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Abstract

TaiWan Advanced Research and Education
Network (TWAREN) is an academic network serving
as a platform for network application researches as
well as a link between the research communities in
Taiwan and those international collaborators.

VoIP (Voice over Internet Protocol) has been
highlighted among other network applications because
of its great potential on bridging the network
technology and the communication needs in our daily
life. H.323 and SIP are undoubtedly the most
important two protocols using in the VoIP world,
which were developed by ITU-T in 1996 and IETF in
1999, respectively. Based on the existing technologies
on PSTN, H.323 has its strengths on bringing audio,
video and data onto a packet-switched network while
retaining a very high interoperability with the
traditional PSTN resources. Compared to this property,
SIP is based more on the Internet technologies which
gives it more flexibility and the great strength to
cooperate with HTTP.

This paper will introduce the work on integrating
heterogeneous VoIP technologies on TWAREN, which

would serve as a good reference for administrators
who also want to integrate multiple VoIP technologies
on their environments.
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