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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 restructure section 7.2 in accordance to the other parts of the TR. Working assumptions as reflected in the discussions are introduced.

7.2
Handling of ACS for AMR


In case of optimized speech with AMR codec there are additional issues that are related to managing the ACS as listed here:
7.2.1
Max four AMR modes can be part of an ACS in GERAN, at a time
7.2.1.1 
Description of problem
In case of a session between GERAN MS and some other IP terminal, the IP terminal (somewhere in the IP cloud or in UTRAN) assumes that any of 8 modes are possible if the SIP level negotiation would result with AMR. However this is not true over the GERAN air interface as seen in R98 GSM AMR specifications. There could be maximum 4 modes.
7.2.1.2
Description of solutions

7.2.1.2.1
MIME approach
This could be solved using MIME negotiation during the SIP/SDP where the ACS could be negotiated too. For example A party indicates (in SDP) ACS {12.2,7.95,7.4} and B party indicates ACS {10.2, 7.95,7.4}. So, the resulting common ACS would be {7.95,7.4}. It is clear that A party must only use modes included in the ACS that B party has indicated. Furthermore, although in general case the ACS means only the modes that a terminal is willing to receive, it seems quite clear that in GERAN case A party knows that it is only allowed to transmit modes included in its own ACS. 
7.2.1.3
Working assumption

The MIME approach 7.2.1.2.1 is currently the GERAN working assumption.

7.2.2
How to change the ACS at any given time

7.2.2.1
Description of problem
If we assume that only one codec and one ACS is agreed at the SIP negotiation, dynamic behaviour of GERAN system (possibility to change ACS any time) would require SIP level re-negotiation of ACS. This re-negotiation is seen as in-call modification of the session (SIP signalling during the speech call) and in order to transmit SIP signalling during the call, we have to use DTM like solution, so go to HR+HR constellation and this in turn requires changing ACS, since ACSs are different for FR and HR. 

7.2.2.2
Description of solutions

7.2.2.2.1
Use of a consistent Active Codec Set in geographical regions
In order to avoid SIP level negotiation a similar solution as described in 7.1.2.1, could be adopted. This would mean that a consistent set of ACS should be supported in the network. 
7.2.2.3
Working assumption

No working assumption reached so far.

7.2.3
The encoder may have to use a more robust rate than the requested
Header removal functionality in PDCP will act as a proxy and receive AMR speech samples encapsulated in the RTP packet according to [6]. For downlink the speech samples are passed through channel encoder and the Mode Indication is set according to the information obtained from the AMR payload format for RTP. According to [6] the other end could ask using CMR (Codec Mode Request) field to receive a codec mode that would not be possible over the air interface in uplink at a certain time (or to be more precise it could be possible but the link quality could be so bad that the speech quality would be severely impacted). An example: The B party asks for 12.2, but the link conditions dictate the usage of more robust mode, for example 7.4. According to [6] GERAN PDPC header removal entity is mandated to send 12.2 in uplink, so it needs to set the Mode Command to 12.2 in the inband channel. This issue is not unique and appears also in TFO cases. One simple solution would be to relax the requirement in [6].
Editors note:

According to [6] this seems to already be possible. This section may be removed, or reformulated.
7.2.4
How to force a change to an AMR rate able to be carried on a HR physical channel
7.2.4.1
Description of problem
There may be a need to change from Full Rate to Half Rate channels. This may be the case in high traffic load situations. It may also be necessary if DTM is used for SIP signalling and only one TS in UL and DL can be used (also refer to chapter 7.9).
7.2.4.2
Description of solutions

7.2.4.2.1
Choose a HR compliant ACS 

One way to avoid SIP level re-negotiation is to choose an ACS that would be compliant with Half Rate channels. In case of GMSK NB AMR this would mean to restrict the highest mode in ACS to 7.95. The implications of such restrictions should be evaluated.
Editors note: 

An example of signalling flow for MS initiated optimized speech is provided in appendix B.
7.2.4.3
Working assumptions

No working assumptions reached so far.
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