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Abstract: This contribution compares the solution 7-2 with solution 5-2-9 and proposes an evaluation of solution 7-2.
1.
Introduction
Solution 7-2 proposes a way 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. It proposes the early establishment of a session between the MCPTT client and a MCPTT SIP entity in the MCPTT domain 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 which has been negotiated for further session establishment of individual or group calls.
Solution 5-2-9 has a similar objective. The discussion below describes the similarities and differences and proposes some comparison criteria.
2.
Discussion

The main characteristic of solution 7-2 is that the SIP session used for the establishment of a further call is a different SIP session, i.e. has a different call ID and different From, To and request URIs. The only routing requirement is that it shall be routed through the same entry point (proxy) of the MCPTT application to be able to have the corresponding (S)RTP session being routed using the same addresses and ports (5-tuple) as those already discovered and subject to STUN maintenance. The procedures are thus similar from the SIP level point of view, whether a session has been pre-established or not. The actual codec negotiation may take place at this point if required.
As several RTP sessions are sharing the same 5-tuple, multiplexing techniques such as those proposes by IETF Avtcore working group may be used. A simple solution for this multiplexing is to use SSRC multiplexing which is readily available and which does not have significant drawbacks in the context of use. SSRC negotiation may be performed as defined in RFC 5576.
Solution 5-2-9 does not create a different SIP session for new transactions. Thus, the establishment of an individual call is not an end-to-end SIP procedure as in solution 7-2, but a “REFERed” SIP procedure from the SIP AS to the target MCPTT client, followed by some non-SIP in-session signalling to further connect the pre-established call leg with the call leg which has been established with the REFER between the MCPTT AS and the target MCPTT client.
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.
	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. Only one call can be established with a given pre-established session at a 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. Intermediate provisional responses may not be routed properly.
	SIP establishment is end-to-end. All provisional responses that have to be routed end-to-end are so routed.

	Some messages are non-SIP and cannot be REFERed.
	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 flexibility of using the SIP signalling end-to-end as it is without having to have a different procedure whether a pre-established session is existing or not and the ability to stack as many calls as needed is considered as worth the burden of managing RTP multiplexing on the pre-established 5-tuple.
The following evaluation is thus recommended.

A companion document proposes the introduction of the procedure for 5-tuple setup and the multiplexing principles for section 10 of TS 23.179.
**************************Begin first change**********************************
5.7.2.2
Procedure for the setup of a permanent 5-uple for unicast media IP connectivity (with example of use)

The procedure below presents an example of procedure for the setup of a permanent 5-uple and an example of use for the setup of an individual call.

NOTE: The procedure applies for direct connection between the MCPTT AS (Media gateway) and the LTE EPC or any other IP network, without intermediate media resource (OMR).


**************************End first change**********************************
**************************Begin second change**********************************
5.7.2.3
Impact on existing entities and interfaces

None.

5.7.2.4
Solution evaluation

This solution provides a solution for NAT traversal meeting the timing requirements of TS 22.179, with SIP end-to-end signalling continuity. It does not require any change in the SIP procedures compared to the case where no pre-established session exists.

**************************End second change**********************************
