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From Editor’s Pen.....
Dear Readers,
Speech access to ICT applications in Indian Languages will remove barrier of digital access. Text
to Speech Technology breakthrough in 6 Indian Languages has lead to digital inclusion of not-literate,
visually challenged, low vision and senior citizens who are not English literate. This has been done based
on syllable based research methodology as highlighted in this issue. The more challenging component of
speech based access is speech recognition which has also been achieved for agricultural commodity prices
retrieval from Agmarknet Website. The detailed methodology and results are presented in this issue. The
speech expertise in this area needs to be developed further for large scale replication of speech access in
the country.
The Indian languages enabled ICT applications need to ensure linguistic correctness of the
solutions provided. The script behaviour standards are being evolved and the current issue is covering the
summary of this work for Hindi based on Devanagari Script. The feedback on this standard is sought from
the readers and the complete document can be accessed on TDIL Data Centre.
I am deeply pained to share that we have lost Dr. R.M.K Sinha who did pioneering work in the
area of language technology and was, till date, actively involved in the areas of machine Translation,
Natural Language Processing and Optical Character Recognition. Dr. R.M.K. Sinha was the originator of first
multilingual computing platform-GIST and spearheaded the technology proliferation of GIST through
Centre for Development of Advanced Computing(C-DAC). His contributions in the TDIL initiatives are now
fructifying into the deployable solutions. The younger NLP community will be the torch bearer of his
research contributions for realising his dreams towards the National cause.
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Syllable-based speech synthesis
systems for Indian languages
Anila S Kurian1, Ashwin Bellur1, K Badri Narayanan1, M V Vinod1, Raghava Krishnan K1, G R Kasthuri1, C
Chandra Sekhar1, T Nagarajan6, Hema Murthy1, Naresh Kumar2, Veera Raghavendra2, P Vijay Aditya2 S P
Kishore2, S L Binil Kumar3, Sajini T3, K G Sulochana3, Pranaw Kumar4, Bira Chandra Singh4, N P Narendra5, K
Sreenivasa Rao5, Somnath Chandra7 and Swaran Lata 7
Abstract—In this paper, a consortium eﬀort on the development of text to speech synthesis systems for
Indian languages is presented which are built around the concatenative speech synthesis framework.
Unlike conventional cluster unit synthesis systems, here the syllable is chosen as the basic unit rather than
phones or diaphones. This paper describes an effort focused on collecting text and speech data, as well
as the various steps involved in the process of building high quality text to speech synthesisers, for
low-resourced Indian languages. Inadequacy of data renders the tasks of deriving appropriate letter-to-sound
rules and obtaining accurate speech segments diﬃcult, and manual methods for the same are presented
here. A common platform to build syllable based Indian language voices using the Festival framework has
been proposed. Third party listening tests show the MOS obtained for the 6 languages we built synthesisers
for to be uniformly around 3.
Index Terms—Indian languages, text-to-speech synthesis (TTS), screen readers, syllable-based speech
synthesis, concatenative speech synthesis, UTF-8 based synthesis.

I.

Introduction

Most Indian language scripts are derived from the ancient Brahmi script. The basic unit of the Indian writing system is
the Aksharan, an orthographic representation of a speech sound; Aksharas are syllabic in nature of the generalized
form C*V1. There are 22 oﬃcial languages in India, and they belong to the Indo - Aryan and Dravidian group of
languages, which have experienced signiﬁcant borrowings from each other [1]. All the languages share a common
phonetic base [2]–[5] consisting of 15-18 vowels and 35-38 consonants. Although the scripts and phonotac-tics2
diﬀer, the letters have a close correspondence in terms of sounds [1], [6], [5].
1Indian Institute of Technology Madras, India
2International Institute of Information Technology, Gachibowli, Hyderabad, India
3CDAC, Trivandrum, India 4CDAC, Mumbai, India
5School of Information Technology, IIT Kharagpur, India 6SSN College of Engineering, Chennai, India
7Technology Development for Indian Languages, Ministry of Information Technology, Government of India, New
Delhi, India
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Prosody, on the other hand, varies signiﬁcantly across the languages in terms of duration, intonation and
prominence associated with each syllable. Early works in building TTS systems for Indian languages
primarily relied on rule based synthesis techniques which required a large amount of eﬀort and time in
deriving co-articulation and prosody rules [7]–[9]. Sridhar Krishna’s eﬀort in [10] attempts to capitalise on
the common phone-base across Indian languages to build a multilingual speech synthesis system using the
Festival [11] framework where extensive prosodic analysis for each language was performed. There have also been
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eﬀorts in using unit selection synthesis techniques for building TTS systems [12]–[16] , but they use relatively small
speech databases without a systematic approach to fallback3 and thus do not fully exploit the potential of unit
selection techniques. Syllables are the natural units of speech production [17], and are large units that can
accommodate the acoustic variability of speech while still being small enough to be modelled. Indian languages are
syllable-timed4. Therefore what is perhaps appropriate would be to deﬁne rhythm in terms of syllable rate as
suggested in [18]. The average duration of a syllable is around 133 ms with small deviations [19], [20] in contrast to
signiﬁcantly varying phoneme durations. No attempts exist that use better units than the syllable that accommodate
variations due to context, prosody, and correlate the same with the articulatory description. Syllable as a unit for
speech synthesis is conﬁrmed by the eﬀorts of other researchers [13]–[15], [21]– [24]. From an acoustic phonetic
perspective, syllables are known to be acoustically and perceptually stable units when compared to phones or
demisyllables [25]. Energy being low at syllable boundaries results in spectral errors being in signiﬁcant. Although
any Indian language has a large inventory of syllables, syllables also follow the Zipf distribution [26] shown in Figure
1. In spite of this there were many instances where an instance of a particular syllable was not found in the database in
which case a suitable backoﬀ strategy had to be employed. Figure 2 shows the distributions of diﬀerent categories of
syllables for all the six languages.
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State-of-the-art high quality speech synthesisers [27], [28] are based on concatenative waveform synthesis
[29]. In particular, systems based on cluster units perform very well, primarily because this method of
synthesis is based on a huge repository of multiple realisations of a unit in diﬀerent context. The rest of the
paper is organised as follows: in Section II, describes the methods adopted to collect text and speech
data. Section III details the speech segmentation methodology. Section IV discusses text processing for the
Indian languages considered. Section V discusses relevant prosodic rules. In Section VII, the results are
quantiﬁed in terms of mean opinion score (MOS) and degradation MOS (DMOS). The major conclusions
are highlighted in Section VIII.

II.

Speech Data Collection

It is important that the chosen text data covers all the common words, phrases and syllables of a
language. Text from news, blogs, short stories and Chandamama (a children’s magazine) [30] were
crawled from the Inter-net, apart from the text from specialised domains. These crucially include frequently
used colloquial words/phrases, and vocabulary speciﬁc to sports, culture/region and consumer information.
Sentences were chosen to cover a large number of syllables with minimal polysyllabic words (upto 3 per
word) to ensure consistency in syllabic rhythm. Sentences with proper nouns and complicated words with
unnatural syllable combinations were either omitted entirely, or the troublesome words were substituted
by simpler words, while preserving the original context.
To record the speech database, a lot of emphasis was laid on selecting an exceptional voice talent (speaker).
10-15 minutes of speech (identical text) from each speaker (professional radio jockeys) was recorded, and
the recordings subjected to duration and intonation modiﬁcation using standard signal processing tool kits
[31], [32]. 12 hours of speech data has been recorded in a noise-free studio environment at a sampling rate of
48 KHz with a resolution of 16 bits per sample. A single speaker with perfect diction is chosen and a
constant syllable rate is maintained across the recordings. Transcription errors (misspellings) were
corrected pre-recording. To handle mispronunciations, the text was corrected manually post-recording
according to the speciﬁc pronunciation of the speaker. The performance of the speech synthesiser improved
considerably upon the use of the above measures. Table I gives a summary of data collected for each of
the Indian languages.
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III. A labelling tool for speech synthesis using syllable
Conventionally, to obtain labelled corpora for the purpose of building a text-to-speech synthesis
system, a speech recogniser is used [11]. Since the accuracy of labelling in these methods depends
critically on the amount of training data, low resource languages suﬀer. Manual labelling is subjective
and prone to error. Alternatively, signal processing cues can be used.
Group delay based processing of the short-term energy function yields syllable boundaries [33] which
exploits the fact that vowel regions possess higher energy than consonant regions. The technique
described by Prasad in [33] is proposed in the context of speech recognition. In the context of speech
synthesis, the boundaries must be accurate and more importantly, consistent. A semi-automatic tool which
uses vowel onset point (VOP) [34] and Ergodic HMM (EHMM) [11] in addition to group delay algorithm is
used to generate accurate syllable boundaries given the waveform and text as input in UTF-8 format. The
tool aligns syllabiﬁed text with the speech segments. Syllabiﬁed text is obtained using the rules described in
IV-B. For a detailed description of group delay based segmentation, refer to [19]. Figure 3 is a snapshot
of the labelling tool which displays the output segmentation obtained using VOP and EHMM in addition
to GD labels.

1) EHMM: This uses the standard EHMM tools avail-able in the library of the Festival speech synthesiser.
The transcription is given in terms of the phones of a given language. The phone models are iteratively reestimated. Forced alignment is then performed at the syllable level to obtain syllable boundaries.
2) VOP: Vowels are associated with distinct vocal tract shapes that manifest in the spectrum of the speech
signal as peaks as described in [34]. The largest peaks in the spectrum correspond to that of formants, the
amplitudes of which can be used to estimate the vowel onset point.
Each syllable segment (as determined by GD) is subjected to the vowel onset point detection
algorithm. The colour code in the VOP panel indicates the number of VOPs found in each segment: red
corresponds to zero VOPs, green corresponds to one VOP, and yellow corresponds to more than one
VOP. Using the tool the user can listen to each segment and correct the boundaries. Boundaries can be
added, deleted or moved to right and left.
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This tool has been found to be quite accurate as can be seen from the performance on 100 sentences of the six Indian
languages in Table II. The percentage of correctness was calculated for the best set of parameters. The accuracy is
obtained as:
(Actual number of segments - Insertions + Deletions)
Actual number of segments

A. Labelling data for back-oﬀ units
Label ﬁles for back-oﬀ units are obtained by splitting the syllable level ﬁles into smaller label ﬁles which
give the back-oﬀ transcription within a syllable. Embedded re-estimation is then performed on the back-oﬀ
units within the syllable which are then concatenated to obtain the sentence level back-oﬀ label ﬁles.

IV. Text processing for Indian Languages
Although Indian languages are subsets of a common phoneset, the phonotactics for each language is
signiﬁcantly diﬀerent. A text parsing module which contained a set of hand written rules to obtain the
syllable sequence for a given text was developed.
Text parsing within the Festival framework was handled in the following ways: i) Pronunciation dictionary
and ii) Letter to sound rules that are speciﬁc to every language. During synthesis, a word would ﬁrst be
looked up in the pronunciation dictionary and the hand-written letter to sound rules would be employed if
the word was absent. For handling numbers, dates, time, abbreviations, currency symbols and a few special
symbols, rules to convert this into the appropriate word representation were written.

(A) Pronunciation Dictionary
Large vocabulary dictionaries were generated using text crawled from the web. Pronunciation
dictionaries were then built by breaking the word into syllables and phonemes (in UTF-8 and iT3
[35]) using the hand Incorrect entries in the pronunciation dictionary were corrected manually.
Written letter to sound rules depending on the presence or absence of the syllables in the database.

(B) Letter to Sound Rules
To syllabify words, language speciﬁc rules followed by syllabiﬁcation rules have to be used. The rules of
syllabification are similar across languages as it only involves breaking the word up into C*VC* units.
Missing syllable units are a frequent occurrence during synthesis. Usually about 80% syllable coverage is
achieved even in languages with simple syllabic structure. We therefore need an eﬃcient back-oﬀ strategy to
handle cases of missing syllable.
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In this section, letter to sound rules unique to each language are described.
1) Rules for Bengali: Simple LTS rules for Bengali have been described in [36], [37]. These rules
include the orthographic rules and schwa deletion rules.
2) Rules for Hindi and Marathi: The rules for Marathi are identical to that of Hindi since both
languages are written in the Devanagari script. The rules were mostly obtained from [38] and [39].
Almost 90% of the words were syllabised using these rules. Words that did not follow the rules were
treated as exceptions and were manually corrected or a separate rule was used to parse such words.
One such crucial rule is the rule for schwa deletion where the word रा म is written as /raama/ but is
pronounced as /raam/
3) Rules for Malayalam: Apart from the traditional set of rules, some exceptions to the common set
of letter to sound rules (LTS) rules are primarily derived from the grapheme. It was observed that
there are a number of variants in the pronunciation of the phoneme /k/. As in other languages
most of the required pronunciation variations were incorporated in the dictionary.
4) Rules for Tamil: In Tamil, voiced and unvoiced stop consonants have the same orthographic
representation. To diﬀerentiate these sounds diﬀerent kinds of tagging are performed:
I.
II.

Un-voiced Tagging - Characters க (ka) ச (cha) ட (Ta)  (tha) த (pa) are tagged as unvoiced when they occur at the beginning of a word or appear as a geminate.
Voiced Tagging - Characters க ச ட  த (ka cha Ta ta pa) are tagged as voiced when they occur in
between the vowels, after nasals (ங ஞ  ண  ) (N^a na Na ^na na ma) or after the consonants
(  ன ப ) (ya ra la La Ja).

III.

Intervoiced tagging of ச (cha) - This unit is tagged as inter-voiced when it occurs as a
geminate in a word. For example: அச்ச (achcha)_iv்(m)

IV.

Geminate tagging of ந (Ra) - When this unit occurs as a geminate, it is stressed and
has to be tagged separately.

5) Rules for Telugu: The uniqueness of the rules for Telugu is the handling missing syllables using a
perceptually motivated rule-based back-oﬀ method known as vowel epenthesis, which attempts to
emulate the intuition of a native speaker, e.g. the English word ’bulb’ which is pronounced by Telugu
speakers trained in English as [balb
6) ]1 and as [balubu] by native Telugu speakers untrained in English. The consonant cluster ’lb’ is new
to native Telugu speakers; they perform an insertion of the vowel ’u’ to split it. Another ’u’ is also
inserted after the word ﬁnal stop consonant ’b’, as words in Telugu always have vowel endings. A
short description of the rules for incorporating vowel epenthesis is given in [40].

V.

Prosody modelling for syllable based TTS within the festival
framework

In order to build UTF-8 voices for Indian languages, some parameter tuning and customisation had to be
done within the Festival framework. This includes extraction of better linguistic and phonetic features
which serve as questions while building Classiﬁcation and Regression Trees (CART) for syllables and
deﬁnition of appropriate acoustic distance measures for the purpose of clustering and cost computation.
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The following is a summary of modiﬁcations that were made to adapt Festival to use the syllable as a basic
unit.
(a) Customizing the Phoneset - The phoneset features were customised to accommodate syllable
level features such as type of syllable, type of vowel, length of vowel and place and manner of articulation of
ﬁrst and last consonants instead of phone level features.

(b) Linguistic and phonetic features - The features in the case of building syllable based TTSes
should be chosen such that the clustered units preserve the gross acoustic properties of the syllable
[41] [42]. Phrase boundaries must be marked in the speech corpora to determine some of these
features. The additional features used to cluster syllables are word length, distance of the syllable from
the beginning and end of phrase, relative position of phrase in the utterance, position of the syllable
with respect to phrase boundary, identity of neighbouring syllables and phonetic features of
neighbouring syllables.

(c) Optimizing parameters - Some of the acoustic parameters that were optimised to cluster
syllables better are:
_ Cluster Size - This parameter controls the number of leaves in the CART. The cluster size
was reduced to _ 5 since syllables are larger than phones and therefore have fewer instances,
_ Duration pen weight - This parameter speciﬁes the importance given to the duration of
units for clustering which was given a high value to ensure syllables with dissimilar
durations were clustered separated.
_ F0 pen weight - This parameter speciﬁes the importance given to F0 during clustering which was
also given a high value
_ ac left context - This parameter speciﬁes the importance given to co-articulation. This was
reduced for the case of syllables as the co-articulation across syllables is minimal.

(d) Pre-clustering
_ Positional Context - Syllables were tagged with respect to their position in a word because of
the diﬀerence in the acoustic properties. The context is preserved during synthesis.
_ Geminates - Geminate syllables when used in a non-geminate context degrade the quality of
synthesis which is why syllables are tagged with geminate context.

(e) Acoustic distance measure for Hindi and Tamil - In [43], in order to capture coarticulation, the acoustic distance between successive units considers a certain percent of the frames of
the previous unit. The default is 80% of the previous unit. As the syllable unit is larger and coarticulation across syllables is relatively small when compared to diaphones, this was reduced to 10%.

(f) Rules of Bengali - In Bengali CART built using linguistic, phonetic and contextual features are
used to predict duration and f0 values during synthesis [44].
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VI. Phase Break Predication
Phrase break prediction makes the synthesised speech sound more intelligible and has to be tackled in
diﬀerent ways for diﬀerent languages as language speciﬁc features of the text have to be used to predict
them. Figure 4 shows an example portion of a CART tree used to predict phrase breaks for Hindi. The
details of how phrase break prediction has been handled for diﬀerent languages have been described
below.

(a) Phase break predictions for Hindi – For Hindi it was found that there are certain case markers in
Hindi such as cues to predict phrase breaks. Features such as identify of neighbouring words, as well as the
position of a word in a phrase, and the punctuation following the word were used as features to build the
CART to predict phrase breaks for Hindi. A few example case markers and the probability of the m being
followed by phrase breaks in given in Table III.

(b) Phrase break prediction for Marathi - Word terminal syllables are use to predict phrase breaks in
Marathi. 400 such syllables with a probability > 0.9 of being followed by a pause were identified on
performing analysis and a pause was inserted each time any of these syllables were encountered. Examples of
some such syllables are धा शा, दला, दशा, गा ता.

(c) Phrases break prediction for Marathi – Tamil and telgu being agglutinative languages, it
was not possible to find isolates words which acted as case markers. Word-terminal syllables were
used as predictors of phrase breaks. Features such as identity of the word terminal syllables of the present,
previous and next words, as well as the identity of the present, previous and next words and the position of
the word in the phrase were used to build the CART to predict phrase breaks. A few example word terminal
syllables and the probability of them being followed by phrase breaks is given in Table III.

VII. Evaluation of the text-to-speech synthesis system
MOS ([45], [46]) and Degradation MOS (DMOS) tests were conducted for six Indian languages by both visually
challenged evaluators and non-visually challenged evaluators across various centres in India. Synthesised speech files
belonging to different domains were chosen for quality evaluation. The various factors that were considered while
performing evaluation tests are given in [47]. All tests except DMOS we performed by a third party. The results of
evaluation are given in Table IV.
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VIII. Conclusion
In this paper, a consortium eﬀort on building text-to-speech synthesis systems for Indian languages is
presented. Indian languages being syllable-timed, the syllable was used as the basic unit for
concatenation. Although Indian languages have a common phone-set, nevertheless, they are very diﬀerent
in terms of prosody and phonotactics. Appropriate prosodic manipulations are therefore required to
build high quality text to speech synthesisers. Various details on the work done on collecting text
and speech data for the six languages have been presented. Details on building speech synthesisers
have also been presented. Table I gives the complete details of the various languages, in terms of
pronunciation dictionaries, number of words, syllable coverage, number of sentences, etc. The synthesis
systems are available at http://www.iitm.ac.in/donlab/festival/.
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Abstract
In this paper, we present our efforts in developing a telephony-based spoken dialog system to provide location-based, real-time
information regarding the prices of agricultural commodities in six Indian languages. The motivation for building these systems is
to provide automated access to information regarding market prices to farmers. Most farmers are not literate, but know how to use
mobile phones through which they can access the aforementioned information. The languages covered are Assamese, Bengali,
Hindi, Marathi, Tamil and Telugu. These languages are under-resourced as they have very little speech, text and language
resources for developing such systems. Specially, efforts were made to use a common set of phones across languages, and
standardize the data collection set-up, transcription, building of lexicon and acoustic models. We hope that, in the future, systems
will be built for most Indian languages using these resources. The performance of these systems is measured in terms of both
successful transactions and speech recognition accuracy. Finally, some cross-language experiments are performed, where the
resources from one language are used to test another language.
Key words: Under-resourced languages, data collection, automatic speech recognition, speech-based system, Indian languages

I.

Introduction

This paper describes in detail about our attempts in building an information access system using speech inputs that
provides location-based, real-time price of agricultural commodities. While many decades of research and generous
funding has gone into developing speech technology for American English and European languages, this is the first
major effort to develop speech technology applicable for Indian languages. Some of the previous efforts to build
Automatic Speech Recognition (ASR) systems in Indian languages include those for Hindi and a few other Indian
languages. One of the earliest systems followed a hierarchical approach to recognise Hindi sentences spoken with a
pause between words (Samudravijaya et al., 1998). A dictation system for Hindi was developed by adapting an
English ASR system and retraining with Hindi utterances (Kumar et al., 2004). ASR systems were also implemented
for Marathi, Tamil and Telugu languages using continuous speech data (Singh and et al, 2004), (Anumanchipalli et
al., 2005). However, most of these systems were built using read speech, which are wide band in nature and have not
been extensively tested. Spoken-Web is another recent effort in Indian languages. Language independency is one of
the primary constraints for the Spoken-Web application. Therefore, speech recognition techniques are not typically
applicable, as these techniques exploit the language or domain specific constraints (Mantena et al., 2011b), (Metze et
al., 2012). The motivation for building these systems is to provide information about com-modify prices directly to
farmers. This saves them a trip to the local market, and also aids in preventing losses from selling gullibly below
market prices. As per the census in 2000 (India Population, 2009), there are 600 million people who belong to
farming households and are directly engaged in agriculture.
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We envision that the development of a system such as ours would be of much help to these people. Table 1 shows the
user population in various languages. The data for population, number of farmers and literacy rates were obtained
from (Assamese Dialects, 2001; Assam Population, 2010; Marathi Population, 2011; Marathi Dialect, 2009; Bengali
Population, 2000; Chatterji, 1926; Hindi Population, 2011; Hindi Literacy Data, 2008; Hindi Dialects, 2002). In most
cases, the dialects react different geographical regions. The objective is to develop an interface using speech
technology, so that users are able to get the relevant information with minimum human intervention. Owing to the
diversity of languages and commodities across different regions, special care is taken to customise the speech
interfaces for each region. The list of commodities includes fruits, vegetables, cereals and spices.

Our system primarily increases the availability of the services provided by the ministry website
http://www.agmarknet.nic.in/ to farmers. This website is hardly used by farmers as most of them are illiterate and lack
the known-how to use computers. Even the availability of Internet connection in rural India is limited. Since most
farmers possess cell phone, they only need to dial the specified help-line number and speak in their native language to
use the systems developed in this paper. The potential of this technology is due to the following reasons:
Deep penetration of mobile phones in India's rural areas. According to the latest Telecom Regulatory Authority of
India estimate, there are over 850 million mobile phones in India, out of which 38% are in rural areas (Telecom,
2012). This enables the use of mobile phones as a medium of getting information.
Due to limited internet connectivity in rural India, installation and usage of web-based services are not feasible.
Poor literacy rate among target users implies that speech remains the best means of communication for them.
In order to develop such a speaker independent telephony based system to provide the market price of agriculture
commodities, we need to deal with narrowband speech which has significant number of decencies. Further
complications arise due to the presence of varying degrees of environment noise. Moreover, the system is built for
languages which have hardly any speech data collected that are also carefully transcribed. Additionally, we strive to
deal with many of the known challenges in speech technology, namely, Accent and dialect variations especially of
rural population.
High levels of noise normally encountered in fields and along the road side.
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Decencies, pauses and wrong inputs that can occur, since the users are not used to these automated technologies.
Issues like poor network coverage, interference, fading, etc. and their effect on speech data. The system developed in
this paper have important implications in e-governance, where speech can serve as a natural interface. While only 6
languages are addressed in this effort, there are 22 official languages in India for which this project can serve as a
platform to build on.The paper is organised as follows. Sections 2 and 3 we describes the data collection and
transcription. Further a description of the common set of phones used across all languages, their statistics across
different languages and the details of the dictionary/lexicon given in Section 4. The system building efforts are
described in the Sections 5, 6 and 7, followed by an analysis of the efficacy of the system in field trials in Sections 8, 9
and 10. Finally in Section 11, the use of the resources developed in one language for application in another language is
discussed.

II. Data Collection
One of the important goals of this co-ordinated effort was to collect actual live speech data from the users in each of
the six Indian languages. Very little effort has been made in the past for collection of speech data, especially
spontaneous speech, along with their associated transcriptions for Indian languages. For each of the six languages, the
speech data were collected from about 1000 farmers (end users) across different districts to capture the dialectical
variations. Farmers were encouraged to use the system using their own mobile phones in the environment that they
live in. Recordings are therefore natural and have significant amount of background noise. Apart from collecting the
speech data, the field volunteers also collected meta-data for each speaker, such as age group, educational background
as well as other important parameters, namely the make of hand-set, the network operator, etc. The number of male
speakers and female speakers re-act the demo-graphics of the users. The meta-data can be used in many other
applications apart from the ASR systems described in this paper. Table 2 shows the number of the speakers and the
proportion of users with various metadata characteristics in each of the six languages.
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The speech data were collected from the farmer in different ways:

Spontaneous utterance of names of agricultural commodities, markets and districts, in response to questions
prompted by the system.
Speaking the name of commodities whose pictures were shown to the farmer. This provides an idea of common name and
dialect variations for commodities in that region.
Repetition of names prompted by the system. This enables collection of voice samples of rare commodities.
Response to general queries that solicit yes/no answers as well as general information related to agriculture. These
responses are spontaneously spoken, and hence contain a high degree of speech decencies.
Since the data were collected from natural environment of the users, in this case the field or village country side,
the noise levels are substantially higher, unlike applications where the users are at home or once which are relatively
quieter environments. Also, the target users (in this case, farmers) are not very familiar with speech interface and
the concept of \automated" systems, and hence they are not as comfortable or co-operative as users of systems for
banking, or directory assistance, etc.
For speech data collection, the following standard set-up was used in all the six languages.

(1) The Computer Telephony Interface (CTI) hardware (Sangoma Model - A200 ) used for collecting data was
identical for all systems.
(2) Digital telephone lines (E1/BRI) were used in all cases.
(3) Asterisk was used as the telephone server (Madsen et al., 2005).
The audio obtained from CTI has telephone bandwidth and was therefore sampled at 8 kHz and stored in 16 bit
PCM format with a RIFF or Microsoft .wav header.
The file naming convention was also standardised, so that from the file name itself almost all the metadata can be
extracted. In particular, the filename re-acts language, state, gender, district, speaker and utterance ID as shown
below:
GUUSTXXSYYYYWZZZ.wav/txt
G - Gender (M/F); UU - Language; XX - District code (01-99);
Session (A/B/C); YYYY - Speaker ID (0001-9999); W - Sentence type (I/C/F);
ZZZ - Utterance ID (001-999).
ZZZ is incremented every time Asterisk receives a voice signal (farmer's response). I/C/F refers to the type of
expected response from farmer for a question, and refers to isolated, continuous and free-own speech. These audio
recordings were then manually transcribed as described in the next section.

III. Transcription
Transcription is one of the most time consuming but important step in building a good recognition system. Each
spoken utterance was transcribed at word-level. Apart from words, all non-speech sounds such as \horn noise",
\background speech" have also been marked in the file at appropriate time instants. The list of fillers used to describe
the non speech sounds are shown in Table 3.
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As an example, transcription for the utterance Cuddalore is shown below:

< bs > kat0aluur(2) < ln >
Where < bs > indicates background speech and < ln > indicate line noise. kat’aluur (2) indicates a pronunciation
variation of the district \kat'aluur". Cuddalore is the English spelling of the district and the one indicated above as
kat'aluur is be-cause most Indian language have their own script.
A Transliteration tool developed at IIIT-Hyderabad was used to transcribe (Transliteration tool, 2009) into local
language script, and to automatically map it to Unicode. Transliteration is done using Roman script. A snapshot of the
transliteration tool is shown in Fig. 1. The right hand pane shows the district Cuddalore (as spelt in English) written in
Tamil script and the left hand pane shows the corresponding Roman script.
Since the tool enables a transcriber to enter the words in their native script, the chances of errors are significantly
reduced. For Bengali and Assamese, a semi automatic speech transcription tool was used for transcription (Basu et
al., 2012). Each such transcription process has been double-checked for accuracy. The transcription took almost 3-4
months of full-time effort by a team of three members for each of the languages.

Fig. 1. Illustration of the Transliteration tool

The expansion of words into phone using a lexicon is described next.
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(The IPA symbols are approximations of the sounds associated with the phone labels)

IV. Phones and Pronunciation Dictionary
We have built systems for six Indian languages. The six languages {Assamese, Bengali, Hindi, Marathi, Tamil
and Telugu {represent two major language groups in India. While Tamil and Telugu belong to the Dravidian
family, the rest belong to the Indo-Aryan family. All these languages have rich literary tradition and are written
in different native scripts. Due to linguistic contact and convergence, all these languages have evolved to share
common linguistic features; genetically closer languages common grammatical and lexical features. These languages
are spoken in many regional and social dialects, and in many speech styles. The linguistic variations, although
recorded sporadically, are not systematically studied and documented. These variations together with
multilingualism have posed serious challenges for the technological developments of spoken language systems in
India.
In order to build systems in these six Indian languages we have arrived at a common set for all the languages. Note that
the common set of phones is a\superset\ and not all phones are used in any particular language. Each language uses
only a subset of these phones. The use of a common phone set would in future, enable the quick and easy development
of speech recognisers for other languages. Given the commonality of phones across languages, it may be possible to
build robust phone models using multilingual data.
The phone set, as given in Table 4, covers essentially all the phonemes of these languages. The major criteria followed in
assigning a phone label are that each phone should be spectrally and temporally distinct. Vowel duration is an important
phonological feature in Indian languages. Each of the five vowels /i e a o u/ has its longer counterpart in Tamil and
Telugu.
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Commonality of phones across languages, it may be possible to build robust phone models using multilingual data. The
phone set, as given in Table 4, covers essentially all the phonemes of these languages. The major criteria followed in assigning
a phone label are that each phone should be spectrally and temporally distinct. Vowel duration is an important
phonological feature in Indian languages. Each of the five vowels /i e a o u/ has its longer counterpart in Tamil and
Telugu.
In Indo-Aryan languages such as Hindi, Bengali and Marathi, oral vowels phonemically contrast with nasalised vowels.
Hence, nasalised vowels are assigned separate labels. The label of a nasalised vowel is the same as that of the
corresponding oral vowel with the addition of a suffix \n". An example of contrastive word pairs are /k a h aa/
(\said" in Hindi) versus /k a h aan/ (\where" in Hindi).
Geminated consonants can be assigned separate phone labels. The label of a geminated consonant is the label of the
corresponding consonant with the first letter of the label repeated. An example word is /a ll a m/ (\ginger" in
Telugu). Assigning separate phone labels to nasalised vowels and geminated consonants increases the number of context
dependent acoustic units, demanding voluminous training data. The supra segmental features such as tone, stress are not
found to be significant in these languages. As stress does not have any phonemic value in Indian languages, it does not
control the quality or quantity of vowels in a word (Bhaskararao, 2011). A few extra phones, such as /æ/, /z/ and /f/,
have been added to account for the English loan words in these languages. The actual number of phones used for this
specific task varies from language to language.
In Table 5, the commonly occurring phones in this task are given for different languages. It is interesting to see that
geographically closer languages have more similar distribution of frequencies of phones. For example, Tamil and Telugu
have the same 8 phones in the top 9 most commonly occurring phones. Similarly, Assamese and Bengali share a common
set of 6 phones in the top 10 frequently occurring phones. In fact, four of the top 5 phones are common between Telugu
and Tamil; and the same is true between Bengali and Assamese. Fig. 2 shows the geographical location of the
states/provinces in India from which the data was collected. The triphone frequencies (not shown in this manuscript)
do not show any great similarity which rejects the diversity of the sounds across different languages.
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Fig 2. Map of India showing the geographical location of the six languages from where the speech data was a
collected.
Using these supersets of phones, the dictionaries were prepared in each of the six languages. The dictionary was
prepared manually, although in some cases grapheme to phoneme conversion was automatically done followed by manual
correction.
Determining alternate pronunciations of each word in the lexicon is an important task of dictionary building. The
primary reasons for occurrence of alternate pro-nunciations are listed below:
(1) Systematic deletion of schwa at the end of a word in many languages (b aa s a s' t' a
addition, schwa deletion occurs in word medial position as well (a h a m a d
!

!
b aa s a s' t' ). In
a h m a d).

(2) Substitution of diphthong by a vowel. For example, /au/ ! /oo/; /ou/ ! /o/; /ai/ ! /a/.
(3) Interchange of vowels, e.g., /b a h aa tt a r/ instead of

/b aa h a tt a r/

(4) Replacement of geminated sounds by their singleton counterpart. e.g., /c i kk uu/
(5) Deletion of a consonant in a consonant cluster. e.g., /a d' u s a s’t’ ax/

!

/c i k uu/.

! /a d' ax s a t'/.

(6) Simplicity of pronunciation achieved by deleting aspiration. e.g., /g o bh ii/!

/g o b i/.

Simple linguistic rules derived from the above examples were applied selectively to generate alternate pronunciations of
a given word. Finally, of course, all dictionary entries were manually double-checked. Table 6 shows the dictionary
size for each of the languages. The columns 4, 5 and 6 show the number of words with single, two and more than 2
pronunciations. We now describe the details of the system to provide information of about the price of agricultural
commodities.
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V. Call flow structure and Price
For dissemination of the prices of the agricultural commodities, an interactive voice response (IVR) system was
developed on Asterisk voice server using Hypertext Pre-processor (PHP) script for each of the six languages.
Typically, the callow begins with a welcome message, and a prompt asking the user to speak the name of the district
from which the user is calling. This is followed by a prompt asking for the name of the commodity whose price the user
is interested in. For some languages, the system also asks about \Mandi" (market) name, as there can be more than
one market in the district and often the prices of commodities vary across markets. Once the district and the
commodity names are successfully recognised, the price information is fetched from the MySQL database and is
played as a pre-recorded message. At times the updated prices for the requested commodities are not available in that
district, in which case the system gives the price of the commodity in the nearest neighbouring district. At each of
the nodes in the callow two trials are allowed for getting the user's response. If the system fails to recognise the
user's input in two trials, the call gets terminated with a \sorry" message. The generic information is shown in
Fig.3.
The price information for different commodities listed on the Agmarknet website are collected in MySQL database,
which is a popular open source database to store data in the form of tables. We have automated the database updation
using a Perl Script based web crawler.

Fig.3. Generic information own for the speech-based access of commodity prices

The web crawler is scheduled around midnight on each day to update the price information from the Agmarknet
website into the database. Fig.4 shows the lookup table for the price database with information about districts,
commodities and updated price information as reported by the website.
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VI. Description of the System
We have built a separate system for each of the six languages. Each system recognises districts and commodity names in
the corresponding state/province. Pre-recorded prompts are used for posing questions. For Telugu system, the
responses are generated using Telugu Text-to-Speech (TTS) system (Mantena et al., 2011a). A Hidden Markov Model
(HMM) - Gaussian Mixture Model (GMM) based ASR system is used for speech recognition. Once the spoken
commodity is recognised, the price information is fetched from the MySQL (Paul Dubois, 2002) database and the
price information is played out. We now provide more details of each of the components of the system. The main
components of the system are shown in Fig. 5

VI (I) Feature Extraction
As the speech data is obtained via telephone, its sampling rate is 8 kHz. 25 msec, long windows and a frame rate of
100Hz were used. The pre-emphasis parameter was fixed at 0.97. Log was applied on the magnitude of the Mellter
bank output, followed by Discrete Cosine Transform (DCT II) to obtain the static Mel Frequency Cepstral
Coefficients (MFCC). The final feature vector consisted of 39 components and included the static, velocity and
acceleration MFCC coefficients.

VI (II) Acoustic modelling
In each of the six systems, the phonemes are represented with a three state left-to- right HMM. The use of sub-word
units allows inclusion of new names for districts and commodities by adding to lexicon without the need of collecting
data again and building new models. Open-source Sphinx Software (Sphinx Documentation, 2008) is used for training
HMM models and for decoding. The density for each state was modelled using a mixture of Gaussians. The
monophone models were built first, and triphone models were then derived from the monophone model. Since we had
no prior models in these languages, we used \at start" for initialization. The triphones are tied to form senones as
supported in Sphinx (Sphinx Documentation, 2008). The number of tied states and the number of Gaussian mixtures
are varied to obtain the optimal performance independently for each of the systems. In Fig 6. We show the accuracy
as a function of number of senones and number of Gaussian mixture components for some of the languages. Based on
these experiments, we empirically fixed the number of senones and number of Gaussian mixture components. Similarly,
as we will discuss later, we experimented using Finite State Grammar (FSG) and statistical n-gram (in this case
trigram) for language models and chose the method that gave better accuracy for that particular language.
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Fig.6. The number of senones and Gaussian mixture components was empirically fixed based on maximizing recognition
accuracy. The difference in performance between FSG and trigram depends to a large extent on the vocabulary and the type of
test data.

Table 7 gives the values of different parameters used in the acoustic modelling across different languages. Note that
the number of senones would depend on the number of seen triphone in the data as well as the amount of data
available for that context. Hence it is difficult to compare this across languages.

VI (III) Steps Implemented for Improving Acoustic Modelling
(1) The speech data used for training the acoustic models were collected from a large number of speakers spread
across the geographical region of the respective language and in natural environment. This not only ensured good
match with test conditions (i.e. multicondition training) but also enabled good sampling of the
pronunciation variation across different regions and in capturing the spontaneity in speech.
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(2) The system was first trained using the default pronunciation of words and silence tags were inserted at the
start and the end of utterances. The filler models were also trained.
(3) The entire training data was then force-aligned with the trained models to get alternate pronunciation of
words, inter-word silences and fillers.
(4) The system was then retrained with the force-aligned transcripts which now had inter-word silence, alternate
pronunciation and filler marked. This was found to improve the performance of all the systems.

VI (IV) Language Modelling
Although the prompts for the IVR system were designed to elicit the user's response in only one or two
desired words rather than as a complete sentence, some uninitiated users did add extra words or phrase(s)
to their responses. Further, there were significant amount of decencies and repetitions. N-gram based
language model can handle such common phrases and fillers in a more exible manner by appropriate weighting
through probabilities when compared to finite state grammar (FSG). However, FSG could prove to be more accurate
if the spoken utterance matches the underlying constraint coded into the FSG. Therefore, we tried both techniques
for the test data and chose one that provides better performance. In Fig 6. W e show the trigram and FSG
performance for a few languages. Again this choice of which method works better is a result of both the test data
and the language. Four of the systems use trigram while two of them use FSG. The trigram language models were
trained using the training data transcripts of the respective languages.
During the user trials farmers often refer to the same commodity using the prevailing trade name and/or abbreviated
commodity names. To handle this we use a Hash Table which lists the commonly occurring variations in names of
a commodity and maps it to a single commodity.

VII. ASR Performance
A proper measure of the performance would be the ease with which the user gets the information that he/she
wants. This in turn would depend not only on the performance of the core ASR system, but also on the user
interface and dialog design. Therefore, we first present the core recognition performance of the ASR system in
Table 8 for the commodity names in different languages. The test data used in Table 8 were not used for training.
The accuracy for each language depends on the noise level, the vocabulary size etc. for the test data of that language.
Note that the amount of training data varies across different languages depending on the number of users who
participated in the data collection, and on the type of questions they answered. For example, questions of the
type: \what problems are you facing?" were asked, and the resulting reply was often continuous speech lasting for
several seconds. Tamil test data had unusually large amount of background speech and noise levels, resulting in large
amount of insertions.
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VIII. Evaluation of Systems based on Transaction Success
The most important metric for evaluating the system should be based on how often the system is able to provide the
desired information correctly. As an illustration of our evaluation methodology, the field trials conducted for the
different language systems were analyzed. Each system provides the current price of an agricultural commodity in a
particular district. Therefore, the user has to speak the district name, and then the commodity name. If the system
fails to recognise the first time, it apologises and asks the user to repeat the name. If it fails a second time, it
expresses inability to provide the information and exits with a message. On the other hand, if the system provides the
information in the second attempt, it is still considered as success.

(Gadget al., 2013) Note that noise can significantly degrade the performance. In the standard Aurora-2 task for
recognising the ten digits and \oh" in American English (i.e. only 11 word vocabulary), the performance can vary
from 99% to 10% (Hirsch and Pearce, 2000). In real world trials, there is no control over the ambient noise, and
in our application, almost always the user is in the field or road side with significant amount of noise and babble.
Thus, system building for this application is much more challenging, than in applications where the users are mostly
in a controlled environment like home or once.
Table 9 shows the performance of different systems in terms of successful transactions, i.e. the user gets the desired
price information in that district.
Since many of the users are not familiar with IVR systems, they often hang up midway, if they are not sure what to
do next or what response to give. Such instances are considered as failure of our callow and are labelled as invalid
calls. The transaction success rate is between 60% and 70% depending on the language. If we consider the cases where
the users have provided required spoken response (i.e., valid calls), then the transaction success is around 80% for most
of the languages.

30 | P a g e

Book Index
Our systems were also independently tested by another agency, namely, Centre for Development of Advanced
Computing, Pune (CDAC-Pune). Table 10 presents the results of district name recognition. Except Uttar Pradesh
(Hindi) which has 76 districts, most other states have about 25-30 districts. About 500 calls were made for each
language and district names were spoken. In case of incorrect recognition the user was asked to repeat the district
name. Some systems also allowed three attempts. As seen from the Table 10 we get more than 93% accuracy in first
attempt.
Similarly, Table 11 shows the success in recognition of commodity names. As seen from Table 11, in most languages
we get more than 70% success in the first attempt. And if we allow two attempts, this increase to more than 76%.
Note that these are actual field trials and should be contrasted to results in Table 8 where a similar set of
experiments were conducted but by using o-line testing.

IX. Analysis of Farmers' Interaction
As mentioned before, for information to reach the under-served population in rural India, speech is the most
practical solution. However, many of the users have never used any automated service and the experience from this
project shows that there is a \learning curve" for the farmers in using the system. The following are some of the
observations about the users of the system:
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(1) First time users are hesitant. They often speak softly. However, after the first few attempts, they become
comfortable and are able to obtain the information more easily.
(2) Initially the users often think they are talking to human operators, and there-fore start conversing rather than
waiting for the instructions. It would probably be better to make the speech prompts sound synthetic, so that the
user is aware that he/she is dealing with an automated system.
(3) Some common characteristics among users of these systems are the following: _ large number of speech
decencies, including hesitations and repetitions. Lack of patience in listening to questions and answer
appropriately. Consequently, there are many out-of-context words in the spoken utterance, resulting in increase in
the recognition errors. For example, when asked for name of the district, a user may wrongly give the name of a
commodity.
(4) Often there is considerable breath noise in the mobile phone.
In most cases, there is clearly audible background speech/babble present. Apart from babble, there is also
significant amount of ambient noise present. This is be-cause the users are almost always in field environment and
not in homes or once. Therefore, commonly used techniques which rely on difference in characteristics between
speech and non-speech such as Voice Activity Detection (VAD) do not work well. Hence we had to allow
sufficient recording time for farmers to speak, since there is significant cognitive load, especially for first-time
users. This created additional problems of extra background noise acting the performance. In particular, the long
recording interval introduced many non-speech sounds resulting in considerable amount of insertions due to babble.

X. Multiple Decoders
Since the main goal of the project is to improve the success rate of the transaction we use a confidence scoring
technique based on multiple ASR decoders. The key idea is that one could build multiple ASR decoders, where
each decoder tries to capture complementary information about the speech data. This could be at-tempted through
training multiple decoders using different training datasets or different features or different models. Given these
multiple decoders, if a majority of these decoders agree on a hypothesis, then the dialogue manager could choose to
avoid an explicit conformation from the user. Otherwise, normally a conformation is sought from the caller at each
stage to improve accuracy.
In some systems separate acoustic models were trained using different data sets to improve the confidence level. For
example, in Assamese system, three acoustic models were developed (one using whole data and two from its
orthogonal partitions), (of same size) and the final system output was derived based on the consensus of the outputs
of the three decoders (Shahnawazuddin et al., 2013). In others, where we had speech data from another domain, we
built models for each such data. In the Telugu system, two separate acoustic models were used, one trained using the
data collected within the scope of this project and the other with previously collected speech data resource.
Slightly different approaches were adopted depending upon whether trigram or FSG was to be used. In systems using
FSG framework with, say 3 decoders, the following procedure was adopted. For a given acoustic signal, let the
corresponding hypothesis produced by the decoders be fh1; h2; h3g. The following are possible cases and the
corresponding actions were incorporated using multiple decoders:
Case 1: All the hypotheses are same fh1=h2=h3 (Action: The recognition output is most likely to be correct and the
confidence level is high. So the system jumps to subsequent dialogue state of the callow.
Case 2: Any two of the hypotheses are same: f(h1=h2=h3) [ (h1=h2=h3) [ (h1=h2=h3)g
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Case 3: None of the hypotheses are same: fh1=h2=h3g
Action: Misrecognition might have occurred and the system prompts the user to repeat his/her response.

In systems where trigram was used, the words that were output from each of the decoders were used to calculate
the relative frequency Cwi of each word wi in the set of decoded words. This is because there may be additional
insertions due to high level of noise and decencies. This is illustrated in Fig 7.
Case 1: If the word with the highest count, say wi , has Cwi < 0:2, then there is very little consensus, and the user is
asked to repeat the name.
Case 2: If 0:2 < Cwi < 0:5, then the user is requested to confirm the recognised output.
Case 3: If Cwi > 0:5, then the system moves to the next step of the callow without seeking any confirmation from the
user.
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It should be noted that the above method can be easily extended for to cases where there are more than three
decoders. Each decoder diers from the other in its acoustic model. Table 12 shows the level of confidence achieved
through the use of multiple decoders. As seen from the second-to-last column of Table 12, when all the three
decoders matched in output then there was a higher percentage of matches between the voted hypothesis and the
true hypothesis. In this case no explicit conformation is sought from user. Thus, employing multiple decoders can
lead to reduction in speech-turns even though it increases latency of the overall system. The increase in latency can
avoided by employing multi-core PCs. Table 12 also shows the recognition accuracy using individual models as
well when majority voting is used.
The confidence level about the hypothesis can be further boosted with the inclusion of appropriate contextual
information such as the list of commodities specific to a season or the list of commodities primarily grown/traded
in the district from which user is calling. The use of contextual information is currently being explored.

XI. Cross Language Experiments
Finally, cross language experiments were conducted using the acoustic model built for one particular language and
recognizing speech data from other languages. This may have implications in building systems for other Indian
languages. As can be seen in Table 5, the monophone frequency has more similarity when we observe
geographically close languages. Therefore in these set of experiments, monophone acoustic models, were built for
each language, using the corresponding transcribed data from that language. In each language, three state left-toright HMM mono-phone models were built with each state represented by 16 Gaussian mixtures.
A simple phone decoding was done to evaluate only the effect of the acoustic models. The results are shown in Table
13. Note that the performance cannot be compared for test data from different languages, since the level of noise,
vocabulary size, phone set etc. dier. It is only meaningful to look at the performance of different acoustic models
for a given language test data, i.e., compare down each column. Since the number of phones vary, in each case we
take the common set of phones between the two languages and the remaining phones are \borrowed" from language of
test data. As expected, the best performance is obtained when the language of the test data and the acoustic models
match. Languages that are geographically closer have very similar performance. For example, for Assamese test data;
similar performance was obtained using Assamese or Bengali acoustic models. Since Assamese and Hindi have a smaller
vocabulary in train set, the monophone models are not able to generalize to other languages. Hindi (spoken in
Uttar Pradesh) and Marathi are not as close as Assamese/Bengali, and this is rejected by a somewhat lesser
match in their performance. Finally, Tamil, which is quite different from these languages, has best performance
only for Tamil acoustic models.
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XII. Conclusion
In this paper, we describe the development of speech-based system in six Indian languages to provide real-time price
information of agricultural commodities. Eorts were made to have a standard framework for data collection,
transcription and pro-nounciation dictionary across the six languages. Recognition results were presented in terms
of core ASR accuracy, as well as in terms of successful transactions in field trials. Finally, the cross-language
performance was analysed using phone decoding performance as a metric.
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Summary of “Devanagari Script behaviour
for Hindi”
The document divided into two parts. Part A contains script behaviour of Hindi language. Part B is developed for
developers. This contains recommendations for developers, technical and linguistic issues and corrects representation
of the loan word.

PART A
I.

Introduction

The ―Devanagari Script behaviour for Hindi‖ deals with the surface structure of Hindi and tries to provide the best
possible ―fit‖ for shapes and their representation of the conjunct forms with the help of specialists (linguists, font
designers, language experts, academicians) who work in the area of the written representation of the language. Since
this is a highly subjective issue, the shapes provided here are recommendations at the best and conform to the
perception of the mandating body/evaluators that consensually arrive at the ―best possible fit‖ which is acceptable to a
majority of users. Other languages which use Devanagari script, the script grammar for these are dealt with in separate
documents.
―Devanagari Script behaviour for Hindi‖ defines:







II.

The writing system used to inscribe a Hindi
The syllabic structure of the writing system of Hindi
The rule ordering of the characters within the syllable
Description of the syllabic clusters / ligatures
Description of valid and invalid clusters i.e. clusters not used within the Hindi
Collation order of the characters: lexical / dictionary sorting order

OBJECTIVES OF "Devanagari Script behaviour for Hindi"

The objectives of the ―Devanagari Script behaviour for Hindi‖ for language can be divided into two major parts:

(I)

Societal

This section provides a visual representation of shapes that are deemed to be in conformity with the
perception of a given community. Through wide-spread dissemination and creation of appropriate tools
ensure that within the given linguistic community, all media try to adopt the given shape.

(II) Technical



Provide an inventory of the characters pertinent to the language and classify the same in terms of their
taxonomy.
Provide syllabic structure of the language.
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III.

Since Brahmi is written from left to right, and since certain characters do not follow the linear left to right
order, i.e. characters such as Mātrās that concatenate to the Consonant
Propose the best shape representation of the individual characters as well as of the ligatures used within a
given script. As a corollary request the expert(s) to identify the largest possible strings of such ligatures.
This would serve as a useful input for the font developer, desirous of knowing the visual representation of
such combinations and clusters.
In the case of consonant clusters and ligatural forms, identify to maximum extent such valid combinations
and list them out. This would serve as a useful guide for OS/Application developers who would use these
to validate or invalidate a combination, entered by the user.
Provide usage of ―Zero Width Joiner (ZWJ)‖ and ―Zero Width Non Joiner (ZWNJ)‖ within the language.
Since ZWJ/ZWNJ is stored in the data, this would ensure that incorrect use of these two signs affect
search as well as Natural Language Processing.

END USERS FOR "Devanagari Script behaviour for Hindi"







IV.

It allows the font designer to design a font which is in compliance with the norms and standards of that
particular script.
OS and application developer
Used for testing Optical Character Recognition (OCR) and Online Handwriting Recognition (OHWR).
Software developer to design and implement the input mechanism using standard keyboard layouts.
Software developer to write software functions/ routines for sorting data in all applications.

Scope of the document

This document contains following information about the language and the script used for writing the language.




V.

Name of the language and its representation in the 3 letter mnemonic as per ISO 639-2 & ISO 639-3
standard.
Script used to inscribe the given language
The structure of the script used for writing the language
 Rule ordering of the characters within the syllable formation is a language
 Description of the syllabic clusters of the script
 Collation order of the characters: lexical sorting order and its
 compliance with CLDR
 Compliance of the script with Unicode.

Philosophy and underlying principles


The document aims to depict the surface grammar of the written language: the manner in which
characters as well as conjuncts are depicted.
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VI.

Where a given script admits many languages, it is pre-supposed that such languages will prescribe
different representations for a given shape or conjunct according to the perception of the native users of
that language.
Corollary to the above, the result is a script and alloscripts i.e. a given script shared by many languages
is not uniformly deployed across all the languages, but is subject to variations and modulations.
The term ―Devanāgarī Script behaviour for Hindi‖ is used here in a non-normative sense: what is
prescribed is in the form of recommendations provided by experts who visualize the shape of the given
script in their mother tongue in a specific manner. Subjective variations may occur.
The ―Devanāgarī Script behaviour for Hindi‖ is limited to its synchronic use, i.e. the manner in which a
given language as of today admits a character set within the script used to write it. It is not diachronic or
historical in nature and does not study the evolution of the given script across centuries.

Structure of "Devanagari Script behaviour for Hindi"

The ―Devanagari Script behaviour for Hindi‖ provided below has the following parts:







VII.

The part first deals with peripheral elements such as the ISO of the language, the writing system used:
(Alpha syllabic) Abugida or Abjad.
The part second describes about the syllabic structure
The part third describes the character set as well as the conjunct shapes of the given script along with the
collation order.
Next section deals with the character set of the language.
Another section deal with the Consonant-Mātrā/ Consonant-Mātrā-Nasal combinations
Combinations of Vowel with Anuswara and Candrabindu are also provided in this document.

PERIPHERAL ELEMENTS OF THE "Devanagari Script behaviour for
Hindi"

The main parameters considered are the mnemonic and name of the language (needed for CLDR and also for
language tags), the writing system used to inscribe the language and wherever possible a short history of the
language. These constitute the elements that are peripheral to the document.





Name of the language and its representation in the 3 letter mnemonic as per ISO 639-2. & 639-3
Name of the Language: HINDI
ISO Mnemonics: hin
Identification of the writing system(s) used to inscribe the given language Hindi is written using the
Devanāgarī script. It is an alphasyllabary with the Indic Orthographic Syllable as its core.

All scripts derived from Brahmi are Abugidas, i.e. syllabary driven systems. The main features of Abugidas are as
under:
 The consonant has an implicit vowel built-in which is normally the schwa.
 The inherent vowel can be modified by the addition of other vowels or muted by a diacritic termed as a
Virama or Halanta.
 Vowels can be handled as full vowels with a vocalic value.
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When two or more consonants join together they form ligatures which can be recognized by their shape
or alternatively form an entirely new shape क ष = क्ष

Abugidas / Alphasyllabaries because of their syllabic structure require a special description which is the subject of
the discussion in section 8.

Basic Alphabet System
(C) Consonants

(V) Vowels

(M) Matras
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(D) Diacritics

(H) Halanta ा
Halanta is used in most writing systems to signify the lack of an inherent vowel.

(N) Nukta ा – Nukta is used in Hindi

VIII.

Conformity of the syllabus structure

The syllable is a basic unit of speech studied on both the phonetic and phonological levels of analysis. It is very easy
for a native language speaker to count the number of syllables in a sequence however Orthographic syllable required
for text processing need not correspond exactly with a phonological syllable.
ABNF based definition of Indic Orthographic Syllable
Augmented Backus–Naur Form (ABNF) is a meta-language based on Backus–Naur Form (BNF), but consisting of its
own syntax and derivation rules. The motive principle for ABNF is to describe a formal system of a language to be
used as a bidirectional communications protocol.
V[m] |{CH}C[v][m]|CH
The linguistic definition of Indic syllable has been mapped to ABNF(Augmented Backus–Naur Form) for the purpose
of text segmentation, line breaking, drop letter, letter spacing in horizontal text and vertical text representation. The
definition has been elaborated, taking Hindi as an example.
The definition is a combination of 3 rules:
Rule 1: V[m]
Rule 2: {CH}C[v][m]
Rule 3: CH (This rule is applicable only at the end of the word)

42 | P a g e

Book Index

V (upper case) is independent vowel m is modifier (Anusvara/Visarga/Chandrabindu)
C is a consonant as per Unicode's definition which may or may not include a single nukta
v (lower case) is any dependent vowel or vowel sign (mātrā)
H is halant / virama (as per UNICODE)
| is a rule separator
[ ] - The enclosed items are optional under this bracket
{} - The enclosed item/items occurs zero or repeated multiple times
Various Use cases of ABNF based Indic Syllable definition for Hindi language as example
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Examples of combination of the rules:

IX.

Collocation Order of Hindi

Collation is one of the most important features of this document. It determines the order in which a given culture
indexes its characters. This is best seen in a dictionary sort where for easy search words are sorted and arranged in a
specific order. Within a given script, each allo-script may have a different sort-order. Thus in Hindi the conjunct
glyph क्ष is sorted along with क, since the first letter of that conjunct is क and on a similar principle ज्ञ is sorted along
with ज .The same is not the case with Marathi and Nepali which admit a different sort order. Different scripts admit
different sort orders and for all high-end NLP applications, sort is a crucial feature to ensure that the applications
index data as per the cultural perception of that community. In quite a few States, sort order is clearly defined by the
statutory bodies of that state and hence it is crucial that such sort order be ascertained and introduced in the
document.
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Part B
RECOMMENDATIONS FOR DEVELOPERS
To help the developers address, these issues, part B of Script Grammar has been divided into two major sections: viz.
Indic Orthographic Syllable and Linguistic Issues. In the first section, all issues afferent to the Orthographic Syllable
are handled, which is technical in nature and addresses the Indic syllable and provides a general overview of the same.
This is followed by an overview of the formalism underlying the Orthographic Syllable and finally issues derived
from the Orthographic Syllable such as cursor movement, normalisation etc. This part of the document is more a
compendium and reference to the relevant resources has been provided as footnotes or in the main body of the text. In
the second section, Linguistic Issues such as correct usage, spellings, loan words, numerals and punctuation are
analysed. This part of the document reproduces in to the guidelines as laid down by the Central Hindi Directorate in
its दे वन गरी ललपऩ तथ ह दिं ी वततन क म नन करण.

I.

TECHNICAL ISSUES

This part starts off with an overview of the Script, followed by a description of the Indic syllable: Akshar. These two
sub-sections ensure that the developer is aware of the script as well as the basic building block of all Brahmi based
scripts: Akshar. The next section provides formalism for handling Akshar. This formalism is crucial since, by its
application, valid and invalid syllables will be identified. It will also be pertinent to the sub-sections that treat of
cursor movement and segmentation. Since Unicode permits more than one way of inputting a given character,
Normalization is of prime importance.

I (I) ENCODING PRINCIPLES
Chapter 9 of Unicode 6.141 clearly lays down the encoding principles underlying Devanāgarī script. The relevant
pages 211-215 give an overview of the basic structure of Devanāgarī and cover the following areas:






Consonant Letters.
Independent Vowel Letters
Dependent Vowel Signs (Matras).
Virama, Halant, or Vowel Omission Sign
Consonant Conjuncts

The properties underlying each of these are treated at length in the document.

I (II) UNICODE TEXT SEGMENTATION UAX #29
The notion of Indic Orthographic Syllable is essential to this topic which defines ―guidelines for determining default
boundaries between certain significant text elements: user-perceived characters, words, and sentences.‖
This process whereby boundaries are delimited results in segmentation. UAX#29 which has undergone many changes
provides clear-cut guidelines for text segmentation.
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Given a string such as:

I (III) RENDERING
Closely allied to the issues studied above is the problem of rendering. Chapter on ―South and Central Asia-I‖ of
Unicode studies in depth the issue of rendering in Devanāgarī.
“Devanāgarī characters, like characters from many other scripts, can combine or change shape depending on their
context. A character's appearance is affected by its ordering with respect to other characters, the font used to render
the character, and the application or system environment. These variables can cause the appearance of Devanāgarī
characters to differ from their nominal glyphs (used in the code charts). Additionally, a few Devanāgarī characters
cause a change in the order of the displayed characters. This reordering is not commonly seen in non-Indic scripts
and occurs independently of any bidirectional character reordering that might be required.”
The Chapter focuses on the following issues pertinent to rendering:
 Rendering Consonant Letters.
 Rendering Independent Vowel Letters
 Rendering Dependent Vowel Signs (Matras).
 Rendering Virama
 Rendering Consonant clusters which includes the following:
 conjunct formation
 dead consonants
 Explicit Virama to prevent conjunct forms, generating explicit half
 Consonants and most importantly
 Rendering Rules

I (IV) ZWJ/ZWNJ IN HINDI
ZWJ (U+0200D) and ZWNJ (U+0200C) are code points that have been provided by the Unicode standard to instruct
the rendering of a string where the script has the option between joining and non-joining characters. Without the use
of these control codes, the string may be rendered in an alternate form from what is intended. In the case of Hindi,
ZWJ/ZWNJ do not play an important role insofar as functionality is concerned.
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RULE 1: If a consonant+ halant is followed by the ZWJ, the half-form of the consonant is formed.
RULE 2: The use of ZWNJ in Hindi is restricted to representing a dead consonant within a string.
RULE 3: A secondary use of ZWJ/ ZWNJ is to reduce a stacked ligature to a linear ligature.

II. LINGUISTICS ISSUES
This section is based on the दे वन गरी ललपऩ तथ ह दिं ी वततन क म नन करण 2010 of the Central Hindi Directorate pp. 20 55.

III. LOAN-WORDS AND THEIR CORRECT REPRESENTATION
A large number of words have entered into the Hindi language and rules for their representation are important. The
Central Hindi Directorate has studied this issue at length and provided rules and recommendations.
The section on Numerals comprises the correct representation of important parts such as Cardinals, Ordinals, and
Fractions in Hindi language.

REFERENCES
Complete document is available on:
http://tdil-dc.in/index.php?option=com_download&task=showresourceDetails&toolid=1625&lang=en
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R. Mahesh K. Sinha (Dr. R.M.K. Sinha)
Professor, Computer Science & Engineering and Electrical Engineering
Dr. Sinha is a Professor of Computer Science & Engineering and Electrical Engineering at IIT Kanpur where he
has been serving for more than three decades. Dr. Sinha’s major research concentration has been in the areas of
language technology and applied artificial intelligence. In early 70s, he worked on Devanagari OCR and was the
first person to work on the topic. In late 70s and early 80s, he worked on Indian script enabling and their computer
processing. He is the originator of the well known multi-lingual GIST technology / IDC, ISCII coding, INSCRIPT
keyboarding and several other Indian language technology. Starting late 80s, he has been working on computer
processing of Indian languages. He is the originator of AnglaBharati and AnuBharati technology for translation
from English to Indian languages and vice-versa. He is a member of TDIL working group, National Translation
Mission Advisory, Technical Advisory Committee of CDAC, Standardization committee, Associate UNESCO
chair in ORBICOM. He is founding president of Society for Machine Aids for Translation and Communication
(SMATAC), Fellow IETE. And Senior Member IEEE. He is an invited participant from India in International
Networking Programme on Human-Machine Interaction in Translation with Denmark and Brazil. He has been a
visiting professor at Michigan State University, Wayne State University, INRS Quebec and Asian Institute of
Technology.
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Artificial Intelligence
Natural Language Processing, Machine Translation, Speech to Speech Translation, Indian Language
Technology
Vision, Pattern Recognition, OCR, Document Processing, Biometrics
Computer Architecture, Digital System Design
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