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1. Overall Description:

CT1 thanks RAN3 for the LS on redirection in C1-072277 (R2-073851). CT1 also took note of the reply from SA2 in C1-072283 (S2-073908). CT1 is not the expert in all the areas that are mentioned in the LS from RAN2; and so CT1 wishes to restrict its answers to two of the questions which fall within the responsibility of CT1.

RAN2 question:

It was not clear in RAN2 whether first SIP message is SIP INVITE. If not then it was seen possibly more problematic to use SIP INVITE to derive establishment cause. 

Q1: Is the first SIP message of call setup procedure always SIP INVITE?

CT1 response:

The first SIP message of call setup procedure can be either SIP INVITE or SIP REFER. 

For redirecting of terminating calls, when the UE starts the RRC establishment procedure, it will not have the SDP offer that was sent by the other end point and hence the UE will have to derive the establishment cause only from the paging cause value that it receives from the network in the page request.

The actual media that will be established is determined by the UE only after it receives the SDP offer. The SDP answer included in the response generated by the UE will contain the characteristics of the media for this session. Thus, the network will be unable determine the media characteristics of the session based solely on inspecting the SDP offer. 

RAN2 question:

When RAN2 discussed usage of different SIP INVITE parameters it was not completely clear how much layer dependency is introduced by mechanism of using SIP INVITE to derive establishment cause.

Q2: Can SIP INVITE parameters be used to derive establishment cause without breaking layer independency between applications and RAN protocols? And if there is need for some application/RAN layer dependency can it be avoided (or limited) by just limiting establishment cause derivation from SIP INVITE to IMS applications?

CT1 response:

CT1 agrees with the answer provided by SA2. In addition, CT1 wishes to point out that if signalling compression is used between the P-CSCF and the UE, the intervening nodes between the UE and the P-CSCF will be unable to inspect the SDP unless they also maintain SigComp state.

2. Actions:

To RAN2 group.

ACTION: 
CT1 asks RAN2 to kindly take note of the answers to the questions posed by RAN3 in progressing the work on RRC redirection.
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