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1.  Introduction

The source has submitted “Proposal on requirements for enhanced voice codecs for the Evolved Packet System (EPS)” at the SA4 meetings, #51 (S4-080608) and #52 (S4-090025). In those meetings, much time has been spent for the discussion of Audio bandwidth and Backward interoperability, and there was almost no discussion about other sections. This contribution is update of our previous proposal for clarifying what has been our proposal. The update is based on our companion contribution, which proposes a bit-stream interoperability requirement.  
2. Proposal

Based on our companion proposal in S4-090224, our last proposed text in S4-090025 is updated as follows. Only the sections of the bit-rate and backward interoperability are modified. The other parts are kept as they are in the previous proposal, S4-090025. Our proposed modifications, which are different from the latest TR text [1], are highlighted with underlines.
>>================================================<< 
6. High level technical requirements on voice codecs
This section gives the high level technical requirements for EPS’s codec(s) derived from the system and service requirements defined in section 5. Enhancement of WB quality would be the target of the codec(s). Improved music quality or error robustness, increased signal bandwidth or number of channels, by extending pre-Rel-9 3GPP WB codec would be the main requirements.
Editor's note: In the below, high-level technical requirement topics are listed. This list is not exclusive.

[Editor's note: this work will be done by TSG SA4 experts]
6.1 Design constraints

6.1.1 Audio bandwidth

It is recommended that the EVS codec have mandatory support of SWB audio.
Note: SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz.

It is recommended that the EVS codec should support WB audio.
Note: WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz.
[Editor's note: this constraint will be updated based on new technical input]
6.1.2 Number of audio channels

Stereo or multi channel presentation is one way to realize significantly improved QoE.

[Editor's note: further input is required in order to specify how stereo or multi-channel capture/presentations could be achieved in mobile communications. ]
6.1.3 Bitrate

Several bitrates should be supported by embedded variable bitrate coding scheme. A major bit-rate or an important set of bit-rates of the existing 3GPP codec should be supported. Since wideband speech communication is prioritized in the 4G system, AMR-WB at the bit-rate of 12.65 kbit/s should be the bit-rate or one of the set of the bit-rates.
6.1.4 Algorithmic delay
TBC.

6.1.5 Complexity

TBC. It should be implementable with limited computational resources.

6.1.6 Backward interoperability

In order to reduce the need for transcoding as much as possible the capability to interoperate with existing 3GPP codecs should be preferred. Interoperability should be achieved through bit-stream interoperability with one or more of these codecs when a new codec is defined. By taking this approach, it would be possible to avoid increasing the number of mandatory codecs if the related technical specifications, such as TS 26.114 [2] and TS 26.235 [3], are revised for that purpose. Since wideband speech communication is prioritized in the 4G system, bit-stream interoperability with AMR-WB should be preferable.
6.2 Performance requirements
6.2.1 Voice quality

[ note: this will cover

· clean

· various input levels

· various frame erasure patterns and frame erasure rates

· background noise

· various frame erasure patterns and frame erasure rates
]

6.2.2 Quality for mixed content and music

Improved audio quality performance for mixed contents (e.g. speech+music) is desirable. Improved audio quality compared to the existing voice codec of pre-rel-9 3GPP systems is desirable for the wideband service.
6.2.3 Robustness to packet loss and delay jitter

This subsection might be merged into subsections 6.2.1 (and 6.2.2 if necessary).

6.3 Transcoding performance

The quality degradation due to transcoding and the additional delay implied by it should be as limited as possible whenever transcoding cannot be avoided.
Editor’s note: The above sentence to be elaborated subject to input to SA4#51.

Transcoding quality should be better than for existing 3GPP codecs. Possible transcoding configurations are self-tandemings and tandemings with existing 3GPP codecs.

Editor’s note: Transcoding can be avoided through negotiating the use of existing 3GPP codecs previously defined for voice services.

>>================================================<<
3. Concluding summary
This contribution presented our updated proposed text for the TR 22.813.
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