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BARS (9.8)
Introduction

This contribution takes a closer look at chapter 10 " Requirements and Architectural Solutions for Avoiding Duplication in Transcoder Development".

It proposes to remove some non-objective statements and to extend some others with more background.

With these changes it seems less obvious that Ater Standardisation is feasible at this point in time.

Discussion

For most of the points please see the "Proposed Changes" section directly.

Here is only one additional explanation why it is proposed to delete the 
"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".

At the time the GSM system design was started the concept already included the GSM_HR Codec Type for capacity doubling. The GSM_FR Codec was readily standardised in 1989, but it took six more years, until GSM_HR was agreed – still with many warning voices that the speech quality of that codec type would be too low and would cause user-complaints. It was mainly the US-operator community that took these speech quality aspects very serious and triggered the design of the GSM_EFR in 1994 with its standardisation already completed in 1995.

Immediately after that the unsatisfying quality of the GSM_HR triggered the discussions that led finally in 1997 to the concept of the "Adaptive Multi Rate", both for the half rate and the full rate channels, both for the narrowband and immediately also for the wider, 7 kHz speech bandwidth. Although this concept to adapt the source coding to the varying channel capacity reaches far back into the 1980s and was already proposed for GSM_HR design in 1992, it was necessary to experience the failing of the single-mode concept, until this modern AMR concept was accepted.

The AMR-NB was then standardised in 1998 and the AMR-WB in 2000, one after the other, just because it was a too heavy a load for 3GPP SA4 to standardise two Codec Algorithms at the same time. But the signalling concepts and the Rate Control were designed in common from the beginning.

Since then there is no urgent need visible to create just another speech coding standard. It is not obvious how long it will take, until the market requires a even better speech transmission and source coding quality than AMR-WB. Before a substantially better source coding would be needed other, more obvious details in the transmission path need to be improved.

It is therefore not obvious to assume an average Codec-Generation-Rate of one every three years. It is much more likely (from a today's point of view) that AMR-WB is the last one for some time to come.

Proposed Changes in Section 10

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. Some operators do have only GSM spectrum, with low likelihood that they will ever need to add UMTS spectrum. Other operators do have only UMTS spectrum, with low likelihood that they every need to add GSM spectrum. 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. 

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. 



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

a) duplicated development cost, although the DSP-kernel software, which implements the transcoding functions, may be common to both implementations and "only" the Input/Output-Interfaces, the Framing protocols and Operation and Maintenance are different. For long time GSM-only and UMTS-only networks will exist and optimized solutions for both types of networks are most likely unavoidable.


b) the feature is difficult to use until the slowest of MGW and TRAU development is finished. On the other hand it is not necessary for the end-user to know, which radio access technology is used for his new service: he just does not care as long as the functionality is provided. One strategy for the introduction of new services like AMR-WB could be to run them first in the GSM spectrum (because this has in many dual-mode networks best coverage) and then later, when capacity is required, to extend this service "seamless" to the UMTS spectrum. This requires, naturally, that both access technologies provide compatible support. 
c) if/when GSM is decommissioned, TRAUs in the BSS will probably have to be discarded. On the other hand it is not necessarily economically reasonable to re-use n-years old hardware as basis for new features. 
The currently very high pace in advancing DSP-technology and integration density at quickly falling prices give interesting reasons to replace older equipment for same functionality, even just for saving of operational costs (space, power, maintenance). 
The high pace in algorithm design, leading to substantially more efficient coding, but at substantially more complex algorithms makes it even less feasible that older DSP-hardware can be reused efficiently for new functionality. 
Moore's law says that roughly every 18 months DSP power doubles for the same price. This law has been taken in 3GPP SA4 as basis for the constraints in the design of new Speech Coding algorithms – and this will most likely remain in future. According to this law a codec n+1, three years after codec n, may be four times as complex. When designing the transcoder hardware for codec n this could be taken into account, but then the hardware for codec n would be four times as expensive as necessary. It is very questionable, whether this extra costs, spend three years in advance, without immediate gain, would ever pay off, even if it would be exactly known how the codec n+1 would look like. It is typically more economic – for vendors and operators - to optimize HW and SW for exactly the target application at this point in time and to replace the HW, when a later application does not fit in.
It might be interesting to consider how a graceful migration of transcoding functionality from BSS to MGW  could be achieved and how the potential transition strategies and costs could look like.

10.2
Architectural Solutions

10.2.1
A-ter interface to the MGW

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 logical that the MGW adapts itself to handle the existing interface to the BTS. On the other hand this approach introduces legacy design constraints into a new device and may restrict progress there. The complexity of MGWs and the necessary know-how concentration would increase substantially. Neither GSM-only nor UMTS-only operators would have a gain of that additional functionality and complexity. 

On the user plane, this Abis/Ater interface is defined in TS 48.060/48.061. Given that multi-vendor interoperability is required for TFO, and the TFO standard (TS 28.062) is closely related to TS 48.060/48.061, it seems reasonable to assume that TS 48.060/48.061 are (or can be made into) open standards. This is indeed to a very large extent the case – on the user plane. The embedded O&M frames are, however, not standardised and proprietary. Further, 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 all existing GSM base stations.
Many BSS vendors support TRAUs located at the MSC site. In any case the control plane for these TRAUs remain in the hands of the BSC. This control plane, comprising e.g. the allocation of TRAU resources, the handover handling, the fault handling, is currently vendor specific. A new approach to standardise now this legacy Abis/Ater control plane would potentially require an upgrade of all existing BSCs and TRAUs and perhaps also BTSs.

The O+M for these remote TRAUs is generally regarded as proprietary as well. However, if the transcoding  would be located within the MGW, then the MGW O+M  could potentially be used for this task. Since most likely existing GSM TRAU equipment would not be replaced, e.g. for the older Codec Types, two different approaches would have to co-exist for GSM within one network.
For the A interface control plane, the MSC already controls the allocation of the circuit on the user plane. The MSC, however, assumes currently the Codec Type "PCM, G.711" on this interface. All supplementary services, handover concepts, legal intercept and others are based on that assumption. The user plane functions so far allocated inside the MSC (Tone insertion, announcements, ...) would have to be moved to the MGW. Further study of this is required, in particular for the Mc interface between MSC-Server and MGW. Protocol extensions would be required, the MSCs would have to be upgraded to MSC-Servers also in GSM-only networks. 
10.2.2
Other architectures

For Further Study.
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