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Abstract—World Wide Web is rapidly emerging as the universal information source for our 
society and it is accessible using a web-browsing package from a networked computer. The 
design of information on the web is visually oriented. This approach is not always practical, 
especially for the visually impaired persons. The focus of this project is to develop a prototype 
which supports web browsing using a speech-based interface. Audio icons are built into the 
prototype so that users can have better understanding of the original structure/intent of a web 
page. Voice browsers allow people to access the Web using speech synthesis, pre-recorded 
audio, and speech recognition. Voice may also be offered as an adjunct to conventional desktop 
browsers with high resolution graphical displays, providing an accessible alternative to using 
the keyboard or screen, for instance in automobiles where hands/eyes free operation is essential. 
The browser will have an integrated text extraction engine that inspects the content of the page 
to construct a structured representation. This helps in easy and flexible navigation of the page 
so as to rapidly home into objects of interest.  
 
Index Terms— Speech synthesis, Speech recognition, Text extraction Engine. 

I. INTRODUCTION 

Information contained on the World Wide Web is inaccessible to many people. The web is primarily a visual 
medium that requires a keyboard and mouse to navigate. People, who lack motor skills to use a keyboard and 
mouse, find navigation troublesome [1]. The focus of this project is to develop a prototype which supports web 
browsing using a speech-based interface, e.g. a phone, and to measure its effectiveness. The command input and 
the delivery of web contents are entirely in voice. Audio icons are built into the prototype so that users can have 
better understanding of the original structure/intent of a web page. Navigation and control commands are 
available to enhance the web browsing experience.  
The effectiveness of this prototype is evaluated in a user study involving both normally sighted and visually 
impaired people. Voice browsers allow people to access the Web using speech synthesis, pre-recorded audio, 
and speech recognition. This can be supplemented by keypads and small displays [3]. Voice may also be offered 
as an adjunct to conventional desktop browsers with high resolution graphical displays, providing an accessible 
alternative to using the keyboard or screen, for instance in automobiles where hands/eyes free operation is 
essential. Voice interaction can escape the physical limitations on keypads and displays as mobile devices 
become ever smaller. The browser will have an integrated text extraction engine that inspects the content of the 
page to construct a structured representation.  
 
 
Grenze ID: 01.GIJET.5.1.55  
© Grenze Scientific Society, 2019 

 

Grenze International Journal of Engineering and Technology, Special issue 



 
348 

The internal nodes of the structure represent various levels of abstraction of the content. This helps in easy and 
flexible navigation of the page so as to rapidly home into objects of interest. 

II. DATA MINING 

The major components of any data mining system are data source, data warehouse server, data mining engine, 
pattern evaluation module, graphical user interface and knowledge base. 

 
Fig 1. Architecture of Data Mining 

Database, data warehouse, World Wide Web, text files and other documents are the actual sources of data. You 
need large volumes of historical data for data mining to be successful. Organizations usually store data in 
databases or data warehouses. World Wide Web or the Internet is another big source of data.The database or data 
warehouse server contains the actual data that is ready to be processed. Hence, the server is responsible for 
retrieving the relevant data based on the data mining request of the user. 
The data mining engine is the core component of any data mining system. It consists of a number of modules for 
performing data mining tasks including association, classification, characterization, clustering, prediction, time-
series analysis etc. The pattern evaluation module is mainly responsible for the measure of interestingness of the 
pattern by using a threshold value. It interacts with the data mining engine to focus the search towards interesting 
patterns. 
The graphical user interface module communicates between the user and the data mining system. When the user 
specifies a query or a task, this module interacts with the data mining system and displays the  
The knowledge base is helpful in the whole data mining process. It might be useful for guiding the search or 
evaluating the interestingness of the result patterns. The knowledge base might even contain user beliefs and data 
from user experiences that can be useful in the process of data mining.  

III. VOICE BASED SEARCH ENGINE  

Voice search, also called voice-enabled search, allows the user to use a voice command to search the Internet, or 
a portable device. Currently, voice search is commonly used in "directory assistance", or local search.  
 Applications of voice search include: 

 Making search engine queries. 
 Requesting specific information, such as a stock quote or sports score. 
 Launching programs and selecting options. 

The free voice search service, however, uses another approach. Speech recognition and generation technologies 
offer a potential solution to these problems by augmenting the capabilities of a web browser. 

IV. ALGORITHM (HIDDEN MARKOV MODEL) 

Automatic continuous speech recognition (CSR) has many potential applications including command and 
control, dictation, transcription of recorded speech, searching audio documents and interactive spoken dialogues.  
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Fig 2. Proposed Framework 

Since speech has temporal structure and can be encoded as a sequence of spectral vectors spanning the audio 
frequency range, the hidden Markov model (HMM) provides a natural framework for constructing such models. 
HMMs lie at the heart of virtually all modern speech recognition systems and although the basic framework has 
not changed significantly in the last decade or more, the detailed modelling techniques developed within this 
framework have evolved to a state of considerable sophistication. The clustering of logical to physical models 
typically operates at the state-level rather than the model level since it is simpler and it allows a larger set of 
physical models to be robustly estimated. 

 

Fig 3. Working of HMM 

V. EXPERIMENTAL DETAILS 

The extraction of text and presenting it to a visually handicapped person has many difficult aspects to it. With 
innumerous web pages present in the web, there is a varied diversity in the type of the pages. A web page may 
contain more than one kind of contents like, links, images, advertisements, and animations. These contents may 
not provide valuable information to a visually impaired person. Further, the document structure of an email page 
is also different from other page. 
The Text To Speech module responds to user like an artificial intelligent agent by guiding through browsing. 
This module reads out the content in the web browser by parsing the web document by removing html tags and 
extracts only text to the user as audio. It also returns information's like date, day, time, weather, etc. on request. 
Speech to text conversion is the process of converting spoken words into written texts. This process is also often 
called speech recognition. Although these terms are almost synonymous, Speech recognition is sometimes used 
to describe the wider process of extracting meaning from speech, i.e. speech understanding. The term voice 
recognition should be avoided as it is often associated to the process of identifying a person from their voice, 
i.e. speaker recognition. All speech-to-text systems rely on at least two models: an acoustic model and 
a language model. To get the best transcription quality, all of these models can be specialized for a given 
language, dialect, application domain, type of speech, and communication channel. The complete voice-to-
text conversion process is done in three steps. The software first identifies the audio segments containing speech, 
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and then it recognizes the language being spoken if it is not known a priori, and finally it converts the speech 
segments to text and time-codes. 

 

Fig 4.Search Engine Output 

VI. CONCLUSIONS 

In this project we proposed an efficient way of accessing the web browser is presented which is termed as voice 
browsing in which visually impaired people can access the browser using speech. As access to internet visually 
incurs limitations such as visually impaired persons cannot use keypads, touch screens etc. for giving inputs to 
computer. User can speech the word and converted into text automatically, now this browser reduces their effort 
by performing this conversion automatically. And the blind people can also use this browser to convert text 
documents in English characters. Thus combination of browsing with speech technology is an efficient way of 
accessing webs. In addition, all the text content present over the web for various links can be made accessible by 
using speech technology. This technology can also be implemented in browser. More work can be done to 
increase the accuracy, pronunciation and precision of speech technology. The proposed method has used only 
English language. A new search engine enabled with voice recognizing and voice synthesis mechanisms is 
proposed. From the Experiments and observations it is understood that the accuracy of the voice recognition can 
be further improved when we add additional hardware and software. 
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