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Abstract

There are two standards currently compete for
the dominance of IP telephony architecture. Those
are  H.323
Telecommunication Union Sector T{ITU-T) and

protocol suit by International

Session  Initiation  Protocol/Session  Description
Protocol(SIP/SDP) by Intemnational Engineering Task
Force(IETF). This paper has been studied a
adaptation VoIP in home networking, Espécially
SIP-based call screening service in home gateway.
And then this paper has designed SIP-based call
screening service in home gateway working protocol,

verified them.
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2) SIP(Session Initiation Protocol)
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2) SIP call screening service
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2) outgoing call screening service
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