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1. Abstract
IVAS codec WID [1] describes three main IVAS use cases, immersive conversational voice (two party communication), spatial voice conferencing and immersive audio-visual content distribution. These use cases place diverse requirements on the IVAS codec to be developed. This implies that there should be specific design constraints to obtain a codec that can enable these use cases in the best viable way. The source provided with document [2] a comprehensive discussion of the spatial conferencing use case and derived corresponding high-level codec requirements. The present contribution addresses all use cases and presents corresponding specific design constraints. 
2. Use case specific requirements and operation modes
The already agreed design constraints in the present draft of P-doc IVAS-4 [3] are suitable on a general level but the source is of the opinion that they are still too unspecific for the envisioned IVAS use cases. The source therefore suggests a breakdown of the design constraints by target use case such that corresponding specific requirements can properly be addressed. 
In the following the source provides use case specific requirements and the proposal to address the same with matching major operation modes High-Efficiency (HE), Low-Complexity (LC) and High-Quality (HQ): 
· Stereo and spatial telephony, VR conversational communication: 
This use case is an extension of traditional telephony and as such employed in large volumes. To ensure cost efficient deployment in telecom operator networks high-efficiency low-rate modes will be needed. The source thus suggests addressing this use case with the HE operation mode. 
· HE Operation modes: 
· Stereo-HE; XY, M/S, ORTF, A/B input
· Spatial-HE, B-format input: planar 1st order

· Spatial conferencing: 
The source discussed this use case in-depth in [2]. As motivated in that contribution scalable spatial conferencing applications require low-complexity operation in order to enable highly scalable conferencing services. Thus, conferencing modes are required with a different complexity/efficiency trade-off than high-efficiency operation modes. The design goal of these codec modes is best possible performance at a strict low-complexity limit. The source thus suggests addressing this use case with the LC operation modes.
· LC Operation modes: 
· Mono-LC
· Stereo-LC; XY, M/S, ORTF, A/B input 
· Spatial-LC, B-format input: planar 1st order

· Immersive audio-visual content distribution: 
Most relevant applications of this use case are user generated live and non-live streaming of immersive and VR content. To enable this use case the codec must support coding of stereo and spatial content. For meeting intermediate quality requirements with audio input of low spatial/multi-channel dimensionality this should be covered with the above-defined HE and LC operation modes. In order to meet very high quality requirements with high spatial/multi-channel dimensionality a spatial HQ mode should be defined:
· Operation modes: 
· Stereo-HE/LC (same as for telephony and conferencing)
· Spatial-HE/HQ (same as for telephony and conferencing but with complete 1st order B format) 
· Spatial-HQ for Multi-channel (up to 7.1.4), HOA (up to 3rd order), objects plus meta data

3. Proposed design constraints
In the following we break down the design constraints to the major operation modes HE, LC and HQ:
Audio bandwidths per operation mode
· HE modes
· Mono-HE: WB, SWB
· Stereo-HE: WB, SWB, FB
· Spatial-HE: WB, SWB, FB
· LC modes
· Mono-LC: WB, SWB
· Stereo-LC: WB, SWB, FB
· Spatial-LC: WB, SWB, FB
· HQ modes
· Spatial-HQ: WB, SWB, FB

Bit rate ranges of operation modes 
· HE modes
· Mono-HE: 7.2, 8, 9.6, 13.2, 16.4, 24.4 kbps
· Stereo-HE: 13.2, 16.4, 24.4, 32, 48 kbps
· Spatial-HE: 24.4, 32, 48, 64 kbps 
· LC modes
· Mono-LC: 24.4, 32, 48 kbps
· Stereo-LC: 24.4, 32, 48, 64 kbps
· Spatial-LC: 32, 48, 64, 80, 96 kbps
· HQ modes
· Spatial-HQ: 48, 64, 80, 96, 128, 160, 192, 256 kbps 

Algorithmic Delay
In accordance with EVS codec design constraints [4] the source suggests a delay limit of 32 ms for monophonic transmission in the telephony use case. For stereo and multi-channel coding [4] sets a limit of 50 ms. The source is further of the opinion that a limit of 50 ms is also adequate for the conferencing use case, even for monophonic coding. This leads to the following proposal:
  
· HE modes
· Mono-HE: 32 ms
· Stereo-HE: 50 ms
· Spatial-HE: 50 ms 
· LC modes
· Mono-LC: 50 ms
· Stereo-LC: 50 ms
· Spatial-LC: 50 ms
· HQ modes
· Spatial-HQ: 50 ms 

Complexity requirements by operation modes
· HE modes
· Stereo-HE: 
· Enc+dec: [1.5] * EVS
· Memory: [ffs.] based on principles proposed in [5].
· Spatial-HE: 24.4 – 64 kbps 
· Enc+dec: [2-2.5] * EVS
· Memory: [ffs.] based on principles proposed in [5].
· LC modes
· Mono-LC: 
· Enc+dec: [~G.719 (20 wMOPS)]
· Dec+enc@mixing domain: [10 wMOPS] 
· Memory (RAM, ROM, PROM): [~G.719]
· Stereo-LC: 
· Enc+dec: [1.5] * mono-requirement
· Dec+enc@mixing domain: [2] * mono mixing-domain requirement
· Memory: [ffs.] based on principles proposed in [5].
· Spatial-LC: 
· Enc+dec: [2-2.5] * mono-requirement
· Dec+enc@mixing domain: [2-2.5] * mono mixing-domain requirement
· Memory: [ffs.] based on principles proposed in [5].
· HQ modes
· Spatial-HQ: 
· Enc+dec: [500 wMOPS]
· Memory: [ffs.] based on principles proposed in [5].

Scalability
Embedded scalability is a kind of backward interoperability allowing to decode a partial bit stream of higher rate codec mode. The advantage is reduced complexity especially in cases when encoding and decoding endpoints cannot negotiate codec mode. This is typical for one-to-many (conferencing, broadcasting) and off-line content (user generated content) distribution cases.  
· Spatial/multi-channel/stereo modes shall be (embedded) scalable with regards to their order: A signal with fewer component signals shall be decodable at correspondingly lower complexity without full decoding of the higher order signal.  

DTX
· HE and LC modes shall support DTX.
· DTX frames of LC modes shall support low-complexity conversion to mixing domain, meeting the complexity design constraints applicable for non-DTX frames.

Zero-state
· LC modes shall be stateless (no interframe dependencies) as proposed and motivated in [2].



4. [bookmark: _Hlk505004324]Suggested IVAS-4 edits
The source proposes to merge the above design constraints with the present draft of the IVAS-4 permanent document as follows:

	Major operation modes
	IVAS shall offer the major operation modes High-Efficiency (HE), Low-Complexity (LC) and High-Quality (HQ) meeting use case-specific requirements and design constraints as specified below.

	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. 
The operation modes of the codec shall support the following audio bandwidths:
· HE modes
· Mono-HE: WB, SWB
· Stereo-HE: WB, SWB, FB
· Spatial-HE: WB, SWB, FB
· LC modes
· Mono-LC: WB, SWB
· Stereo-LC: WB, SWB, FB
· Spatial-LC: WB, SWB, FB
· HQ modes
· Spatial-HQ: WB, SWB, FB

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. 
The operation modes of the codec shall support the following audio input formats:
· HE modes
· Stereo-HE; XY, M/S, ORTF, A/B input
· Spatial-HE, B-format input: planar and complete 1st order 
· LC modes
· Mono-LC
· Stereo-LC; XY, M/S, ORTF, A/B input 
· Spatial-LC, B-format input: planar and complete 1st order
· HQ modes
· Spatial-HQ for Multi-channel (up to 7.1.4), HOA (up to 3rd order), objects plus meta data

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]. 
The operation modes of the codec shall operate at the following bit rates:
· HE modes
· Mono-HE: 7.2, 8, 9.6, 13.2, 16.4, 24.4 kb/s
· Stereo-HE: 13.2, 16.4, 24.4, 32, 48 kb/s
· Spatial-HE: 24.4, 32, 48, 64 kb/s 
· LC modes
· Mono-LC: 24.4, 32, 48 kb/s
· Stereo-LC: 24.4, 32, 48, 64 kb/s
· Spatial-LC: 32, 48, 64, 80, 96 kb/s
· HQ modes
· Spatial-HQ: 48, 64, 80, 96, 128, 160, 192, 256 kb/s 

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].

	[bookmark: _Hlk505004785]Algorithmic Delay
	The algorithmic delay of the codec operation modes shall not exceed the following limits:
· HE modes
· Mono-HE: 32 ms
· Stereo-HE: 50 ms
· Spatial-HE: 50 ms 
· LC modes
· Mono-LC: 50 ms
· Stereo-LC: 50 ms
· Spatial-LC: 50 ms
· HQ modes
· Spatial-HQ: 50 ms 
 TBD
[Editor’s Note: The EVS Algorithmic delay is 32ms]

	Complexity
	The operation modes of the codec shall not exceed the following complexity limits:

· HE modes
· Stereo-HE: 
· Enc+dec: [1.5] * EVS
· Memory: [ffs.] based on principles proposed in [3].
· Spatial-HE: 24.4 – 64 kbps 
· Enc+dec: [2-2.5] * EVS
· Memory: [ffs.] based on principles proposed in [3].
· LC modes
· Mono-LC: 
· Enc+dec: [~G.719 (20 wMOPS)]
· Dec+enc@mixing domain: [10 wMOPS] 
· Memory (RAM, ROM, PROM): [~G.719]
· Stereo-LC: 
· Enc+dec: [1.5] * mono-requirement
· Dec+enc@mixing domain: [2] * mono mixing-domain requirement
· Memory: [ffs.] based on principles proposed in [3].
· Spatial-LC: 48-96 kbps
· Enc+dec: [2-2.5] * mono-requirement
· Dec+enc@mixing domain: [2-2.5] * mono mixing-domain requirement
· Memory: [ffs.] based on principles proposed in [3].
· HQ modes
· Spatial-HQ: 64 – 256 kbps 
· Enc+dec: [500 wMOPS]
· Memory: [ffs.] based on principles proposed in [3].
TBD

	Backward Interoperability
	Having interoperability with the EVS is an important feature. 
The precise bit rates and nature of this interoperability is TBD.
Spatial/multi-channel/stereo modes shall be (embedded) scalable with regards to their order: A signal with fewer component signals shall be decodable at correspondingly lower complexity without full decoding of the higher order signal.    


	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 robustness and concealment (PLC)
	A PLC solution shall be provided by the IVAS candidate codecs.
[bookmark: _Hlk505004047]LC modes shall be stateless (no interframe dependencies).

	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.
The following DTX related design constraints apply to IVAS codec operation modes:
· HE and LC modes shall support DTX.
· DTX frames of LC modes shall support low-complexity conversion to mixing domain, meeting the complexity design constraints applicable for non-DTX frames.


	Output gain limitation
	TBD




5. Proposal
The source proposes adopting the suggested design constraints as shown in section 4.
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