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    Abstract- Speech is one of the important requirements and the 

well-situated method of communication between people. Real 

time speech to text is an accurate conversion of uttered words 

after speaking .STT is very useful tool to interact with people in 

counselling interviews or conference .Thus the conversion of 

speech to written language must be accurate and fast so that it 

can be easily understand by people. The fundamental approach of 

this paper is to develop an algorithm to convert speech to text 

using Punjabi phonetics. This paper introduces and discusses two 

popular and different noise reduction techniques (Auto Spectral 

Subtraction, LBG, MFCC) and presents our simulation result of a 

noise reduction system. It is shown that the system reduces the 

noise almost completely by finding the minimum Euclidean 

distance and keeps the enhanced speech signal very similar to the 

original speech signal. This paper presents a method to design a 

speech to text conversion module using JAVA. This method is 

simple to use and takes less use of memory space. 

 

IndexTerms-AutoSpectralSubtraction,LindeBuzoGrayalgorithm, 

Mel Frequency Cepstral Coefficient. 

 

I. INTRODUCTION 

peech is the most important form of communication in 

everyday life in order to make the interaction easier and 

faster. Speech is the vocalized form of human communication 

and it is considered to be the primary mode of communication 

among human being and also the most natural and efficient form 

of exchanging information among human in speech .Automatic 

Speech Recognition provides a path for natural communication 

between man and machine. A simple alternative to a hardware 

interface is a software interface i.e. a Speech to Text system. 

.Speech to Text Conversion or Speech Recognition allows a 

computer to identify the words that a person speaks into a mike 

or any other similar hardware and convert it into written words. 

Basically, the mode of communication between humans takes 

place in several ways such as facial expressions, gestures, eye 

contact and speech. Speech to text conversion is very 

advantageous and used in various applications areas. Human 

interact with each other in several ways such as facial expression, 

eye contact, gesture, mainly speech. The speech is primary mode 

of communication among human being and also the most natural 

and efficient form of exchanging information among human in 

speech. The recognition of speech is one the most challenges in 

speech processing. Speech Recognition can be defined as the 

process of converting speech signal to a sequence of words by 

means of Algorithm implemented as a computer program. 

Speech to text conversion (STT) system is distinguished into two 

types, such as speaker dependent and speaker independent 

systems. The main difficulties in implementation of an ASR 

system are due to different speaking styles of human beings and 

environmental disturbances. So the main aim of an ASR system 

is to transform a speech signal into text message independent of 

the device, speaker or the surroundings in an accurate and 

efficient manner. 

          On the basis of way to recognize speech recognition may 

be Isolated word recognizes utterance to have quiet on both side 

of sample windows i.e. only one word at a time and word is 

preceded and followed by silence. This is having “Listen and 

Non Listen state”. Connected word system  are same as isolated 

words but  recognizes  speech having one or more than one word 

and these words are divided or separated by small  sound to be 

“run together minimum pause between them. Continuous speech 

recognizers allows user to talk almost naturally. Thus system 

recognizes more than one word and words are connected without 

any silence. 

Spontaneous Word speech Recognition: This system recognizes  

speech that is natural sounding and not be rehearsed. An ASR 

System with impulsive speech should be able to handle a 

dissimilar words and mixture of natural speech feature such as 

words being run together like ums, ahs and others.  Motive of 

Spontaneous Word Speech Recognition is to recognize natural 

speech. 

          This paper gives a description of implementation of 

Speech to Text Conversion System using Auto Spectral 

technique. The system goes through different steps to accomplish 

the task of speech to text conversion that are signal preparation, 

acoustical analysis, Training and Testing. For the purpose of 

improving accuracy of the system, the system uses a noise 

reduction technique named Auto Spectral Subtraction. Auto 

Spectral Subtraction [8] is a simple and efficient noise reduction 

technique. In this technique, an average signal spectrum and 

average noise spectrum are estimated in parts of the recording 

and subtracted from each other, so that average signal-to-noise 

ratio (SNR)  is improved. 

          The algorithm for the design of optimal VQ is commonly 

referred to as the Linde-Buzo-Gray (LBG) algorithm, and it is 

based on minimization of the squared-error measure.  
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II. RELATED WORK 

          This section of paper will represent literature review of the 

works which is similar to the presented work. 

          An implementation of the Punjabi Speech to text system 

for connected words has been discussed by Mohit Dua[1]. 

Hidden Markov model toolkit (HTK) has been used to develop 

the system. A Java 

platform based Graphical User Interface (GUI) has been 

developed to make the system fast and user friendly. The 

implemented system performs well with 

Word Recognition Rate (WR) 95.8% and 95.4%, Word Accuracy 

Rate (WA) 94.1% and 91.6% and Word Error Rate (WER) 5.9% 

and 8.35% in class room and open environment respectively. The 

recognition results show that the system 

performs well with different speakers and in different 

environments.  

          Wiqas Ghai analysed Automatic Speech 

Recognition(ASR) for Indo-Aryan languages and the 

applicability of techniques applied for other languages so that a 

concrete work can be initiated for Punjabi language[2].To 

enhance the performance standards set for other languages, it has 

been observed that use of techniques Cooperative Heterogeneous 

ANN Architecture, Maximum Likelihood Linear Regression, 

Extended MFCC and Learning Vector quantization are helping 

the researchers to get improved recognition performance of 

speech recognition systems. So far the work done for Punjabi 

language is Isolated word speech recognition using Acoustic 

template matching technique on MATLAB. 

          Hidden Markov Model (HMM) based Punjabi text to 

speech synthesis system is presented by Divya Bansal[3]in which 

speech waveform is generated from Hidden Markov Models 

themselves, and applies it to Punjabi speech synthesis using the 

general speech synthesis architecture of HTK (HMM Tool Kit). 

The developed Text-to-Speech was trained in phase -I on 17 

samples with total 61 words all starting with letter ਤ and ਟ and 

tested for selection of appropriate phoneme sequence on 30 

Punjabi words in test 1 and trained for 23 samples containing 81 

words containing ਅ and ਆ and tested for 45 selected words in 

corresponding test-1. Hidden Markov Model Text-to-Speech 

system approach is very effective for developing Text-to-Speech 

systems for various languages and can easily implement changes 

in voice characteristics of synthesized speech with the help of 

speaker adaptation technique developed for speech recognition. 

In order to improve efficiency, context-dependent phone models 

used for synthesis need to be improvised by recording, 

annotating more Punjabi speech data and applying filters using 

custom rules/ procedures. 

          Prachi Khilari gives an overview of major technological 

perspective and appreciation of the fundamental progress of 

speech to text conversion and also gives overview technique 

developed in each stage of classification[4]. A comparative study 

of different technique is done as per stages and attempts to 

analyze an approach for designing an efficient system for speech 

recognition. The development of existing STT system is 

presented by adding spellchecker module to it for different 

language. A database has been created from the various domain 

words and syllables. The desired speech is produced by the 

Concatenative speech synthesis approach. The system gives the 

input data from mice in the form of voice, then preprocessed that 

data & converted into text format displayed on PC. The user 

types the input string and the system reads it from the database or 

data store where the words, phones, diaphones, triphone are 

stored.  

          This Speech- to-Text conversion system is implemented by 

Prasanthi using the MFCC for feature extraction and HMM as 

the recognizers. The system is also used to find the disorder rate 

of persons affected with Parkinson‟s disease by calculating the 

efficiency of pronunciation[5]. In audio folder, 105 audio files 

are recorded and these are analyzed to get feature vectors. These 

features are initially modeling in the HMM. Then,the test spoken 

word is addressed by Baum-welch algorithm of HMM. From the 

simulation results, it can be clearly seen that the average 

recognition rate of 97.14% is achieved by the number of states 

(N=3). 

          Noise Reduction Technique (Auto Spectral Subtraction) 

has been applied by Karun Verma[6] that improves the accuracy 

of the system to some extent. This paper clearly gives the 

comparison of the system at two different aspects. One when no 

noise reduction technique is applied and other when noise 

reduction technique is applied. HMM Based Speaker 

Independent Isolated Word Speech to Text Conversion System is 

developed. The accuracy obtained in the system is still not 100% 

accurate. To improve the accuracy, different noise 

compensation/speech enhancements techniques can be used to 

make the system more accurate. Accuracy of the system also 

depends on training process of the system.  

          Marc[8]analyzed noise removal from noisy speeches. The 

study includes methods for removing noise from noisy speeches 

using spectral subtraction. Noisy speech was digitally generated 

by corrupting the data of the clean speech “Real graph” with the 

data of the vacuum cleaner noise. The approximation of the noise 

was obtained by taking the average magnitude of the noise 

spectrum during non-speech activity. The average magnitude of 

the noise spectrum during non-speech activity was subtracted 

from the noisy speech spectrum during speech activity. Our 

initial noise removal design consisted of no frame averaging with 

half-overlapped data buffers and 256 points Hamming time 

windows. Results showed that using any combination of half-

overlapped and one-fourth-overlapped data buffers with 128, 

256, and 512 points, Hamming windows and three frames or six 

frames averaging did not improve the performance of the 

denoising algorithm. However, using one-fourth-overlapped data 

buffers with 256 points Hamming windows and no frames 

averaging resulted in the greatest improvement differential SNR 

in the amount of 0.3371 dB, leading to most noise removal from 

the noisy speech “Real graph”. Thus the goal of denoising noisy 

speech signals has been successfully achieved. 

 

III. METHODOLOGY 

1.System Description 

          The speech to text system is implemented using JAVA for 

noise reduction. Various techniques has been discussed for 

natural language processing. Fig 1 shows the GUI interface 

where there are two phases, one is training (initial step) and other 

is testing. In training panel, Spectral Subtraction method is used 

to filter out the acoustic noise. In testing phase speech file is 
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converted to text usingMel Frequency Cepstral Coefficients and 

Linde-Buzo-Gray algorithm. 

          The user first create dataset according to its speech signal 

and save it in train folder.After that noise from signal is removed 

and create its spectogram. We find minimum Euclidean distance 

between training and testing samples to obtain final results as 

text. 

          Thus the whole paper is presented by step to steps  and 

gives apparent approach to text punjabi speech to text. 

 

2.Database Preparation 

          Database is prepared by collecting data having distinct 

words that is Punjabi counting. 101-200 words have been taken 

for preparing of dataset.Database preparation involves two steps 

that  is recording of speech files and then labeling of that speech 

files. In second set of data, Database preparation involves three 

steps in which first two steps are same as that of first set and 

third step is noise reduction in speech files. 

 

3.Noise Reduction in Speech files 

           Noise reduction does not affect quality of speech. It only 

just lowers the intensity of noise. The system uses converter that 

allows transformations of many files at a same time. The system 

also adds speech files to converter to perform noise reduction. 

After adding the speech files used for database preparation to 

converter, the system adds command Noise Reduction (Auto 

Spectral Subtraction). Then converter performs noise reduction 

technique that is Auto Spectral Subtraction on the speech. 

 

4.Acoustical Analysis 

          In Acoustical Analysis, the obtained speech files are 

represented in more efficient way by extracting features of 

speech  

 

 

files. The system uses the Mel Frequency Cepstral Coefficients 

(MFCCs) to extract features from speech files. 

 

5.Training 

          After calculating the MFCCs, training phase compute 

vector quantization using Linde Buzo algorithm to train the 

sound files and save the dataset in train folder. 

 

6.Testing 

          The System is tested for both sets of data used in database 

preparation. In testing phase, Euclidean distance is calculated and 

the final results are obtained from which speech is converted to 

text. 

 

IV. FLOWCHART OF PROPOSED WORK 

          The flowchart shown in figure 1 shows the step by step 

procedure of the proposed work. 

1. To study and analyze various techniques for natural 

language processing. 

2. To apply Auto spectral Subtraction for filtering acoustic 

noise. An average signal spectrum and average noise 

spectrum are estimated in parts of the recording and 

subtracted from each other, so that average signal-to-

noise ratio (SNR) is improved. 

3. To apply Mel Frequency Cepstral coefficient and vector 

quantization on using Linde-Buzo-Gray algorithm for 

training the sound files. The algorithm for the design of 

optimal VQ is commonly referred to as the Linde-Buzo-

Gray (LBG) algorithm, and it is based on minimization 

of the squared-error measure.  

4. To perform testing based on Euclidean distance and 

compute the final results. 
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Fig.1 Flow Chart 

 

 

V.RESULTS 

Figure 1 shows the GUI interface of speech to text convertor. 

 
 

Fig 1. GUI Interface 
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Figure 2 results in Auto Spectral Subtraction has been 

applied for training panel. 

 

 

 

 
 

 

                      Fig 2. Apply Spectral Subtraction 

 

 

       Figure 3 shows the result of training phase. 

 

 
Fig 3. Result 

 

Figure 4 shows the speech file and the result of speech file. 

 

 
 

Fig 4. Get speech file and Result 

 

The final result is shown in figure 5 in which speech is 

converted to text. 

 
 

Fig 5. Convert speech to text and result 

 

V. CONCLUSION 

         In this paper, we developed a algorithm to convert real time 

punjabi speech signal to text. This system has many applications 

,it can be used by dumb and deaf to interact with other persons 

from society. Speech to text conversion area comes under NLP 

and human interface. In this paper we use different methods to 

make it an efficient system. We first use Auto Spectral 

subtraction to filter out acoustic noise and then we apply Mel 

Vector quantization using Linde-Buzo-Gray algorithm to 

perform training and testing of real time punjabi speech files 

according to user. 

         The concept not only help physically handicapped 

challenged people like deaf, dumb and blind but also help 

speakers in classrooms ,conference halls and parliament to make 

record of their speech in text format. This paper gives clear 

approach to text punjabi speech to text in step by step procedure. 

The user first create dataset according to its speech signal and 

save it in train folder .After that we remove noise from signal and 

create its spectogram. We find minimum Euclidean distance 

between training and testing samples to obtain final results as 

text.  
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