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Abstract

Over the recent years, the Internet Engineering Task Force (IETF) and the World
Wide Web Consortium (W3C) developed a new standard named Web real-time
communication (WebRTC). WebRTC is defined as a standardised Mechanism
for establishing direct audio, video and data communication between browsers.
This research focuses on designing and implementing a Speech-to-Text (S2T)
application based on WebRTC technology. Also, it has been done using
JavaScript language and applied to Chrome, Firefox, and Opera via (Ethernet &
WiFi) of the internet. Moreover, it offers many different advantages, such as
ease of communication (no more illegible handwriting), a quick improvement
on documents, the ability to work from home or at the office, increased
efficiency, paperwork save time difficult jobs can be made easier by
streamlining and simplifying them in addition speech recognition software can
create documents in half the time it takes to type them, multitasking (on-the-go
dictation), fewer mistakes (gives a reliable and accurate style of documentation),
and information communication channels that are secure. This includes, global
vocabulary, streaming speech recognition, multichannel recognition, noise
robustness, content filtering, and automatic punctuation . The contribution of
this work support researchers interested in understanding and learning how to
create a WebRTC signalling mechanism, using S2T methodology with
WebRTC technology.
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