3GPP TSG CT WG4 Meeting #40-bis
C4-082910
Phoenix, US, 6th – 10th October 2008

Source:
Huawei

Title:
Discussion on problems of supporting SIP forking in SIP-I CSCN
Agenda item:
6.3

Document for:
Discussion

Introduction
The issue of the support of SIP forking in SIP-I based CS Core Network is raised in CT3#49 meeting and it is declared that it is a CT4 issue. This paper analyzes the issues if introducing the SIP forking mechanism into SIP-I based Core Network.
Discussion
1. No requirement to support forking in 3GPP CS domain
SIP provides the mechanism by the SIP procedures to combine the AOR (Address-Of-Record) of the user with the Contact address of the UA the user holds where the user can be contacted and SIP proxies will forward incoming calls to the UA by the combination.

SIP protocol allows multiple SIP endpoints with the same AOR, the multiple SIP UA address will register into SIP registrar separately and one AOR may map to multiple Contact addresses. If a call request comes toward the user, the SIP proxy may forward the call request to the multiple contact addresses sequentially or parallelly in the case that the SIP proxy can not pre-determines which called party UE should be called.

But in CS domain no sharing of the SIM card is supported, the mobile station of one subscriber attaches to one MSC Server, a call to a called subscriber will be route to a single mobile station by the only attached MSC Server. Therefore, support of SIP forking in SIP-I Nc interface is useless and there is no requirement that the “forking” is to be supported in CS domain.
2. No obvious advantages from the support of SIP forking in SIP-I based CS network
In SIP network, the SIP proxy can route the responses belong to different SIP dialogs back to the calling party UE. If the call request is forked, the calling party subscriber can aware it by the calling party UE showing the established dialogs to the user by local means, e.g. multiple windows. The calling party UE and subscriber can make the decision how to treat the dialogs, e.g. keep one dialog and release all the others.

Because there is no mechanism to allow the originating MSC Server inform the multiple dialogs or multiple destinations to the calling party UE, the calling party UE can not aware the fork and can not put any impact on treating the dialogs. No obvious advantages from the support of SIP forking in SIP-I based CS network without the calling party subscribers’ awareness and behavior.
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3. Support of SIP forking by the MSC Server will increase the complexity of implementations
Support of SIP forking will also make the (G)MSC Server implementation more complex while no obvious advantages and requirements are forseen.

Procedures defined in 3GPP TS 29.163, MGCF does not interwork the subsequent 180 messages to the CS network as shown below. Similar procedures can be derived for the interworking of IMS network with SIP-I based CS network.
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Figure 39a/2: CS Network Originating Session with forking, ISUP (message sequence chart continue)

Proposal
As per the discussion paper, it is proposed that SIP forking should not be supported in the SIP-I CS Nc interface.
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