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Abstract: Analysis of the way to use pre-established session for the management of MCPTT calls. It appears that two solutions may be defined with and-to-end or segment per segment management of SIP sessions. The consequences in terms of protocol stack architecture are described.
1.
Introduction
This contribution performs the analysis of the various ways to use pre-established session for the quick setup of MCPTT calls in the context where NAT/firewall traversal may be required by the deployment scenarios.

2.
Analysis of the approaches
2.1
Assumptions and objectives
It is assumed that every MCPTT client has a SIP session established between itself and the AS with which it is in direct contact through the IMS/SIP core, sometime called “participating server”. As TS 22.179 explicitly provides for the support of simultaneous calls (both private with floor control and group), the pre-established session (or the modified pre-established session) may support at some point in time several RTP sessions corresponding to the various calls and the corresponding floor control signalling. If a call is to be setup between client 1 directly connected to AS 1 and client 2 directly connected to AS 2, the initial situation for the RTP sessions point of view is as described in figure 1.
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Figure 1 Initial status of the RTP sessions

As the sessions to support the calls between client 1 and AS 1, AS 1 and AS 2 and AS 2 and client 2 respectively are potentially different, x, y and z may be unrelated.
When client 1 is willing to setup a private call (for example) to client 2, the final status of the session after successful setup of the call is as described in figure 2, “a” being the RTP session description required for the transport of the media related to the new call which is setup.


[image: image2.emf]MCPTT client 1 MCPTT client 2 MCPTT AS 1 MCPTT AS 2

X+a Y+a Z+a


Figure 2 Expected final status of the RTP sessions

2.2
SIP end-to-end approach
This approach is outlined in clause 5.7.2 of TS 23.779. In this approach, the addition of the “a” RTP session is performed by creating an independent SIP session end-to-end having “a” as an SDP description. The corresponding signalling flow is outlined in figure 3, where all the MCPTT private call requests are SIP INVITE transactions.
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Figure 3 Call setup using SIP end-to-end approach

In this method, the setup is end to end, using SIP signalling (INVITEs), with SDP offer “a1” and answers “a2” which are corresponding to the offer and answer parts of “a”. At the end of the procedure, the “a” sessions are established between the various nodes and they are added to the various already existing segments, allowing the transition of the status from the one depicted in figure 1 to the one depicted in figure 2. 
In order to benefit from the pre-established session for NAT traversal, the session descriptions “a1” and “a2” shall use connection point information taken from the existing sessions, i.e. address and port information, at least for x and z. As a result, different SIP connections reuse the same 5-tuple and thus some coordination shall be performed in order to allow a proper multiplexing of the various RTP/RTCP flow over the same 5-tuple.
Note:
In this case, it is not required to use grouping techniques like “BUNDLE” as the various SDP descriptions are belonging to different offers/answers. However, similar multiplexing schemes such as the use SSRC multiplexing (RFC 5576) or MID multiplexing (as for webrtc rtp usage) are mandatory to avoid confusion between the various RTP flows that could not be distinguished otherwise.

2.3
Segment-per-segment approach
Different from the previous approach, this approach assumes the reuse of the existing SIP session between client 1 and AS 1 and client 2 and AS 2, respectively. As the SIP session between client 1 and AS 1 for example is limited between these two nodes, it is not possible to use a session modification of this session to create or to modify the session between AS 1 and AS 2.
Thus, it is necessary to perform separately the creation/update of the various segments. In order for client 1to trigger the creation of the session between AS 1 and AS 2, it is necessary for client 1 to send a message to AS 1 to trigger the creation of the session between AS 1 and AS 2 with “a” as media description.
This message may be a SIP REFER message, referring AS 1 to perform the session establishment between AS 1 and AS 2, or it may be a non-SIP CONNECT message which has the same effect but in a different layer and a different semantics (so called “fast establishment”). The drawback of the use of SIP REFER is that in can only trigger the establishment of the session between AS 1 and AS 2, but is not able to perform the required update of the session between client 1 and AS 1, which is not an issue when only one session is to be active (PCPS assumption) but does not support the MCPTT requirement for multiple simultaneously active media sessions.
Although the CONNECT message is not performing this function in PCPS, it is very easy to modify slightly the PCPS fast establishment procedure to have the update of the session between client 1 and AS 1 being also triggered by the reception of the non-SIP CONNECT message, as shown in figure 4. It can be easily seen that the only difference with the usual PCPS procedure is the addition of the SIP UPDATE procedure to add the “a” media to the existing session.
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Figure 4 Call setup using modified PCPS fast call establishment (originating)
The procedure from the terminating side is to be modified similarly as shown in figure 5. The SIP UPDATE procedure performs the addition of the “a” media on the segment between AS 2 and client 2.
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Figure 5 Call setup using modified PCPS fast call establishment (terminating)

As the session created by the session pre-establishment and modified by the SIP UPDATE procedures contain several grouped media description, the SDP bodies used in the steps between ASs and clients shall use the BUNDLE grouping technique and the resulting set of RTP sessions is multiplexed in a way which is identical to the result of the setup described in section 2.2, the difference being that it corresponds to a single “bundled” SDP description, instead of being built as the result of several SDP description in different SIP sessions.
2.4
Protocol stack models
Although both approaches achieve the same result with similar signalling sequences, the protocol stack models are quite different.
In the SIP end-to-end approach, the stack model is as presented in figure 6.
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Figure 6 Stack model for SIP end-to-end approach

In this stack architecture, SIP signalling is used both for the management of the set of media bearers between the MCPTT client and the MCPTT AS with which it is in direct relation and for the actual routing of calls between the various AS.
In the segment per segment approach, the stack model for call routing signalling is slightly different as shown in figure 7.
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Figure 7 Stack model for segment per segment approach

In this case, the signalling used for call control over the client-AS path is non-SIP, while the media bearer management and the routing between the various ASs remains SIP-based.
3.
Conclusion

Both methods for managing calls over pre-established sessions (end-to-end and segment-per-segment) may support the required MCPTT simultaneous sessions with the appropriate adaptations. Both may also be used as a special case without a pre-established session, with UPDATE or re-INVITE messages being replaced by INVITEs.
The choice of the signalling channel for the support of non-SIP signalling is open. This signalling may be carried over RTCP as proposed by PCPS, but it could also be carried over another channel, such as a Webrtc data channel (SCTP/DTLS/UDP) or any IP transport suited for the transport of signalling.
As the pre-established session mechanism is required for the achievement of the performance requirements in highly probable deployment configuration, it is recommendable to avoid having two fully different sets of procedure for MCPTT call control.
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