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1. Introduction

Guidelines for the normative phase of the EVS codec standardization are given by:

· The WID on Codec for Enhanced Voice Services (EVS) [1] defining the objectives that shall be met by the EVS codec
· High-level design constraints and performance requirements set in TR 22.813 [2].

The objective of this contribution is to discuss general aspects of EVS codec standardization and to extend the current framework given by the WID and TR 22.813. First, general requirements for the normative phase of EVS are considered in Section 2. Then, based on these requirements, a step towards detailed design constraints and performance requirements is proposed in Sections 3 and 4, respectively. Finally, the availability of EPS error patterns, which is a key precondition for realistic testing, is addressed in Section 5.
2. Views on EVS codec
General aspects

The Evolved Packet System (EPS) is an evolution of the 3GPP architecture to a higher-data-rate, lower-latency packet-optimized system that supports various radio-access technologies [2]. With the EPS, the mobile business is likely to evolve in a way similar to its fixed broadband counterpart. In this context, the EVS codec is foreseen to support the evolution from mobile voice services over CS to mobile VoIP services.

One way to keep value in voice services (MTSI) is to provide a higher sound quality than the existing reference (narrowband and wideband mono). Consequently the EVS codec should be able to provide high voice/audio quality, which comprises several aspects: 
· Wider acoustic bandwidth and multiple audio channels (already covered in TR 22.813)

· It is important to provide sufficiently high bit rates to maximize quality and overall codec performance (low delay, robustness…). Low delay is very important in some applications (e.g. conferencing with MCUs involving codec tandeming).
· Music and mixed content are an increasing part of conversational multimedia services (e.g. ringback tones or music on hold) and customers experiencing high quality are very sensitive to music and mixed content quality. EVS must provide high quality not only for voice but also for music and mixed content. High voice quality with non sufficient music quality is not acceptable for the EVS codec. In particular the quality should scale up to transparency and stereo should be supported.

Bit rates in access and core networks are increasing with strong increase of mobile internet and video traffic. The impact on overall capacity of reduction of audio bit rate is decreasing and becoming even marginal in many cases. Low bit rate constraints that would endanger quality improvement goals must consequently be avoided which does not exclude additional reduced fall back bit rates for optimized capacity. For efficiency it is natural to require that bit rates of EVS cover a range similar to the existing codecs (AMR and AMR-WB); for narrowband operation, inputs on the actual trade-offs between bit rates and capacity in EPS would be beneficial to be able to clarify fundamental issues such as bit rates in the EVS standardization.
Network adaptation
Mobile terminals operate on several types of access networks with various QoS (e.g. 3G and Wifi). In EPS, one important access will be LTE and it should be ensured that the EVS codec will allow optimal operation on LTE. It was noted during the EVS study phase that LTE capacity is affected not only by bit rates, but also by delay. This is reflected in the requirements set in Section 6.1.4 of TR 22.813:

"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. "

We propose to define at least two delay modes for the EVS codec: one mode with delay comparable to AMR/AMR-WB and another more relaxed mode.

Besides, it is important that the EVS codec works for all types of conversational services over networks with various QoS. 

To ensure overall codec performance, it is proposed that the EVS codec supports efficient packet loss concealment (PLC), use of redundancy between frames/packets (FEC) and allows the use of advanced jitter buffer management (JBM). Moreover, very efficient voice/sound activity detection and discontinuous transmission (VAD/DTX) shall be provided.
The packet loss resilience of EVS with packet loss rate should be evaluated with realistic error patterns / QoS profiles (see also Section 5 of the present contribution).  
AMR-WB bitstream interoperability

At the time EVS deployment will start, WB voice quality with AMR-WB will represent the best voice quality in 3GPP networks and will be widely experienced with important legacy environment. Enhanced quality in transcoding/tandeming (usage in MCUs) and for music/mixed contents should be targeted for all communication configurations:

· E-AMR-WB encoder ( E-AMR-WB decoder
· Legacy AMR-WB encoder ( E-AMR-WB decoder
· E-AMR-WB encoder ( Legacy AMR-WB decoder

The objective is to be at least "equivalent or better" than legacy AMR-WB in all conditions and "better than" for music and/or tandeming.
3. Proposed design constraints for EVS codec
The following design constraints are proposed for the EVS codec:
· Two delay modes, including one low delay mode comparable with AMR-WB delay (not exceeding for WB operation) and one mode suitable for higher quality (around 30-40 ms). 
· Bit rates (mono)

· Some operation points similar to AMR-NB should be selected for NB operation – here capacity simulations may clarify which rates to select 
· From (near) 6 kbit/s to transparency rate for WB operation (including AMR-WB bitstream interoperable modes)
· From (near) 12 kbit/s to transparency rate for SWB operation

· If FB is supported, from (near) 24 kbit/s to transparency rate for FB operation

Maximum bit rates could go up to 128 kbit/s to maximize overall codec quality and performance as proposed in Section 2
· Complexity comparable with AMR-WB (or lower) with some margin (20 WMOPS) for low bit rates and stereo. 
· Support state-of-the-art adaptive resilience mechanisms such as redundancy transmission, allow the use of advanced jitter buffer management

· Inclusion of some modes maximizing overall quality performance (intrinsic quality, delay, error robustness, etc) at cost of higher bit rates

· VAD/DTX/CNG

4. Proposed performance requirements for EVS codec
The following performance requirements are proposed for the EVS codec:
· High quality for mixed content and music (mono)
· Significantly better than AMR-WB at similar bit rates
· Up to transparency
· Interoperable mode with improved AMR-WB for music and transcoding/tandeming in MCU. At least "equivalent or better" than legacy AMR-WB in all conditions and "better than" for music and/or tandeming.
· High performance at 1%, 3%, 10% PLR

5. On EPS error patterns

We propose to liaise at this meeting to 3GPP RAN1 and RAN2 to request error patterns that will be needed for proper EVS codec testing on the EPS environment, with primary focus on LTE access.

Aspects that should be discussed at SA4 level are the scenarios and high level parameters that are anticipated to guide the request to RAN1/RAN2:

· Dynamic vs semi-persistent scheduling

· Number of retransmissions or delay budget

· Length of error patterns

· …
6. Conclusions

Proposals are made in the contribution to trigger discussions for the normative phase of EVS, especially on design constraints and performance requirements. Some points, e.g. capacity simulations, availability of error patterns, will require short-term actions as they are pre-conditions for the EVS codec development.  
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