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Introduction

Since the CN1#20 in Brighton, there is an initiative to clean up 24.228 for correctness and readability. The participating companies have done an excellent job so far. This contribution raises some issues in 24.224 for discussion in CN1. It is recommended that any agreement reached during the CN1 discussion on those issues should be incorporated into the overall clean up process.

1. Contact Header

In 24.228 call flows, a SIP URL without the user part is used as the notation for contact header, i.e., SIP:[5555::aaa:bbb:ccc:ddd]. However, it is possible for one user to have multiple public ID being registered from the same UE at the same time. To avoid confusion between the SIP sessions for the multiple public Ids, it is recommended that user part is also included in the contact header SIP URL, i.e., sip:user1_public1@[5555::aaa:bbb:ccc:ddd].

2. Subsequent Request from the UE

During the creation of the dialog with the initial Request (e.g., initial Invite), a route set will be created in UAS and UAC from the information in the Record-Route header and Contact header. Since the Record-Route header will be striped at P-CSCF, the UE will not receive any Record-Route header. However, the UE will receive a contact header, which is mandated in bis draft. So a route set will be created on the UAS and UAC with one entry, i.e., the SIP URL in received contact header. Normally when the UE send a subsequent Request within the dialog, e.g., PRACK, or re-Invite, the top entry of the route set will be put into the request-URI of the request. However, in the case of using outbound proxy (e.g., in the case of 3GPP, P-CSCF is the outbound proxy and all the requests from the UE are sent to P-CSCF regardless the request-URI), bis draft states that the UA MUST not remove the top Route header and the caller UA sets the request-URI to the same value it used for the initial request (instead of the top entry in the Route header).

It is recommended that to update 24.228 call flows as follow to reflect the bis draft:

· For all the subsequent requests in a dialog from the UE to P-CSCF, a Route header should be included with a single entry, i.e., the remote party’s contact address.

· To update the request-URI for the subsequent requests to have the same value as the initial request.

· To clarify P-CSCF’s behaviour, i.e., insert the saved Route header for outgoing requests. (24.229?)

3. Codec Negotiation

24.228 adapted the three way hand shake codec negotiation model (or the Offer/Counter Offer/Answer model) from the manyfolks draft for the reason of integrating resource management with SIP, e.g., QoS precondition. This model is very important for 3GPP, since no media communication can happen without first setup a proper PDP context in UMTS network. With this model, any codec change in the middle of the call has to go through another round of SIP signaling and the resource reservation has to be updated accordingly.

However, the current Offer/Answer model for codec negotiation proposed in SIP working group has different meanings. As stated in the Offer/Answer draft, if multiple codecs are listed in the offer, it means that the offerer is capable of making use of any of those codecs during the call. In other words, the answerer may change codecs in the middle of the call, without sending a SIP message, to make use of any of those listed codecs. This works fine for networks without specific resource reservation. However, it would be a problem for 3GPP network. Before changing the codec, both ends have to be informed so that the PDP contexts are updated accordingly. Unless the PDP context was setup at the maximum capacity that can handle all of those listed codecs, this is obviously undesirable and wasting of air resource. 

It is recommended that CN1 group to discuss this issue and come up with some potential strategies on how to inter-work with SIP terminals that follows the Offer/Answer model, i.e., how do we deal with those terminals that may change the codecs in the middle of the call without sending a SIP message. It is proposed that a new call flows that handles this case to be included in 24.228.

