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Abstract:

Web Real-Time Communication (WebRTC) technology has become one of the
important technologies used in supporting audio and video communications and
transferring data in bidirectional and real-time through networks and Internet
technology. Its applications used as a major alternative to applications that need to be
downloaded, installed and paid. Besides, it has used instead of public telephone
networks such as Public Switched Telephone Network (PSTN) because it is more
convenient, high quality and less expensive. Practical research has shown that the
number of participants in video conferencing and the quality of communication via
Internet applications depends on the resources, such as the use of Control Processing
Unit (CPU) and Bandwidth Consumption. This research aims to design and
implement a real environment using Matlab Simulation (Matlab Simulator) to identify
and test the effect of hardware resources such as CPU on the number of users and
Bandwidth on the quality of the connection, as well as the delay resulting from
participants until the connection established. In this research, different CPU
processors such as Core 17, Core 15 and Core 13, and different bandwidth of 0.5 Mbp /
s - 1000 Mbp / s have been considered. The most important note that should be
mention is the factors adopted in this work result from the real implementation of a
real application. Therefore, the results of this research have been verified in advance.
Finally, this work will give web developers a good opportunity to understand the Web
Real-Time Communication technology. Also,lt is beneficial for attracted researchers
who would like to know the restrictions of CPU, bandwidth and delay over

multimedia communication among unlimited users\PCs using WebRTC.



