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Introduction 
Clause 10 of TR 23.977 contains some considerations on the Ater interface  to the MGW in order to avoid duplications in transcoder development, as agreed at SA2#35. At SA2#36 it became clear that a more detailed analysis is required. This provides input to this analysis. A detailed proposal against TR 23.977 is provided in section 3 of this contribution. Section 2 provides a summary of the issues addressed in this proposal.
Summary of proposed changes

This contribution proposes modifications and additions to the exiting text inTR 23.977. In particular the following aspects are addressed:
· Include References to TS 48.060, TS 48.061, TS 52.021;

· Consider frame alignment protocol towards BTS;

· Consider difference in the user plane between TS 48.060/61 and TFO;

· Consider TRAU functionality for CS data calls;

· Clarify current O+M mechanisms for TRAU;

· Consider codec selection at BSC and relation to channel coding;

· Include migration aspects, in particular based on the situation that HR and FR are widely supported in existing base stations and UEs, but not in MGWs.
Proposal

The changes below are proposed to TR 23.977 with respect to version 0.4.0. Given that some of the issues are within TSG GERAN and SA5 responsibility, it is also proposed to send a liaison statement and ask TSG GERAN and SA5 for comments and guidance.
FIRST CHANGE
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10
Requirements and Architectural Solutions for Avoiding Duplication in Transcoder Development

10.1
Background and Requirements

The GSM and UMTS systems will co-exist for many years. Most operators have significantly less UMTS spectrum than they have GSM spectrum, so, operators have to optimise their utilisation of the combined spectrum pool. 

Hence the introduction of a new speech coder (particularly one that is best suited for mobile to mobile calls) requires support for that codec in both 2G and 3G coverage areas.  

Note:
over GSM’s 12 years, 4 new speech coders have been developed (HR, EFR, AMR, WB-AMR). Hence we can anticipate that further speech coders will appear at the rate of about 1 every 3 years.


With the current architecture this requires both TRAUs in the 2G BSS and Transcoders in 3G MSCs/Media GateWays to be developed and installed.
This has many disadvantages, e.g.:

a) duplicated development cost


b) the feature is difficult to use until the slowest of MGW and TRAU development is finished 

c)
if/when GSM is decommissioned, TRAUs in the BSS will probably have to be discarded 

Hence it is required to consider how a graceful migration of transcoding functionality from BSS to MGW can be achieved.

10.2
Architectural Solutions

10.2.1
A-ter interface to the MGW
10.2.1.1 Description
If new transcoders are only implemented on the MGW, then the MGW will need to be able to be connected to GSM BTSes (via the BSC). Given that there is a very large installed base of GSM base stations but only a limited installed base of MGWs, it seems more logical that the MGW adapts itself to handle the existing interface to the BTS rather than the other way round. 

On the user plane, this interface is defined in TS 48.060 [10] and TS 48.061 [11]. Given that multi-vendor interoperability is required for TFO, and, the TFO standard TS 28.062 [4] is closely related to TS 48.060/48.061, it seems reasonable to assume that TS 48.060 and TS 48.061 can be made into open standards In this case the MGW needs to support the functionality described in TS 48.060 and 48.061. This includes support for the TRAU frame structure and for the frame alignment protocol, which is currently running between TRAU and BTS, and provides e.g. procedures for frame synchronisation and time alignment between TRAU and BTS. It should also be noted that TFO uses 64 kbit/s channels, while TS 48.060 assumes 16kbit/s channels; thus opening the Ater interface will still require upgrades to the existing user plane handling. It is for further study whether the MGW would need to support some of the procedures described in TS 52.021 [12]. 
For CS data calls the TRAU provides rate adaption, as described in subclause 6.7 of TS 48.060 [10] and subclause 6.7 of TS 48.061 [11]. Impact on the MGW in case of Ater to the MGW is for further study.
Many BSC vendors support TRAUs located at the MSC site. The O+M for these remote TRAUs is part of the BSS O+M, using the O+M messages defined in TS 52.021 [12]. However, if the transcoding is located within the MGW, then the MGW O+M can be used for this task. The level of impact on O+M on the BSS side will be implementation dependent. 
For the A interface control plane, the MSC already controls the allocation of the circuit. However, this would need to be changed from allocation of a 64 kbit/s timeslot to allocation of a 16 kbit/s traffic channel. The mapping between the two is currently defined BSS internally. For CS data calls with higher bit rates allocation of up to four 16 kbit/s traffic channels needs to be considered. Further study of the circuit allocation is required, in particular for the Mc interface. The codec selection is performed in the BSC, the reason being that the BTS needs to apply a codec specific channel coding. In particular this implies that the introduction of a new codec requires updates in BSC, BTS and the signalling between the two, even if transcoding takes place in the core network. Thus disadvantage b) in subclause 10.1 does not disappear completely. 
10.2.1.2 Migration aspects
A large number of existing UEs and base station transceivers support only the early GSM codecs FR, HR. On the other hand, according to TS 26.103 [9], only EFR, AMR and WB-AMR are defined for Iu mode. This implies that MGWs according to 3GPP Rel-4 specifications are not mandated to support the legacy codecs FR and HR - and given that all Iu mode UEs support AMR, there is so far little motivation to support EFR.
Migration from the existing architecture to the “Ater to the MGW” architecture would thus require one of the following three options:
1. Terminate the support for HR and FR codecs. This would contradict the desire to use the existing installed base stations including their transceivers - and it will take time until all UEs in the field support at least EFR!
2. Implement the legacy codecs and related procedures (e.g. TFO) in the MGW. This is possible, but: is it desirable to spend the implementation effort to implement legacy technology? Indeed, disadvantage a) described in subclause 10.1 would remain. 
3. Support transcoding in the TRAU for legacy codecs and transcoding in the MGW for new codecs at the same time in the same network at both sides of the same A/Ater interface configuration. This seems rather complex and seems to contradict the desire for resource savings. From a technical perspective, at least the following issues would require attention:
· Change of codec during a call, where one codec is supported in the TRAU and the other in the MGW; 
· Change between voice and CS data during a call;
· Handover scenarios.
The MGW would need to support A and Ater user planes. Note that there would still be duplicated implementation effort (disadvantage a) in subclause 10.1) in case transcoding related enhancements were introduced in future releases, which are not restricted to a specific voice codec, for example voice quality enhancements (VQE).
With respect to disadvantage b) mentioned above, it is assumed that introduction of a new codec to both UMTS and GSM systems will be easier, once the “Ater to the MGW architecture” is in place. However the first new codec requires the implementation of the new architecture; thus the deployment of this codec will be delayed rather than accelerated. In a rainy-day scenario, ongoing discussions on standardisation of Ater to the MGW might even discourage the implementation of new codecs in the TRAU, and thus delay implementations.
10.2.2
Other architectures

For Further Study.












