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Introduction

This contribution takes a look at the Speech Quality requirements for this study.  The current text in section 9 of TR 23.977 only lists the general requirement to prevent unnecessary transcoding.  Based on the conclusions of the SA4 Technical Report 26.975, it can be seen that for some mobile to mobile calls scenarios, e.g. EFR – AMR, the transcoding provides negligible impact and so there is nothing to gain by trying to remove some of the transcoding stages.  The proposal in this contribution proposes new text for section 9 of TR 23.977, which qualifies the requirements with respect to Speech Quality.

Discussion

This document proposes to incorporate two new references to section 2 and to incorporate some new text in section 9 to restructure to provide information on some existing conclusions on speech quality when tandeming codecs in the GSM – UMTS call scenarios. This will show that the assumption currently to focus on removal of tandeming stages to improve speech quality is not well founded in the EFR and AMR scenario. As this is by far the most common GSM-UMTS interworking scenario, this will aid the focus within the document to shift from speech quality to bandwidth saving within the network in GSM - UMTS scenarios which is covered under section 8.

Proposal:

1. Insert references to the SA4's 3GPP TR 26.975 Performance characterization of the Adaptive Multi-Rate (AMR) speech codec and TR 26.976 Performance characterization of the Adaptive Multi-RateWideband (AMR-WB) speech codec in the references section 2. The style of the references are also changed to EX as per the drafting rules.
2. To insert text in section 9 giving a summary of conclusions from the report TR 26.975. Section 7 of the TR shows that tandeming tests were conducted by SA4 in the past and they showed that the degradation in single tandeming compared to TFO between EFR and AMR 12.2 is not significant to the user: “Tandeming with the clean speech error free 12.2 and 10.2 modes of AMR do not significantly degrade the single encoding performances of any of the AMR codec or existing GSM codecs.”
3. A new conclusion section 11 is added to the TR to gather and summarize the conclusions being reached in the report.
Proposed Changes
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9 Requirements and Architectural Solutions for Speech Quality Improvements

9.1
Requirements
[Editor’s Note: An objective of the work item is to identify the full set of requirements and assess the architectural solutions for improved speech quality, with specific consideration to networks supporting A/Gb mode and the BICN. It is proposed that the TR investigates the following topics.

Requirements for support of Wideband AMR

Requirements for reduction of transcoding stages

Requirements for speech quality enhancement features]

The general requirement to ensure maximum speech quality that TrFO and TFO attempt to meet is to prevent unnecessary transcoding on mobile-to-mobile and mobile to fixed network calls.  TSG SA WG4 has studied the degradation to speech quality for mobile to mobile calls with tandeming of speech codecs, and the following is a summary of conclusions from the reports 3GPP TR 26.975 [6] and 3GPP TR 26.976 [7]. 

Section 7 of 3GPP TR 26.975 [6] shows that tandeming tests were conducted by SA4 in the past and they showed that the degradation in single tandeming compared to TFO between EFR and AMR12.2 is not significant to the user. To quote: “Tandeming with the clean speech error free 12.2 and 10.2 modes of AMR do not significantly degrade the single encoding performances of any of the AMR codec (modes) or existing GSM codecs.”  Transcoding between FR and AMR, however, does introduce degradation.
9.2 Architectural Solutions
9.2.1 Mobile to Mobile Calls Scenarios: 5.1.1 and 5.1.3
For mobile to mobile calls between a BSC and an RNC within a PLMN, the call scenarios in section 5 show that the existing architecture can employ TFO on the A interface supporting AMR-WB / AMR / EFR / FR / HR, andcompressed speech (TrFO) on the Iu interface supporting AMR-WB / AMR. If compatible codecs are available, then the network need not perform any transcoding. OoBTC can be used within the BICN and TrFO be established between the MGWs, thus achieving optimal bandwidth saving with optimal voice quality. If compatible codecs are not available, a single transcoding point at the MGW then exists between GSM on one side and UTRAN on the other and, therefore, the requirement to prevent unnecessary transcoding in order to not perceptibly degrade the speech quality is fulfilled. Again the BICN can operate in TrFO to achieve optimal bandwidth savings.
For BSC to BSC calls via a BICN, the network should not need to perform any transcoding when the mobiles share at least one common codec. In some cases, e.g. if only one side supports AMR in multi-mode configuration and the other side supports only single-mode codecs (FR / HR / EFR), it needs to be considered whether to perform a single transcoding in order to gain optimal voice quality. In such cases, the radio error robustness of the AMR may be more important than the TFO connection of a single-mode codec. For details see TS 28.062, section F.3 [4]. 
Whether a transcoding-free link can be established through the BICN (for BSC - BSC or BSC – RNC calls) depends on the codec types used for TFO. If at least one side supports AMR, or AMR-WB or EFR, then optimal bandwidth saving and optimal voice quality can be achieved. Otherwise a 64kbps transparent PCM channel with TFO has to be established through the BICN for optimal voice quality. The reason is that up to 3GPP REL5 no Nb framing is specified for FR and HR. Also, though Nb (and Iu) framing for EFR is supported according to TS 26.103 [9], the specification in TS 26.102 [8] does not seem complete. 
9.2.2
Mobile to PSTN Calls: Scenarios 5.2.x

For GSM/UMTS mobile to PSTN calls, the existing solutions allow for a single, necessary, transcoding point within the MGW at the edge of the BICN, close to the point of interconnect.  

9.3 Summary

Architectural solutions exist for the common interworking scenarios of mobile to mobile/PTSN calls, which avoid or minimise degradation of speech quality. Optimal Voice Quality together with Optimal Bandwidth Saving is possible for AMR, AMR-WB and EFR. For EFR the Nb (and Iu) framing does not seem completely specified and for FR and HR the optimal bandwidth saving would need the Nb framing for these codec types to be specified. A useful output of this TR would be for these (or at least EFR) be standardised for Nb framing in order for a more optimal voice quality to be accomplished.
***

*** New included section.

***
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Conclusions

Architectural solutions exist for the common interworking scenarios of mobile to mobile/PSTN calls, which avoid or minimise the degradation of speech quality.
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