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Introduction and background

CT1 has been discussing how the SCC AS and the SRVCC capable UE can get the same view as to whether a session is subject to SRVCC or Dual Radio VCC, i.e. whether the session is anchored in the SCC AS. This discussion paper aims at providing a description of solution that does not require explicit information elements in SIP to indicate that a session is anchored in SCC AS.
DISCUSSION

SRVCC:

TS 23.216 describe SRVCC as being used for access transfer from PS to CS for full-duplex speech sessions (e.g. for IMS Multimedia Telephony Service). This requires a policy that makes sessions having a full-duplex speech component being subject to SRVCC in SCC AS and SC UE.
Problem 1) What sessions to anchor for SRVCC:

It is proposed that for a subscriber that has a subscription with SRVCC allowed, every SIP INVITE is anchored in the SCC AS. According to TS 23.216, all sessions that can be subject to SRVCC (e.g. MMtel) are anchored, So there is no issue with how to anchor sessions, or too many sessions being anchored.
Conclusion of problem 1: all sessions are anchored, there is no requirement to be able to optimize the anchoring criteria in SCC AS. 
Problem 2) How to ensure that UE and network have the same understanding which sessions are subject to SRVCC? 

This can be based on the following

QCI-1 is the initial trigger point (at eNodeB with the “SRVCC allowed” indication from MME) for the whole SR-VCC procedure on the lower layers.
QCI-1 is reserved for operator grade IMS bi-directional voice service (e.g. MMTel voice service), only speech sessions with a PS bearer with QCI-1 are subject to SRVCC. No other service will get allocated QCI=1.

If UE has indicated to the network that it is SRVCC capable in NAS level, then it regards every session with QCI=1 as SRVCC transferable. If UE informs the network that it is not SRVCC capable (e.g., switches its SRVCC capability from “capable” to “not capable” due to some services configuration), then the network will not trigger SRVCC even though QCI-1 may be used but there is no issue here. 

In order to ensure that an SCC AS understands whether a speech session is subject to SRVCC, i.e. whether QCI-1 will be in use, the following two alternatives for operator configuration are foreseen:

1. Only one operator IMS voice service (MMTel) will be in use for SRVCC users, operator IMS voice service will use speech sessions with QCI=1. Every speech session is subject to SRVCC. 
2. Multiple operator IMS voice services will be in use for a particular SRVCC user, some operator IMS voice services (e.g. MMTel) will use speech sessions that get QCI=1 allocated, while other operator IMS voice services will get different QCI values for their speech sessions allocated. 

S-CSCF assigns the ICSI based on SIP, SDP offer and user profile. SCC AS implements a policy to decide whether the session is SRVCC transferrable or not, based on the ICSI and SDP offer/answer(s). Here the hPCRF shall implement the same policy to decide whether to allocate a QCI=1 bearer for the session.

Conclusion of problem 2: in both configurations above, the UE knows based on the allocated QCI=1, that a session is subject to SRVCC. Also SCC AS has the same knowledge, whether a session is subject to SRVCC as it knows the allocated QCI=1. This means that a UE and an SCC AS have the same view whether a session is subject to SRVCC. This understanding is based on information in the existing signaling.
PS CS Session Continuity, Dual Radio

In order to allow SC UE and SCC AS establishing a common view of transferable sessions for dual radio access transfer from PS to CS for sessions with m=audio and a codec suitable for speech the following is proposed:

All sessions are anchored, irrespectively of the media description in the initial INVITE. This allows the UE and the SCC AS to have the same view as to whether a session is transferable, namely every session that has media with m=audio and a codec suitable for conversational speech.

In our understanding, anchoring of every INVITE initiated session was the design principle since VCC Rel-7. 

Proposal

The group is asked to discuss “transferable sessions for SR VCC and DR VCC” and the solution as described above. If the group agrees on the solution, then Rel-8, Rel-9, Rel-10 do not require enhancements to SIP to indicate whether a session is transferable or not.
