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Draft CR to TR43.903 – Clarification to sub-clause 5.2.3
A clarification to sub-clause 5.2.3 is needed, to reflect the fact that already now the Handover Performed message contains the “Speech Version (Chosen)” IE, so that the MSC is informed of the codec used on the radio interface after an intra-BSS handover.
5.2.3 Compressed speech over IP
The target solution aims at carrying compressed speech in an efficient way across the A interface over the RTP/UDP/IP protocol stack. In contrast to TFO in this case the compressed speech is formatted directly and there is no PCM stream in parallel, and this allows to support TrFO. 

This solution implies a deviation from the current BSS architecture, where today PCM is used on the A interface and transcoders are functionally integrated into the BSS. 
In fact, compressed speech on the A interface can rely on transcoder resources in the Core Network and allow removal of transcoder resources from the BSS, thus impacting the functional division between the BSS and the CN. Besides improving the end-to-end speech quality, reducing the overall speech path delay and reducing the bit rate on the A interface, this approach would also reduce the overall need for transcoder resources in BSS and Core Network and could be considered as the target deployment scenario. But it will require additional transcoder resources (e.g. more DSP-power for transcoding in all Mobile-to-PSTN calls) within the Core Network and possibly new transcoder types (e.g. GSM_HR) within the Core Network.

Editor’s note: for the following discussion we should exactly define what the term “transcoder” means. So far it was in GERAN used for the transcoding between the 3GPP-Codec used on the radio interface and the G.711 Codec used on the A-Interface. The installed transcoder base is exactly performing this kind of transcoding and G.711 is an “integral part” of the transcoder pools.

In contrast to that the transcoding between two different 3GPP-Codecs, e.g. between GSM_HR and GSM_EFR should be termed “transcoder-pair”, with implicitly knowing that this transcoding is done in several steps, e.g. 1) from GSM_HR to lin.PCM then 2) from lin.PCM to G.711 then 3) from G.711 to lin.PCM and finally 4) from lin.PCM to GSM_EFR. (lin.PCM stands for 8kHz sampled speech with 16 bit per sample). Using the installed transcoder base involves in fact three (3!) Codecs and only the “middle one”, i.e. G.711, could potentially be left out – with quite some consequences in TRAU-Pool organization and interfaces. Any other “direct” transcoding between two different 3GPP Codecs is currently NOT allowed by 3GPP Standards, because it would violate the mandatory bit exactness. If any such direct transcoding should be considered, then 3GPP-SA4 shall be consulted for evaluation and potential standardisation. Any “proprietary” shortcut is currently not allowed, since it could lead into unpredictable speech quality problems.

Consequently in the following the terms “transcoder” and “transcoder-pair” are use, where appropriate.
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Figure 5.2.3-1: Architecture for Compressed speech over IP, with transcoder-less BSS.
This approach yields to align the BSS network architecture with the 3G CS core network architecture. This will allow concentrating development and deployment of transcoders within the core network. They will become part of the media gateway (MGW) and will be controlled by the MSC servers.

When deploying a transcoder-less BSS together with a new Core Network, the transcoders (if a transcoder or transcoder-pair is needed at all for this call) are allocated in the MGW. The transcoder resource can be shared by several BSSs.  A transcoder-less BSS can not be connected  to a legacy Core Network. An upgraded BSS therefore has transcoders and supports AoIP. 

The codec to be used on the radio interface and the A interface is negotiated between BSC and MSC with the goal to allow TrFO operation. In the successful case no transcoder resources are needed, neither in the BSS nor in the CN. 

Please note: BSC and MSC can not negotiate two different Codecs for the radio and the A interface, except when PCM is used on the A interface.
As an (other) implementation option, that aims at exploiting the huge amount of transcoding resources installed in today’s GSM networks, Transcoder-pairs in the BSS could be used to cover the scenarios where TrFO is not possible or not desirable, e.g. if both radio legs must use different Codecs and transcoding between the different codecs used on both ends of the call is necessary. 
The typical approach in 3G networks is, however, to insert a transcoder or a transcoder-pair in the MGW to cover the scenarios where TrFO is not possible/desirable. In this way the MSC-Servers have full control over the end-to-end transcoder combination and therefore full control over the achieved speech quality.

An important case for a transcoder-pair could be when codec adaptation is required on one radio leg during a call (e.g. switch to GSM HR on the radio in overload condition or intra-BSS handover to an incompatible cell), and an end-to-end codec re-negotiation to maintain TrFO operation is not desirable due to high signalling load. In this specific case the codec adaptation can be "performed locally" within the BSS by inserting the pair of transcoders there (or remove it again at the following handover). This BSS-internal codec change would be communicated to the rest of the network by means of the ‘handover performed’ message, containing the information of the codec used on the radio interface . But the need to maintain transcoder resources in the BSS – to be used when TrFO operation is not possible/desirable – would not allow exploiting a 3G-like architecture.
Since the rest of the network will be informed that the BSS inserted a transcoder-pair, situations where the voice quality can be unpredictably decreased can be prevented. For instance, in case both radio legs perform such a Codec adaptation (e.g. both from FR_AMR to GSM_HR), MSC-Servers would be informed and, instead of maintaining the situation where transcoding is performed from GSM_HR to G.711 to FR_AMR(set 12.2) to G.711 and to GSM_HR, they could trigger a codec re-negotiation in the core network to achieve a much better call quality by using GSM_HR end-to-end in such high-overload situations. Optimal would be to use FR_AMR (set 1) and HR_AMR (set 1), because these allow always end-to-end transcoding free operation.

This implementation option (transcoder-pair in BSS) shall not imply any changes to the control plane and user plane signalling of the future standard for AoIP. 


[image: image2]
Figure 5.2.3-2: Architecture for the Compressed speech over IP solution, with transcoders in the BSS
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