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Abstract— Texting that is SMS is the important 

feature of any Mobile phone and we know that the 

mobile phone usage in World is spreading fastly and 

has gone through great changes due to new 

developments and innovations in mobile phone 

technology. This paper based on creating a smart 

texting system for mobile user because it convert 

voice message into text message. In other words, 

messages can be voice/speech typed. In this paper we 

will make use of a dictating-machine prototype for 

the English language, which recognizes in real time 

natural-language sentences built. A speech to text 

converter is developed to send SMS. It is found that 

large-vocabulary speech recognition can offer a very 

competitive alternative to traditional text entry. 

I. INTRODUCTION 

The space and time complexity is very much 

important because of the short memory provided by 

the mobile system. There is no doubt that many 

Mobile phone users are using short message service 

(SMS) instead of making voice calls. In order to 

satisfy the needs and demands of users, mobile phone 

makers are constantly adapting and innovating to 

ensure that they can survive in this competitive 

market. An important innovation in SMS technology  

is the speech recognition technology that can convert 

voice messages into text messages. In other words, 

messages can be voice/speech typed. Currently, voice 

messages can only be converted into text messages in 

the form of normal text using fully spelled 

words.Now let’s focus towards short message system 

it is text messaging service component of phone, 

using standardized communications protocols that 

allow the exchange of short text messages between 

mobile phone devices. SMS text messaging is the 

most widely used data application in the world, with 

2.4 billion active users, or 74% of all mobile phone 

subscribers.The cell phones are very important part 

of modern life. Many of us need to make a phone call 

or message at anytime from anywhere. Many of them 

needs their cell phones when they can’t do so e.g. At 

the time of driving, cooking accidents may occur 

because of this activity an speech to text converter for 

mobile design for this purpose so to avoid accidents 

and any type of mishappenings. The study of speech 

to text conversion is from 1970s where the first 

experiment of phoneme- to-grapheme conversion, 

this conversion consists of segmentation of phoneme 

string into word. This work is again extended to 

stenotype-to-grapheme conversion. Voice messaging 

is slowly and gradually reducing the importance of 

text messaging because it is safer to message at the 

time of cooking and driving. This paper introduces an 

idea about the speech-to-text conversion for SMS 

application. This software enable user to send the 

SMS without using keypad with fully spelled word. 

II. WHY ANDROID 

Operating system have developed very much in last 

15 years. Starting from black and white phones to 

recent smart phones or mini computers, mobile OS 

has come far away. One of the most widely used 

mobile OS these days is ANDROID. Android is a 

software comprising not only operating system but 

also middleware and key applications. After original 

release there have been number of updates in the 

original version of Android. It is the software stack of 

mobile devices. Android SDK provides the API's that 

is necessary to begin developing applications on the 

Android platform using the Java programming 

language. Android includes an embeddable browser 

built upon WebKit, the same open source browser 

engine powering the iPhone's Mobile Safari 

browser.An Android application consists of one or 

more of the following classifications: 1)Activities: Is 

the application that has a visible UI is implemented 

with an activity. When we selects an application from 

the home screen or application launcher, an activity is 

started.2)Services: A service should be used for any 

application that needs to persist for a long time, such 

as a network monitor and update-checking 

application. 3)Content providers: We A content 

provider's job is to manage access to  data, such as a 
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SQLite database. Suppose for the bigger system like 

Speech to text conversion system or one that makes 

data available to multiple activities or applications, a 

content provider is the means of accessing your 

data.4)Broadcast receivers: This is use to launch to 

process a element of data or respond to an event, such 

as the receipt of a text message. The key application 

of the speech to text conversion system is recognition 

technology. Speech input adds another dimension to 

the mobile phones. The Google's Voice Search 

application, the is required is many times pre-

installed on many Android devices and available in 

Android Market, and it provides powerful features. 

Now we can dictate our message instead of typing it. 

Just tap the new microphone button on the keyboard, 

and you can speak in just about any context in which 

you would normally type. 

III. DESIGN MODULE 

This project converts speech into text. At the run time 

speech data is taken from microphone and converted 

into text speech frames the speech frames are then 

pass for preprocessing and after preprocessing of the 

sample frames HMM-based training is applied on 

speech frame. Functionally the project divided into 

three modules 

 

Fig:-1 Speech to text conversion system it is divided 

into three modules. 

IV. SPEECH RECOGNITION 

Speech recognition is very important part of this 

system in this phase speech samples are obtained 

from speaker at real time and stored for 

preprocessing. For speech recognition we require 

microphone to receive voice speech signals,Speech 

acquisition can be easily done by the microphone 

present in the mobile phone, In the acquisition phase 

the different M/C is depends upon the its own 

configuration, hence there is need to store the sample 

of different users to make system more compatible to 

any type of voice.To recognize the speech HMM-

based automatic recognition was conducted. For 

continuous phoneme recognition, an 86% phoneme 

correct was achieved for the normal-hearing. To 

achieve speech preprocessing sphinx frame work is 

used this is the best tool found to acquiesce speech 

signals. Sphinx is design with high flexibility 

modularity. Recognition classification is the process 

of comparing the unknown test pattern with each 

sound class reference pattern and computing a 

measure of similarity (distance) between the test 

pattern and each reference pattern.. The digit is 

recognized using a maximum likelihood estimate, 

such as the Viterbi decoding algorithm, which 

implies that the digit whose model has the maximum 

probability is the spoken digit.Preprocessing, feature 

vector extraction, and codebook generation are same 

as in HMM training. The input speech sample is 

preprocessed and the feature vector is extracted. 

Then, the index of the nearest codebook vector for 

each frame is sent to all digit models. The model with 

the maximum probability is chosen as the recognized 

digit. 

RESULT 

SR.NO. VOICE TEXT 

1 Speech Nick/Now is 

2 Cute Spite 

Table 1:- showing output generated by acquisition 

module 

V.    SPEECH PREPROCESSING 

The voice which is taken at the real time will require 

noise free speech signals now to reduce noise we 

need to consist of background noise that need to be 

removed. The preprocessing reduces the amount of 

efforts in next stages. Input to the speech 

preprocessing is speech signals which then converted 

into speech frames and gives unique sample. 

Steps: 

1.The system must identify useful or significant 

samples from the speech signal. To accomplish this 

speech 
recognition 

preprocessing on 
acquire sample 

HHM training 

text storage 
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goal, the system divides the speech samples into 

overlapped frames.  

2.The system performs checks for the voice activity 

using endpoint detection and threshold energy 

calculations.  

3.The speech samples are then passed through a pre-

emphasis filter.  

4.The frames with voice activity are passed through a 

Hamming window. The system performs 

autocorrelation analysis on each frame.  

6. The system finds linear predictive coding (LPC) 

coefficients using the Levinson and Durbin 

algorithm. 

We apply a Hamming window to each frame to 

minimize signal discontinuities at the beginning and 

end of the frame. 

VI. HMM TRAINING 

An important part of speech-to-text conversion using 

pattern recognition is training. Training involves 

creating a pattern representative of the features of a 

class using one or more test patterns that correspond 

to speech sounds of the same class. A model 

commonly used for speech recognition is the HMM, 

which is a statistical model used for modeling an 

unknown system using an observed output sequence. 

The system trains the HMM for each digit in the 

vocabulary using the Baum-Welch algorithm. The 

codebook index created during preprocessing is the 

observation vector for the HMM model. 

VII. CONCLUSION 

This project demonstrate us the idea of smart texting 

system for mobile users. But speech recognition but 

the recognition fails because it requires preprocessing 

after acquiring of speech. The system requires 

training of voice because of the purpose of it should 

recognize the correct voice of that user. Suppose user 

A having this system in his mobile his voice should 

be train so as to get correct recognition of text. 

REFERENCES 

[1] Andreas Stolcke, , Barry Chen, Horacio 

Franco, VenkataRamana Rao Gadde, Martin 

Graciarena, , Mei-Yuh Hwang, Katrin Kirchhoff, , 

Arindam Mandal, Nelson Morgan, , Xin Lei, Tim Ng, 

Mari Ostendorf, Kemal Sönmez, 

AnandVenkataraman, Dimitra Vergyri, and Qifeng 

Zhu, ―Recent Innovations in Speech-to-Text 

Transcription at Sri-icsi-uw‖ IEEE Transactions On 

Audio, Speech, And Language Processing, vol. 14, 

no. 5, september 2006, pp 1729-1744  

[2] Brandon Ballinger, Cyril Allauzen, 

Alexander Gruenstein, Johan Schalkwyk, ―On-

Demand Language Model Interpolation for Mobile 

Speech Input‖, INTERSPEECH 2010, 26-30 

September 2010, Makuhari, Chiba, Japan, pp 1812-

1815  

[3] RyuichiNisimura, Jumpei Miyake, Hideki 

Kawahara and Toshio Irino, ―Speech-To-Text Input 

Method For Web System Using Javascript‖, IEEE  

SLT 2008  pp 209-212  

[4] M. Tomalin, F. Diehl, M.J.F. Gales, J. Park 

& P.C. Woodland , ―Recent Improvements To The 

Cambridge Arabic Speech-To-Text Systems‖, 

ICASSP 2010 pp 4382-4385  

[5] Janet See, UmiKalsomYusof, Amin 

Kianpisheh, ―User Acceptance towards a 

PersonalisedHandsfree Messaging Application (iSay-

SMS)‖, CSSR 2010 Initial Submission December 5-

7,2010 pp 1165-1170  

[6] PanikosHeracleous,  Hiroshi  Ishiguro  and  

NorihiroHagita, ―Visual-speech to text conversion 

applicable to telephone communication for deaf 

individuals‖ 18th International Conference on 

Telecommunication 2011. pp 130-133  

[7] Y. Liu, E. Shriberg, A. Stolcke, D. Hillard, 

M. Ostendorf, and M. Harper, ―Enriching speech 

recognition with automatic detection of sentence 

boundaries and disfluencies,‖ IEEE Trans. Audio, 

Speech, Lang. Process., vol. 14, no. 5, pp. 1524–

1538, Sep. 2006.  

[8] M.J.F  Gales,  F.  Diehl,  C.K.  Raut,  M.  

Tomalin,  P.C. Woodland, and K. Yu,―Development 

of a phonetic system for large vocabulary arabic 

speech recognition,‖ in Proc. of ASRU, 2007. 

[9]  L. Nguyen, T. Ng, K. Nguyen, R. Zbib, and J. 

Makhoul,―Lexical and phonetic modeling for arabic 

automatic speech recognition,‖in Proc. of Interspeech, 

2009. 

[10] C.C. Wong, ―Enabling Ecosystem for Mobile 

Advertising in an Emerging Economy,‖Monash 

University Doctoral Colloquium. Langkawi, Kedah, 

Malaysia, 14-16 December 2009. 

[11]G. Potamianos, C. Neti, G. Gravier, A. Garg, and 

A.W.Senior, ―Recent advances in the automatic 

recognition of audiovisual speech,‖ in Proceedings of 

the IEEE, vol. 91, Issue 9, pp. 1306–1326, 2003. 



© 2014 IJIRT | Volume 1 Issue 5 | ISSN : 2349-6002 

IJIRT 100305 INTERNATONAL JOURNAL OF INNOVATIVE RESEARCH IN TECHNOLOGY 377 
 

[12] A. V. Nefian, L. Liang, X. Pi, L. Xiaoxiang, 

C. Mao, and K. Murphy, ―A coupled hmm for 

audio-visual speech recognition,‖ in Proceedings of 

ICASSP 2002, 2002.  

[13] Garg, Mohit. Linear Prediction Algorithms. 

Indian Institute of Technology, Bombay, India, Apr 

2003.  

[14] Li, Gongjun and Taiyi Huang.  An Improved 

Training Algorithm  in  Hmm-Based  Speech 

Recognition.National  Laboratory  of  Pattern  

Recognition.  Chinese Academy of Sciences, Beijing. 

[15] M. Abe, S. Nakamura, K. Shikano, and H. 

Kuwabara,"Voice conversion through vector 

quantization," in Proceedings of the International 

Conference on Acoustics, Speech, and Signal 

Processing, pp. 655-658, IEEE, April 1988  

[16] M.J.F  Gales,  F.  Diehl,  C.K.  Raut,  M.  

Tomalin,  P.C. Woodland,  and K.  

Yu,―Development of  a  phoneticsystem for large 

vocabulary arabic speech recognition,‖ in Proc. of 

ASRU, 2007.   

[17] L. Nguyen, T. Ng, K. Nguyen, R. Zbib, and J. 

Makhoul,―Lexical and phonetic modeling for 

arabic automatic speech recognition,‖ in Proc. of 

Interspeech, 2009. 

[18] Ms. Ahuja Jadhav Prof. Arvind Patil – A Smart 

Texting System For Android Users,2012. 

 

 

 

 


