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Abstract 

 

Speech is the first important primary need, and the most convenient means of communication between people. The communication 

among human computer interaction is called human computer interface. This paper basically gives an overview of major 

technological perspective and appreciation of the fundamental progress of speech to text conversion and also gives complete set 

of speech to text conversion based on Raspberry-Pi. A comparative study of different technique is done as per stages. This paper 

concludes with the decision on future direction for developing technique in human computer interface system in different mother 

tongue and it also discusses the various techniques used in each step of a speech recognition process and attempts to analyse an 

approach for designing an efficient system for speech recognition. However, with modern processes, algorithms, and methods we 

can process speech signals easily and recognize the text. In this system, we are going to develop an on-line speech- to-text engine. 

However, the transfer of speech into written language in real time requires special techniques as it must be very fast and almost 

100% correct to be understandable. The objective of this paper is to recapitulate and match up to different speech recognition 

systems as well as approaches for the speech to text conversion based on Raspberry-Pi technology and identify research topics and 

applications which are at the forefront of this exciting and challenging field. 
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________________________________________________________________________________________________________ 

I. INTRODUCTION 

In modern civilized societies for communication between human speeches is one among the common methods. Different ideas 

formed within the mind of the speaker are communicated by speech within the sort of words, phrases, and sentences by applying 

some proper grammatical rules. The speech is primary mode of communication among person and also the foremost natural and 

efficient sort of exchanging information among human in speech. By classifying the speech with voiced, unvoiced and silence 

(VAS/S) an] 

 Elementary acoustic segmentation of speech which is important for speech is often considered. In succession to individual 

sounds a called phoneme this system can almost be just like the sounds of every letter of the alphabet which makes the composition 

of human speech. Most of the knowledge in digital world is out there to a couple of who can read or understand a scrupulous 

language. Language technologies can provide solutions within the sort of ordinary interfaces therefore the digital content can 

reach to the masses and facilitate the exchange of data across different people speaking different languages [4]. These 

technologies play an important role in multi-lingual societies like India which has about1652 dialects/native languages. Speech 

to Text conversion take input from microphone within the sort of speech & then it's converted into text form which is display on 

desktop. Speech processing is that the study of speech signals and therefore   the various   methods   which are won’t to process 

them. During this process various applications like speech coding, speech synthesis, speech recognition and speaker recognition 

technologies; speech processing is used. Among the above, speech recognition is that the most vital one. The most purpose of 

speech recognition is to convert the acoustic signal obtained from a microphone or a telephone to get a group of words [13, 23]. 

so as to extract and determine the linguistic information conveyed by a speech wave we've to use computers or electronic 

circuits. 

II. LITERATURE REVIEW: 

Yee-Ling Lu, Man-Wai and Wan-Chi Siu explain about text-to-phoneme conversion by using recurrent neural networks trained 

with the important time recurrent learning (RTRL) algorithm [3]. 2.Penagarikano, M.; Border, G explains a way to perform the 

speech to text conversion also as an investigational test administered over a task oriented Spanish corpus are reported & analytical 

results also. 3. Sultana, S.; Akhand, M. A H; Das, P.K.; Hafizur Rahman, M.M. explore Speech-to-Text (STT) conversion using 

SAPI for Bangla language. Although achieved performance is promising for STT related studies, they identified several elements 

to recover the performance and might give better accuracy and assure that the theme of this study also will be helpful for other 

languages for Speech-to-Text conversion and similar tasks [3]. 4. Moulines, E., in his paper "Text-to-speech algorithms supported 

FFT synthesis," present FFT synthesis algorithms for a French text-to-speech system supported diaphone concatenation. FFT 

synthesis techniques are capable of manufacturing top quality prosodic adjustments of natural speech. Several different approaches 

are formulated to reduce the distortions thanks to diaphone concatenation. 5. Decadt, Jacques, Daelemans, Walter and Wambacq 

describes a way to develop the readability of the textual output during a large vocabulary continuous speech recognition system 
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when out-of-vocabulary words occur. The essential idea is to exchange uncertain words within the transcriptions with 

phoneme recognition result that is post-processed employing a phoneme to- grapheme converter. This system uses machine 

learning concepts. 

 System Implementation: Implementation: The Implementation process achieves speech to text by using Raspberry pi and 

Raspbian image installed on raspberry pi. This is the essential step to know the commands of  Linux for converting speech to text 

conversion. The Raspberry Pi is an ultra-low-cost, deck-of- cards sized Linux computer. It’s controlled by a modified version of 

Debian Linux optimized for the ARM architecture. it's two models  model A and model B. The Model B has 512 MB RAM,

 BCM2385 ARM11, 700 MHz System on  chip  processor. it's 2 USB ports, HDMI out, audio output jack and Ethernet port for 

internet access and therefore the USB   sound   card is required to interface with pi model because it's only audio output jack then 

by using sound card we will input voice data into pi. 1. Requirements for this implementation: the newest version of Raspbian 

installed 2.An internet connection 

 Automatic Speech Recognition: 

Basic Principle: ASR systems operate in two phases. First, a training phase, during which the system learns the reference patterns 

representing the various speech sounds (e.g. phrases, words, phones) that constitute the vocabulary of the appliance. Each 

reference is learned from spoken examples and stored either within the sort of templates obtained by some averaging method 

or models that characterize the statistical properties of pattern [6]. Second, a recognizing phase, during which an unknown input 

pattern, is identified by considering the set of references. 

 
The correct sound card drivers for your headset. Therefore the required inputs connections are shown below within the Figure. 

Fig. 4.1: Hardware connection of Raspberry-Pi 

Plug in your USB Headset and run the following commands to test the headset. 

 
Fig. 5.1: Basic Principle of ASR 

III. SPEECH RECOGNITION TECHNIQUES: 

The goal of speech recognition is for   a machine to be ready to "hear,” understand," and "act upon" spoken information. The 

earliest speech recognition systems were first attempted within the early 1950s at Bell Laboratories .The goal of automatic speaker 
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recognition is to research, extract characterize and recognize information about the speaker identity. The speaker recognition 

system could also be viewed as working during a four stages- 

1) Analysis 

2) Feature extraction modeling testing 

 Speech analysis: 

In Speech analysis technique Speech data   contains differing types of data that shows a speaker identity. This includes speaker 

specific information thanks to vocal tract, excitation source and behavior feature. The body and dimension of vocal tract also as 

excitation source are unique for every speaker. This uniqueness is embedded within the speech signal during speaking and may 

be used for speaker used for speaker recognition 

 Feature Extraction Technique:  

Feature  Extraction is that the most vital a part of speech recognition since it plays a crucial role to separate one speech from other. 

Because every speech has different  individual characteristics embedded in utterances [6]. These characteristics are often extracted 

from a good range of feature extraction techniques proposed and successfully exploited for speech recognition task. But extracted 

feature should meet  some criteria while handling the speech signal such as: a. Easy to live extracted speech features. 

 It shouldn't be vulnerable to mimicry. 

 It should show little fluctuation from one speaking environment to a different. 

 It should be stable over time. 

 It should occur frequently and naturally in speech. 

IV. CONCLUSION 

In this paper, we discussed the topics relevant to the event of STT systems the speech to text conversion may seem effective and 

efficient thereto users if it produces natural speech and by making several modifications to it. This system is beneficial for deaf 

and dumb people to Interact with the opposite peoples from society.  Speech to Text synthesis is a critical research and application 

area within the fieldof multimedia interfaces. During this paper gathers important references to literature associated with the 

endogenous variations of the speech signal and their importance in automatic speech recognition also it gives implementation of 

speech to text conversion supported Raspberry pi. A database has been   created from the varied domain words and syllables. 

The desired speech is produced by the Concatenative speech synthesis approach. Speech synthesis is advantageous for people 

that are visually handicapped. This paper made a transparent and straightforward overview of working of speech to text system 

(STT) in step by step process. The system gives the input     file from     mice within the sort of voice, then pre-processed that 

data & converted into text format displayed on PC. The user types the input string and therefore the system reads it from the 

database or data store where the words, phones, diaphones, triphone are stored. During this paper, we presented the event of 

existing STT system by adding spell checker module theretofore various language. There are many speeches to text systems 

(STT)     available within the market and also much improvisation goes on within the research    area to    form the speech simpler, 

and therefore the natural with stress and therefore the emotions. 
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