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1 Introduction

The new Work Item on Immersive Voice and Audio Services (IVAS_Codec) was approved at SA#77 (Sept. 2017) [1]. 
The aim of the present document is to discuss initial terms of reference that can be used for this WI. 
2 On design constraints
We suggest reusing the EVS-4 structure [2] to define design constraints for IVAS.
We provide below the rationale for the proposed table of design constraints shown in Annex A:

· 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. 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.).

· Regarding new functionalities brought by IVAS, one may wonder whether NB needs to be supported to provide immersive services. We consider that immersive services can be provided with already some benefits with WB, however this is mainly for potential use cases in stereo such as audio conferencing or music on hold. We suggest SWB and FB operation should be the default target bandwidth of operation for IVAS in the general multichannel case (more than stereo).

· For mobile applications, listening of immersive content over headphones will be the main use case (way to render audio). For EVS, JBM was decided to be an integral part of EVS, because JBM is an essential feature of VoIP. Similarly, for IVAS we propose to require that the IVAS decoder provides an external interface with the SOFA format and that it natively supports binaural rendering. 

· In addition, the IVAS codec should reflect the current state of the art in terms of immersive voice and audio coding. Specifically, the MPEG-H 3D Audio codec supports channel-, object- and scene-based audio and we propose to require to support these three type of content, and combinations of those formats.
· JBM, PLC and DTX should be provided as part of IVAS, similar to what was required for EVS. Including the JBM will allow testing the codec in realistic packet conditions.
· To be able to define precise requirements on bit rates, some system aspects should be first clarified (e.g. potential impacts from 5G NR for efficient coding at lower bit rates). Similarly, concrete proposals on complexity may be hard to set before the required implementations (e.g. 32- or 64-bit basop) get discussed.

· Being an extension of EVS, the IVAS codec should ensure proper backward compatibility.

· Constraints on output gain limitation are repeated from EVS, however this is more related to codec testing and other aspects could be considered (e.g. testing with HRTFs). 
3 On performance requirements
We suggest reusing the principle of EVS-3 where performance requirements are split between different operation points and where there is also provision for objective requirements.

Given the proposed requirement to have bit-exact EVS interoperation (in fixed-point case), no performance requirements are needed for EVS interoperable modes of IVAS.

As long as essential design constraints are not yet defined (e.g. bit rates) it seems premature to propose performance requirements. At this stage it would be useful to verify what would be the potential reference codecs to define requirements. In particular, the Source proposes to consider MPEG-H 3DA as a reference codec to ensure comparison with the state-of-the-art.
Note: The existing requirements for EVS stereo in [3] assumed self-referencing with EVS with specific content (correlated stereo content). One should discuss whether the same type of requirements still makes sense for IVAS in stereo.

The robustness of the IVAS codec should be tested using radio profiles that properly reflect the target services, in particular 5G NR.

4 Conclusion
We suggest considering the proposals in this document when drafting the IVAS terms of reference.
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Annex A: proposed design constraints

	Parameter
	Design Constraint

	Sampling Frequency and Audio Bandwidth 
	The encoder and decoder shall support :

- 32 and 48 kHz with SWB and FB audio in all operation modes

- 16 kHz in all operation modes, with WB audio in mono and stereo operation.

- 8 kHz with NB audio in mono
Note: EVS support for VxIMS implies bw=nb-swb or bw=swb. To minimize transcoding, it is important that IVAS can match these two types of bandwidth usage.



	Input and output audio format
	The encoder and decoder shall support in terms of respective input and output formats:
-channel-based: up to [tbd] channels, including at least 1.0, 2.0, 5.1 and immersive formats (5.1.2 and 7.1.4 or possibly 5.0.2 et 7.0.4)
Note 1: binaural input may considered as a 2.0 input

- object-based: up to [tbd] objects with metadata format [tbd]
-HOA: up to order [tbd]with ACN channel ordering and SN3D normalization

- combination of the above ([details tbd])

In addition, the decoder shall support

- binaural rendering with SOFA interface for HRTFs (SOFA profile in AES69-2015 tbd)
- other type of rendering: [tbd]

Note 2: list of input formats allowed for each output format tbd

	Bit Rates
	For new bit rates specific to IVAS:

tbd

Note: low bit rates shall be optimized for efficiency over target radio interfaces (5G NR characteristics tbd)
For modes interoperable with EVS:

All modes of EVS shall be supported, including SID frames during DTX operation. 

Note: EVS support for VxIMS implies br=5.9-13.2 or 5.9-24.4 or 9.6-24.4 or 13.2 To minimize transcoding, it is important that IVAS can match these types of bit rate usage.

	Algorithmic Delay
	[tbd]
Note: EVS delay is up to 32 ms, and there was provision to have delay up to 50 ms for (optional) EVS stereo

	Complexity
	Fixed-point implementation using basop [tbd] and floating-point implementation

Computational:

wMOPS
(  [tbd]
note: STL version [tbd]
Memory:
RAM
( [tbd]
ROM
( [tbd]
Program ROM ( [tbd]

	Backward Interoperability
	The candidate codecs shall provide all EVS codec formats used in 3GPP MTSI conversational speech telephony services.

	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. 

	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 switching capability shall include switching between EVS interoperable modes and new IVAS modes. The rate switching may imply switching between different bandwidths and between channel order/count 

	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 the EVS interoperable modes, the source controlled rate operation shall be interoperable with EVS according to TS 26.450. Otherwise the following applies: [tbd]



	Output gain limitation
	The IVAS candidate codecs shall not amplify the output signal relative to the input signal beyond limits. 
Note: additional constraint to be considered on the influence of HRTF (waveform depends on HRTF and material)
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