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Introduction

This contribution is a merge of three individual contributions, S2-040261, S2-040299 and S2-04344.

It takes a closer look at clause 10 " Requirements and Architectural Solutions for Avoiding Duplication in Transcoder Development". This clause contains - as agreed at SA2#35 - some considerations on the Ater interface to the MGW, with the aim to avoid duplications in transcoder development and deployment.  

At SA2#36 it became clear that a more detailed analysis is necessary. This contribution provides input to this analysis and a detailed proposal for text to TR 23.977. A sample signalling flow is added.
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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 dual-mode operators have currently significantly less UMTS spectrum than they have GSM spectrum, so, these operators have to optimise their utilisation of the combined spectrum pool. Other operators may just have GSM spectrum or just UMTS spectrum.
One potential operational strategy is that dual mode mobiles may be camped on 3G cells (e.g. to help provide access to fast PS data services), but occasionally (or always) be handed over to 2G for voice calls. However, until the RNC has gathered GSM neighbour cell measurements, the voice call must be handled by the 3G cell and a transcoder is needed in the MGW. Following the handover to 2G, the 2G TRAU will be connected in tandem with the 3G MGW.
Hence the introduction of a new speech codec (particularly one that is best suited for mobile to mobile calls, like AMR-WB) 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, AMR-WB). The development of additional codecs in the future probably depends on the uptake of AMR-WB

With the current architectures for GSM and UMTS this requires both TRAUs in the 2G BSS and Transcoders in 3G MSCs (non-layered architecture) and/or Media GateWays (layered architecture) to be developed and installed.
This has at least the following disadvantages, e.g.:

a) increased development cost,
b) increased deployment costs, since the total transcoding capacity is split into TRAU and MGW pools


c) new speech codecs are difficult to use until the slowest of MGW and TRAU development is finished.

d) if/when GSM is decommissioned, TRAUs in the BSS will probably have to be discarded.
e) The requirement for extra DSP power within the TRAUs in the BSS may require other parts of the BSS to have to be replaced. 
Hence it is interesting to consider how a graceful migration of transcoding functionality from BSS to MGW could be achieved and what the potential migration strategies and costs could look like.
10.2
Architectural Solutions

10.2.1 A-ter interface to the MGW

10.2.1.1 Description / Concept
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 Abis/Ater 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 TSs 48.060/48.061might be made into open standards. 
Many BSS vendors support TRAUs located at the MSC site but with control from the BSS. This control plane, comprising e.g. the selection of the codec type, the allocation of TRAU resources, the handover handling, the fault handling, is currently vendor specific. 
For O+M purposes remote TRAUs are generally controlled from the BSC. However, if the transcoding  would be located within the MGW, then the MGW O+M is used for this task.

For the A interface control plane, the MSC already controls the allocation of the circuit on the user plane. 
10.2.1.2
Difficulties with this concept
a) This approach would introduce legacy design constraints into the MGW and may restrict future development of the MGW. 
b) The complexity of the MGW and the necessary know-how concentration would increase substantially.
c) Neither GSM-only nor UMTS-only operators would have a gain of that additional functionality and complexity. 

d) The MGW would need to support the functionality described in TS 48.060 and TS 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. 
At least one vendor indicates that there are obvious errors still in TS 48.060, explicitly in the Time Alignment section. They have not been corrected so far and the only reasonable explanation for that is: every vendor found his own solution to the problem and did not consider it worth the effort to correct the TS 48.060. A complete standardisation of the Abis/Ater user plane would very likely require a compromise there and an adaptation of existing GSM base stations. 

Note: it is FFS as to whether this error was corrected during the development of  modern codec types, like AMR and AMR-WB.

Note: for codecs such as AMR-WB, TFO (or similar) needs to be used in the core network, and, while in TFO mode, the Time Alignment functionality is not required.
e) Development effort in the DSP-kernel software might not be saved, because this can be reused also in the existing concept in TRAU and MGW. But extra development on the MGW would be needed for the Input/Output-Interfaces and the Framing protocols. So the saving in development costs would not be as big as originally hoped. Considering that GSM-only operators will exist as well, the development costs would rather increase, because the existing GSM architecture will have to be maintained in parallel. 
f) The introduction of a new Codec Type in GSM requires in any case the upgrade of MSCs, BSCs, BTSs and the signalling interfaces between them. No development costs can be saved here.
g) The Operation and Maintenance functions of the BSS need modification (whether new O+M functionality is needed in the BSS, or, whether existing BSS functionality only needs to be disabled is FFS and the impact will be implementation dependent). 
h) It should also be noted that the A interface uses 64 kbit/s channels, while TS 48.060/061 use different data rates, e.g. 16 kbit/s and sometimes 8 and/or 32 kbit/s. The mapping between these 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. 
i) For the Mc interface between MSC-Server and MGW protocol extensions would be required.
j) It is for further study whether the MGW would need to support some of the O+M procedures described in TS 48.060/061 and/or TS 52.021 [12]. However, with the TRAUs in the BSS, the BSS should check that the TRAU is working correctly before it is connected to the BTS. If the TRAU is moved to the MGW, then this check should be performed by the MGW and the need for the BSS to signal O+M commands to the TRAU is unclear, in any case it would be different than today.
k) For CS data calls the TRAU provides rate adaptation, as described in subclause 6.7 of TS 48.060 [10] and subclause 6.7 of TS 48.061 [11]. The impact on the MGW in case of Ater to the MGW needs some further study.
l)  some internal handovers may have to be performed as external “intra BSS” handovers, because the location of the transcoder may change from the TRAU into the MGW or vice versa. This causes typically higher signalling load and longer speech path interruptions.
m) The BSC performs Codec Type and radio resource selection based on its knowledge on the dynamically changing radio situation. This results in the selection of a half rate or full rate radio channel, and, legacy BTSs may further restrict the choice of codec. This may require reallocation of transcoding resources in the MGW or TRAU. This could be achieved by slightly modifying the “switch circuit pool” functionality already specified on the A interface. 
n) Current MGWs have no need to support the basic GSM HR and FR codecs. 

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 and REL-5 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.
Note: EFR is nearly identical to one of the AMR codec modes, and, FR and HR are much less computationally intensive than AMR. Nevertheless the development and verification effort is in a first order approximation similar for all codec types.
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!
The feasibility of this is uncertain.
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. It is FFS what is the implementation effort to implement legacy codecs in the MGW, however, it should be noted that current mobile devices are capable of implementing FR, HR, EFR and AMR.
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).

While 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, the first new codec requires the implementation of the new architecture; thus the deployment of this codec might be delayed rather than accelerated. 
10.2.1.3 Sample Message Flow

A sample message flow for a mobile terminating call with Ater interface going to the MGW is shown below.
Note: some details of this message flow are still for further study.
Message flow for a Mobile Terminating call with A-ter interface going to the MGW
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1 The call is routed to the terminating MSC; the Codec List is included
2 The MSC establishes the GSM radio link with the mobile and sends the SETUP message.

3 a)            The mobile indicates what codecs it supports in the CALL CONFIRMED message.

b)
The MSC determines that it wants to use a “new” codec that is supported only by the MGW, but not supported by the TRAUs in the BSS
 c) 
The MSC selects a sub-set of the codecs (including only the “new” ones supported by the MGW), allocates the Circuit ID code, and sends an “establish 16 kbit/s bearer for A-ter” message to the MGW.
Comments: extra signalling is needed if 8kbit/s or 32k sub-multiplexing of TDM lines is needed. Use of 16 kbit/s on the A-ter may require extra bandwidth on the BSC-MSC interface.
4
The MGW selects transcoding resources, possibly further restricting the sub-set offered by the MSC and associates them with the TDM sub channel indicated by the MSC on the interface to the BSS.
5
The MSC copies the CIC and codec information into the A interface Assignment Request message. A new IE is added to this message to indicate that the MSC has allocated a TC in the core network and hence that the BSS shall not perform transcoding.
6 
a) 
The BSC accepts the speech codec type (including all necessary parameters like codec configuration an sub-multiplexing scheme) provided by the MSC and selects the radio channel that the BTS will use.
b)
With the general A-bis architecture, the selection of the radio channel also identifies the A-bis user plane channel that will be used.

c) 
The BSC through connects the A-bis user plane channel to the 16 kbps Ater circuit to the MGW, identified by the CIC provided by the MSC.

d)        The BSC commands the BTS to activate the radio channel and to start transmission/reception on the A-bis user plane.

e)        If at step (a) the BSC knows that the BTS cannot support the channel coding for the codec indicated by the MSC, or, for other reasons the assignment fails, then the BSC sends an ASSIGNMENT FAILURE with the cause "switch circuit pool" and the "circuit pool list" information element. The MSC uses this information to adjust its choice of codec (see 48.008 section 3.1.1.2).
7 The BTS sends TRAU frames directly to the TC inside the MGW. These TRAU frames carry information on the selected codec type and other details. The MGW responds with TRAU frames and obeys the procedures, e.g. time alignment etc.
10.2.2
Other architectures

For Further Study.
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