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1. Summary
This document provides a series of updates to the Design Constraints of the EVS Codec Extension for Immersive Voice and Audio Services (IVAS). 

The first set of changes relate to the inclusion of the bit-exact EVS codec within the IVAS candidate codec candidates.
The second set of changes relate to the addition of an algorithmic delay figure for the motion to sound latency of the codec candidate’s binaural renderer. 

2. Justification and Discussion
Over the previous three SA4 meetings (SA4 #95, #96 & #97), in seven documents (S4-170854, S4-171200, S4-171211, S4-171217, S4-171224, S4-180083, S4-180088) from five different companies (Fraunhofer IIS, Huawei, NTT, ORANGE and Panasonic) it has been argued that the IVAS codec should, in-line with the Work Item Description, build upon and extend the EVS codec functionality. 
Over this period, just one company, Dolby, has authored contributions opposed to such EVS interoperability and by doing so have delayed the progress of the IVAS work item. This is a situation for which the 3GPP working agreement procedure was intended to solve. For further information on the 3GPP working agreement procedure, see http://www.3gpp.org/specifications-groups/32-tsg-working-agreements. 
The sources of this contribution will not repeat the arguments in favour of the inclusion of the EVS codec in IVAS here. They may be found in S4-180088. Suffice it to say that the position of the sources has not changed. The IVAS codec should be a development of the EVS Codec and should not provide competing mono modes of operation.
As a result of the proposals made to the “Backward Interoperability” part of the design constraints it is necessary to update several other parts of the Design Constraints to remain consistent with the EVS/IVAS relationship such as “Sampling Frequency and Audio Bandwidth” and “Bit Rates”.
In this document we also propose a new design constraint for the motion to sound algorithmic delay of the binaural renderer. This algorithmic delay should be achieved by each codec candidate in order to ensure that adequate motion to sound latency performance can be achieved in future decoder implementations. 
It also seems reasonable to define a margin of angular error as part of the rendering latency (+/- Y degrees in both azimuth and elevation) although no figure is proposed in this contribution. In arriving at a figure for the azimuth and elevation margin of error, there is psyco-acoustic evidence that the minimum steady-state angular error might need to be as low as 1 degree, due to the minimum resolvable angular separation in listeners with normal hearing
. However, HRTF filters are usually implemented only with resolutions up to a density of every 5 degrees in both azimuth and elevation
, which would suggest that the minimum steady-state angular error could be around +/- 2.5 degrees. 
3. Proposed Updates to the IVAS Codec Design Constraints

	Sampling Frequency and Audio Bandwidth
	The encoder shall support 16, 32, and 48 kHz sampling rates in all operation modes. 

The decoder shall support 16, 32, and 48 kHz sampling rates in all operation modes. 
Note: Functions that are necessary for achieving the arbitrary selection of encoder / decoder input / output sampling rate are envisioned to be a part of the IVAS candidate.
The encoder shall support input signals with different input signal bandwidth (NB, WB, SWB, and FB) with frequency masks as defined for EVS.
The encoder and decoder shall support 8kHz sampling when EVS bit-exact operation is used (See Backward Interoperability)

	Audio Formats


	The IVAS codec shall support the following [input] formats:

· Channel-based audio, including mono (1.0), stereo (2.0), surround (5.1 and 7.1), [surround + height (5.1+4 and 7.1+4), TBD]

· Scene-based audio, first-order (FOA) and up to [N]-order ambisonics. 

Note: ACN component ordering and SN3D normalization.

· [Spatial audio, [N] channels and spatial metadata defined by [TBD].]

[Editor’s Note FFS: Spatial metadata definition for the spatial audio format will require further input.]
· Object-based audio, with support for at least [TBD] individual [mono] object streams. Each audio object shall be defined by [TBD metadata parameters].
[In addition, the IVAS codec shall support combinations of the above, totalling to no more than [TBD] audio streams. 
Note: It will be necessary to specify how capture/presentations could be achieved in mobile communications.]

	Bit Rates
	The IVAS codec shall operate at bit rates of [5.9VBR,] 7.2, 8, 9.6, 13.2, 16.4, 24.4, 32, 48, 64, 96, 128, 160, 192, and 256 kb/s [max TBD]
· Mono (EVS): 5.9 (VBR), 7.2, 8, 9.6, 13.2, 16.4, 24.4, 32, 48, 64, 96, 128 kb/s

Scene-based audio, Multi-channel (>= stereo) & Object-based Audio. 

· 13.2, 16.4, 24.4, 32, 48, 64, 96, 128, 160, 192, and 256 kb/s [max TBD]
Note: As implemented in EVS, the bit rates up to 24.4 kb/s are gross bit rates and they are net bit rates above 24.4 kb/s.

Note: The gross bit rate supported in the DTX/CNG/SID operation is [TBD].

	Algorithmic Delay
	TBD
[Editor’s Note: The EVS Algorithmic delay is 32ms]

	Renderer Motion to Sound Algorithmic Delay
	The maximum algorithmic delay from a detected change in head azimuth & elevation to a binaural sound rendered within +/- [Y] degree(s) of the detected change shall be [20 ms].

	Complexity
	TBD

	Backward Interoperability
	Having interoperability with the EVS is an important feature. 

The full EVS codec algorithm shall be part of the IVAS candidate codec solution, and EVS bit-exact processing shall be used when the input to the IVAS codec is a simple mono signal without spatial metadata and should also be applied whenever possible. When multiple mono audio channels without spatial metadata are negotiated they shall all be bit-exact with EVS. 

The IVAS Codec shall support stereo [and multi-channel] modes of operation [up to 5.1, 7.1, 5.1.4, 7.1.4?] which include an embedded bit-exact EVS mono downmix bitstream to support tandem-free bitstream translation (between IVAS and EVS) at MCU (Multipoint Control Unit) or voice GW (Gateway) when several IVAS-capable UE’s communicate simultaneously with a small number of EVS-only-capable UE’s through an MCU or voice GW (See Note 1). The precise IVAS and EVS Bit rate(s) of this feature are FFS. 

IVAS multi-channel encoding incorporating backwards interoperability with EVS multiple mono decoding is FFS. 

Further interoperability with EVS is FFS.

Note 1: The advantages of this feature can be realized under the condition that the audio signals are dominated by a single UE (or the most dominant UE audio signal is selected) and other talkers are automatically muted. It will also continue to work when just two users remain in a multi-party call.
[Note 2: When the IVAS codec uses EVS bit-exact operation then features such as AMR-WB I/O mode, EVS SID update rates and 8kHz sample rate support shall be supported.]

	Frame length
	The candidate codecs shall operate with a frame size of 20 ms.

	Jitter Buffer Management (JBM)
	A JBM solution conforming to the requirements in TS 26.114, except for the functional requirement in sub-clause 8.2.2 of TS 26.114: “Speech JBM used in MTSI shall support all the codecs as defined in clause 5.2.1”, shall be provided with the candidate codecs. 

[Note: The JBM defined in TS 26.448 may form the basis of the JBM provided with the candidate codecs.]

	Rate switching
	[The candidate codecs shall perform rate switching upon command to the encoder throughout the entire bit rate range at arbitrary frame boundaries. The rate switching may imply switching between different bandwidths and between mono coding modes and coding modes for multiple audio streams.]

	Packet loss concealment (PLC)
	A PLC solution shall be provided by the IVAS candidate codecs.

	RTP payload format
	Candidate codecs shall provide an RTP payload format specification supporting the full set of features and functionality of the IVAS candidate codecs.

	DTX
	The candidate codecs shall provide a complete VAD/DTX/CNG framework. It shall be possible to operate the codec with DTX on or DTX off.

SID update frames shall be sent with a frequency not exceeding once per 8 frames.

	Output gain limitation
	TBD


[Editor’s Note FFS: There was some support for the need to support binaural rendering with SOFA interface for HRTFs & BRIRs (SOFA profile in AES69-2015 tbd)]






[Editor’s Note FFS: Tdoc S4-171221 proposes to add high-level design constraints for IVAS codec modes suitable for a spatial conferencing use-case and if agreed, corresponding updates to the design constraints would be made.]
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