3GPP TSG CT WG1 Meeting #55bis
C1-083998
Phoenix, Arizona (USA), 6th – 10th October 2008
Source:
ZTE

Title:
DISCUSSION on indicating CS media in ICS using Gm interface 
Agenda item:
9.21

Document for:
Discussion

1. Introduction

ICS with CS media using the Gm interface requires that information is sent in the INVITE request to indicate that the media bearer will be setup in the CS domain. Currently, there exists an open issue related to CS media as captured by the following Editor's Note in A.3.1 of 24.292:

Editor’s Note:
The SDP in this SIP INVITE request needs to be specified. How the ICS UE indicates that the session is to be setup using CS bearers is FFS. draft-garcia-mmusic-sdp-cs might be a possible solution. 

Editor’s Note:
The SDP answer in this SIP 183 (Session Progress) response needs to be completed. How the  IUA PSI DN is coded and returned is FFS. draft-garcia-mmusic-sdp-cs might be a possible solution.

And from A.4.3:

Editor's Note:
The SDP in this SIP INVITE request needs to be specified. How the ICS UE indicates that the session is to be setup using CS bearers is FFS. How the IUA PSI DN is coded and transported to the ICS UE is FFS. draft-garcia-mmusic-sdp-cs might be a possible solution.

This discussion paper analyse the available solutions and providing an alternative solution to deal with this issue.

 2.Discussion:

So far following solutions has been discussed in the past and not widely accepted by the folks due to below mentioned reasons defined as drawback:
(1) Draft Garcia

Drawback:
 (a)IETF Dependency

 (b) Whether we need to upgrade all the P-CSCF in order to recognize the media extension.

(2) Contact header field:

Drawback:

 (a) IETF dependency because we need a new feature tag for that and it requires IETF approval that may delay Rel-8 work.

Alternative solution
According to RFC 3264 section 5.1 second paragraph
A port number of zero in the offer indicates that the

   stream is offered but MUST NOT be used.  This has no useful semantics

   in an initial offer, but is allowed for reasons of completeness,

   since the answer can contain a zero port indicating a rejected stream

   (Section 6).  Furthermore, existing streams can be terminated by

   setting the port to zero (Section 8).  In general, a port number of

   zero indicates that the media stream is not wanted.
Scenario 1:

So according to the RFC, when the SCC AS receives an initial INVITE request with “port=0” for some or all the media types, the SCC AS shall recognize that the PS media is unavailable and originator may setup the session using CS media, hence it allocates a number which we call IUA PSI DN and send it to the originating UE in 18x SDP answer, we can use the “p=” line to carry the number and the SCC AS will wait for a while for the new session setup destined to the DN. 
Figure 1 describes the ICS UE origination scenario where in Initial invite request “port=0”

ICS UE originating case: ICS UE with CS media using Gm reference point
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Figure 1 ICS UE origination procedure

2.
SIP INVITE request
v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 0 RTP/AVP 97 96

a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

4.
SIP 183 Session Progress response

v=0

o=- 2987933615 2987933615 IN IP6 6666::aaa:bbb:ccc:eee
s=

c=IN IP6 6666::aaa:bbb:ccc:eee
p=+12345678

t=0 0

m=audio 0 RTP/AVP 97 96

a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

Scenario 2:
For ICS UE termination, when the SCC AS determines to select CS domain, the SCC AS shall allocates a number which we call IUA PSI DN, and include it in the SDP offer of initial INVITE request, we can use the “p=” line to carry the number. Some or all the media types of the SDP offer are “port=0”. The ICS UE terminator shall recognize the SDP offer in the initial INVITE request that the PS media is unavailable, hence it will setup the session using CS media.
Figure 2 describes the ICS UE terminaiton scenario where in Initial invite request “port=0”
ICS UE terminating case: ICS UE with CS media using Gm reference point
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      Figure 2:ICS UE Termination
1.
SIP INVITE request
v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

s=

c=IN IP6 5555::aaa:bbb:ccc:eee

p=+12345678

t=0 0

m=audio 0 RTP/AVP 97 96

a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

2.
SIP 183 Session Progress response
v=0

o=- 2987933615 2987933615 IN IP6 6666::aaa:bbb:ccc:eee
s=

c=IN IP6 6666::aaa:bbb:ccc:eee
t=0 0

m=audio 0 RTP/AVP 97 96

a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

3. Proposal

It is proposed to get consensus from CT-1, if CT-1 accept this solution, ZTE will happily provide P-CR to remove the Editor’s note related to this issue in the next meeting.
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