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ABSTRACT  
As we are dealing with audio dictionary concept some small work has been done in 

languages spoken in India, as compared with other non Indian languages. This paper elaborates 

simple effective method for speech recognition of some isolated words in English and then its 

meaning in English in other words with its translated Indian language meaning.   

This paper proposes model of software which can be used to translate some English 

words into its Indian languages such as Hindi, Marathi, and Gujarati. Now days, in offices in any 

organization or institution there are many types of works going on parallel some have to work for 

account some have to work for management and other has to other work of their needs or which 

is handover to them, but meanwhile there may be the need of printing of record or documents in 

other languages other than English and to get print copy of that material seems to be hard 

because it might be possible that your system(computer) does not support this non-English 

language fonts or if it supports then also to type in that languages is more complex, also 

understanding of such material will be impossible. If those other languages are Indian language 

such as Hindi, Marathi and Gujarati then it looks that it will be just impossible for a person to 

type a non-English (Hindi, Marathi and Gujarati) document material, who does not know Indian 

language typing or is not fluent in such language typing .So we understand this limitation of 

common office work and thus we propose our audio dictionary for Indian languages which is 

very helpful for understanding in Indian languages such as Hindi, Marathi and Gujarati. It is as 

simple as you speak or type in English language and that result in translated spoken and typed 

output in Indian language. English to Indian language (Hindi, Marathi and Gujarati) audio 

dictionary using speak recognition is a software which is proposed for day to day routine life 

works as well as any personal work. 

  
Key words: Feature Extraction, Feature Matching, automatic speech recognition (ASR), 

Hidden Markov Model (HMM), Probability Distribution Function (PDF), Microsoft Speech 

Recognition (MSR). 
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I. INTRODUCTION  

 

Indian languages such as Hindi, Marathi and Gujarati are the Indo-Aryan Languages, spoken 

in western and central India. There are 100 million of fluent speakers all over our India and 

world. There is big chance to develop systems using Indian languages which are of different 

varieties. Now it is important to check that whether Speech Recognition System for Hindi, 

Marathi, and Gujarati can be prepared likewise pathways of research as prepared for English. So 

our task is to develop a system in Indian language using speech recognition which will be used 

for language learners. The system will work after taking an input through microphone or typing 

on keypad by a user. The design of the system, involves manipulation of the input audio signal as 

well as typed text. At different levels, many operations are done on the input signal such as Pre-

emphasis, Framing, Windowing, acoustic phonetic analysis and Recognition (Matching) of the 

spoken word. The voice algorithms consist of two distinguished steps first is the training sessions 

and second is the operation session or testing. This can be done using acoustic phonetic 

approach. There is no database available for Hindi, Marathi and Gujarati audio dictionary so this 

can be done with limited vocabulary of terminological words. But audio dictionary of English 

words is available. 

 

II. CONCEPT OF AUDIO DICTIONARY  

 

The system is taking an English (U.S.) isolated word as input in form of audio or text. This 

English word will be first played in a sound player. Then for this audio of isolated English word, 

text will be found from audio dictionary of English words. As we have English text which is 

available in the system as database; its translated text, required Hindi, Marathi or Gujarati 

translated meaning will be found using English to Indian language dictionary as database. After 

getting required language text it is important to make this text words audio database or in short 

Indian language audio dictionary which can take text as input and give its audio output. This will 

give out required language audio output for given English audio input. But if English sentence is 

given as input then after audio dictionary audio or words will be needed to be frame into proper 

required language sentence so one more block of word framing will be needed. Or in such case 

we can give out sentence with maximum matching words for required English sentence. The 

implementation will be started with few terminological words, and then will go for some 

sentences & phrases. This concept can be implemented for other language as we don‟t have 

much work done in Indian languages as compared to other non Indian languages.  

 

III. AUTOMATIC SPEECH RECOGNITION  

 

The common way to recognize required speech is as following: take audio waveform, split it 

into number of utterances vs. silences then find out what is being said in each utterance. To do 

so, we have to consider all possible combinations of words in the training corpus and compare 

them with the sampled audio, choosing the best matching comparison. Shortly re-state the main 

components of the speech recognition algorithm. 

 

A. Feature extraction     

The first step in providing most likely semantic translation to the sequence of acoustic 

observations O is to convert an analog audio input signal into digital representations. At this time 
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analog-to-digital conversion, the amplitude of the input signal must be measured at fixed time 

intervals and translated to a floating/specified point number. Because of the information in this 

digital sequence of numbers is highly redundant, it is converted into reduced representations such 

that the relevant information will be maintained but the data will be less redundant. This step is 

nothing but feature extraction. The statistical model most popularly used to calculate the 

likelihood, is the Hidden Markov Model (HMM). (Neural Networks are also popular.) An HMM 

contains finite number of states that are connected in a predefined topology. The input strings of 

the HMM, the feature vectors, are called as observations. Each HMM state can „produce‟ an 

observation from the observation sequence O with a probability calculated by its Probability 

Distribution Function (PDF). The first observation must be produced by a state that is calculated 

is one of the initial states. After processing this observation, one of the states from connected to 

the initial state is considered to produce the next observation. The probability of a certain 

transition from one state to another is chosen and is modeled with its transition probability. All 

observations are produced by a state that is connected to the state that produced the previous 

observations and lastly, final observation should be produced by one of the calculated final 

states. Because of the actual path taken to prepare a certain state sequence is unknown to a 

theoretical observer that‟s why this type of Markov Model is called as Hidden Markov Model. A 

three-state, left-to-right HMM algorithm/topology is used for modeling phonemes. In Speech 

Recognition, the probability distribution functions of the HMMs are the Gaussian Mixture 

Models (GMM). A GMM is a continuous function calculated out of a mixture of Gaussian 

functions where the output of each Gaussian is multiplied by a predefined weight w. The 

Gaussian mixture model transforms the feature vector into observation PDF model. The priori 

probability P (W) where W is a sequence of words and it is evaluated using an n-gram language 

model. In n-gram models of feature extraction, for each possible sequence of n-1 isolated words, 

the probability of the next word is stored. Obtaining these statistics is only sustainable when a 

vocabulary is trained before preparing n-gram model. In a system like LVCSR, HMM Lexicon 

(vocabularies) are prepared that consist of more than 50,000 isolated words. Many of systems 

use vocabularies with more than 300,000 isolated words. With these large vocabularies the risk 

of not recognizing a word can be minimized. The Viterbi algorithm calculates the observation 

using HMM lexicon and recognize isolated words. Then these words are considered to combine 

using N-gram model to prepare speech sentence. 

 

                         

 

 

 

 

 

 

 

 

 

 

 

Fig. 1. Speech recognition algorithms 
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B. Implementation and evaluation 

Microsoft Speech Recognition (MSR) for computer and mobile applications is freely-

available. MSR has many advantages: it supports for many languages, even Indian languages 

packs for speech recognition and speech synthesis; its grammar and vocabulary are most 

advanced. No training is required for MSR, for the models and its performance is excellent than 

other existing open source software available in day to day life. Figure 2 illustrates how Speech 

Recognition is performed in our system. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 2. Flowchart of the proposed algorithm  

 

First start the main speech recognition engine. Once the engine is started, algorithm starts 

loading the grammar. Once it is ready to listen to the user, it waits for the audio words to arrive. 

Once it receives audio string, the MSR provides the recognized word as output with its 

confidence. If the confidence more than a predefined threshold (0.5), system will send the word, 

its confidence to the GUI. Otherwise if confidence level is less than the predefined threshold 

level, then algorithm stops the audio capture and the system displays “What is that” and then the 

user should repeat the word/sentence. Sound source localization and recognition is more 

problematic in reverberant environments. In a normal laboratory environment (T60 < 0:2s) we 

record single people saying few words 10 times. Overall recognition rate is 70%. 
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 IV. SOFTWARE (GUI) 

 

Audio Dictionary using Speech recognition GUI is developed by using Visual Studio 2010 
software in VB.Net language. As shown in fig. 3 the GUI (Graphical User Interface) screen, with 
monitoring as well as controlling configuration module is also shown. Fig. 4 shows GUI display 
for Marathi language requested by user. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
        Fig.3 Software GUI Screen                                  Fig.4 GUI display for Marathi language  

 

 

V. OUTPUT DATABASE  

 

The audio output database i.e. predefined wave files consisting of the translation in Indian 

language of different words can be developed in “JAVA” or “MY-SQL” or also in VB.Net. By 

importing the wave file in MATLAB (analysis‟s tool is colea) user can get the translated 

meaning of spoken word in the audio format also in text format. For blind peoples this is 

excellent work. Paper work consists of the database of English words, their meanings in Hindi, 

Marathi and Gujarati as Indian language but the dictionary can be developed as per user 

requirement. This audio dictionary can be extended in other Indian languages as and when 

required. This flexibility of the type and size of audio dictionary meets a unique touch to our 

paper idea. 

 

VI. EXPERIMENTATION, RESULTS AND EVALUATION 

 

    Using VB.Net, MATLAB, Microsoft Speech SDK 5.1 analysis is carried out. After going into 

MATLAB, enter into the colea directory, i.e., type cd \colea. For experimental purpose the main 

COLEA window of the time waveform of the word „India‟ (sampled at 16 kHz) is as shown 
in graph 1. TOOLS menu of COLEA provides some tools for adding noise, filtering, 
comparing waveforms, and manually segmenting waveforms. Frequency domain 

representation of word „India‟ is shown in graph 2. Graph 3 illustrates Energy plot (Signal power 

representation). Graph 4 shows format tracks (Signal representation) of word „India‟, while 
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graph 5 elaborates Power spectral density of signals of (a) human voice and (b) computer 

synthesized voice. 

 

 

 

 

 

 

 

 

 

 

 

(a)                                                                             (b) 

Graph 1: Time domain representation 

 

 

 

 

 

 

 

 

 

 

 

 

(a)                                                               (b) 

 

Graph 2: Frequency domain representation 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

(a)                                                                    (b) 

Graph 3: Energy plot (Signal power representation) 
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(a)                                                               (b) 

Graph 4: Format tracks (Signal representation) 

 

 

 

 

 

 

 

 

 

 

 

 

(a)                                                               (b) 

Graph 5: Power spectral density 

(a): Human Voice; (b): Computer Synthesized Voice 

 

 

VII. CONCLUSION  

 

  In a country like India, there is big possibility to use speech recognition as a communication 

medium with machine. Using speech as an input each person will able to operate machine easily. 

In this paper we discuss simple design and development of audio dictionary in Indian language. 

Education, Health, Science, Technology, Business industry, Law, Commerce, Arts and Culture 

etc. are the fields where terminological words are used in daily life. Students who are learning in 

English medium and Marathi, Hindi or Gujarati are not their mother tongue, they feel very 

difficult to use perfect words in Indian language (Marathi, Hindi or Gujarati) in place of English 

words. For that purpose it is essential to develop terminological words. This task can be partially 

fulfilled by our paper. 
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