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Introduction

This contribution is a follow up of N1-011359 presented during CN1 #19bis in Sofia Antipolis.

The current flows in 24.228 show that the 200 OK responses to an INVITEs don't contain SDP. This is not entirely according to the current SIP bis draft, where a 200 OK to an INVITE must contain SDP.

Discussion

During CN1 #19 bis, Ericsson presented the contribution N1-011359. The purpose of that document was to align the use of SDP in 200 OK to INVITEs. At that time, the following concerns where expressed:

- "SIP bis draft ignores manyfolks. It needs to be clarified if manyfolks allows to not include SDP in 200 OK". Ericsson discussed this issue in the SIP mailing list. The manyfolks editor (Bill Marshall) referred to a discussion that took place during the month of June/July 2001. The result of the discussion is that 200 OK MUST contain SDP in order to allow a proper operation of proxies that relay of the SDP in 200 OK (e.g., for charging purposes, for opening holes in a firewall, etc.). 

- Some concerns were expressed regarding what would happen if the SDP in the 200 OK is changed with respect to what has been agreed in the preconditions negotiations. Ericsson had a discussion in the SIP mailing list, and the mailing list agreed to include a paragraph to clarify that the SDP in a 200 OK to INVITE (when preconditions are used), cannot be used to change the agreed SDP. Such a change in the already negotiated SDP would constitute a violation of the protocol.

- On the other hand, the manyfolks draft author commented in a private e-mail that the lack of SDP in 200 OK to INVITEs in 24.228 was his own contribution to 24.228, before the discussion took place in the SIP mailing list. He also stated that these flows should be fixed to include SDP.

The RFC 2543bis-05 [1] includes the following text in section 13.2.1 (line 1742)


"2xx responses to an INVITE MUST always contain a session description".

All the call flows in 24.228 show the case where the INVITE contains SDP, the so-called offer. However, from the point of view of 3GPP, it is not strictly needed that the 200 OK contains SDP, due to the use of the preconditions.

The manyfolks draft [2] says, regarding 200 OK to the INVITE:

When the destination party answers, the normal SIP 200-OK final response 

is sent through the proxies to the originator, and the originator responds 

with an ACK message.

It is understood that a normal SIP 200 OK final response refers to a the same 200 OK response that would have been sent in the event that preconditions were not used, that is, the 200 OK includes SDP.

The main reason to include SDP in the 200 OK is to guarantee backward compatibility with standard SIP and facilitate interworking with proxies that may not need to understand the preconditions extensions.

In the case of the flows in 24.228, the UAS should build the 200 OK with an updated copy of SDP already generated in the 183 provisional response. The updated SDP should contain a subset of the codecs, media and QoS attributes of the SDP already sent in a previous provisional response (e.g., 183 Session progress). Particularly, the 200 OK should not be used to update the SDP.

Proposal

It is proposed to agree on the principles that the flows in 24.228 should contain SDP in the 200 OK responses to INVITEs. This SDP should contain the same, or a subset of the codecs, media and QoS attributes of the SDP sent in a previous provisional response.

In case this is agreed, Ericsson will submit separate contributions to fix these flows.

Further more, it is proposed to add an Editor’s Note to the section 7 in 24.228 to describe that 3GPP is aware of the non correctness of the flows due to the lack of SDP in the 200 OF to the INVITE, as follows:

**************** FIRST PROPOSED CHANGE *****************

7
Signalling flows for session initiation (non hiding)

Editors Note: The purpose of this “duplicate” Editors Note is to capture the fact that the following changes have only been partially implemented, Note that a more comprehensive explanation is given in Annex B-2. 
- The initial INVITE and any network initiated requests is routed from Terminating S-CSCF to Terminating P-CSCF using a Route header constructed from the information saved from the Path header during registration of called subscriber.
- The content of Record Route headers from the initial INVITE and its 183 SDP messages are stored in P-CSCFs before P-CSCFs removes it from the request (response) which is delivered to the UE. This is then used for routing subsequent requests.
- The route (the entries found in the Record Route header) between Originating P-CSCF and Terminating S-CSCF will be stored by Terminating S-CSCF from the initial INVITE request and used for routing subsequent requests originated by Terminating S-CSCF.
- Originating S-CSCF will store the route (the entries found in the Record Route header) between itself and Terminating P-CSCF from the 183 SDP provisional response and used for routing subsequent requests originated by Originating S-CSCF
- PRACK and COMET will be routed with Route header constructed from Record Route headers saved in P-CSCFs from initial INVITE and 183 SDP
- NO S-CSCFs neither I-CSCFs remove entries from any of the headers
- The Contact header is not modified during session setup.

Editor’s Note: The 200 OK responses for an INVITE should carry SDP. Future versions of this specification should correct these flows.
**************** NEXT PROPOSED CHANGE *****************

17
Signalling flows for session initiation (hiding)

Editor’s Note: The 200 OK responses for an INVITE should carry SDP. Future versions of this specification should correct these flows.
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