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Abstract: This contribution compares the solution 5-2-9 with solution 7-2 and proposes an evaluation of solution 5-2-9.
1.
Introduction
Both Solution 5-2-9 and Solution 7-2 propose means to allow the setup timing requirements of TS 22.179 to be met, even in the likely case where the MCPTT application is hidden behind a (restrictive) NAT. Both propose the early establishment of a session between the MCPTT client and the serving MCPTT application  behind the NAT with the use of usual NAT traversal techniques (ICE), the maintenance of the NAT traversal with STUN and the reuse of the 5-tuple (source IP address/port number, destination IP address/port number and the protocol in use(TCP/UDP/SCTP)) which has been negotiated for further session establishment of individual or group calls.
The discussion below describes the similarities and differences and proposes some comparison criteria.
2.
Discussion

Solution 5-2-9 (OMA PCPS Pre-established session mechanism) does not create a different SIP session for each call but reuses the SIP dialog created when the pre-established session is established and reuses the same media bearers for multiple calls. While additional dialogs can be created outside of the pre-established session if needed the general idea is that calls do not need an additional dialog. In fact if used along with the OMA PCPS Simultaneous Session (call) mechanism multiple simultaneous calls can be multiplexed using only a single SIP dialog and only a single media bearer.
The pre-established session mechanism uses SIP REFER to initiate an originating call onwards from the MCPTT server. However if a norefer sub is used then the SIP REFER does not establish an additional SIP dialog it is simply a standalone transaction outside the pre-established session SIP dialog (i.e. the transaction terminates after the 200 OK response and there is no dialog state in the UE or the network).
Solution 7-2 establishes a new SIP dialog for each additional call and with multiple calls would result in multiple SIP dialogs. Since the number of groups a User can be affiliated to can be relatively large (20++)  this could result in many SIP dialogs having to be supported at the same time for a single UE as opposed to only one in the pre-established session solution 5-2-9. SIP dialogs have a cost. The proxies in an IMS network (in fact in almost all deployed SIP networks) are stateful, which means they need to store the state information for each dialog. Thus using more dialogs means more cost since more equipment is potentially required. In addition the business model for selling SIP infrastructure equipment is often based on so many dialogs or SIP sessions. Thus even if it is not an additional equipment issue it can be licensing cost issue. Having a single UE using 20++  SIP dialogs is therefore not an attractive option.
In the both solutions the actual codec negotiation (or re-negotiation) may take place at call time although it can be expected that for audio in most cases the same codec is likely to be used (AMR). 
The proponent of solution 7-2 has proposed using SSRC multiplexing and using SSRC negotiation in SDP as defined in RFC 5576. This in our view is unnecessary with pre-established session as the floor control messages contain the SSRC information so the MCPTT UE can always determine which media stream they are receiving.
Another stated advantage of solution 7-2 is that media can be end to end (UE to UE) without having to be understood by the server. However end to end (UE to UE) is not going to work in release 13 since IETF media conferencing does not work with end to end SRTP. Hence IETF is discussing founding the PERC WG to address that problem. However PERC will not be done before 2017 at the earliest. Solution 5-2-9 could make use of the BUNDLE mechanism being defined in IETF to multiplex multiple media streams onto a single 5 tuple with different security keys per media stream in the next release once IETF PERC solves the media conferencing problems with SRTP.
The merits of both solutions are compared in the following table:

	Solution 5-2-9
	Solution 7-2

	Session is established between the MCPTT UE and the serving MCPTT application with negotiated media parameters. Media parameters can be renegotiated at call time if required.
	Session is established between the MCPTT UE and the serving MCPTT application without negotiated media parameters.

	Pre-established SIP session is reused for the establishment of individual calls and group calls. With Simultaneous Session mechanism multiple calls can be established with a given pre-established session at the same time.
	Only the 5-tuple negotiated and maintained by the pre-established session is reused. SIP sessions are independent and many of them may reuse the same 5-tuple as long as the QoS of the underlying bearer are compatible. Different 5-tuple may be established for different QoS, instead of one per call.

	Establishment of additional SIP sessions is not end-to-end. However the MCPTT Server will act as a B2BUA in any case. If the MCPTT UE needs to know about Intermediate provisional responses (such as ringing) on a private call the REFER can be sent without requesting not to create a subscription in order to receive a notification of provisional responses. This would however create an additional dialog but that dialog need only last for the duration of the call establishment phase and can then be terminated by the MCPTT Server.
	SIP establishment is end-to-end. All provisional responses that have to be routed end-to-end are so routed.

	Any SIP request can still be sent to the MCPTT UE. So a REFER can be sent to the UE to tell it to send a REFER [REFER(method=refer)] in order to perform a remote triggered call setup.
	Remotely triggered setup (as per clause 6.16.3 of TS 22.179) can simply be implemented by REFERing the SIP setup message (INVITE).

	No requirement for the multiplexing of RTP sessions on the unicast bearer as there is only one active session at a time. 
	Multiplexing of RTP sessions over the same link has to be implemented.


3.
Conclusion

The Pre-established session mechanism proposed in 5-2-9 when coupled with Simultaneous Sessions allows multiple calls to be setup without the need for permanent additional dialogs to be established for each call as would be needed in solution 7-2 which is a potentially costly disadvantage. 

Solution 5-2-9 also has stage 3 procedures already defined and tested from OMA PCPS.

There do not seem to be any advantages for solution 7-2 over solution 5-2-9.
The following evaluation is thus recommended.

**************************Begin first change**********************************
5.5.2.9.4
Solution evaluation

This solution provides a solution for NAT traversal, meeting the timing requirements of TS 22.179, using pre-established sessions. Along with the simultaneous calls procedure it is able to support multiple simultaneous calls without requiring additional call duration dialogs.

**************************End first change**********************************
