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1. Introduction

This contribution is a companion document of S4-100470. It repeats the design constraints proposed in [1], using the template format defined for the EVS-4 Permanent Document [2] Some clarifications and further proposals are also provided.

2. Proposed EVS Design Constraints
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Audio Bandwidth
	Narrowband (NB) operation: 8 kHz sampling frequency, 100 – 4000 Hz audio bandwidth
Wideband (WB) operation: 16 kHz sampling frequency, 50 – 8000 Hz audio bandwidth

NOTE: Limitation of upper limit to 7000 Hz is used in AMR-WB. However, TS 26.131 (Clause 6.4) allows wideband terminals to extend audio bandwidth up to 8000 Hz. An upper limit of 8000 Hz may facilitate the extension to SWB.
Super-wideband (SWB) operation:  32 kHz sampling frequency, 50 – 16000 Hz audio bandwidth
NOTE: Limitation of upper limit to 14000 Hz is assumed in existing SWB codecs (eg. ITU-T G.722.1C). The terminal characteristics of superwideband terminals may allow to extend the audio bandwidth to 16000 Hz.
If supported, fullband (FB) operation:  48 kHz sampling frequency, 20 – 20000 Hz audio bandwidth


	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
	Mono: 1 channel
Stereo: 2 channels
	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
Mono

Stereo
	NB operation: bit rates similar to AMR-NB

WB operation: From (near) 6 kbit/s to 64 kbit/s (transparency rate) including AMR-WB bitstream interoperable modes

SWB operation: From (near) 12 kbit/s  to 128 kbit/s (transparency rate)
If FB is supported, FB operation: From (near) 24 kbit/s to 128 kbit/s (transparency rate)
NOTES:

- Desirably, transparency would be achieved at lower bit rates than proposed above.

- Granularity (steps in bit rates) shall allow flexible and efficient allocation of transport resources in 3GPP networks

- Capacity simulations may clarify which rates to select in NB operation

- Maximum bit rates could go up to 128 kbit/s to maximize overall codec quality and performance
- Inclusion of some modes maximizing overall quality performance (intrinsic quality, delay, error robustness, etc) at cost of higher bit rates
tbd
	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
	Two delay modes, including:

- one low delay mode comparable with AMR-WB delay (essentially not exceeding for WB operation)
- one mode suitable for higher quality (( 40 ms)
NOTE: 

LS to SA1, SA2, RAN, CT recommended
	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
	Complexity comparable with AMR-WB (or lower) with some margin for quality enhancement and compression efficiency

NOTE: The set of basic operators is to be defined. 

	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).



	Backward Interoperability
	AMR-WB interoperable operation: all AMR-WB modes shall be provided
	6.1.6
	

	VAD/DTX/CNG

	Supported by EVS codec
	
	

	Redundancy transmission

NOTE: both partial and full redundancy (parameter or packet level)
	Supported by EVS codec
	
	

	Jitter buffer management
	EVS codec shall allow the use of advanced jitter buffer management 
	
	

	Frame length
	Frame length of 20ms shall be supported

NOTES:
· 20 ms is justified by AMR-WB interoperability and interoperation with AMR/AMR-WB
· Interest of supporting other frames length (submultiples or multiples of 20 ms) could be discussed
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