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1. Scope

This document presents the Enhanced Voice Service (EVS) codec design constraints within 3GPP TSG SA4). The development of the EVS codec was initiated at SA4#58 in April 2010. This document is based on the high level technical requirement of TR 22.813 V10.0.0 which was approved at SA#47. Section 2 of this document describes the set of design constraints of the EVS codec.

2. EVS Design Constraints
Editors note: Text enclosed in brackets [] is not agreed.
	Parameter
	Design Constraint
	TR 22.813 V10.0.0
	note

	Sampling Frequency and Audio Bandwidth
	The encoder and decoder shall support 8, 16, 32, and 48 kHz sampling rates. 

The encoder shall support arbitrary sampling rate of the input signal from the set of supported sampling rates.
The decoder shall support arbitrary selecting the decoded signal output sampling rate from the set of supported sampling rates.

Note: Functions that are necessary only for achieving the arbitrary selection of encoder / decoder input / output sampling rate will be an informative part of the EVS standard. The delay and complexity of these functions do not count as part of the respective codec design limits. For these functions specific design limits in terms of delay and complexity apply.

The encoder shall support input signals with different input signal bandwidth (NB, WB, SWB, and optionally FB) with frequency masks to be defined in the test plan.

For a given input sampling rate, the encoder shall support selecting the audio bandwidths (NB, WB, SWB, and optionally FB)  to be encoded.

For an 8Khz input sampling rate the encoder shall support NB; for a 16 kHz input sampling rate the encoder shall support NB and WB; for a 32 kHz input sampling rate the encoder shall support NB, WB, and SWB; for an input sampling rate of 48 kHz the encoder shall support NB, WB, and SWB, in addition the encoder may support FB

[Note: The frequency response of the codec may correspond to a smaller audio bandwidth than the maximum audio bandwidth for a given input sampling rate depending on e.g. the selected bit rate. ]

	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 capability is provided the decoder shall offer the possibility to render a mono compatible signal from the received stereo bitstream
Note: The quality of the mono compatible signal shall be verified.
	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
	[The EVS candidates shall support fixed source coding at gross bit rates (EVS payload and payload header) at 7.2 kb/s, 8, 9.6, 13.2, 16.4, and 24.4 kb/s.
The net source coding bit rate shall be derived from the above gross rates by subtracting multiples of 0.4 kb/s to account for the RTP payload header.
Editor’s note: The above text is agreed under the condition that a corresponding design constraint stipulating the provision of a feasible RTP payload format for each candidate is agreed.
Further the EVS candidates shall support fixed rate source coding at net source coding bit rates of 32, 48, 64, 96, 128 kb/s.
Proposal 1:

EVS candidates shall support source controlled variable bit rates at an average bit rate over active speech at 5.15 kb/s (±5%) and 5.9 kb/s (±5%). 
Proposal 2:

Codec should support source-controlled variable bit rate (VBR).

]
SID frames shall not exceed a gross bit rate of [80] bits per frame.
The net source coding bit rate shall be derived from the above gross rates by subtracting multiples of 0.4 kb/s to account for the RTP payload header.
Editor’s note: The wording of the above paragraph might be improved.
The codec shall offer AMR-WB interoperable modes with the following bit rates:

6.6, 8.85, 12.65, 14,25, 15.85, 18.25, 19.85, 23.05, 23.85 kbps 

For AMR-WB interoperable operation the codec shall provide AMR-WB interoperable SID frames of 40 bits (net source size) during DTX operation. 


	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
	Option 1:

The algorithmic delay shall be less than [X] ms.

Editor’s note: Input contributions were received suggesting X to be 26/28/30/50 and a reasonable number which was later clarified to be in the range of 35-50. 
Option 2:

The codec shall have two delay modes one having a algorithmic delay less than [Y] ms and the other having an algorithmic delay less than [Z] ms. 

Editor’s note: Input contributions were received suggesting (Y,Z) to be (26, 50)/(28,44)/(30,50) 

Editor’s note: It is not yet decided if option 1 or option 2 would be the final design constraint for the EVS codec.
The codec shall provide AMR-WB interoperable operation (with rates specified above) at a maximum algorithmic delay of AMR-WB delay (25.9375ms) + [x]ms = [y]ms.

Editors note: It is anticipated that 0<=x<=5
	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
	tbd
	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
	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.
	tbd
	tbd
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