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Abstract:  Technology is getting sophisticated as days are passing by. Many inventions, research and development activities are 

being happening all around the world to help everyone in need. A natural language processing model for speech to text and text to 

speech conversion is one among those technologies. The prime motivation of the project is to convert the speech into a visible text 

for the user enabling the deaf to learn the information while the other part of the work which is text to speech conversion helps the 

blind to hear the information. Integrating a wide range of systems with loads and lots of sophisticated calculations and computations 

of various aspects of language and the development of wide range of systems. These systems integrate spoken language mechanism 

, cooperative interface to knowledge and databases, that do considerate and model the aspects of human to human interaction , 

multilingual interfaces , machine translation and the message understanding systems among others. Any research in the domain of 

natural language processing system will do comprise the most complex topics of computer science, logic, linguistics and 

psychology.  This domain of natural language processing possess an exceptional acknowledgment in the parenthood of computer 

science because of its contribution and a numeral aspects in this field deal with linguistic features of computational and the natural 

language processing seeks to model language computationally. Gaining fluency in language is an incommodious task. Many 

software were having its pace in the market to make it a cakewalk. 

Our prime aim is to develop a software that enhances the user's way of speech through correctness of pronunciation following the 

English phonetics by converting that into text.  Speech-to-text-conversion is a useful tool for integrating people with hearing 

impairments in oral communication settings, e. g. counselling interviews or conferences. This software allows one to learn, judge 

and recognize their potential in English language. It also facilitates an extra add-on feature which nourishes the user's 

communication skills by an option of text to speech conversion also. 

 

Keywords - Natural Language Processing, spoken language, integrate speech, cooperative interfaces, multilingual interfaces, 
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1. INTRODUCTION 

1.1 Literature Survey 

Machine translation (MT) is a known to be a very hard problem, because natural languages are actually very highly complex with 

many words that have various meanings and different possible translations, slangs may vary and meaning in the communication is 

also combined with many physical traits of the person who speaks it. The sound, stress and intonations were also to be considered 

in this aspect. The sentences might have various readings, and the relationships between linguistic entities are often vague. In 

addition, it is sometimes necessary to take world knowledge into account. The number of relevant dependencies is much too large, 

and those dependencies are too complex to take them all into account in a machine translation system. Given these boundary 

conditions, a machine translation system has to make  various decisions (produce translations) given incomplete knowledge. This 

problem may be approached in several ways.[7] 

 

2. PROPOSED METHODOLOGY FOR THE TEXT TO SPEECH AND SPEECH TO TEXT CONVERSION 

The primary aim is to use the hidden markov model to produce the speech to text conversion by using the speech database. The 

speech signal is processed for the extraction of the excitation parameter and the spectral parameter to train the HMM. The HMM is 

also fed with the label of the speech signal from the speech database. The synthesis of the trained model output starts post  the 

training with the context dependent HMMs with the text analysis from the text database to the parameter generation from the HMM. 

The synthesised speech is produced post the excitation parameter extraction and the spectral parameter extraction from the excitation 

generator and the synthesis filter respectively. 
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      Fig 1 represents the system architecture of the hidden markov model for the speech to text conversion.  

  

                         

Fig 2 flow chart architecture for hidden Markov Model with DNN for text to speech conversion. 
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   Figure 3 : System architecture of speech to text conversion model 

 

2.1 Module Elucidation 

     This module consists of the following processes to be able to convert the speech signals into text format. 

1. Visualizing Audio Signals - Reading from a File and Working on it 

2. Characterizing the Audio Signal: Transforming to Frequency Domain 

3. Recognition of Spoken Words 

     Each of the above processes are elucidated below with the sample code of execution, with its limitations and challenges 

encountered 

We are implementing the Text To Speech and Speech To Text Synthesizing process using the python programming language 

which can be run on the Command Prompt in Windows or Terminal in Linux Systems. Here we are using the help of Command 

prompt in Windows for executing the Python programs. We particularly chosen python because it was the most widely used 

language by all the people and lot of enhancements can be made to the current work without generating new problems. 

2.2 Execution of text to speech 

 Initially we have to write the required text in a python program which is easily done , using the help of Hidden Markov 

Model and Pyttsx3 then we have to characterize each letter or word or number or special character from the given text by the 

breaking the word or letter from space to space region and then this word or a character is stored in a python dictionary and 

then these values are again retrieved after the end of the text.  

 Here we aren’t training any personal voice for reading the input text and we are considering the System Engine or inbuilt 

voices provided by the windows Operating system and with these voices we are able to read the extracted and stored words or 

characters present in the dictionaries. This system is very accurate as compared to that of Google GTTS Engine and we are 

able to maintain this accuracy even the input size of the text is very large which is not possible by others. By the end we are 

capable of reading characters, words, numbers and symbols.  

               

            (a) 
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       (b) 

Figure 3 : (a) and (b) The above images elucidates the practical elucidation of code to process the execution of text to speech 

2.3 Execution of speech to text 

 In order to convert the required Speech to Text we have to two methods of providing the input to the system one is by 

taking any file from a large data set which are in .wav file format and the other one is directly providing the input by the user 

from the microphone. 

 This Speech To Text Conversion consists of multiple steps as mentioned in the Module Elucidation and the first step is 

Visualizing the Audio Signals by parsing the input .wav file or user’s voice from microphone and the graph produced  depicts 

the high and low pitch of the input voice and the signal duration, data type. 

 The second step is Characterizing the Audio Signal  where we convert the given voice into frequency domain signals of x 

and y axis so that this coordinates can be used for further steps in converting the Speech To Text. Further the graph depicts the 

exact rise and fall of the voice signals for the entire input. 

 The third step is Recognition of spoken words where we use the help of Hidden Markov Model’s MFCC (Mel Frequency 

Cepstral Coefficient) and thus two graphs are maintained in the output for the given input signals which are MFCC and Filter 

Bank which also depicts the number of windows or frames formed by the input signal and length of the each window . 

 The final step is using the recognizer method where the output signals of the frequency domain graph and the MFCC, 

Filter Bank graphs and using these coordinates a particular frame of voice is converted into the corresponding character or 

word or number or symbol and that text is stored in some python list within a dictionary. Finally after the entire input signal is 

processed the corresponding python dictionary containing the lists is organized and the output is generated. 

        

         (a) 
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           (b) 

Figure 4 : (a) and (b) The above images elucidates the practical elucidation of code to process the execution of text to speech 

 

3. RESULTS  
 

3.1 Execution of text to speech 

        

 
 

Figure 4 : The above picture decipicts the execution of the text to speech conversion 
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3.2 Execution of speech to text 

      
 

         
           (a) 
                              

           
(b) 
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(c) 

 

          
(d) 

 
 

Figure 4 : (a) ,(b) ,(c) and (d) The above images elucidates the practical elucidation of the execution of speech to text. 

(a)  is Visualizing the Audio Signals by parsing the input .wav file or user’s voice from microphone and the graph produced  

depicts the high and low pitch of the input voice and the signal duration, data type. 
(b) Characterizing the Audio Signal, converting the given voice into frequency domain signals of x and y axis. The graph 

depicts the exact rise and fall of the voice signals for the entire input. 
(c) The later is Recognition of spoken words where we use the help of Hidden Markov Model’s MFCC and thus two graphs 

are maintained in the output for the given input signals which are MFCC and Filter Bank which also depicts the number 

of windows or frames formed by the input signal and length of the each window . 

(d) Using the recognizer method where the output signals of the frequency domain graph and the MFCC, Filter Bank graphs 

and using these coordinates a particular frame of voice is converted into the corresponding character or word or number or 

symbol and that text is printed out on the output. 
 

 

  
4. CONCLUSION 

We have introduced a flavour of python technology to embed an element of  speech processing by text to speech and speech to 

text conversions. We presented an accurate conversion of speech to text and text to speech with many embedded system features 

and the use of python technology. The added essence to this work is its ability to convert by seeking the input from live speech or 

from any audio file. The use of the Hidden Markov Model and the Mel Frequency cepstral coefficient has yielded a way more 

precisive result.   

We believe that our work opens additional opportunities for inventively and more accurately grasping the different slangs of 

different intonated voices altering and joining the sound signals to produce a way more accurate and fast conversions to help the 

disabled to be more dynamic and lead a normal life as everybody. The immediate future work may include the enhancement of this 

project by making it able to feed on different file formats like VLC media player or mp3 media player etc.  Different roads of future 

work incorporate fast feed-forward system approximations of various slangs and conversions. 
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