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1.  Summary
This contribution make our new proposition of high level technical requirements on voice codecs for the TR 22.813, Study of Use Cases and Requirements for Enhanced Voice Codecs for the Evolved Packet System (EPS), (Release 9).

The section of the high level technical requirements consists of a couple of sub-sections, Design constraints and Performance requirements. This contribution focuses on Performance requirements. However, it also discusses Bit rates, which is a part of Design constraints, because bit-rate is highly related with performance requirements and has not been agreed yet.
Furthermore, since the WB audio should be supported as a part of the EVS codec audio bandwidth, this contribution presents some possible conditions in which the performance of AMR-WB still has a room to be improved. 

Finally, some elaboration of the Transcoding performance is proposed, and high level texts for the remaining sections 7 and 8 are also provided.

2. Possible area of WB performance improvement

Some subjective test results are available for identifying possible conditions in which the performance of AMR-WB still has a room to be improved. Tables 1 to 8 are extracts from the G.718 characterization [1], [2]. From these tables, it can be seen that performance of G.718 codec is better than that of AMR-WB at each similar bit-rate in several conditions, which include clean speech (error-free, self tandeming, and frame erasure), speech with background music, and music conditions. The similar results and conclusions for clean speech conditions (including frame erasure conditions) are able to be found in the past SA4 document of [3].

As is mentioned in the Introduction of TR 22.813, enhanced voice and mixed music/speech content quality are the main features of the enhanced voice service for the EPS. Therefore the EVS codec performance for WB signals in those conditions should be better than that of existing 3GPP WB codec. Although the main scope of the EVS is in SWB audio, improvement of WB audio should be mandatory if the EVS support WB audio. Thus such performance requirements should be defined. Those are reflected in the proposed update for the TR 22.813.
Regarding error robustness, there were some discussion about over-robustness, and it was mentioned that the robustness is unnecessary for EVS codec in most of cases. But this is not always the case at the cell edge. Robustness can contribute to increasing cell-edge user throughput since the number of re-transmission time can be reduced. Therefore increasing error robustness should not be excluded from the requirements for the EVS codec, although its importance may be different from other requirement factors. This is also reflected in the proposed update for the TR 22.813.
Tandeming performance could be another important aspect of the codec performance. However, it is not highlighted and discussed in detail in this document. Further evaluation would be necessary for further discussion. Tandeming is a fallback solution of transcoding. It usually requires substantial quality degradation as well as additional processing delay caused by decoding and encoding. Therefore we propose to elaborate the text for the requirement of transcoding so that simple tandeming is not the case where we discuss here.
Table-1: Test Results from [1] (exp2a, clean speech conditions)

	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	MOS all
	STD all
	MOS all
	STD all
	(MOS all)

	Clean speech
 (-26dBov)
	4.063 (8.85kbit/s)
	0.763

	4.349
(8kbit/s)
	0.722

	0.286


	Clean speech
 (-26dBov)
	4.292 (12.65kbit/s)
	0.685

	4.427
(12kbit/s)
	0.667

	0.135


	Clean speech
 (-16dBov)
	4.000 (8.85kbit/s)
	0.779

	4.344
(8kbit/s)
	0.714

	0.344


	Clean speech
 (-36dBov)
	3.719 (8.85kbit/s)
	0.883

	4.391
(8kbit/s)
	0.693

	0.672


	Clean speech
(-26dBov)
	4.063 (8.85kbit/s)
	0.763

	4.354
(LD, 8kbit/s)
	0.716

	0.291



Table-2: Test results from [1] (exp2a, frame erasure conditions)

	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	MOS all
	STD all
	MOS all
	STD all
	(MOS all)

	Clean speech
 (3%FER)
	3.599 (8.85kbit/s)
	0.966

	4.031
(8kbit/s)
	0.765

	0.432


	Clean speech
 (3%FER)
	3.599 (8.85kbit/s)
	0.966

	4.094
(LD 8kbit/s)
	0.787

	0.495




Table-3: Test result from [1] (exp2b, clean speech condition)
	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	MOS all
	STD all
	MOS all
	STD all
	(MOS all)

	Clean speech
 (-26dBov)
	3.953 (23.85kbit/s)
	0.704

	4.542
(24kbit/s)
	0.595

	0.589




Table-4: Test results from [1] (exp4a, interfering talker conditions)
	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	DMOS all
	STD all
	DMOS all
	STD all
	(DMOS all)

	15dB interfering tlkr.
	3.729 (8.85kbit/s)
	0.786

	4.109
(8kbit/s)
	0.840

	0.380



	15dB interfering tlkr.
	4.380
(23.85kbit/s)
	0.691

	4.677
(24kbit/s)
	0.588

	0.297




Table-5: Test results from [1] (exp4b, background music conditions)

	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	DMOS all
	STD all
	DMOS all
	STD all
	(DMOS all)

	25dB BGM
	3.167 (8.85kbit/s)
	0.929

	3.495
(8kbit/s)
	1.083

	0.328


	25dB BGM
	4.234
(23.85kbit/s)
	0.732

	4.594
(24kbit/s)
	0.562

	0.360


	25dB BGM
	4.234
(23.85kbit/s)
	0.732

	4.646
(INT 24kbit/s)
	0.560

	0.412




Table-6: Test results from [2] (exp1b, clean speech conditions)

	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	MOS all
	STD all
	MOS all
	STD all
	(MOS all)

	Clean speech (-26dBov)
	4.07 (8.85kbit/s)
	0.84

	4.38
(8kbit/s)
	0.70

	0.31



	Clean speech (self tandem)
	3.60
(8.85kbit/s)
	0.90

	4.15
(8kbit/s)
	0.81

	0.55



	Clean speech (selftandem)
	4.18
(12.65kbit/s)
	0.77

	4.36
(12kbit/s)
	0.70

	0.18




Table-7: Test results from [2] (exp1b, frame erasure conditions)
	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	MOS all
	STD all
	MOS all
	STD all
	(MOS all)

	Clean speech (3% random)
	3.28 (12.65kbit/s)

	1.03


	3.93
(Enc. AMR-WB 12.65kbit/s)
	0.83


	0.65



	Clean speech (3% bursty)
	3.37
(12.65kbit/s)

	0.94


	3.91
(Enc. AMR-WB 12.65kbit/s)
	0.89


	0.54



Table-8: Test results from [2] (exp2, music)

	
	AMR-WB
	G.718
	(G.718 – AMR-WB)

	
	MOS all
	STD all
	MOS all
	STD all
	(MOS all)

	Music

	3.76 (23.85kbit/s)
	0.90

	3.96
(24kbit/s)
	0.93

	0.20


	Music

	3.76 (23.85kbit/s)
	0.90

	4.04
(INT 24kbit/s)
	0.83

	0.28




3. Proposed update of TR 22.813
The following text is proposed for discussion and agreement. Newly proposed texts are colored in BRUE.
>>================================================<< 
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. 

6.1 Design constraints

6.1.1 Audio bandwidth

It is recommended that the EVS codec may support FB audio.
Note: FB audio is typically provides an audio bandwidth up to 20000 Hz

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.

6.1.2 Number of audio channels

Stereo or multi channel presentation is one way to realize significantly improved QoE. The codec may provide stereo/multi-channel coding capability. The choice of whether using dedicated stereo/multi-channel coding or multiple monophonic codings depends on a trade-off between available bit rates, available delay, complexity and other implementation factors.
When the stereo/multi-channel coding capability is provided, it is necessary to specify how stereo or multi-channel capture/presentations could be achieved in mobile communications. [This texts is basically a copy of Editor’s note]

6.1.3 Bitrate

In order to exceed the transmission efficiency of the pre-Rel-9 3GPP wideband voice service, bit rates should not exceed the similar rage of those provided by AMR-WB in relation to the wideband voice service. Improved efficiency can be obtained through;
· achieving significant better voice quality at the same/similar bit rates, or

· achieving the same voice quality at lower bit rates.

6.1.4 Algorithmic delay
The codec delay requirement for the EVS codec is recommended to be flexible within certain limits, allowing for overall optimizations of the system performance and considering that there is a trade-off between delay consumed by the speech codec and delay consumed by the PS transmission via the LTE air interface.
6.1.5 Complexity

The EVS Codec should be implementable on a mobile device using today’s technology. The EVS codec may support complexity scalability. The EVS codec should provide low computational complexity not significantly exceeding the design limits set during the AMR-WB codec standardization, and should have low memory usage. Increased computational complexity and memory usage should be commensurate with the gain in quality of user experience.
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 shall be preferred.
Interoperability can be achieved through

· the use or negotiation of existing 3GPP codecs previously defined for voice services, or

· bitstream interoperability with one or more of these codecs when a new codec is defined.

6.2 Performance requirements
6.2.1 Voice quality

For wideband input signals, performance shall be;

· the same with that of AMR-WB at lower bit-rates, or

· better than that of AMR-WB at the same/similar bit-rates.

The input signals cover clean speech signals at various input levels, speech with various background noises at various noise levels, music signals and mixed contents. It should be noted that performance of AMR-WB for some conditions (e.g. mixed content, packet loss, etc.) still has some room to be improved.

For super-wideband input signals, performance should not be worse than that of existing super-wideband codec for conversational applications at the same/similar bit-rates.
6.2.2 Quality for mixed content and music

For wideband input signals, performance shall be better than that of AMR-WB at the same/similar bit-rates.

For super-wideband input signals, performance should not be worse than that of existing super-wideband codec for conversational applications at the same/similar bit-rates.
6.2.3 Robustness to packet loss and delay jitter

In order to increase throughput, robustness to packet loss is important at the cell edge. Higher robustness than that of the pre-Rel-9 3GPP voice codecs should be recommended to be achieved.
6.3 Transcoding performance

In the case where transcoding is inevitable, it is preferable that the EVS codec has a capability of transcoding EVS codec-encoded data to another existing 3GPP codec-encoded data without using tandem connection of the two codecs for keeping the quality degradation and the additional delay as low as possible.
7. Assessment of existing codecs

For wideband signals, better performance (either improved quality at the same/similar bit-rates or the same/similar quality at lower bit-rates) than that of AMR-WB should be recommended. There is no 3GPP codec which meets this requirement.

For super-wideband signals, no 3GPP codec supports super-wideband signals.

Consequently, the existing narrowband and wideband 3GPP codecs cannot meet the requirements summarized in Section 6.

8. Strategy for EPS’s codec(s) standardization

This TR summarizes and analyzes high-level requirements for EPS’s voice codec(s). As the result, it has been emerged that existing pre-Rel-9 3GPP codecs cannot meet the all requirements. Specifically, higher compression rates or better performance for wideband signals than those of AMR-WB, and capability to support super-wideband signals with the performance comparable to existing conversational super-wideband voice codecs.
>>================================================<<
4. Concluding summary
This contribution presented our new proposed text for the TR 22.813.

The complete text of updated TR 22.813 is attached. The proposed updates are highlighted in a green marker.
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