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Foreword

One of the issues which ref. [1] is investigating is how to ensure that the codec negotiated at SIP level prior to the RAB set-up will take into account local transceiver capabilities so that the negotiated codec can be supported by a Radio Bearer in the cell. The working assumption that is currently selected for solving that issue is described in section 7.1.2.1 (MS knowledge of GERAN channel coding capabilities at the start of or before SIP negotiation).

The solution assumes that there is “a deterministic rule for the BSS to work out that the RAB being established carries SIP-signalling”. However, nothing is currently specified which gives the means for the BSS to work that out.

Also, TSG GERAN has taken some working assumptions regarding how SIP signalling would be transported on GERAN logical channels. This implies that SIP signalling has got some particular QoS requirements.

This paper is discussing the above requirements put on the radio bearer carrying SIP signalling and proposes corresponding solutions for making known to the GERAN that those requirements shall be fulfilled.

SIP signalling requirements on GERAN

The requirements imposed by SIP signalling are twofold:

· QoS requirements

· Specific requirement of making known to an MS the GERAN channel coding capabilities at the time of the RB set-up for SIP signalling

QoS requirements

Sections 10.4 (Reliability for BYE, CANCEL, OPTIONS, REGISTER Requests) and 10.5 (Reliability for INVITE Requests) of ref. [2] specify a retransmission mechanism when SIP is carried over UDP. When it is carried over TCP then SIP relies on TCP retransmission mechanisms. When using UDP and default values for the retransmission timers, SIP repeats its:

· BYE, CANCEL, OPTIONS, REGISTER Requests first after 500 msec, then 1s, then 2s and at last 4s;

· INVITE requests after 500 msec, then 1s, then 2s, then 4s, then 8s, then 16s and at last 32s.

SIP requests are involved in call set-up procedures and in-call modifications like addition of a media flow, addition of another participant in case of multi-party call, etc.

Therefore SIP requests/responses are time-critical and any excessive delay in transmitting SIP signalling may jeopardise the call and the end-user quality.

Conclusion 1: There seems to be a transfer delay requirement associated to SIP signalling.

SIP signalling is bursty and needs radio resources only when there is a message to send. Therefore a GERAN cannot allocate a TCH channel for the whole duration of a multimedia session in order to carry SIP signalling.

Conclusion 2: There is no guaranteed bandwidth requirement for SIP signalling (except maybe guaranteed bandwidth = 0).

TSG GERAN has decided that SIP signalling would be mapped on the following logical channels:

· SDCCH or FACCH or PDCH-F in case there is no real-time bearer on-going;

· FACCH or PDCH-F (one timeslot available for SIP) or PDCH-H (one timeslot available overall, at least in one direction) in case there is a real-time bearer on-going.

Conclusion 3: SIP signalling is of high priority and needs to be sent by stealing real-time media flow frames, if need be, depending on the MS Radio State and MS multislot class.

Ref. [3] contains an answer from RAN3 to OSV-01044 and RAN3 clearly indicate that they rely on TSG SA2 to define appropriate QoS parameters for SIP signalling if need be.

Conclusion 4: TSG SA2 are responsible for defining SIP specific QoS parameters if need be.

Specific requirement of making known to an MS the GERAN channel coding capabilities at the time of the RB set-up for SIP signalling

This requirement is self-explicit. What is worth being noted is that this is not associated to any particular QoS requirement and therefore could be fulfilled by a mechanism different from that which would be developped for informing the GERAN that the RB to set-up carries SIP signalling. Indeed, the requirements that have been presented for SIP signalling could apply for other kind of IMS signalling.

Proposed solutions

Solution 1 – use of PASNAS

Ref. [1] proposes to specify a codepoint for UDP/SIP in the “Traffic type” structure defined in the Packet Adaptation Specific Non-Access-Stratum (PASNAS) Information. This solution is straightforward, meets all requirements expressed above, but does not respect the principle that the RAN should remain “service agnostic”, as recalled in ref.[3]. This may therefore be rejected by TSG SA WG2.

Solution 2 – introduction of a specific traffic class

The QoS requirements imposed by SIP signalling tend to indicate that SIP has got a “real-time radio bearer”-specific constraint (in terms of transfer delay), while having no guaranteed bandwidth requirement. Also the highest priority should be granted to SIP signalling, even ahead of real-time radio bearers if need be. No existing traffic class can characterise that kind of requirements and therefore a specific traffic class called “High priority signalling” could be introduced. This would meet the QoS requirements.

Now, for the second requirement, since it is specific to SIP needs in case IMS uses GERAN as a radio access technology, a specific bit could be added in the ACTIVATE PDP CONTEXT REQUEST message (e.g. using up one of the spare bits in the “Quality of Service” IE, defined in ref. [4]). This bit would indicate that GERAN should provide its channel coding capabilities while setting-up the Radio Bearer for the PDP context being activated.

Solution 3 – use the ‘source statistics descriptor’ IE

Another solution for indicating to the GERAN that the RAB being established will carry SIP signalling would be to define a new Source Descriptor choice for SIP signalling in the RAB parameters IE that is included in the RAB ASSIGNMENT REQUEST sent on the Iu interface. Then SIP would be defined either as a high priority interactive RAB, or as a conversational RAB with 0 guaranteed bandwidth requirement. The issue is that this solution assumes that the SGSN knows from the PDP context activation contents that the RAB being established will carry SIP. Deterministic ways for the SGSN to work that out would need to be defined and there is no reason why those mechanisms would not help the GERAN too.

Proposal

The proposal is that:

· TSG GERAN WG2 defines all the requirements imposed by SIP signalling on its underlying RAB when IMS uses a GERAN as RAT;

· TSG GERAN WG2 discusses the solutions presented above and investigate others, if such exist;

· TSG GERAN WG2 sends a Liaison Statement to TSG SA WG2 presenting its conclusions and asking for a decision in order to progress the work on IMS support in GERAN.
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