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Discussion

At SA2 #78, Alternatives 6&7 have been merged into Alt 12 and Alt 10 was added.

For Alt 12, when the UE is on LTE, the following holds true (for SC UE and remote end):

· SIP is used between UE and SCC AS and the SDP in the SIP signaling has indicated the SDP for both ends (including IP addresses)

After transfer to CS, and before second session transfer has taken place by MSC Server to bring the media onto the direct path between MGW and remote end, the MGW IP address is not used towards the remote end  (otherwise the remote end would be impacted) and hence either 

· the MGW has to use the IP address and codec of the SC UE
· or the S-GW/P-GW has to replace the IP address of the MGW by the IP address of the phone 
In Alt 10, bi-casting is used only for the downlink in the P-GW, hence it is a task of the MGW to ensure that the MGW IP is not used towards the remote end.

Hence, the following needs to be clarified in TR 23.856:

· For Alt 12, that the MGW has to use the IP address and codec of SC UE towards remote end
· For Alt 10, that the MGW has to use the IP address and codec of SC UE towards remote end.

Proposal

Proposed update to TR 23.856:
Begin Change
6.10.3
Media plane handling

In order to allow seamless voice handling for SRVCC, the local end prepares a bridging mechanism such that the switching of the RTP voice in LTE to CS voice over 2/3G is not noticeable at the remote end. The following figure shows how this is done from the media perspective:
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Editor’s note: How UL RTP traffic from MGW is handled (e.g., so the remote end is unaware) in step 3 is FFS. 

Editor’s note: How DL RTP traffic from PDN GW to eNb is handled in step 3 needs further elaboration. 
Step-1: this is prior to SRVCC where an IMS voice call over LTE is established with the remote end. The RTP stream is going between UE-PDN-GW and remote end.

Step -2: E-UTRAN triggers an SRVCC operation by requesting the MME to perform an SRVCC. MME then invokes the SRVCC MSC. During this MME-SRVCC MSC interaction, the PDN GW is instructed to replicate UL and DL RTP packet to a designated MGW address/port#s. This DL RTP packet in the MGW is converted to CS voice in step 3 for connection to the 2/3G access. The idea is that when UE switched over the access to 2/3G then it can receive CS voice immediately on the downlink direction. The DL RTP stream from the remote end is continuously sent to the PDN GW; hence, no change on the remote end. The MGW also requires some conference bridge function as first leg is connected to 2/3G access, 2nd leg is from the PDN GW, 3rd leg is toward the IMS for session continuity. The MGW also requires using the IP address of the SC UE towards the remote end and not the IP address of the MGW.
Step-3: UE receives the HO command and connected to 2/3G using CS voice. The DL CS voice is already connected at this point due to step 2. The UE starts sending UL CS voice traffic to MGW. MGW then transcodes this to an RTP stream and forwards it to remote end. The MGW aware of the RTP stream codec being used based on the IMS codec information received from MME. The UL sequence number and timestamp of the UL RTP stream is maintained toward the remote end by the MGW. 

Step 4. Session continuity procedure is successfully executed in the remote end. The remote end is sending CS voice directly to the MGW. The CS to RTP stream transcoding resource and the PDN GW resources are released.
Next Change
6.12.2.1
MSC Server/MGW enhanced for E-UTRAN/UTRAN (HSPA) and 3GPP UTRAN/GERAN SRVCC

In addition to the standard MSC Server/MGW enhanced for SRVCC defined in TS 23.216 [3], an MSC Server/MGW which has been enhanced to optimize SRVCC handover by local anchoring provides the following functions:
· Additional ICS enhancements as defined in TS 23.292 [7]; the MSC Server performs IMS registration when it receives combined attach request from the MME.
· Assigning the IP address and TEID of the UE for packet bearers to transport VoIP media packets between MGW and S-GW.
· Initiating bearer modification requests towards the SGW to update bearer path at SGW –from E-UTRAN to the MSC server/MGW.

· Additional session transfer function: Using the same voice codec and IP address in the MGW as the UE before based on SDP answer from the SCC AS.
· In order to hand over the VoIP media to MGW, MGW needs to support GTP-U protocol in addition to the support of GTP-C between MSC server/MGW and MME as specified in current SRVCC.
End Change
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