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1 Introduction

This document highlights selected issues pertaining to EVS performance requirements.  It identifies what we believe to be critical goals that should be met by the EVS codec in order to provide an industry leading codec, as well as a codec that will suit the needs of 3GPP operators.

2 Narrowband Speech
AMR bit rates span a reasonable range for narrowband speech transmission.  However, due to nearly 15 years of advances in codec technology, several improvements are possible.  As established in TR-22.813, for narrowband signals the EVS codec shall offer improved trade-offs in capacity, delay, error robustness, and speech quality compared to AMR.  These improved trade-offs should be achieved in a manner that is consistent with industry needs and the predominant strengths and shortcomings of AMR.

The commonly used low rate modes of AMR find use on many networks today, particular those networks facing capacity limitations.  However, the quality of these modes, even under clean conditions, is considerably degraded compared to higher rate modes of AMR.  Therefore, providing a more graceful degradation in quality as bit rate decreases is one clear trade-off that can be improved in the EVS codec.  Specifically, under clean conditions the quality of the EVS codec at ~6kbit/s should be significantly better than AMR5.9.
At higher bit rates of AMR (e.g., 12.2 kbit/s), the quality under clean (lossless) conditions is generally already quite good for narrowband voice.  Therefore, the trade-off that can be most improved at these bit rates is the quality under FER conditions.  For LTE and other packet-switched networks, multiple consecutive losses in particular can adversely affect the quality of AMR.  Thus, the quality and error resiliency offered by AMR12.2 should be achieved near 8kb/s, and EVS at ~12kb/s under FER conditions should be better than AMR12.2 under similar conditions.
With these improvements to existing 3GPP narrowband voice service, we believe quality needs for narrowband voice can be satisfied by a maximum rate of ~12kbit/s.

3 Wideband Speech
For wideband speech, the low rate modes of AMR-WB – those below 12.65kb/s – are not intended for sustained long-term use.  Rather, due to their lower quality, they are best reserved for short term use under poor radio conditions.  Thus again, a substantial improvement in clean quality should be achieved at these lower rates.  In particular, the new WB modes of the EVS codec under clean conditions should provide 8kb/s operation with quality comparable to AMR-WB at 12.65kb/s.
Meanwhile the quality of AMR-WB at 12.65kb/s under clean conditions is already quite good.  Therefore, like with NB, the largest opportunity at these rates is to improve robustness to PS type losses.  Therefore, the new WB modes of EVS should provide 12kb/s operation under FER with quality that improves upon AMR-12.65kb/s quality under similar loss conditions.

4 Super Wideband Speech

Looking at the history of voice codecs in 3GPP, it is clear that an operating point near 12kbit/s (source rate) is somehow optimal.  EFR, standardized in 1995, provided narrow band (NB) at 12.2kbit/s.  This hugely successful codec is still very prevalent today and lives on as the most widely used mode of AMR (AMR12.2, standardized in 1998).  In 2001AMR-WB was standardized with a 12.65kbit/s operating mode that is optimized for high quality wide band voice at the same rate at EFR despite roughly doubling the audio bandwidth of AMR.  AMR-WB’s 12.65kbit/s mode is likely to be the most common operating mode when AMR-WB reaches widespread use.

Currently, SA4 is engaged in developing the EVS codec, which will be standardized no earlier than 2011 – a full decade after AMR-WB.  With the advance of time, so too advances technology, and we believe that 3GPP should continue the precedent of a high quality 12kbit/s mode with yet another doubling of audio bandwidth.  As with AMR-WB and AMR before it, we further believe that the 12kbps operating point of EVS’s SWB mode will likely be the “nominal” operating point as it provides a capacity operating point that is similar to EFR, AMR@12.2kb/s, and AMR-WB@12.65kb/s.  Not only do we believe that this “magic” bit rate will speed deployment compared to higher bit rates, but competing codecs from outside 3GPP are likely to provide high quality SWB at these bitrates.  Therefore, the 12kb/s SWB mode of EVS should be intended for normal extended conversational use.

Certainly, this means that EVS SWB at 12kb/s should have better quality than AMR-WB12.65.  However, we prefer to identify an industry standard SWB codec as a reference to avoid the pitfalls and uncertainties of trying to compare codecs at different bandwidths.  We originally proposed AMR-WB+ at 12kb/s as a suitable reference, but concerns were raised regarding it not being a conversational codec and the possibility of bandwidth differences.  Therefore, we propose that the new G.718-SWB standard codec from ITU-T provides a suitable quality reference at its lowest SWB operating point of 28kb/s (L4 + plus the first SWB layer).

Since we fully expect the 12kb/s mode to be the predominant operating point for SWB on 3GPP networks, the costs of memory, complexity, implementation, and testing associated with higher bit rates are only warranted if they result in statistically measurable quality gain.  Therefore, we propose that higher rates of SWB (above ~12kbps) should be required to be better than all operating rates below.

Furthermore, meeting the quality of an existing standard codec at the same bit rates only serves to proves that the existing codec is sufficient.  This is particularly true of a codec such as G.722.1C, which has low complexity and a delay which, although on the high side, is not clearly unacceptable.  If the only goal for EVS SWB is to be no worse than such an existing codec, then the prospects for 3GPP of developing an industry leading codec are poor.  EVS should offer operating points that exceed the performance of existing codecs. 
5 Mixed Content and Music

For the same reasons as highlighted in the previous section, EVS should provide mixed content and music quality exceeding the performance of existing codecs, both in terms of quality and efficiency.  In the case of NB, improvements can be made both to efficiency and quality.  Therefore, EVS at 8kb/s should provide mixed content and music with quality better than AMR at 12.2kb/s.  For WB, EVS should likewise offer better quality than existing codecs at similar bit rates or equivalent quality at lower bit rates.  Thus, we propose the following for WB mixed content and music:

	EVS 12kbit/s
	BT AMR-WB 12.65kbit/s

	EVS 24kbit/s
	NWT G.718 32kbit/s


For SWB, EVS should likewise exceed the performance of existing codecs.  Thus, we propose the following for SWB mixed content and music.

	EVS 24kbit/s
	NWT G.722.1C 32kbit/s

	EVS 32kbit/s
	NWT G.722.1C 48kbit/s


As with speech, we believe that higher bit rates of EVS, if necessary, need to be justified by statistically measurable improvement in quality over lower bit rates.

Furthermore, since in-band music and mixed content will be subject to the same delay constraints and the same networks as speech, it should also be tested under FER and jitter conditions.  In each case, the same principles apply.  Namely, EVS should provide better quality than existing codecs at similar bit rates or equivalent quality at lower bit rates.
6 Conclusion
Selected critical performance requirements for the EVS codec have been identified in terms of the opportunities to improve upon both existing 3GPP codecs as will as other standardized codecs.  We propose that these goals  should be adopted in and represented in the performance requirements for EVS. 
