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Abstract of the contribution: This paper proposes adding an Alternative of Remote Update Optimization. 
Introduction

This paper is a re-submission of the Alternative Remote Update Optimization in the P-CR S2-095505 of SA2#75. There were some comments on the SDP handling in SCC AS.
Discussion
This alternative optimizes the remote update procedure based on Alternative Serial Handover. The procedure is shown as the below.
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Figure 2

a1. MSC sends session transfer request INVITE to SCC AS with MGW SDP in SDP offer after CS handover preparation. The SDP offer is shown like this:
v=0

c=IN IP6 5555::aaa:bbb:ccc:eee(MGW’s IP)

m=audio 3456 RTP/AVP 97 96

a=rtpmap:97 AMR

a=rtpmap:96 telephone-event

a2. SCC AS stores the SDP information of MGW and sends media update request Re-INVITE to remote end without SDP.

a3. Remote end responds 200 OK to SCC AS with remote end SDP in SDP offer, which carries the using SDP and all media formats supported by the remote end. The SDP is show like this:
v=0

c=IN IP6 5555::eee:fff:aaa:bbb (remote end‘s IP)

m=audio 6544 RTP/AVP 0 97 96

a=rtpmap:0 PCMU/8000
a=rtpmap:97 AMR

a=rtpmap:96 telephone-event
m=video 10001 RTP/AVP 98 99
a=rtpmap:98 H263

Upon receiving the remote end SDP answer, the SCC AS shall:

1) match the m lines between MGW SDP and remote end SDP by media type, and find the m line of the voice media stream;

In the example, the SCC AS finds that “m=audio 3456 RTP/AVP 97 96” in MGW SDP matches “m=audio 6544 RTP/AVP 0 97 96” in remote end SDP. Such a handling is also required in Rel-8 SCC AS.

2) select the common supported voice media formats for MGW and remote end SDP;
In the example, the SCC AS chooses the common media format 97 and 96
3) select the most preferred format among the common supported voice media formats. Here, the SCC AS chooses media format 97.

The work in step 2) and 3) is a new requirement to SCC AS, and there is a little more work load to SCC AS.
a4. SCC AS responds 200 OK to MSC with Remote End SDP in SDP answer.
v=0

c=IN IP6 5555::eee:fff:aaa:bbb (remote end‘s IP)

m=audio 6544 RTP/AVP 97 96

a=rtpmap:97 AMR

a=rtpmap:96 telephone-event
a5. SCC AS sends ACK request to remote end with MGW SDP in SDP answer. Upon receiving the SDP answer, the remote sends the downlink voice media stream to MGW and begin to listen the new uplink voice media.
v=0

c=IN IP6 5555::aaa:bbb:ccc:eee(MGW’s IP)

m=audio 3456 RTP/AVP 97 96

a=rtpmap:97 AMR

a=rtpmap:96 telephone-event

b1. After Session Transfer to IMS is completed, MSC sends PS to CS Handover response to EPS.

b2. EPS sends Handover Command to UE.

b3. UE tunes to the target CS access.
Comparing Alternative Serial Handover，the media switching in the remote end is postponed to the completion of remote update procedure. The interruption time is shorted. 
Proposal

Propose adding this Alternative.
The begin of the 1st change
6.x
Alternative x - Remote update optimization
6.x.1
Architecture Reference Model

The architecture of Rel-8 SRVCC is not affected by this alternative.
6.x.2
Functional Entities

Editor’s Note:
This subclause will define the functionalities of functional entities for the enhanced SRVCC.

6.x.3
Message Flows

Based on Serial Handover in Alternative 2, an optimization to Remote Update procedure is shown in Figure 6.x.3.1.
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Figure 6.x.3.1: Remote update optimization to SRVCC using Serial Handover
a1. MSC sends session transfer request INVITE to SCC AS with MGW SDP in SDP offer after CS handover preparation.

a2. SCC AS stores the SDP information of MGW and sends media update request Re-INVITE to remote end without SDP.

a3. Remote end responds 200 OK to SCC AS with remote end SDP in SDP offer, which carries the using SDP and all media formats supported by the remote end.

Upon receiving remote end SDP, SCC AS shall:

-
 match the m lines between MGW SDP and remote end SDP by media type, and find the m line of the voice media stream;

-
select the common supported voice media formats from MGW SDP and remote end SDP;

- 
select the most preferred format among the common supported voice media formats;

-
generate remote end SDP in step a4 and MGW SDP a5 using the selected media formats and the most preferred format.
a4. SCC AS responds 200 OK to MSC with remote end SDP in SDP answer.

a5. SCC AS sends ACK request to remote end with MGW SDP in SDP answer.

b1. After Session Transfer to IMS is completed, MSC sends PS to CS Handover response to EPS.

b2. EPS sends Handover Command to UE.

b3. UE tunes to the target CS access. 

The voice downlink media stream is interrupted once the remote end receives SDP answer in step a5, or the SRVCC UE performs step b3. It is restored until both step a5 and step b3 are completed. So the interruption time of the downlink media stream is:

· Td= Ta5-(Ta4+Tb1+Tb2）when step b3 is completed before remote media switching is done in step a5, i.e. Ta5>Ta4+Tb1+Tb2+Tb3; or
· Td=(Ta4+Tb1+Tb2+Tb3)-Ta5 when step b3 is done after remote media switching is done in step a5, i.e. Ta4+Tb1+Tb2>Ta5; or
· Td=Tb3 when step 3 is done in parallel with remote media switching in step a5. 
So the interruption time of the downlink media stream is equal to Tb3 at the best case, and shorter than htoses in Rel-8 SRVCC and Alternative Serial Handover.
During remote media switching, the remote end will prepare to receive media with old format for a brief time upon receiving the SDP answer in step a5 (as specified in IETF RFC 3264 subclause 8.3.2). The voice uplink media stream is interrupted after step b2, and restored after step both b3 and step a5 are done. So the interruption time of the uplink media stream is:

· Tu= Tb3
NOTE 1: The remote end may not support the capability. In that case, for the interruption time, there's no difference between the uplink media stream and the downlink media stream.
NOTE 2: The assumption here is that the in-flight uplink media stream packets transmitted from the old source (i.e. on the UE’s IMS access leg) are not blocked by the PCEF of the remote party, once the PCEF of the remote party has authorised the new SDP offer. If this assumption is not valid, for the interruption time, there's no difference between the uplink media stream and the downlink media stream.
Comparing to Alternative Serial Handover, the interruption time is further optimized.
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