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Capstone Project 1 – Fall 2006
Sponsored by AtLink Communications Inc.

Project Background: 

VoIP is rapidly gaining ground as the premier medium for future communication needs. There’s many open source VoIP infrastructure projects that can be used to build enhanced VoIP services. One such open source project is sipX (www…..). 
Conference calling is one of the strategic and useful enhanced voice services that can be provided on VoIP. Currently there is a new initiative within the sipX open source project to build a conferencing plug-in to sipX. A Key component of a conferencing server is the voice conferencing mixer. This provides the logic of how voice should be manipulated to achieve productive conference call. 

Project Description:

To continue to develop the work done by the Summer Capstone group in a sipX based voice conferencing mixer that can be used in a sipX conferencing server. If time permits extend the mixer to add intelligent mixing capabilities such as a participant that would join for listing purposes only. The project will include,
· Install and build the appropriate sipX components needed for SIP point to point calling – Most of this is done by the Summer Group.
· Install and build the appropriate sipX components needed for conference calling. – Most of this is done by the Summer Group. 
· Read/research and understand the basics of conference calling and conference call mixing.
· Write software to extend the sipX components to handle voice based conference call mixing. – This would be the bulk of the work.
Technologies used:
· sipX, sipXtapi, sipXtackLib 
· SIP and RTP
· Many VoIP technologies such as (SIP User agent clients and servers)
· AtLink EVI 
Software needed:
· VC++
· AtLink EVI
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