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Foreword

This contribution has already been presented at the last GERAN meeting. It has been modified slightly to take into account one proposal made by Nokia.

Introduction

In GERAN Iu mode, real-time services can be offered via the Iu-cs interface, using the call control protocol defined in 24.008. Real-time services can also be supported via the Iu-ps interface, in the scope of the IP MultiMedia Sub-System Core Network. Multimedia services can then be offered via a single reference point with call control type signalling carried via SIP (Session Initiation Protocol). This protocol and the related SDP (Session Description Protocol) have been defined by the IETF.

Call set-up flows have been defined so far assuming UMTS technology. Such a flow will typically involve the setting-up of an RRC connection between a Mobile Station and a RAN, followed by the establishment of a Primary PDP Context for the SIP signalling. Upon receiving a PDP context activation request (with end-to-end QoS parameters), the SGSN will trigger the establishment of a Radio Access Bearer so that a bearer be made available between the MS and the SGSN to meet the QoS constraints. When the RAN receives the Radio Access Bearer Request, after admission control, it will establish a Radio Bearer on the radio interface and an Iu bearer on the Iu interface. The RAB can then be established and the Primary PDP context activated (after negotiation with the GGSN). Once a RB has been established for SIP signalling, a SIP INVITE request is sent to the peer, via P-CSCF and S-CSCF. This message contains an SDP which lists for each media flow that the MS is wishing to establish the type of media, the combination of QoS attributes and selection of codec, etc (see TS 3GPP 23.228). Proxy and Serving CSCF nodes will perform service control for both parties and the called party will then return its media stream capabilities. The calling party can then decide the final set of media streams for this session, and sends the Final SDP to the end user via its P-CSCF. This means in particular that the codec negotiation takes place at SIP level before resource reservation is done by activation of a (secondary) PDP context for establishment of a RAB for each media stream.

For a voice call, the PDP context will be established requesting QoS parameters that can support the negotiated codec. When the RAB is established for that PDP context, the RAN will perform admission control and accept or reject the request.

An example of call set-up flow is provided below in figure 1:
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Figure 1 – Typical call set-up flow in the IM sub-system

In UMTS, the RAB request should be accepted since all codec types and modes should be supported by the RNS (including node B) capabilities. The only case where such a request would be rejected happens in case of congestion (no resource is available).

Issue in GERAN

In GERAN, an issue has arisen recently since it is expected that not all BTSs will support all codecs. Therefore, when two SIP clients negotiate a codec for a particular media stream (which could actually be anything, not only voice), but that codec is not supported by the BTS (more generally the BSS) serving the cell in which one of the peers is, the subsequent PDP context activation will fail. This will require SIP re-negotiation, which delays the call set-up completion in a non-acceptable manner.

A proposed solution

A solution could consist in letting the peer involved in a SIP call set-up know about the capabilities of the Access Network (e.g. supported channel codings in the cell). Such knowledge has to be provided prior to the call set-up. This can be offered in several ways: either on a broadcast control channel or on a dedicated channel. When the SIP client has got this information, it will then have to take into account its capabilities and the capabilities of the access network during negotiation of media flow attributes at SIP level.

Broadcasting of the Access Network capabilities

The BCCH or PBCCH channels could broadcast the capabilities of the Access Network; this can include the list of supported channel codings in the cell but is not restricted to such information. Because a user is required to read such information prior to making or receiving a call, the SIP negotiation can take into account the local capabilities. This can happen where (1) appears in figure 1.

Access Network capabilities in Access Stratum (AS) messages dedicated to one user

Another possibility would be to include such information in AS messages sent to a user (see 25.331).

· For example, it could be included in the RRC CONNECTION SETUP message received from the GERAN when an RRC Connection is set-up. Such a set-up is required in order to perform GPRS Attach or send the ACTIVATE PDP CONTEXT REQUEST message to the SGSN to activate the Primary PDP context for SIP signalling. E.g.: (2) in figure 1.

· Another example could be to include such information in the RADIO BEARER SETUP message. Indeed a RB is required to be established for SIP signalling. E.g.: (3) in figure 1.

· Another example could be to introduce such information in the DOWNLINK DIRECT TRANSFER message. Indeed, this message will need to be sent to carry the ACTIVATE PDP CONTEXT ACCEPT for the primary PDP context established for SIP signalling. E.g.: (4) in figure 1.

The BSS can decide whether or not to include such information depending on the RAB being established (only sent if it is for SIP). Deterministic rules for the BSS to work out that the RAB being established carries SIP signalling are FFS. An example could be to add SIP as a possible choice in the Source Descriptor IE.

When the user moves to another cell/URA and an RRC connection exists but the user has no dedicated channel allocated, any update in the Access Network capabilities can be provided in the CELL UPDATE CONFIRM / URA UPDATE CONFIRM message sent to the user. This may then trigger SIP re-negotiation followed by PDP context modification implying RB re-configuration (same on the Iu interface) though not systematically.

Similarly, when the user moves to another cell and it has one or more dedicated channels allocated, the BSS will hand-over those resources and the HANDOVER COMMAND message can include such information (see 44.018). If the codec that was in use in the old cell is no longer supported in the new cell, this may trigger codec re-negotiation at SIP level, followed potentially by PDP context modification and RB re-configuration (same on the Iu interface).

Note that the RADIO BEARER RECONFIGURATION can also be used to carry such information in case, for example, the capabilities of the Access Network change while the user is under its coverage.

The information about the Access Network capabilities could for example be encoded as GERAN Information Elements, appended to RRC messages such as those presented above. The ASN.1 coding of the DOWNLINK DIRECT TRANSFER message would then be (the basis used in this example relies on the latest draft proposal of encoding for that message in the scope of GERAN):

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Message Type
MP

Message Type


MS information elements





RRC transaction identifier
MP

RRC transaction identifier 10.3.3.34a


Integrity check info
CH

Integrity check info 10.3.3.14


CN information elements





CN Domain Identity
MP

Core Network Domain Identity 10.3.1.1


NAS message
MP

NAS message 10.3.1.8


GERAN information elements





Supported Channel Codings
OP

Supported channel codings x.y.z.t.v


Section x.y.z.t.v would describe the “supported channel codings” information element (listing as choice the TCH/FS, TCH/HS, TCH/EFS, etc)

Any of these messages could also provide such information not only for the serving cell but also for the neighbour cells.

Impact on SIP-level negotiation

In case of Mobile Originated call the selection of QoS attributes, codec, etc for each media flow described in the SDP contained in the SIP INVITE shall then take into account not only the SIP client own capabilities but also the capabilities of the Access Network. Each media flow will be associated to a list of all the codecs that are supported by both the originating SIP client and the controlling RAN (and which fulfill the QoS required for the media flow). After both SIP clients have negotiated a list of the codecs that they both support and are ready to accept for the media flow, the PDP context activation procedure should take place. The QoS description contained in the ACTIVATE PDP CONTEXT REQUEST shall correspond to the codecs that are supported by both SIP clients. When the originating SIP client has been allocated a RAB to support the call, it shall then send the FINAL SDP to the other peer, selecting only one codec, according to the RAB which has been established.

In case of Mobile Terminated call, when the addressed SIP client receives the SDP contained in the SIP INVITE, it shall deduce a list of the codecs that the originating SIP client accepts, that it accepts itself and that are supported in its controlling RAN. It shall then establish a PDP context for the relevant media flow(s). When it has obtained (a) RAB(s) for the call, it shall then answer to the SIP INVITE. The SDP contained in the response shall contain only one codec per media flow, according to the RAB(s) which has(ve) been established.

Conclusion

A solution has been proposed to solve the issue raised at the last GERAN Ad-hoc about the possibility to negotiate a codec type at SIP level that is not supported by the BSS serving the Mobile Station.
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