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This contribution is a follow-up of S4-170942 on the specific issue of EVS interoperability for IVAS and the related impacts on audio sampling rate/bandwidth and bit rates.
The objective of the IVAS codec is to enable immersive conversational services, as an extension of EVS. For this reason basic design constraints from EVS in terms of sampling frequency, bandwidth, frame rate, (interoperable) bit rates should be kept (inherited) to insure interoperability and minimize transcoding. At SA4#95, it was agreed that the IVAS frame rate will be identical to EVS (20 ms), however this is not sufficient for full interoperability. We emphasize that other codec features in mono (audio bandwidth, bit rates) shall be kept identical, and this includes EVS AMR-WB IO modes and DTX operation.
It is important to note that EVS support for VxIMS (as defined in GSMA IR.92) implies bw=nb-swb or bw=swb and AMR-WB IO modes are always present. To avoid transcoding, it is important that IVAS supports the same features.
Moreover, as EVS standardization was completed quite recently, significant quality improvements over the existing EVS standard (TS 26.441 to 26.450) should not be expected, therefore we propose to require bit-exact operation in mono for EVS interoperable modes (when implemented in fixed-point). Otherwise, this could be very confusing for the market to have a proliferation of EVS formats (26.442, 26.443, alternative 64-bit implementation, etc.).

Finally, at SA4#95, it was suggested to skip to support of 8 kHz sampling rate as in any case NB can also be supported with higher sampling rates. However, if IVAS is defined as an extension of EVS, it does not seem appropriate to remove some selected features of EVS and it is therefore proposed to keep the overall principle of EVS extension by also including 8kHz support (only in mono).

The related text changes for IVAS design constraints are gathered in Annex, with revision marks.

Annex: Revised IVAS-4 (from S4-171036)

1. Scope

This document presents the Design Constraints of the EVS Codec Extension for Immersive Voice and Audio Services (IVAS). The development of IVAS was initiated at SA4 #94, approved at SA#77 in September 2017 and the Work Item is described in SP-170611. The target for the standardisation is to complete codec specifications for Release 16.

The remaining sections of this document describe the design constraints for the IVAS codec in detail.

2. Introduction
The overall objective of the IVAS Codec work item is to develop a single general-purpose audio codec for immersive 4G and 5G services and applications including the VR use cases envisioned in 3GPP TR 26.918 (See SP-170611).

3. IVAS Codec Design Constraints

	Sampling Frequency and Audio Bandwidth
	The encoder shall support 16, 32, and 48 kHz sampling rates in all operation modes as well as 8 kHz sampling rate in mono modes. 

The decoder shall support 16, 32, and 48 kHz sampling rates in all operation modes as well as 8 kHz sampling rate in mono 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.]

	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.

· 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 EVS:
- 5.9VBR, 7.2, 8, 9.6, 13.2, 16.4, 24.4, 32, 48, 64, 96, 128 kb/s 
- EVS AMR-WB IO modes (6.6 to 23.85 kb/s)
and it shall also operate at higher bit rates: 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]

	Complexity
	TBD

	Backward Interoperability
	In mono, the IVAS codec shall be identical with EVS codec in all EVS operation modes.


	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.
In mono, the SID bit rates and SID update frequency shall be identical to EVS.
In other cases than mono:

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)]
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