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Introduction

This contribution is proposing changes in the TR “Support for voice optimization for the IM CN Subsystem in the GERAN”.

The changes of working assumptions as proposed in this contribution is a capture of the discussions held on OV. 

7.3 
Radio Bearer Identification for GERAN

7.3.1 
Description of problem

When GERAN is about to apply header removal, it is necessary for GERAN to identify which codec is used, as the corresponding channel coding algorithm has to be applied. Furthermore, in the case where AMR is used, GERAN must also be informed of which active codec set is used. GERAN can only handle up to four rates in its active codec set.  

Editors note: 
The relation of operation of AMR over IP and GERAN’s limited active codec set needs to be clarified in cooperation with SA2.

7.3.2 
Solutions

7.3.2.1 
Direct communication between the UE and the BSC

7.3.2.1.1 
Description of the solution

It is proposed to keep the exchange of information related to header removal completely within RRC. All required information is then transferred within extended RADIO BEARER SETUP messages as outlined in Figure 2.
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Figure 2: Extended RB set-up procedure

1. The SGSN starts the set-up of the RAB with RAB ASSIGNMENT REQUEST containing a generic QoS request as received from the UE via Session Management.

2. The BSC has no knowledge so far whether header removal could be applied to this RAB. Therefore the BSC will initiate the set-up of a generic radio bearer according to the received QoS received in RAB ASSIGNMENT REQUEST. Within the RADIO BEARER SETUP message the BSC may include an indication to the MS, that header removal is supported in the RAN (e.g.: by sending a flag "Header Removal Supported"). Note that it is FFS whether the BSC shall indicate the support of HR at that point in time. 

3. The MS has to check whether or not header removal is possible for that media stream. If this is the case, the MS sends all information needed to be able to apply header removal within a container inside the RADIO BEARER SETUP COMPLETE message to the BSC, i.e. a flag indicating "Header Removal Allowed", negotiated codec information and the RTP context.

4. The BSC detects that header removal, i.e. optimised voice can be applied. If the BSC decides to modify the (generic, not optimised) RB according to the information received from the MS in the RB setup complete message received, it starts a RB modification  procedure by sending the RADIO BEARER RECONFIGURATION message to the MS.

If the BSC decides not to modify the RB it successfully terminates the RAB Assignment procedure instead of sending RB RECONFIGURATION to the MS.

5. MS sends back a RADIO BEARER RECONFIGURATION COMPLETE message. 

6. BSC responds to SGSN with RAB ASSIGNMENT RESPONSE.

Now the establishment of the radio link is finished and a codec-specific channel coding will be applied. After this modified setup of the radio bearer, the signalling will be continued as described in Figure 2.

For MSs only supporting 1 TS in UL and 1 TS in DL the extended RB setup procedure might look different: the MS will not support the generic RB, because the amount of data for a generic RB will not fit into one timeslot. Therefore the MS has to reject the first radio bearer setup. But it could transfer all required information within the RADIO BEARER SETUP FAILURE message to the BSC and might also include the flag “Header Removal Allowed”, which indicates to the BSC that the setup of a RB with applied header removal will be successful.
7.3.2.1.2
Pros and cons
+

no impact to CN  

+
if header removal is not to be applied to the media stream, the RB setup procedure remains unchanged (except for the transfer of the “Header Removal Supported” flag from the BSC to the MS and the “Header Removal Allowed” flag set to false from the MS back to the BSC).

-
Two more messages will be required to setup the RB for optimised speech. However the significance of the added delay within the whole setup procedure has to be verified.
7.3.2.2
SDU format information approach

7.3.2.2.1
Description of the solution

Detailed QoS information is provided in the ‘Activate PDP context request’ message by using the ‘SDU format information’ attribute. This information uniquely identifies the appropriate channel coding in the GERAN. However, ‘SDU format information’ would have to be introduced in R5. 

For multi rate codecs such as AMR, it is important that the SDU format is provided for all rates even though only a subset has been negotiated on SIP-level, in order for GERAN to be able to identify the codec unambiguously.

7.3.2.2.2
Pros and cons
-
The solution proposed does not specify how a potential future codec is uniquely identified if that codec has exactly the same bit mapping and protection for each class of bits in the payload format of an existing codec. 

7.3.2.3
Activate PDP context request message approach

7.3.2.3.1
Description of the solution

Following the SIP negotiation, which needs to result in one desired codec, the UE expresses this request explicitly by stating the desired codec in the subsequent resource request to the network. A field containing the specific speech codec desired is introduced in the ‘Activate PDP context request message’ to the SGSN, by extending the QoS information element. More specifically, the codec information can be an extension of the ‘Source Statistics Descriptor’ field that will be part of the QoS IE in R5. (The R99 QoS information element included in the Activate PDP context request message is shown in section 7.5.2.).

This information is then passed to the GERAN at the ‘Radio Access Bearer Request’, by also extending the ‘Source statistics descriptor’ in the RAB QoS parameter set. 

For AMR, it is assumed that the preceding SIP negotiation not only results in ‘AMR’, but rather AMR plus a preferred active codec set consisting of four or less rates. This active codec set information is then conveyed from the UE to GERAN. Thus, in case of AMR, the new field in the QoS information element, sent from the UE via SGSN to GERAN, comprises both AMR and the preferred active codec set.

Editors note:
This section may be updated to reflect concerns expressed on service specificity. It is intended to place the codec information within a transparent container to be relayed via the SGSN.

7.3.2.3.2
Pros and cons

+
This solution is straightforward and imposes limited changes to existing standards. It is architecturally clean in that it uses existing messages for resource requests from the UE to GERAN. The codec information can potentially be used by other purposes as well, for example charging.

-
Its potential drawback is that the PDP context message, which is a request for a bearer service, includes application-related information. To avoid this, one could consider the ‘SDU format information’ approach (section 7.3.2.2), which however introduces a bigger impact on the PDP context message size.

7.3.3 
Working assumption

Solution 7.3.2.3 is currently the GERAN working assumption.
---------------------------------------------------

U N M O D I F I E D  S E C T I O N S

----------------------------------------------------

7.8
Mid call legacy codec support

7.8.1
Description of 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 unequal error protected channel coding scheme associated with the current CoDec), this can cause problems in mid-call.

7.8.2

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

7.8.2.1
PDCP Mode Change

7.8.2.1.1
Description of the solution

Editors note: 

To be completed

7.8.2.1.2
Pros and cons

Editors note: 

To be completed

7.8.2.2

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 7.8.2.2.1 – 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 7.8.2.2.1-2.

Note that, if the session description includes only one codec at the end of call set-up, 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 set-up.

7.8.2.2.1
Description of the solutions

1. SIP call re-negotiation

[Standard IMS procedure as will be described in TS24.228]

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. To maintain this policy, any change to the codec used by an end point should be signalled to ensure that both end points change codec at the same time; an end point should not simply decide to swap CoDecs without agreeing this with its peer.

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

a. 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. It has two variants; one variant proposes to use Sender Report and Receiver Report messages to carry indications between the network-based PDCP entities of a proposed codec change. The other variant uses the “Application-specific” message type to carry the indications between the peer entities. For details see section 7.1.2.3.

b. “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]

Editors note: 
The backup solution for the case when the scheme is not supported is an abrupt codec change, resulting in transient packet loss greater than if advance notice would have been given.

7.8.2.2.2

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 (over and above the necessary radio bearer modification procedures that are required on any change to the bearer). Both require a specialised application protocol to be used on top of the existing RTCP or RTP transport protocols. 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. In addition, this approach has raised some other concerns; it is questionable if it is wise to generate RTCP SR/RRs when the RTP protocol is terminated in the MS and RTCP is terminated in the BSS. In such an architecture, the RTCP RR will contain information about quality in the BSS, not in the MS.  It is suggested that it may not be appropriate to make use of RTCP SR/RR if the termination point of the RTP protocol is not in the same node as the RTCP protocol. 

· If no RTCP SR/RRs are generated (for the above mentioned reasons), then with the other variant (using “Application-specific” messages), RTCP would be used for the sole purpose of providing a possibility of informing the BSS of a change in the codec or ACS.

· Furthermore, the usage of RTCP for this task is questioned, since RTCP is not a reliable signalling protocol. There is no way of ascertaining that the ACS change has been received correctly, so that more details are required on the way in which the end points can exchange application level indications reliably.

· 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. This solution assumes that it is allowed to negotiate multiple codecs for a SIP-session. Whether this is the case is FFS.

· It cannot be ensured that the special RTCP or RTP functionality is deployed in all conceivable endpoints (also non-3GPP).

7.8.3
Working assumption


The current working assumption is based on SIP codec renegotiation 7.8.2.2.1-1. All other schemes as described in this chapter are FFS.
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