. The edges of the
directed graph connect the words that are
arbitrarily far apart in a sentence. The dependency
based language models have the predictive power
of linking the words that lie outside of bigram
and trigram range. A simple dependency based
language model was built and tested for the Tamil
speech recognition system. The results showed
an improvement in the performance of bigram
and trigram based Dependency language model
when compared to the statistical bigram and
trigram model.
●

In this paper we discuss the design of a Text to
Speech Synthesizer in the context of Indian
Languages, to produce arbitrary speech. The
approach is similar to concatenation synthesis,
with phonemes as the base unit. However the
phonemes are not selected from a database but
generated from a more basic unit, which we will
call as fract-phoneme in the case of vowels. Along
with this we also devise an encoding scheme,
which is capable of representing arbitrary speech
that will be produced by the synthesizer. We will
also discuss the design of a framework that will
convert this encoded form into real speech. A
major advantage of this approach is that
parameters such as emotions and prosody which
make speech more human like can be controlled
concurrently while generating intelligible speech.
We have built a prototype implementation Vani
and the preliminary results are very promising.

Segmentation of Semantic Unit in Japanese
Monologue
Hideki Kashioka, Takehiko Maruyama
ATR SLT, NIJLA
Hideki.kashioka@atr.jp,
maruyama@kokken.go.jp
In monologues, sentences generally tend to be
long and complicated, and they cause problems
for speech processing (i.e., recognition, synthesis)
and natural language processing (i.e., parsing,
translation). Therefore we need to define some
short unit for processing monologues. From a
grammatical point of view, clause is a syntactically
and semantically sufficient constituent, so we
examine the clauses for effective and flexible units
in Japanese monologue. Thus annotating clause
boundary labels are effective and flexible for
sentence segmentation. We developed “CBAP
(Clause Boundaries Annotation Program),”
which detects and labels every clause boundary
in Japanese text. In this paper, we show the
technique for annotating Japanese clause
boundaries, and present the result of experiments
to examine the accuracy of CBAP. We also show
some practical uses of segmented pieces as basic
processing units.

Design of a Text to Speech Synthesizer to
Generate Arbitrary Speech

●

Advances in Automatic Speech Recognition
(ASR) Under Noisy Environment
Preeti Ramdasi, Prasad Ramdasi, S.C.Mehrotra
Dept. of Computer Science and Information
Technology,
Dr. B.A. Marathwada University, Aurangabad.
preetiramdasi@sify.com,
mehrotrasc@ rediffmail. com
Noise in speech poses major problems in
automatic speech recognition system. The
problem can be handled by many approaches,
such as signal processing method or speech
production and perception method. There are
many tools available which can be used to
eliminate or identify noise in the speech signal
The objective of the paper is to report a review
of the work done in this important area of
research.
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T.V.Geetha
Professor, Department of CSE,
Anna University, Chennai, India
tvgeedir@cs.annauniv.edu

●

Decision Rules for Selection of Allophones of
Marathi Affricates for Speech Synthesis
Samudravijaya K
Tata Institute of Fundamental Research,
Homi Bhabha Road, Mumbai 400005
chief@tifr.res.in
Marathi affricates have allophones that differ in
the place of articulation. Devanagari script,
employed by the Marathi language, does not
provide any clue to a reader (or a computer) about
the allophone to be used. Thus, there is a need
for discovering rules for such a choice in the
context of developing Marathi text to speech
systems. Decision Tree Learning methodology
was used to identify factors that influence the
choice of appropriate allophone. The work led
to a simple rule that is able to predict the place of
articulation with high accuracy. The rule relies on
the ‘frontness’ of the vowel following the affricate,
and is consistent with articulatory principles.

●

Adaptive Neural Networks for Intelligent
Speech Recognition Systems
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Akash Kumar Singh , Technical Manager ,
IBM India, Bangalore
PhD Researcher , Computation Intelligence Leeds
Metropolitan University, UK
akashkum@in.ibm.com,
The aim of speech recognition systems is to
produce a transcription of spoken input. Note
that this is in contrast to speech understanding
systems that produce a meaning representation
or take some action based on the content of the
input.Speech is a complex combination of
information from different levels (discourse,
semantics, syntax, phonological, phonetic, and
acoustic) that is used to convey a message. Speech
recognition is a challenging because of the
variability in the signal caused by these
interactions.
●

An Efficient Multi-lingual Voice Data
Transfusion, System
Dr. R.C. Joshi, Aakash Saini
Department of Electronics & Computer Engg.
Indian Institute of Technology (IIT) Roorkee
{joshifcc, aakixdec}@iitr.ernet.in
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Text-to-Speech synthesis engines are finding
increasing use in embedded systems where
compact code size and power consumption are
of paramount consideration. Parametric speech
synthesis approach is attractive for these
applications due to its small memory
requirements, unlimited vocabulary and
adaptability. These speech synthesis engines have
a requirement of moderately high throughput
with a mix of general floating-point arithmetic
computations and DSP-like functions. This
paper describes the design of an Application
Specific Instruction-set Processor (ASIP) to meet
the needs of embedded speech synthesis systems.

●

This paper discusses the design and development
of a Morphological Analyser for Malayalam and
the issues involved in the effort. Morphological
Analyser is a tool that split the input word to its
component morphemes, which will be the
syntactic features of the word. The structure of
Malayalam language is such that any number of
morphemes can be concatenated to form a word,
as it is a language of adhesive nature. Our
Morphological Analyser consists of a Language
module and an Engine module. A Lexicon of root
words and a set of rules based on the morphology
of the Malayalam language form the component
parts of the Language module. The Language
module supplies the raw materials for the
functioning of the engine. The efficiency of the
Engine is based on the information content of
the language module. The more the amount of
information stored in the language module, the
better will be the output from the morphological
analyser. Identification and formulation of
grammatical rules (sandhi rules) to handle the
sandhi changes is the core area of focus as we
extract the information based on these rules.

Script based line & character segmentation
techniques for Malayalam document images.
Harikumar S., Jithesh K., Sulochana K.G., R.
RavindraKumar
(haris@erdcitvm.org) (jithesh@erdcitvm.org)
(sulochana@erdcitvm.org) (ravi@erdcitvm.org)
CDAC-Thiruvananthapuram.
One important process in an Optical Character
Recognition (OCR) System is to identify and
segment the lines, words and characters in a
scanned document image. The segmented
characters form the input to the Recognition
Engine. The accuracy of Indian script OCR
systems is hindered by the connections between
adjacent lines and characters in the document
image. This paper presents algorithms designed
to segment connected lines and characters of
Malayalam document images. In good quality
document images, with clear background and
quality printing, lines and characters can be
segmented with normal segmentation algorithms.
But in many Malayalam document images the
adjacent components get connected mainly due
to the presence of complex shaped Consonant
Conjuncts, Vowel and Consonant Modifiers and
the compression techniques used for layout
setting. The algorithms we have developed can
detect connected lines and characters in the
document and segment these connected
components without any shape distortion. Our
approach gives a 2-3% improvement in
segmentation and character level recognition
accuracy, mainly for Newspapers and Magazines.
Experimental results are presented and compared
with results of the previous segmentation
methods employed.

●

Morphological Analyser: A Rule based
approach and related issues.
R. Ravindra Kumar, K. G. Sulochana, Santhosh
T. Varghese
ravi@erdcitvm.org sulochana@erdcitvm.org,
santhosh@erdcitvm.org
C-DAC, Thiruvananthapuram.

●

Error pattern in Punjabi Typed Text
G S Lehal
Department of Computer Science &
Engineering, Punjabi University,
Patiala, India.
gslehal@mailcity.com
Meenu Bhagat
Department of Computer Science,
DAV Institute of Engineering & Technology,
Jalandhar, India.
Error pattern analysis of a language is useful in
language related technology development, such
as Spell Checker and Corrector, Optical Character
Recognition, Machine Translation, Natural
Language Interfaces etc. Error pattern analysis
includes analysis of various types of errors
(insertion, deletion, transposition, substitution,
run-on, split word error) positional analysis, word
length effects, phonetic errors, first position error
analysis, keyboard effects etc. Though
considerable work has been done in the area for
English and related languages, the Indian
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(C) NATURAL LANGUAGE PROCESSING

technologies such as speech and handwriting
recognition. This paper describes efforts at HP
Labs, Bangalore, to create datasets for the design
and development of Online Handwriting
Recognition (HWR) algorithms for Indic
scripts. Online. in the context of HWR refers to
the fact that handwriting is captured as a stream
of points using an appropriate pen position sensor
(often called a digitizer), rather than as a bitmap
(image). In this paper, we focus on some of the
issues to be addressed in handwriting data
collection - the design of data to be collected, the
recruitment of writers, data collection
methodology and process and relevant tools. We
discuss these issues in the context of our own
efforts to create handwriting corpora for the
Tamil script.

Language scenario presents a relatively more
complex and uphill task. In this paper, we have
presented a statistical error analysis for Punjabi,
the world’s 14th most widely spoken language.
For this purpose we have collected about 20000
misspelled words generated by typists.
●

A System for Indian Artistic Document
Recognition
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N. Tripathy and U. Pal
Computer Vision and Pattern Recognition Unit
Indian Statistical Institute, Kolkata-108, India
Email: umapada@isical.ac.in
There are printed artistic documents where text
lines of a single page may not be parallel to each
other. These text lines may have different
orientations or the text lines may be curved
shapes. As a result, it is very difficult to detect
the skew of such document and hence character
segmentation and recognition task of these
documents is difficult. In this paper, we propose
a system towards the recognition of printed
Indian artistic documents. Here, at first,
characters are segmented from artistic documents
without any skew correction. Next, segmented
characters are recognized using rotation invariant
features. The character segmentation scheme is
mainly based on the features obtained from
water reservoir concept. A reservoir is a metaphor
to illustrate the cavity region of a character where
water can be stored. The recognition technique
is mainly based on the features obtained from
the contour distances calculated from the
centroid of the characters.
●

Data collection for handwriting corpus
creation in Indic scripts.
Mudit Agrawal, Ajay S Bhaskarabhatla and
Sriganesh Madhvanath
Hewlett-Packard Laboratories
Bangalore, India
fmudit.a@hp.com,
ajay.bhaskarabhatla@edi. gatech.edu,
srig@hp.comg
Linguistic resources such as annotated corpora
are critical for the development of language
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Language Identification in the Indian Context
G. Bharadwaja Kumar, Kavi Narayana Murthy
Department of Computer and Information
Sciences
University of Hyderabad, Hyderabad
knmuh@yahoo.com,g
gvijayabharadwaj@yahoo.com
Language engineering applications are typically
language dependent. It is therefore essential to
identify the language of each unit of text in a
multi-lingual document before any further
analysis or processing can be taken up. Language
Identification from small text samples is a largely
unexplored problem in the Indian context. In this
paper1, Language Identification is formulated as
a generic machine learning problem - a supervised
classification task in which features extracted
from a training corpus are used for classification.
We use syllable based differential features extracted
in terms of prior knowledge obtained from a
training corpus. We formulate the two-class
supervised classification problem using Multiple
Linear Regression and use this to estimate the
weights of the features. Theoretical basis for
verifying the adequacy of the model for the task
and for analyzing the significance of individual
features is included. The method is applied to

●

Application of Simplified Fuzzy Artmap in
Character Recognition
Renu Dhir
Department of Computer Science and
Engineering, National Institute of Technology,
Jalandhar
renu_dhir@yahoo.com
Chandan Singh
Department of Computer Science and
Engineering, Punjabi University, Patiala
chandan@pbi.ac.in
Simplified Fuzzy Adaptive Resonance Theory
Map (SFAM) is one of the recently proposed
Neural Network paradigms where the Fuzzy
Logic is incorporated. In this paper, we discuss
the application of SFAM for character recognition
of machine printed Roman characters. The main
advantage of SFAM as observed in our
experiments is the extremely fast training. The
classifier accuracy achieved with SFAM classifier
was 97.37% without post processing and by
ignoring upper case and lower case Roman letters.

●

Sharing Experiences in Developing EnglishIndonesian and Indonesian-English Translator
Arry Akhmad Arman
Electrical Engineering Department
Institut Teknologi Bandung – Indonesia
aa_arman@rocketmail.com, aa@lss.ee.itb.ac.id
One of the most uptodate technique to build
natural language translator system use statisticalbased technique. This technique need the
availability of very large high quality corpus.

Currently, that such of corpus is not available in
Indonesia. As the solution, the choice is only rulebased method. This paper will share the
experiences in building English-Indonesian and
Indonesian-English Text to Text Translator using
rule-based technique (partial checking technique).
●

Word-wise English, Devanagari and Oriya
Script Identification
S. Chanda, S. Sinha and U. Pal
Computer Vision and Pattern Recognition Unit
Indian Statistical Institute, Kolkata-108, India
umapada@isical.ac.in
In a multi-lingual multi-script country like India,
a single text line of a document page may contain
words of two or more scripts. Optical Character
Recognition (OCR) of such a document page
can be made in one of the following two options:
(1) Develop an generalized OCR system which
can recognize all characters of the alphabets of
the possible scripts may present in the document
pages (2) Develop a script separation scheme to
identify different scripts present in the document
pages and then run individual OCR to be
developed for each script alphabets. Development
of a generalized OCR system for Indian languages
is more difficult than a single script OCR
development. This is because of large number of
characters in each script alphabets. On the other
hand, second option is more simple for a country
like India. To develop a multi-lingual OCR
system under this second option, in this paper,
an automatic technique for word wise
identification of Roman, Devanagari and Oriya
scripts from a document is proposed. Here, at
first, the document is segmented into lines and
then the lines are segmented into words. Using
different features (like headline, convexity,
projection profile, straight line etc.) with some
new features obtained from the concept of water
reservoir, the script identification scheme is
developed here. The proposed system has at
present 97.22% overall accuracy.
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pair wise language identification among several
major Indian languages including Hindi, Bengali,
Marathi, Punjabi, Oriya, Telugu, Tamil,
Malayalam and Kannada. Variations within and
across language families and variations with regard
to sizes of test samples have been explored.
Performance is comparable to the best published
results for other languages of the world.

●

HPSG Based Anaphoric Parser and
Annotation Tool for Hindi

proposed method can classify a set of text
documents into a number of classes depending
on their contents where the number of such
classes is not known a priori. Text documents
from various faculties of games are considered for
experimentation. The method is found to provide
satisfactory results for large size of data.

Saroj Kaushik
Indian Institute of Technology, Delhi
Nupur Prakash
Indraprastha University, New Delhi
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Kamlesh Dutta
National Institute of Technology, Hamirpur
In this work an anaphoric parser for a wellknown linguistic phenomenon as pronominal
anaphoric reference in Hindi language is
presented. With this parser it is possible to solve
the anaphoric references within a sentence and
across the sentences as well. The parser is applicable
for the text segments of any size. The analysis is
organized within the framework of Head-Driven
Phrase Structure Grammar (HPSG), making use
of the framework’s architecture and general
linguistic assumptions, while extending and
developing the HPSG framework to cover Hindi
data. In the course of establishing the analysis of
Hindi anaphors, in this work we also provide
specific HPSG accounts of many phenomena,
such as Hindi free word ordering, to add to the
growing body of cross-linguistic studies in the
HPSG framework. Our aim is to prepare the
annotated corpus of Hindi text that can be used
for identifying anaphoric relations. The graphical
tool developed, tags Hindi texts with antecedentanaphor relations. The tool automatically tags the
text with anaphora, and their antecedent. The
tagged texts can be used in any NLP application
and improve its performance being used.
●

Unsupervised Text Document Classification
using Neural Networks
Nirmalya Chowdhury and Diganta Saha
Department of Computer Science and
Engineering,
Jadavpur University,
Kolkata – 700 032, India.
nir63@vsnl.net
A text classification method using Kohonen’s Self
Organizing Network is presented here. The
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●

NLP Research and Development in Indonesia
Hammam Riza
Language Technology and Applied Information
Agency for the Assessment and Application of
Technology (BPPT)
Jl. M.H. Thamrin 8, Jakarta,
Indonesia 10340
hammam@aia.bppt.go.id
In this paper, we report the research and
development of language technologies in
Indonesia, primarily on machine translation and
other natural language processing systems. A
hybrid stochastic-symbolic architecture for
Indonesian language analysis system is also
introduced, with the main objective to develop
Bahasa Indonesia Analyser System II (BIAS-II).
The system is intended to improve an interlingual
machine translation and to create information
extraction systems. We describe the training and
testing of stochastic model using annotated
corpus. The results obtained in the experiment
shows significant improvement in tagging and
parsing accuracy as well as overall accuracy in
producing interlingua for multilingual translation
involving Indonesian language

●

Analysis of Character Recognition Methods for
Gurumukhi Script
Indu Chhabra
Deptt. of Computer Science & Applications
Panjab University, Chandigarh
Chhabra_I@yahoo.com
Chhabra_i@rediffmail.com
In this paper an integral approach of various
character recognition methods has been presented
to capture the overall shape of a Gurumukhi
character. This approach uses various statistical and
structural features to infer the shape structure of

●

Development of electronic Assistive systems
such as Digital Library for the blind and
Computer based Communicator for deaf and
dumb in South Indian Languages.
Dr. V. P. Kulkarni.
Technology Research & Development Centre,
Noorul Islam College of Engineering (NICE)
Kumara coil, Thuckalay, KK District,
Tamil Nadu, India
vijaypkulkarni@yahoo.com
Development of digital library in south Indian
languages like Tamil and Malayalam for the blind.
The core idea here is a blind person selects a
particular file from the hard disk of a digital
library computer using the Braille keyboard.
When he/she opens the file, instead of sending
the file to display screen of the monitor, the data
from the hard disk gets converted to the audio
form and read out to the blind person. The essence
of the system is the text to speech converter. The
aim is to provide the audio in Tamil and
Malayalam languages. Computer based
communicator for deaf and dumb in south Indian
languages. The deaf and dumb persons will type

●

Information Retrieval and Integration of
Relevant News Articles
Hirosato Nomura
Dept. of Artificial Intelligence
Kyushu Institute of Technology
nomura@ai.kyutech.ac.jp
This paper describes two systems: an information
retrieval system and an information integration
system. Our information retrieval system differs
from other widely used information retrieval
systems. It finds a series of news articles whose
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their thoughts etc. on a regional language
keyboard. The keystrokes, along with storing the
data on the hard disk, will also convert the same
into the speech, which can be heard by normal
persons. The speech of the normal persons will
get converted into text when he speaks into the
microphone connected to the computer and can
be read by the deaf and dumb persons on the
computer screen, thus establishing a fast and direct
communication link. In this system, a speech to
text converter is used in conjunction with the text
to speech converter of the digital library for blind.
Corollary of the system is: it can also be used by
illiterate rural people, who can not read or write,
to dictate a letter or e mail message and to listen
to a letter received through mail or “read” a book
from the digital library. Development of regional
language keyboard, application packages like word
in the regional languages, text to speech converter
and speech to text converter are the major
challenging tasks. Artificial Intelligence (AI),
Expert systems, neural network, fuzzy logic, LISP
are some of the technologies, which can be used
as core technology. Applications programmes,
operating system kernels, language software
products and other software packages are required.
Domain experts in phonetics, grammar, and
literature have to work intensively with the
computer engineers, software professional and
programmers. Embedded systems can be designed
and developed to produce a portable hand held
special purpose computer, which will run the
software programmes and activate the digital
library and the communicator.

a character. The proposed method is superior to
conventional approach in many aspects. Besides
the conventional Structural techniques some new
statistical methods have been devised, which are
independent of character font and size and gives
more accurate information about the shape of a
character. Character recognition procedure
involves transforming the image of a Gurumukhi
script page into a Binary image, Segmentation of
an image into lines, words and finally into single
character, Extraction of various Structural
Information Extraction methods such as
Horizontal and Vertical Projections, Extremas,
Horizontal and vertical Crossing Count, End Tree
and Half Tree points and Statistical methods:
Directional Distance for eight directions,
Diagonal Projection Profiles, Moments have been
developed and implemented in C++. Finally all
the character recognition programs have been
applied to various Gurumukhi characters to
acquire the overall character image.

contents are closely related to a specified topic.
During the processing, many kinds of evaluation
criteria on the contents are examined. By this task,
the system recognizes that what kinds of detail
correlations among the articles can be detected.
Also the system understands that how close the
each relationship among the articles can be found.
The output is a series of article contents but not
a list of URLs. The information integration
system merges two articles concerning a same
topic into one article. By using this system, the
user can get more information from more than
one news article. By applying this information
integration system to the output of the
information retrieval system, we can get one
article integrated from the series of articles. We
have developed each system and examined with
successful results.
●

differently. The samples of same number is used
to make a template for all the seven parameter of
a number. The process is repeated for all the
numeral. Further, test character is then similarly
processed to find the invariant central moments
and is recognized using Nearest Distance
Recognition Method. Experiments demonstrate
that the proposed system is promising and can
be applied to other Marathi Characters.
●

S. A. Santosh Kumar, P. Srinivas, H. V. Sharada,
V. Ramasubramanian, T. V. Sreenivas
Dept. Electrical Communication Engineering
Indian Institute of Science
Bangalore - 560012, India
Recently we have established the equivalence of
an ergodic HMM (EHMM) to a parallel subword recognition (PSWR) framework for
language identification (LID). The ergodic
HMM is a physically meaningful model of a
spoken language with its states corresponding to
the acoustic units of a language and its statetransitions representing the bigram statistics of
the units implicitly modeling the phonotactics
of the language. Training an EHMM directly on
spoken language data provides the advantage of
jointly optimizing the front-end acoustic units
and the back-end language model of PSWR. We
consider two alternatives to represent the stateobservation densities of EHMM, namely, the
Guassian mixture model (GMM) and hidden
Markov model (HMM).We present a segmental
K-means algorithm for the training of both these
types of EHMM (EHMM of GMMs and
EHMM of HMMs) and compare their
performances on a 6 language LID task in the
OGI-TS database.

Marathi Handwritten Numeral Recognition
Based On Invariant Moments
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R. J. Ramteke
Department of Computer Science and
Information Technology,
Dr. B. A. Marathwada University,
Aurangabad. 431001 India.
rakeshramteke@yahoo.co.in
P. D. Borkar
V. N. S. Institute of Management,
Bhopal, India.
borkar_vns@yahoo.co.in
S. C. Mehrotra
Department of Computer Sci. and Information
Technology,
Dr. B. A. Marathwada
University, Aurangabad, India.
mehrotrasc@rediffmail.com
In this paper, a novel and simple scheme based
on Invariant moment is proposed for Marathi
Handwritten Numerals. The work treats Marathi
Handwritten Numerals as an image of 40 X 40
pixel size. Seven invariant central moments of the
images are evaluated. These moments represent
the numerals in the system. We have collected 10
samples of each number from large number of
peoples, as a person writes same character
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Automatic language identification using ergodic
hidden Markov models

●

Computer Assisted Bangla Words POS
Tagging
Goutam Kumar Saha, Amiya Baran Saha,
Sudipto Debnath, C-DAC, Kolkata
Plot- E2/ 1, Block – GP, Sector – V,
Saltlake, Kolkata 700091 India
goutam.k.saha@cdackolkata.com, Shrink
goutam.k.saha@erdcical.org

●

searching of word synonymy of different
language. The system is designed by using the
object-oriented paradigm to increase its
extensibility, robustness and reusability for
dynamic use in different application and also
tested over 40000 English, 30000 Oriya, and
30000 Hindi words. Morphological Analyser of
each language is integrated to the system for
handling inflected and derived word. Search
Engine of each language has been designed for
efficient searching. The system is developed in
file management system through Java and Java
Swing for both the Windows and Linux platform.
●

Extraction of Brahmi Script from Partially
Distorted Stone Inscription.

Sanghamitra Mohanty, K. Siva Prasad, Prabhat
Kumar Santi, Chinmaya Kumar Swain,
Monalika Priyadarshani Barik
Post Graduate Department. of Comp. Sc. and
Application, Utkal University,
Bhubaneswar, Orissa, India- 751004.
(sangham1, s_prasad_k, pksanti,
chinmaya_swain, monalika_p ) @ rediffmail.com.

Sanghamitra Mohanty, H. K. Behera and B. Kaur
Dept. of Computer Science & Application,
Utkal University, Bhubaneswar,
Orissa, India
sangham1@rediffmail.com
The Brahmi script is one of the most important
ancient writing systems in the world by virtue of
its time depth and influence. It represents the
earliest post-Indus corpus of texts, and some of
the earliest historical inscriptions normally found
in India. Most importantly, it is the ancestor to
hundreds of scripts found in South, Southeast,
and East Asia. To preserve the script we have
extracted the scripts successfully applying a novel
technique.
●

Development of tagged corpora in Oriya using
rule-based Parts-of-Speech tagging approach is the
focus of this paper. This method is most
applicable for highly inflected and derived
language like Oriya. For the development of such
a system, a reliable dictionary of root words along
with their parts-of-speech information and a
robust Morphological Analyser is needed. Karaka
theory is implemented in order to assign correct
tags to words in the sentences in corpora. The
tagging schema used provides maximum
information for constituent words like partsofspeech, Karaka relation, inflection, number and
person. This method provides a promising
approach towards parts of speech tagging for
Indian Languages where suffixes prove a vital role.
The tagged corpus is useful for most Oriya
Language Processing applications.

Electronic Thesaurus: A Model Architecture
S. Mohanty, P.K. Santi, Jyotirmayee Shukla
Post Graduate Department. of Comp. Sc. and
Application, Utkal University,
Bhubaneswar, Orissa, India
(sangham1, pksanti, jyotirmayee_shukla) @
rediffmail.com.
The electronic Thesaurus (e-Thesaurus) is a tool,
which incorporates word with their synonym set
in different languages in electronic format. The
basic objective of this system is to provide an
efficient user friendly and reliable tool for

Rule Based Parts-Of-Speech Tagging For Oriya
Tagged Corpora: Based on KARAKA Theory

●

Ontological Analysis in Sanskrit WordNet
S. Mohanty, P.K. Santi, Ranjeeta Mishra
Dept. of Computer Science & Application
Utkal University, Bhubaneswar, Orissa
(sangham1, pksanti, hello_ranjeeta1)
@)rediffmail.com
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This paper describes a work on a machine assisted
part – of – speech (POS) tagging of Bangla words
in Bangla corpora. This work aims to enable the
Bangla natural language translation and processing.
Bangla words have been classified into seventysix different parts – of – speech categories including
various major word groups and subgroups. This
work aims to provide an integrated user - friendly
software interface to the user to annotate the
Bangla word set selected from various electronic
Bangla corpus. This work will also assist the user
to carry out morphological analysis of the Bangla
words. This work will be a useful supporting tool
in the Bangla (natural) language translation.
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A WordNet plays an important role both in the
development of NLP applications such as
Machine Translation System and information
retrieval. The words of a language are extremely
powerful units that bind together in extensive and
unique ways to create a knowledge web. SanNet
or WordNet for Sanskrit is an online lexical
database. It is an attempt to build a lexical
reference System for Sanskrit language. For each
word we find the synonym set, representing one
lexical concept .We have also correlated it to the
techniques and ontological analysis of Princeton
Word-Net (PWN). More stress on the ontology
of NNP(Navya Nyaya Philosophy) has been
given, because it helps to analyse Indian cultural
and philosophical kinship. We have organized
seven (7) unique beginners and more than two
hundred categories whereat ontological analysis
of a leaf word is terminated. All those categories
are to be implemented in the context of
Hypernym and Hyponym Relations of Sanskrit
Word-Net. These synonym sets are linked with
other synonym sets with hypernymy-hyponymy
relationship. SanNet also has some features like
Antonymy, Definition, English-meaning and
example etc. The data entry interface is
implemented using Java-Swing.
●

Indexing of Document Images Using Word
Image Features: Geometric Feature Graph and
Envelope Curves
Jagrati Paranjpe, Gaurav Harit,
Vellabhaneni Geethika,
Department of Electrical Engineering Indian
Institute of Technology New Delhi, India
jagrati_1579@yahoo.com, gharit@ee.iitd.ernet.in
geethika123@rediffmail.com,
santanuc@ee.iitd.ac.in
The economic feasibility of maintaining large
databases of document images has created a
tremendous demand for robust ways to access the
information contained in these document images.
In an attempt to ensure wider dissemination and
use of classical paper based information, large
quantities of printed documents are often scanned
and archived as images without adequate indexing
information. The content of the document is not
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directly available since the internal representation
is simply in the form of set of pixels. So the
alternate form of indexing can be based on
document page or word image (the portion with
in the bounding box) characteristics. We have
proposed and implemented an indexing scheme,
which uses symbolic descriptors and envelope
curves for the purpose of indexing into the
database of word images. The scheme is based
upon the features extracted from the binary
images of words. The approach is generic and can
be used for different languages.
●

Multilingual summarization for Indian
languages: A prototype system and its
evaluation
Kamal Sarkar, Sivaji Bandyopadhyay
Computer Science & Engineering Department
Jadavpur University,
Kolkata, INDIA
{jukamal2001@yahoo.com , sivaji_ju@vsnl.com}
As the amount of on-line information in Indian
languages increases and India is a multilingual
country, systems that can automatically
summarize multilingual documents are becoming
increasingly desirable. Since the document level
machine translation for Indian languages is not
yet at the ready-to-use stage, the approach to
summarizing multiple multilingual documents
by translating all the documents from the
multiple languages to a particular language or
English is not suitable for summarizing multiple
documents in Indian languages. So, in this paper,
we have proposed a suitable prototype system for
summarizing multiple documents in Indian
languages. This paper also investigates the
problems, difficulties and requirements of
resources in the different phases of multilingual
summarization for Indian languages. Though the
proposed prototype has been designed to
summarize the English and Bengali text
documents, the system may also be extended to
incorporate the documents in other Indian
languages.

Generalized Tagged Example Base in Machine
Translation of News Headlines

in a specific context. This is crucial for
applications like Machine Translation and
Information Extraction. While the work on
automatic WSD for English is voluminous, to
our knowledge, this is the first attempt for an
Indian language at automatic WSD. We make
use of the Wordnet for Hindi developed at IIT
Bombay, which is a highly important lexical
knowledge base for Hindi. The main idea is to
compare the context of the word in a sentence
with the contexts constructed from the wordnet
and chooses the winner. The output of the system
is a particular synset number designating the sense
of the word. The mentioned Wordnet contexts
are built from the semantic relations and glosses,
using the Application Programming Interface
created around the lexical data. The evaluation
has been done on the Hindi corpora provided
by the Central Institute of Indian Languages and
the results are encouraging.

Diganta Saha, Sivaji Bandyopadhyay
Computer Science & Engineering Department,
Jadavpur University,
Kolkata, INDIA,
neruda0101@yahoo.com, sivaji_ju@vsnl.com
Most of the International and National news wire
service agencies send news items in English.
Manual translation of these news items into any
other language is slow and tedious. The inflow
of news items is not evenly distributed. The
internet editions of News papers in English and
regional languages are now a reality. The domain
of news items has attracted the attention of
Machine Translation (MT) researchers all over the
world.
●

Sanskrit Karaka analyzer for Machine
Translation
Sudhir Kumar Mishra, Girish Nath Jha
J.N.U. New Delhi
mishra_skumar78@yahoo.co.in
girishj@mail.jnu.ac.in
The paper presents a model for a Sanskrit Kâraka
Analyzer (KAS), which will describe a laukika
Sanskrit text based on Pa•#ini kâraka
formulations. This will be an important
component in any Sanskrit-Indian language
translation system. The overall model of the
system is as follows INPUT TEXT | VIBHAKTI
KNOWLEDGE BASE | KARAKA
KNOWLEDGE BASE | MARK VALID/
INVALID | OUTPUT ANALYSIS

●

Hindi Word Sense Disambiguation
Manish Sinha, R. Mahesh Kumar R., Pushpak
Bhattacharyya
Department of Computer Science and
Engineering
Indian Institute of Technology Bombay,
Mumbai, India
{manish, mahesh, pb}@cse.iitb.ac.in
Word Sense Disambiguation (WSD) is defined
as the task of finding the correct sense of a word

●

An Efficient Method of Feature Selection for
Text Documents Classification
Nirmalya Chowdhury, Diganta Saha,
Department of Computer Science and
Engineering,
Jadavpur University, Kolkata, West Bengal, India.
Department of Computer Science and
Engineering, Jadavpur University,
Kolkata – 700 032, West Bengal, India.
nir63@vsnl.net
Feature selection is an important step in any
method of pattern classification. In this work,
we have proposed an efficient method of feature
selection for text documents classification. Kmeans algorithm has been used to group the
pattern vectors for the given text documents. The
groups are then labeled on the basis of the
frequency of the class titles found in each such
group. Text documents from four given classes
are considered for experimentation Experimental
results on three sets of real life data show the
utility of the proposed method.
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●

●

Offline Handwritten Gurumukhi Character
Recognition using Artificial Neural Networks

translation of a document by a human translator,
without any MT software being involved are
elaborated. The Translator first reads the entire
text in the Source Language and then refers to
similar literature in the Target Language, to get a
better understanding of the subject matter, before
attempting the translation. This initial holistic
consideration of the document gives a better
understanding of the text. However the developer
of MT software tries to break sentences down
into their constituent parts and this translation
of ‘parts’ finally gives the meaning of the ‘whole’
document. This is a key point of difference
between MT and HT and the manner in which
MT can exploit this ‘whole to parts’ method for
more efficiency is explained.

Manish Kumar
Computer Sc. & Appl. Department,
P.U. Regional Centre, Muktsar, Punjab (India)
mk_jindal@rediffmail.com
R. K. Sharma
School of Mathematics and
Computer Applications, TIET, Patiala
Punjab (India)
rksharma@tiet.ac.in
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Sachin Papneja
CSED, TIET, Patiala
Punjab (India)
sachin920@yahoo.co.in
Recognition of handwritten characters is an
extremely challenging task due to great variety in
style of writing the same character. In this paper,
we have presented an artificial neural network
based approach to recognize Gurumukhi script
characters. We have used back propagation
algorithm to train the network. Initially, six
Gurumukhi characters are used for training and
testing has been performed on new patterns of
each character. Although, the recognition accuracy
is not very high, it can be improved using the
same network by increasing the number of
training patterns.
●

●

Computer

Aided

Translation Memory (TM) is an integral part of
Computer Aided Translation (CAT) Systems, but
the sharing of TM is usually confined to a
corporate LAN. Ideally, TM should be shared
across the Internet to provide best benefit for
translators. We describe a peer-to-peer network
which enables translators to share their TM in
real time at large scale and also incorporate
Machine Translation servers to provide draft
translation. Initial experiments show that this is
a very promising way of sharing TM and indicates
new direction for CAT research.

Ms. Tessie George,
Scientific Officer (Technical Translator),
Bhabha Atomic Research Center,
Mumbai 400 085
●
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Xiaodong SHI, Hui ZHANG, Yidong CHEN,
Tangqiu LI, Fengmei ZOU, Zhongpan QIU
Center for Language Technology, Xiamen
University, China
{*mandel,ydchen, tqli, fmzou}@xmu.edu.cn

How to do the translation professionally: How
the human translation experience can enrich
machine translation

Machine Translation is Artificial Intelligence,
which is an attempt to imitate the way in which
the human brain works while translating a
document in the traditional way. The paper is
presented by a professional translator who has
over 15 years experience, including 5 in which
MT has been used regularly. Pure traditional
Human Translation, not machine aided HT or
human aided MT, is first discussed. The stages of

Peer-to-peer
Translation

Acoustic-Phonetic Approach For Word
Recognition- A Case Study Of Hindi Language
Mohit Gambhir, Sapna Gambhir and P.R.Gupta
Center for Development of Advance Computing
C-56/1, Anusandhan Bhawan, Noida , India
poonamgupta@cdacnoida.com
Spoken language tools are yet to come of age.
The available tools are restricted to a specific

●

Editing & Interoperability Issues in Complex
Scripts
Om Vikas, Vijay Kumar
Department of Information Technology
6 C.G.O.Complex, Lodhi Road,
New Delhi 110 003
&
Rajeev Prakash
VSOFT Services Private Limited
omvikas@mit.gov.in, vkumar@mit.gov.in,
rajeevpkhare@rediffmail.com
While moving from ISFOC/ISCII based text
editing to Unicode based text editing problems
are faced in composing the documents. There is
a desired mismatch between Keyboard Input
Buffer and Display Buffer for Indic scripts as
rendering is complex. This poses a problem
during editing as editing is done on Input buffer
String but what is visible is display buffer string.
This paper carries out a brief analysis of the
problem and present a simple popup Input String
Text Box as a solution for Unicode based editors
like Office XP on Win XP Platform.

●

Automatic Language Identification
Baskaram S, Ramesh Kumar, S. Vinod Babu,
Viswanathan S.
AU_KBC Research Centre, MIT Campus
Chromepet, Chennai
Identifying the language of a written text is a
challenging task with potential for use in multiple
applications. The task is complicated by two facts,
i) the varying sizes of the character sets used to
encode different languages and ii) the usage of a
variety of character sets for a single language.
Though many language identification systems
exist, almost all of them use exclusively a variant
of the N-gram techniques. In this paper we present
a Language Identification system that uses a
combination of techniques including N-grams,
spectral distribution, suffixes/prefixes and Multivariant analysis. The system can currently identify
24 languages and 29 characters set altogether, with
an average accuracy exceeding 95%.
Courtesy: TDIL Programme,
Department of IT,
Ministry of Communication and IT,
New Delhi-110003 E-mail: tdilinfo@mit.gov.in

A TEXT file generated in Roman script can be
opened in any word processor. But it is not same
with Indian Language TEXT file. Coding of each
font vendor does not match with each other. The
solution to this problem was implemented in the
form of a converter (Glyph coded to Unicode).
But this is not a permanent solution. Vendors
should follow same font coding standard in their
software development.
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language for efficient & accurate output. In Indian
context, the use of such tools for Indian languages
can bring the IT and ITES to masses by reducing
the digital divide. Hindi is official language as
per constitution of India having common script
i.e. Devnagari with Nepali, Marathi, Konkan,
Sanskrit etc. In the present paper, the features of
Hindi as a phonetic language are presented. An
automatic speech segmentation tool and template
matching tool for Hindi speech are developed,
the results of which are presented.

