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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 purpose of this contribution is to make some clarifications in section 7.1. Section 7.1.2.1 has been referred to in discussions as the general alternative where the terminal is informed in advance about the GERAN capabilities. There has been some confusion as 7.1.2.1 has been a little bit too specific.

In this proposal we try to make 7.1.2.1 more general and to introduce alternatives on how the information is to be carried as sub-alternatives.

Section 7.1.3 on working assumptions is as well changed accordingly.

7.1
Optimized voice call set-up within the IMS

7.1.1
Description of problem

Call set-up in the CS domain is based on the following principle:

1. The terminal announces its capabilities

2. The network select speech codec to be used

Call set-up in the IMS domain is based on a fundamentally different principle:

1. The terminal endpoints negotiate speech codec (or more generally media codecs) to be used.

2. The terminal request the resources required, to the network.
The IMS SIP negotiation currently does not take into account any access specific information concerning the codec negotiation.  This is particularly the case when the access network modifies the codec packets in some way as in header removal. The BTS may lack support for some of the channel coding schemes that corresponds to the speech codecs supported by the MS.

The solutions as proposed below may be combined. For example one solution can be adopted for initial implementation and may be further improved in combination with another solution.

7.1.2 
Proposed solutions

7.1.2.1
MS knowledge of GERAN channel coding capabilities before or during the SIP negotiation

7.1.2.1.1
Description of the solution

This solution is based on the principle of letting the peer involved in the SIP call set-up know about the capabilities of the GSM/EDGE Radio Access Network (e.g. supported channel codings in the cell). Such knowledge has to be provided prior to, or during, the SIP-based call set-up. Several solutions are possible:
· The knowledge is provided as a new Information Element appended to the RADIO BEARER SETUP message, setting up the Radio Bearer for SIP signalling.
· Other solutions are possible and may be added.
This solution is also based on the principle of having a deterministic rule for the BSS to work out that the RAB being established carries SIP-signalling. Several solutions are possible:

· Define a new Source Descriptor choice for SIP signalling.

· Make an on-demand request during the SIP negotiation (FFS).
· Other solutions are possible and may be added.
When the user moves to another cell after SIP negotiation has started but before it is completed, the capabilities supported by GERAN may change. Several solutions are possible to handle this:
· The BSS handovers the resources used for the SIP Radio Bearer and the HANDOVER COMMAND or RB RE-CONFIGURATION message, whichever is used, can include such information for the new cell (see 44.018);

· The MS re-selects the new cell and sends a CELL UPDATE to the BSS. The response from the network can include such information for the new cell (CELL UPDATE CONFIRM or RB RE-CONFIGURATION).

· Other solutions are possible and may be added.

If the channel coding capabilities supported by the old cell are not the same as those supported in the new cell, this may trigger codec re-negotiation at SIP level.

The impact on SIP level codec negotiation is then the following:

· 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 GERAN. 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 GERAN (as far as the necessary channel codings are concerned) and which fulfil the QoS required for the media flow. The SIP negotiation then takes place according to 3GPP TS 23.228.

· In case of Mobile Terminated call, when the addressed SIP client receives the SDP contained in the SIP INVITE, it shall then take into account the codecs that it accepts itself and that are supported by its controlling GERAN (as far as the necessary channel codings are concerned) before accepting the SDP and send the reply to the originating SIP client.

Such a solution will not require any SIP level codec renegotiation in cells where the same set of channel codings is supported by all transceivers. In case transceivers of a cell do not all support the same channel codings (e.g. some support TCH/FS and TCH/AFS codings, others support only TCH/FS), it may happen that a codec is negotiated at SIP level for which there is no transceiver availability at the time the Radio Bearer is set-up (e.g. AMR NB is chosen). This would imply SIP level codec renegotiation. This solution is therefore particularly suited for network deployments where a consistent set of channel codings is supported by all transceivers of a given cell. However, this does not require all cells of the network to support the same set of channel codings. This is further described in Annex A.

This solution may, if necessary, be further improved in combination with solution 7.1.2.3.
7.1.2.1.2 
Pros and Cons
-
The SIP radio bearer is set up when the MS makes itself available to the IP Multimedia Subsystem. However, the SIP negotiation only takes place when a call is being received or initiated by the MS. Between these two events, a substantial amount of time may expire. During this time, the set of supported codecs may change due to high network load in the current cell, or because the user is moving into a new cell. This will lead to extra signalling between the MS and network.
7.1.2.2 
SDP message delayed

7.1.2.2.1 
Description of the solution

In this solution the proposal as described in 7.1.2.1 is enhanced. By delaying the final SDP message sent by the calling party until the resources have been allocated within the GERAN, there is no risk that a codec is selected that requires a channel-coding scheme that is not supported in the BSS.

7.1.2.2.2 
Pros and cons

· This solution will not work in the case where no mid path transcoding is carried out, such as in the case of IMS MS to IMS MS call where both mobiles are accessing the network via GERAN. The reason for this is that two different GERAN entities are involved in the SIP negotiation phase, and it has to be assumed that those GERANs may come up with different codec selections.

· This proposal changes the current working model for the IMS as defined in 23.228v5.0.0.  This would cause substantial changes to the currently agreed information flows and would have to be agreed both in S2 and CN1. S2 has made a clear indication (LS Tdoc S2-011577) that:
“this solution should be removed from consideration”.   

7.1.2.3 
Use protocols other than SIP

7.1.2.3.1 
Description of the solution

This solution proposes to use RTCP to change/re-negotiate the ACS during an RTP session. The RTP proxy or in header removal scenario the header removal/generation function would send RTCP packets containing information regarding the allowed codec modes (ACS) whenever the allowed codec modes changes. The terminal would not participate in this signalling at all because it is the GERAN who decides the ACS. The RTCP packets should not be sent over the air interface.

RTP/RTCP protocols provide two alternatives to realize this: In addition to 'regular' RTCP Sender Reports (SR) and Receiver Reports (RR), it is possible to extend the RTCP functionality with application/payload type specific feedback messages. There seems to be two mechanisms to extend RTCP to support the idea presented here:

1. Section 6.4.3 in [3] specifies a possibility to define an extension field to RTCP SR or RR.

2. Section 6.7 in [3] specifies a possibility to define an application specific RTCP packet type.

There is a work in progress in IETF AVT group on 1, see [9],[10], and it seems like a suitable mechanism to convey AMR ACS update during a session.

Higher level protocols are added on top of RTCP and RTP to allow advance indication (and negotiation) of codec/Payload Type changes. Any such scheme must provide its own reliability mechanism as RTCP and RTP are unreliable protocols.

Editors note: 
An example of such higher-level protocol is outlined in G2-010020. This particular solution describes an RTP-based solution.

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.

Editors note: 
A procedure for layer 3 messaging between the BSC and MS is required when a new ACS (or codec) has been agreed using RTCP or RTP signalling. This is FFS.

7.1.2.3.2 
Pros and cons

-
It might be an issue to use RTCP SR/RR if the RTP protocol is terminated in the MS and RTCP is terminated in the BSS. In such architecture, the RTCP RR will contain information about quality in the BSS, not in the MS.

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

7.1.3 
Working assumption

Solution 7.1.2.1 is the current working assumption. Several sub-alternatives exist in 7.1.2.1, no agreement has been reached so far on working assumption on that level. 
Solution 7.1.2.2 is removed from consideration.
Solution 7.1.2.3 requires quite some changes and additions in [6]. This make this solution non feasible in short term. However this solution add a value by outlining a future proof evolution of 7.1.2.1.
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