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Introduction
At the last SA4#59 meeting in Prague, EVS design constraints has been discussed and version 0.0.2 has been issued. However, there are still lot of issues, e.g., bit rates, complexity, algorithmic delay remain open for approval. 

This document provides further information and proposals on parameters of EVS design constraints which are still open in the current draft. This document is based on our expectations for EVS proposed in Tdoc S4-100344[1]. Below is the summary of our expectations.
In this respect, the source of this document highly expects the followings: 

1. EVS codec should provide high quality for both voice and non-voice (music) signals, combined or alone. Given the potential future usage of telephony system, quality of non-voice signals must not be compromised.

2. EVS codec should be adapted to LTE/LTE-Advanced characteristics (very low latency and high error robustness) so as to truly exploit the advantage of LTE and facilitates deployment/rollout of potential speech/audio services over LTE and beyond
3. EVS codec should be future-proof; it should not be easily replaced or challenged in near future. Multiple (mandatory) speech/audio codecs should be avoided as much as possible

4. Bitrate range and computation complexity should be kept comparable with existing codecs
Design Constraints
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Audio Bandwidth
	The encoder shall operate with NB, WB, SWB input signals. The codec shall support sampling frequencies of 8, 16, 32 kHz.

The encoder may operate with FB input signals, in which case the codec shall support 48kHz sampling frequency. 


	6.1.1.
	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. 
Note: NB audio is typically sampled at 8 kHz with an audio bandwidth of 100 – 3500 Hz. WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz. SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz. FB audio typically provides an audio bandwidth up to 20000 Hz.



	Number of audio channels
	The EVS codec shall support mono coding with one channel input and one channel output.

The EVS codec may support stereo coding with two channels input and two channels output.

[If stereo is supported the EVS codec shall support stereo at all bandwidths above and including WB

If stereo capability is provided the decoder shall offer the possibility to render a downmixed mono signal from the received stereo bitstream]

	6.1.2
	Stereo or multi-channel presentation is one way to realize significantly improved QoE. The codec may provide stereo/ multi-channel coding capability. Multiple monophonic coding, i.e. one monophonic coding per channel, can be realized by appropriate packetization techniques while stereo/multi-channel coding, i.e. joint coding of the channels, is part of the audio coder algorithm. The choice of whether using dedicated stereo/multi-channel coding or multiple monophonic codings depends on a trade-off between achievable quality, available bit rates, available delay, complexity and other implementation factors.
If 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.

	Bit Rates
	Codec shall be capable to operate at 12.2 kbit/s and 24.4 kbit/s.

NOTES: 

The number of bitrate operating modes of EVS codec should be kept minimum because this reduces implementation and very costly testing efforts. Keep capacity as same as widely adopted AMR 12.2 kbit/s, and the bitrate shall be matched to it.  Multiples of 12.2 is preferred, for higher bitrate modes.
	6.1.3
	The codec shall span a large range of bit rates from low rates needed for high efficiency conversational speech services to high rates required for EVS with high quality operation. It is recommended that the offered span of bit rates shall be wide enough to allow for rate adaptation in response to available transmission resource.

	Algorithmic Delay
	Codec algorithmic delay shall not exceed 50 ms.

NOTE:

The algorithmic delay shall be constrained by total end-to-end delay allowed for conversational services in the EPS.
	6.1.4
	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. 
The delay requirements should be the same regardless of the nature of the input content (e.g. speech, music and mixed content).
The algorithmic delay of the EVS codec should be such that the overall end-to-end delay in an EVS-UE to EVS-UE connection meets or exceeds the preferred performance expectations in 3GPP TS 22.105. According to 3GPP TS 22.105 v9.0.0, conversational voice one way delay is <150 ms preferred and <400 ms limit where it is noted that the one way delay in the mobile network (from UE to PLMN border) is approximately 100 ms. 

In addition it is recommended to consult the relevant 3GPP working groups (SA1, SA2, RAN, CT) in order to get a technically relevant breakdown of the various possible delay contributing elements of the end-to-end EVS-UE to EVS-UE transmission chain, which in turn enables specifying the allowable limits for the algorithmic delay of the EVS codec.



	Complexity
	Codec complexity for SWB should not exceed 80 WMOPS.
Codec complexity at NB and WB modes should be lower than SWB.
	6.1.5
	The EVS Codec should be implementable on a mobile device using today’s technology. 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 (e.g. higher audio bandwidth such as SWB or stereo if it is supported) or with increased efficiency (e.g. lower bit rate for same quality when compared to a reference codec).



	Packet Loss Concealment
	Codec description should provide a packet loss concealment algorithm.
NOTES:

Selection test should include the packet loss concealment algorithm. 

The packet loss pattern should be close to the real one (e.g. the pattern obtained by LTE simulations).

The PLR of the pattern should not exceed 3%.
	
	

	Jitter Buffer Management
	Codec description should provide a Jitter buffer management algorithm.
A jitter buffer management algorithm shall be designed only for the delay jitter derived from the network.

NOTES:

Selection test should include the jitter buffer management algorithm. 

The jitter buffer management algorithm should not be mandatory, but a reference code should be provided.

The jitter buffer size shall be constrained by identifying all possible delay elements in the EPS.
	
	

	Noise Reduction
	Codec description may provide a noise reduction algorithm when coding a speech signal at NB mode with a low bitrate.

Use of noise reduction algorithms for WB and SWB modes should be avoided.
	
	

	Backward Interoperability
	Support for all AMR-WB codec formats used in 3GPP conversational speech telephony services, including CS, shall be provided.
	6.1.6
	

	Frame length
	The codec shall operate with a frame size of 20 ms.
	
	The frame size shall be matched to that of AMR and AMR-WB.


Bit Rates
From the mobile operator’s point of view, operating bit rate is one of the most important parameters of codecs, because it affects both capacity and coverage. As in Tdoc S4-100463 from Ericsson [2], RAN groups define the set of Transport Block Sizes suitable for transmission of AMR and AMR-WB bitstream over LTE. Capacity of VoIP over LTE has been studied in RAN group assuming these TB sizes. Specifically, many proposals on bit rates for EVS includes the bit rate around 12 kbps which maintains capacity and coverage same as those of AMR or AMR-WB, while providing enhanced experience to the users. For other bit rates, it is proposed to be defined based on TB sizes. 
Regarding EVS design constraints on bit rates, we propose:
· 12.2 kbps or 12.65 kbps (Both use the same TB size)

· For bit rates below 12 kbps, minimal number of bit rate points shall be selected from the bit rates having corresponding TB size determined for VoIP. These TB sizes are 176, 208, 224 and 256, corresponding to 4.75, 6.6, 7.4 and 8.85 kbps, respectively.
· For bit rates above 12 kbps, minimal number of bit rate points shall be determined according to the Transport Block Sizes, including 24.4 kbps.
Complexity

In the design constraints of AMR-WB, established ten years ago, it is defined that complexity figure be 2.4 times that of AMR-NB, i.e., 40 WMOPS. It seems reasonable to the complexity as 2 times that of AMR-WB, i.e., 80WMOPS. Additionally, the state-of-the-art SWB speech codec, e.g., G.718 SWB, requires comparable complexity. Generally speaking, codec processing for AMR typically consumes only 1 % of the terminal power consumption. 
The sources consider that lower complexity is preferred but strict constraint on complexity prevents high quality coding on SWB signals for both voice and non-voice (music), and thus wondering a future-proof EVS codec. Therefore, the sources propose 80 WMOPS for EVS codec in monaural setup. 
Delay

As described in Tdoc S4-100433[3], the sources consider the algorithmic delay shall be constrained by total end-to-end delay allowed for conversational services in the EPS. 
The benefit of allowing algorithmic delay is performance improvement, especially for lower bit rate modes. The state-of-the-art SWB speech codec, e.g., ITU-T G.718 Annex B, requires comparable algorithmic delay.
It is desirable and important for success of EVS codec to have high quality SWB coding at 12.2 kbps for both voice and non-voice signal. There is no need to set the constraint of algorithmic delay similar to that of current speech codec, i.e., AMR or AMR-WB, which will also be used in parallel to the EVS codec. The sources propose an algorithmic delay of 50 ms for the constraint. 
Conclusion
This document proposes on bit rates, complexity and algorithmic delay of EVS codec design constraints. For the success of EVS codec standardization, the sources believe that the design constraints shall reflect the proposals in this document for approval of SA4.
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