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1 Introduction

This is a revision of S2-001722 which proposes a diagram to be added to the Informational Annex created by S2-001773.

Based on a previous contribution to this SA2 Drafting Meeting, we assume the following interactions between QoS and Call Signaling.  This contribution discusses the placement of those interactions into a basic call flow.

There are five interactions between the CSCF and the above PEP (possibly via a Policy Control Function external to the GGSN):

1. authorization for UMTS resource allocation, giving the bandwidth allowed

2. authorization for IP resources (i.e. beyond the GGSN), giving both bandwidth and destination address for the media stream.  This establishes the ‘gate’ described above.

3. enable media stream authorized in (2), e.g. ‘open’ the ‘gate’

4. disable media stream authorized in (2), e.g. ‘close’ the ‘gate’

5. release UMTS and IP resources

There are four interactions between the UE and the QoS allocation/enforcement elements:

1. allocate the UMTS resources, within the previous authorization from the CSCF

2. allocate the IP resources (i.e. beyond the GGSN), within the previous authorization from the CSCF

3. utilize the UMTS and IP resources to send media packets

4. release UMTS and IP resources

2 Placement options

Based on the principle that a local network element shall authorize local resources, the P-CSCF is the only candidate for QoS interactions in the case of a mobile roaming with home control.  In order to keep the roaming/home and visited/home control as similar as possible, we assume the P-CSCF will perform the QoS authorization function in all cases.

Consider the (nearly) complete SIP message flow for the simple mobile-mobile call flow.  The following diagram has identified all the places where the P-CSCF can take actions, and all the places where the UE can take actions.
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The interactions between the UE and the user can first be identified in this diagram. At the originator, step (1) involves offhook detection and digit collection. Ringing/alerting at the terminating endpoint happens in step (31) after receipt of the COMET message from the originator.  Ringback for the originator happens at step (41) on receipt of the 180-Ringing message.  Detection of Offhook/Answer happens in step (44).  Detection of onhook/hangup at the originator happens in step (58).

There are a small number of the QoS interactions for which there is little doubt about placement.  The originating UE can only start the media flow at step (55), and stop the media flow at step (58).  The terminating UE stops the media flow at step (68).

The originating UE can only allocate the IP resources after it knows the destination of the media flow.  This can only occur at step (27).

The P-CSCF at the originator can only enable the media flow on receipt of the SIP 200-OK message, which is step (53).  It must disable the media flow, and release the resources at step (60).

Likewise, the P-CSCF at the destination can only enable the media flow at (46) and disable the media flow at (66).

Alternatives for the remainder are shown in the following table:

CSCF Interaction
Originator
Destination

Authorization for UMTS resources
3 or 23
12 or 16

Authorization for IP resources
3 or 23
12 or 16

Enable media stream
53
46

Disable media stream
60
66

Release UMTS and IP resources
60
66

UE Interaction
Originator
Destination

Allocate UMTS resources
1 or 27
14 or 28

Allocate IP resources
27
14 or 28

Start media flow
55
44 or 57

Release UMTS and IP resources
58
68

The authorization from the P-CSCF could be done either in the handling of the INVITE message (steps (3) and (12)), or in the handling of the 183-SDP response (steps (23) and (16)).  When multiple codecs are given in the initial INVITE, there is a clear advantage to doing the authorization in the later step, as a smaller QoS envelope will be authorized after the negotiation is complete, thus preventing one of the theft of service scenarios.

The allocation of IP resources from the UE can only occur after the authorization from the CSCF.  In the single codec case this is step (14), in the multiple codec case, this must occur at step (28).

Resource reservation at the call originator can only begin at step (27), and when it completes an end-to-end message must be sent to UE#2 to allow it to continue with the alerting phase of call setup.  Therefore the critical path for post-dial-delay is the resource reservation at the originator, and nothing is gained by moving the resource reservation at UE#2 up to step (14).

In the interests of keeping the cases simpler, we recommend always doing the P-CSCF authorization on the 183-SDP message, and always doing the UE allocation of IP resources at steps (27) and (28).

It is possible to separate the UMTS allocation from the IP allocation, thereby establishing the PDP context at UE#1 step (1).  There is a denial of service concern with doing this, as it means allocating a conversation bearer over the radio interface without any authorization from the CSCF.  If this alternative is chosen, it must be done carefully to limit the potential abuse.

It is not clear there is any advantage to separating the UMTS resource authorization from the IP resource authorization.  Since the IP authorization must occur later, and the UMTS allocation always occurs on the post-dial-delay critical path, we recommend always doing the UMTS authorization with the IP authorization, in steps (23) and (16).

The recommendations are shown in the following table:

CSCF Interaction
Originator
Destination

Authorization for UMTS resources
23
16

Authorization for IP resources
23
16

Enable media stream
53
46

Disable media stream
60
66

Release UMTS and IP resources
60
66

UE Interaction
Originator
Destination

Allocate UMTS resources
27
28

Allocate IP resources
27
28

Start media flow
55
44 or 57

Release UMTS and IP resources
58
68

The point at which UE#2 starts the media flow is still open. Starting early has the advantage of reducing the post-pickup delay at the terminating end, where this measure is most critical (i.e. don’t clip the “hello”).  Starting before the media stream is enabled at the GGSN will result in the first few packets being dropped.  If this is not a problem for the GGSN, it is preferred.

3 Proposal
Based on the placement of the previous section, the (nearly) complete call flow becomes as follows.

It is proposed that the diagram be added to the Informational Annex created by S2-001773.:
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