TSG-SA4#57 meeting
Tdoc S4 (10)0106
25 - 29 January, 2010, St. Julian, Malta

Title:
Proposal for the draft TR 22.813
Source:
LG Electronics Inc.
Document for:
Discussion, Approval
Agenda item: 
9
1. 
Introduction
This contribution proposes essential texts and some editorial corrections for TR 22.813.
Our main discussions are regarding the following topics:

1. Mandatory support of NB, WB and SWB
2. Inclusion of AMR-NB and AMR-WB bitstream interoperable modes for conversational applications and enhancement of AMR-NB and AMR-WB
3. SWB quality enhancement for mixed content and music.
The proposed text changes appear with change marks in the attached document.

2. 
Mandatory support of NB, WB and SWB
According to strong industry needs in conversational services from various operators, the potential standardization of the EVS codec should respond to their needs in NB and WB services. Since EVS should provide significantly enhanced voice quality compared to what is available in state-of-art 3GPP standards, EVS codec should include mandatory superwideband functionality.
To accommodate operator needs and higher quality needs in the future 3GPP systems, EVS codec should have mandatory support of NB, WB and SWB.
It is proposed to modify the text in the TR according to
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3. 
Inclusion of AMR-NB and AMR-WB bitstream interoperable modes for conversational applications and enhancement of AMR-NB and AMR-WB
As AMR-NB and AMR-WB codecs are already included in 3GPP specification, majority of 3GPP conversational services worldwide are based on AMR-NB and will embrace AMR-WB. We agree the following arguments in supporting that EVS codec should have bitstream interoperable modes with both AMR-NB and AMR-WB.
AMR-WB bitstream interoperability for wideband signal

During the course of EVS SWG discussion, there have been strong industry needs in AMR-WB with bitstream interoperability in EVS. We support the below argument.
“The desirable optimization of AMR-WB with a requirement of a full bitstream interoperability (without additional layers) can be easily deployed since they would essentially only affect the UE’s and would provide an improved service for both CS and PS.” [1]
AMR-NB bitstream interoperability for narrowband signal

Since standardization of AMR-NB in 1999, AMR-NB codec has an important role in mobile communication. The recent developments in speech coding techniques made it possible to significantly improve the quality and speech coding performance of AMR-NB.
During the course of EVS SWG discussion, there has been discussion on quality enhancement of AMR-NB and narrowband codecs during the EVS SWG discussions [2,3] 

When connecting from EVS UE to a legacy UE that only supports AMR-NB, having optimized AMR-NB in EVS is beneficial since transcoding quality degradation can be minimized by using the bitstream interoperable optimized AMR-NB in EVS.

As proposed in the new optimization and enhancement of AMR-WB, it is possible to improve the quality of existing AMR-WB using the same bitstream. Likewise, the quality of bitstream interoperable AMR-NB can be improved.

Release 10 impact
If we include the newly optimized AMR-NB and AMR-WB in MTSI, the transcoding quality degradation of conversational service connection between pre-Rel-10 and Rel-10 UEs can be minimized.

4. 
SWB quality enhancement for mixed content and music

We believe that quality of EVS in SWB should be better than that of other standardized SWB codecs. There is a newly standardized SWB codec, G.718, in ITU-T. While we have been working on improvement of SWB, we found that there could be good enhancement in SWB signal.
The enhanced SWB in EVS is supposed to provide a better quality in mixed content and music, which also can support rapid evolution and growth of network system with a longer lifespan. As more mixed content and music will be delivered through conversational connections, having better SWB quality for mixed content and music in EVS is crucial.

It is proposed to modify the text in the TR according to
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5. 
Conclusion
According to the reasons discussed in the previous sections, we propose the attached proposal for the TR 22.813. The source would like to propose for agreement on the enclosed update of the new draft TR 22.813.
Note that the proposed texts are related to, but not restricted to, the issues discussed in this contribution.
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 Voice quality


For narrowband signals: the EVS codec shall offer significant improvements in trade-offs among capacity, delay, error robustness and speech quality over state-of-the-art 3GPP narrowband codec.





Quality for mixed content and music


For narrowband signals: the quality shall be significantly improved with respect to state-of-the-art 3GPP narrowband codec at equivalent operating points.





For wideband signals: the quality shall be significantly improved with respect to state-of-the-art 3GPP wideband codec at equivalent operating points.





For super-wideband signals: the quality shall be significantly better than state-of-the-art 3GPP wideband codec with wideband input and be better than state-of-the-art conversational super-wideband codecs at equivalent operating points.








Audio bandwidth


It is recommended that the EVS codec


have mandatory support of high-quality and high-efficiency operation of NB, WB, and SWB audio;


may support FB audio. 











PAGE  
2(3)


