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Introduction

During the last CT1 meetings it became obvious, that there is at least one IMS session establishment case, for which additional effort in standardization is needed in order to make it work with network initiated PDP context. This case is:

1. UE A calls UE B, at least UE B’s network applies PCC as well as network initiated PDP context activation

2. UE A has the required resources for the call already available when sending the INVITE (SDP Offer indicates preconditions at A side as met, on B side as UNKNOWN)

3. P-CSCF / PCC-entities at B-side receive the SDP Offer but cannot authorize the GPRS resources, as it does not have the media characteristics from the B-side.

4. P-CSCF forwards the INVITE to UE B

5. Based on current SIP related standards (RFC 3261, RFC 3312, TS 24.229, TS 23.228), the B-side UE will not send an SDP Answer at this moment. The UE will wait for the network to start resource reservation.

6. PCC entities need SDP Answer from the UE, in order to authorize and reserve the media according to the media characteristics.
Due to this, the network requires more information from the UE, that the UE will not send until the resources are available. But as it is the network, that initiates the resources, the UE will practically never send out this indication.

This issue is discussed on stage 2 level as well. For this discussion it is assumed, that for the solution of this specific problem there will be more time available, to find an appropriate solution. The listed advantages and disadvantages are only listed to show the outcome of discussion that have taken place so far in CT1 or internally.
This discussion paper lists a number of solutions that were discussed during the last weeks for this problem. It intentionally tries not to make a proposal on how to go forward, but tries to find out which way forward is seen as the most appropriate in CT1.
Discussion

The following solutions have been discussed so-far:

A) SIP-based solution

A.1) 
UE B sends 183 (Session Progress) with SDP Answer based on the UEs knowledge that the resources will be reserved by the network.
Advantage: 
· no additional SIP or SDP elements are needed.
Disadvantage: 
· SIP stack on UE must get aware of GPRS configurations, i.e. gets fully access dependant.

· Does not work with legacy UEs

A.2)
UE B sends 183 (Session Progress) with SDP Answer based on a new SDP indication (e.g. a new a-line) in SDP Offer.
Advantages: 

· dedicated indication that would allow the UE to trigger the sending of the 183 without having to get aware of the access network specific issues. 

· Works with legacy UEs

· Could be also used to indicate GPRS mixed mode (see B.3)

Disadvantages: 

· SDP indication cannot be set by UE A, as UE A has no knowledge of B-sides PCC/network configuration, therefore the SDP indication would need to be set by P-CSCF, as it is the only SIP-network element that would have knowledge of the PCC configuration (nw-init-PDP-ctx), but SIP Proxies (P-CSCF) should not modify the SDP of a message

· P-CSCF would practically become a B2BUA 

· New SDP element will not be understood by Rel-7 UEs supporting nw-init bearer setup, if introduced only in Rel-8.
A.3)
P-CSCF modifies SDP in initial INVITE

This could e.g. be achieved by setting the preconditions of the A-side to "not met" by the B-sides P-CSCF. The B-sides P-CSCF would then also need to modify subsequent messages accordingly. 

Advantages: 
· dedicated indication that would allow the UE to trigger the sending of the 183 without having to get aware of the access network specific issues.

Disadvantages:

· Same as A.2

· Very complex SDP handling in P-CSCF

A.4)
UE B sends 183 (Session Progress) with SDP Answer based on a new SIP indication
This could e.g. be achieved by adding a new SIP header or a SIP option tag to an existing SIP header. 

Advantage: 
· dedicated indication that would allow the UE to trigger the sending of the 183 without having to get aware of the access network specific issues. 
Disadvantages: 
· New SIP element (if introduced in Rel-8) will not be understood by Rel-7 UEs, though network initiated bearer procedures will already exist in Rel-7
· IETF standardization required
A.5) 
UE B sends 183 (Session Progress) with SDP Answer based on a new indication in the P-Answer-Mode header 

The P-Answer-Mode header enforces sending of 200 (OK) from the B-side, including an SDP answer. It nevertheless does not have an option to send a 183 (Session Progress) with an SDP. The procedures for the header would need to be modified to gain the desired behaviour.

Advantages and Disadvantages as in A.4

A.6) 
UE B sends 183 (Session Progress) with SDP Answer based on the P-Media-Authorization header / Media Authorization Token

The P-Media-Authorization header and the included token are already used in IMS R5 and R6 with SBLP, they indicate to the UE, that a new PDP context needs to be established. From R7 onwards the header and the token are not used anymore – they could be re-used to enforce the sending of the desired 183 + SDP from the UE. 

Advantage: 

· dedicated indication that would allow the UE to trigger the sending of the 183 without having to get aware of the access network specific issues. 

Disadvantages: 
· (Most likely) 3GPP change of existing handling of P-Media-Authorization in UE

· (Most likely) Changes to IETF RFC 3313 required

· Changed GPRS stack behaviour on this token

B) Solutions based on other mechanisms

B.1) 
Network reserves resources based on the SDP Offer in the INVITE (over provisioning)

In this case the sending of the 183 (Session Progress) would not be needed, the resources would be reserved based on the initial offer and later on, after receiving the final SDP Answer (in e.g. a 200 (OK) from UE B), adjust the resources based on the SDP Answer.


Advantage: 

· No changes to SIP / UE procedures

· No IETF standardization

Disadvantages: 
· As the problematic scenario will most likely come up quite frequently with SAE (e.g. always when a fixed UE sends an INVITE to an SAE UE), this solution will reserve a lot of unnecessary resources from the B-sides network.

B.2)
Resources are adjusted during PDP context establishment


In this case the network would initiate the PDP context based on the initial SDP Offer (in the INVITE), but the UE could change the resource requirements in the PDP Context establishment response. 


Advantage: 

· No influence on SIP procedures

· No IETF standardization

Disadvantages: 
· Changes to GPRS / SAE procedures

B.3) 
GPRS mixed mode

In this case, both network and UE are allowed to set up or modify bearers, the UE will not know if the network will reserve resources. The policy of the network, whether to reserve resources or leave that to the UE, is likely to depend on the requested services.

Proposal

It is proposed that CT1 discusses the possible solutions to this problem, out of which some have been listed above. It is important to evaluate soon, whether the envisaged solution will have impacts that require IETF involvement. In that case it is suggested to start collecting the requirements for IETF already during CT1#51 meeting.
