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TR Additions: Signalling for Codec Change in Mid-Call

Introduction

This paper proposes some additions to the draft Technical Report “Support for voice optimisation in the IM CN Subsystem in the GERAN”. It extends the section on Handover Issues to include a description of the actions needed to support Legacy Codecs during Handover of IMS calls.

Proposed Changes to the Technical Report

7.6. Handover Issues in optimised voice

Handover provides a specific challenges for IMS calls. It raises two main issues. The first one is that, during Handover, the Header Adaptation “context” needs to be transferred to the Target BSC. This is covered in section 7.6.1. The second issue concerns support for “Legacy Codecs” (i.e. the support for different channel coding schemes in different areas). This issue is covered in section 7.6.4 (and in Annex A).

[Sections 7.6.1 to 7.6.3 as in existing TR]

7.6.4.  Description of the Problem

The Radio Access Network infrastructure may not support all possible channel coding schemes in all areas, and, potentially, the set of channel coding schemes supported in one area may be completely different from the set supported elsewhere. If an IMS call is active and uses Header Removal (and so relies on an unequel error protected channel coding scheme associated with the current CoDec), then if a caller moves into a new area that does not support the currently used channel coding, some action must be taken if the call is to continue.

7.6.5. Solutions

If, during a call, a resource that has been used is no longer available, there are two choices to resolve this problem. Either:

· The PDCP Mode must be changed from Header Removal to Header Compression (and the radio bearer should be configured to use an equal error protected channel coding scheme), or

· The Codec used in the media stream will need to be changed to one that is associated with a supported  unequal error protected channel coding scheme.

7.6.6.  PDCP Mode Change

[To be Completed]

7.6.7.  Mid-call Codec Change

It is assumed that the call control entities must maintain a valid specification of the media transport in use.

If the codec used is to change in mid-call to one not specified in the existing session description, then the description agreed by the SIP end points at the start of the call will no longer reflect the actual media streams being exchanged. From the above assumption, this will require SIP messages to be exchanged "end to end" holding a replacement session description. This is shown in section 7.6.7.1.

If the codec change is to one included already in the existing session description, then alternatives not requiring SIP message exchanges may be used; these are covered in section 7.6.7.2.

Note that, if the session description includes only one codec at the end of call setup, then there is no alternative to engaging in a SIP call re-negotiation. The “non-SIP” alternatives assume that there is more than one codec included in the session description at the end of call setup.

7.6.7.1.  SIP call re-negotiation

[To be Completed]

7.6.7.2.  Non-SIP Codec change signalling

If a media description, at the end of call set up phase, includes a set of alternative CoDecs with more than one member, then a change in CoDec between these listed alternatives would not invalidate the session description agreed during call setup, and so no SIP message exchanges would be needed in this event.

It is assumed that listing more than one alternative within the session description does not negate the requirement that the same codec be used in both directions of a call at any one time. Although, in principle, such a session description might seem to allow different CoDecs to be used in either direction, the policy will be to only support the bi-directional case; this is normal for existing RTP implementations as so this policy is not inconsistent.

There are several options for signalling a codec change without the use of SIP message exchanges. These are covered next.

7.6.7.2.1.  RTCP Message Exchange

This approach is based on exchanging RTCP messages between the RAN that detects a resource problem and the remote system, using the “fast feedback” scheme. For details see section 7.1.2.4.1.

7.6.7.2.2.  “In Band” Signalling

This approach works by injecting RTP packets into the existing media stream sent towards the core network, and detecting RTP packets that have been injected by the remote peer.

[For details, see contribution G2-010020]

7.6.2.3.  Pros and Cons

Although using SIP signalling would appear to be the simplest solution, it does have some problems. First, it requires call control signalling to be carried over the air interface. Secondly, it is not easy to see how the Terminal can be informed that it should engage in SIP message exchanges during a Handover; although the GERAN detects the resource problem, it is not a party to call control signalling and so it must have some way to instruct the Terminal to carry out these exchanges. Such an approach would require the expertise of SA WG2 and CN WG 1 groups to clarify the appropriate procedures.

Both the non-SIP approaches have one major benefit; they do not need any extra signalling to be carried over the air interface. Of the two, the RTCP-based approach would seem to require an extra PDP context to be arranged; how this is done by the BSC is unclear. The RTP based approach does not have the problems of the other schemes, but (in common with the RTCP-based approach) does require that the alternatives are included in the “final” session description agreed at call setup.

