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1. Abstract
[bookmark: _Toc334959202]The goal of the IVAS_Codec work item is to develop a standard for Immersive Voice and Audio Services as an extension of the EVS codec. Guiding documents for this work will be permanent documents on IVAS performance requirements and design constraints. The source proposes to base the initial version of these documents on the respective EVS permanent documents EVS-3 [1] and EVS-4 [2]. A suggested initial draft of IVAS codec design constraints and relevant sections for an initial draft of IVAS codec performance requirements are provided. 
2. Approach
Already during the EVS codec study phase stereo and multi-channel presentations were identified as one way to realize enhanced voice services with significantly improved QoE. Consequently, substantial efforts were made during the EVS work item phase to define performance requirements and design constraints P-docs EVS-3 and EVS-4 not only for mono-channel operation but also for optional stereo operation.
The goal of the IVAS_Codec work item [3] is to develop a standard for Immersive Voice and Audio Services as an extension of the EVS codec. It is thus justified in an initial approach to start from the EVS performance requirements and design constraints as working assumption, at least where applicable, i.e. for mono and stereo operation. Given the technology advances demonstrated with the EVS codec it is subsequently likely that these initial ToRs may have to be adjusted on a case by case basis. Furthermore, as the target area of the IVAS codec extends to immersive services and applications, the range of the IVAS codec ToRs will obviously be larger than for EVS and thus additional items need to be added.
3. Design constraints
This section discusses how design constraints for IVAS should be derived from the EVS design constraints based on the objectives of the IVAS work item. The attached initial draft IVAS-4 design constraints document (Annex, included in zip archive of this doc) is the proposed result of this discussion.
3.1 Sampling rate and Audio Bandwidth
IVAS WID: 
· The solution is expected to provide support for a range of service capabilities, e.g., from mono to stereo to fully immersive audio encoding/decoding/rendering. 
· The solution is expected to be implementable on a wide range of UEs to address various needs in terms of balancing user experience and implementation complexity / cost.
Given the wide range of targeted UE capabilities it is suggested that IVAS should support at least the sampling rates 16, 32 and 48 kHz and WB, SWB and FB audio bandwidths.

3.2 Number of audio streams
IVAS WID: 
· It is expected to support encoding of channel-based audio (e.g. mono, stereo or 5.1) and scene-based audio (e.g., higher-order ambisonics) inputs including spatial information about the sound field and sound sources. The solution is expected to provide support for diegetic and non-diegetic input.
The WID lists mono, stereo and 5.1 channel-based audio formats. Moreover, scene-based ambisonics representations are listed where, given the different addressed UE capabilities, first order to [3rd] order can be assumed to be of interest. Also mentioned is audio inputs including spatial information about the sound field and sound sources, which means audio objects. The number of such objects and also the combination of a number of embedded objects with scene-based audio would be a relevant design constraints parameter. 
Thus, under the parameter number of audio streams should be design constraints for
· mono, stereo and 5.1 channel-based audio
· scene-based audio with first to [3rd] order ambisonics
· object-based audio with up to [n] individual objects and [m] embedded objects into scene-based audio.
[bookmark: _Hlk494718368]The maximum HOA order (current suggestion [3]) and the number of [n] individual objects and [m] embedded objects should be for further discussion based on discussion inputs on use cases and relevant audio capture scenarios.
In accordance with the EVS design constraint that the decoder shall be capable of rendering a mono compatible signal from a received stereo bit stream for the IVAS design constraints it is proposed that the decoder shall be capable of rendering a mono compatible signal from a received multi-stream audio signal bit stream.
3.3 Bit Rates
IVAS WID: 
The approach proposed is to build upon the EVS codec with the goal of developing a single codec with attractive features and performance (e.g. excellent audio quality, low delay, spatial audio coding support, appropriate range of bit rates, high-quality error resiliency, practical implementation complexity).
The WID does not suggest specific bit rates but rather an appropriate range of bit rates. What is appropriate should depend on the complexity of the audio channel configuration. For mono operation the source is of the opinion that the bit rate design constraints of P-doc EVS-4, ‘non-interoperable modes of EVS’ should be retained, though without VBR 5.9 kbps operation. However, VBR operation as general concept should not be excluded. In addition, the IVAS codec does not need to specify bit rates for AMR-WB interoperability modes.
For multi-stream audio modes the required bit rates should be set after further discussion on use cases and feasibility.
3.4 Algorithmic Delay
IVAS WID: 
· The solution is expected to operate with low latency to enable conversational services over 4G/5G.
The WID does not suggest specific low latency values to enable conversational services. The source thus suggests retaining the delay requirements applicable for EVS, i.e. 32 ms for mono coding and up to 50 ms for coding of multiple audio streams.
3.5 Complexity
IVAS WID: 
The approach proposed is to build upon the EVS codec with the goal of developing a single codec with attractive features and performance (e.g. excellent audio quality, low delay, spatial audio coding support, appropriate range of bit rates, high-quality error resiliency, practical implementation complexity).
[…]
· The solution is expected to be implementable on a wide range of UEs to address various needs in terms of balancing user experience and implementation complexity / cost.

The WID is clear that the implementation complexity should be within reasonable limits such that the codec can be cost efficiently implemented on a wide range of UEs. An important cost factor for implementation is the memory footprint of the solution. The source believes given the way the EVS codec is architected and implemented, there is a need to look for ways to make the memory footprint more compact. How this can be achieved should be for further discussion. The memory limits (RAM/ROM,PROM) for mono operation shall in any case be significantly below the actual memory footprint of the EVS codec. This is especially necessary since the multiple audio stream handling on top of a mono core codec will add a further significant amount of memory that scales up with the number of audio streams. Starting from too high mono core codec memory requirements would on the one hand mean that implementation costs on low-end UEs, only supporting mono, could become too high. On the other hand, even for UEs with higher capabilities a larger number of audio streams, like possibly needed for 5.1 audio or HOA, the memory requirements would become prohibitive. The source hence suggests that the memory requirements for mono operation should correspond to the memory design constraints originally set for EVS mono operation in EVS-4. For coding modes for multiple audio streams the additional ROM and PROM allowance on top of the memory for the mono core should be another 100%. The RAM requirements would rather scale with the number of audio streams as buffer requirements will scale with that number. Thus, the RAM limit should be the mono RAM limit times the number of audio streams.
As a simplification of the ROM/PROM design constraints, the limits for ROM/PROM should be lumped together. I.e., the amount of ROM and PROM should be combined into a single figure and be compared to a combined limit. How to obtain such combined figures is for further discussion.

The numerical (wMOPS) limits for mono operation should be kept like in EVS-4, namely 88 wMOPS. EVS-4 contains even a useful working assumption for the limits for multi audio stream operation. For two-stream (stereo) operation EVS-4 specifies a limit of 135 wMOPS. For multiple audio streams this number, or more specifically, the additional allowance on top of the complexity limits for mono operation, should scale up with the number of audio streams. The suggested wMOPS limit for n audio streams would thus be (88 + n * (135-88)) wMOPS = (88 + n * 47) wMOPS.
The absolute wMOPS maximum should be [500] wMOPS.

3.6 Backward Interoperability
IVAS WID: 
· The solution is expected to provide support for MTSI services and potentially MBS/PSS services through the definition of a new immersive audio media component. Support for MTSI services is also accomplished by the provision of bit-exact EVS operation as part of the solution. 

The WID expresses the objective to provide bit-exact EVS operation as a part of the solution, as one way to accomplish MTSI support. One essential protocol element of MTSI is SIP/SDP, which is the technique with which bit exact inter-operation with EVS can be guaranteed. Specifically, in case an IVAS supporting UE interconnects with a UE that merely supports EVS but not IVAS, SDP allows choosing EVS instead of IVAS. Thus, a prerequisite is that the UE supporting IVAS, additionally supports EVS.
The corresponding design constraint is thus that the overall solution allows choosing EVS by means of SDP.  
3.7 Frame length
IVAS WID: 
Use cases for this next generation codec include, but are not limited to, conversational voice, multi-stream teleconferencing, VR conversational and user generated live and non-live content streaming. The approach proposed is to build upon the EVS codec with the goal of developing a single codec with attractive features and performance (e.g. excellent audio quality, low delay, spatial audio coding support, appropriate range of bit rates, high-quality error resiliency, practical implementation complexity). 

The WID mentions conversational voice and multi-stream teleconferencing as prominent use cases. In addition, an approach is proposed that builds upon the EVS codec. This means that there should be conceptual commonalities like the frame length of 20 ms. This frame length will also allow transcoding with other conversational codecs that typically operate with 20 ms frame length, without increasing the delay.

3.8 Jitter Buffer Management (JBM)
IVAS WID: 
The solution is expected to operate with low latency to enable conversational services over 4G/5G. 

The codec will be used for 4G and 5G services, i.e. in PS connections using the RTP. In order to mitigate packet jitter and to achieve low latency a JBM conforming to the requirements in TS 26.114 is needed. Thus, the JBM design constraint of P-doc EVS-4 should be retained.

3.9 Rate switching
IVAS WID: 
· The solution is expected to support high error robustness under various transmission conditions from clean channels to channels with packet loss and delay jitter and to be optimized for 4G/5G.

High error robustness under various transmission conditions from clean channels to channels with packet loss and delay jitter can generally only be achieved by means of bit rate adaptivity. Thus, the rate switching design constraint of P-doc EVS-4 remains valid that requires rate switching upon command to the encoder throughout the entire bit rate range at arbitrary frame boundaries. In addition, the design constraint remains valid according to which the rate switching may imply switching between different bandwidths and between mono and stereo, i.e. multi-stream audio.

3.10 Packet loss concealment (PLC)
IVAS WID: 
· The solution is expected to support high error robustness under various transmission conditions from clean channels to channels with packet loss and delay jitter and to be optimized for 4G/5G.

In order to mitigate effects of packet loss adequate packet loss techniques are required. Thus, the PLC design constraint of P-doc EVS-4 should be retained.

3.11 RTP payload format
IVAS WID: 
The overall objective of this 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. 

The envisioned use cases require transmission using RTP. Correspondingly, packets have to be transmitted that are constructed according to suitable RTP payload format. Thus, the design constraint of P-doc EVS-4 on RTP payload format should be retained.

3.12 DTX
IVAS WID: 
· The solution is expected to operate with low latency to enable conversational services over 4G/5G.

Conversational services over 4G/5G require operation even under high traffic load and transmission with minimum resource usage. DTX is a means to minimize transmission resource usage. The corresponding design constraint of P-doc EVS-4 should be retained.

3.13 Output gain limitation
Conversational services require suitable level control such that the output gain does not unduly exceeds input gain. The corresponding design constraint of P-doc EVS-4 should thus be retained. Output gain control for VR streaming use cases on the other hand may have different requirements such as employing dynamic range control. Corresponding design constraints should be for further discussion.

4. Performance requirements
4.1 Mono performance
For IVAS mono operation modes two possible approaches for defining performance requirements are conceivable. One approach is retaining the EVS mono performance requirements and applying them for the IVAS mono modes. The other approach is using the EVS codec as reference and to define the performance requirements in relation to the actual performance of the EVS codec. The general concept in that latter case should be that the IVAS mono performance is no worse than EVS, for certain bit rate/operation modes performance better than EVS may be desirable. This latter approach seems more sensible as it would guarantee that IVAS mono operation would not be worse than EVS especially for bit rates/conditions where IVAS provided a large benefit over the original EVS performance requirement.
The source thus proposes that the general initial performance requirement for IVAS mono modes should be that IVAS be no worse than EVS when operated at the same bit rate and under the same condition.

4.2 Stereo performance
For IVAS stereo operation the performance requirements originally specified for EVS stereo operation could be retained with proper modifications. The general concept of the EVS stereo performance requirements of P-doc EVS-3 was that stereo operation (at a given operation point) shall provide a benefit over the case when that feature is not used. 
The source agrees with that general concept of the EVS stereo performance requirements. On a more detailed level however the EVS stereo performance requirements were based on self-referencing to the EVS codec in dual-mono mode. Such self-referencing performance requirements are problematic and the source suggests avoiding the same in the definition of IVAS stereo performance requirements. Instead it is suggested to build performance requirements using the EVS codec in dual-mono operation. Corresponding IVAS stereo performance requirements that are derived from P-doc EVS-3 with marked-up changes are presented in the following:  
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Stereo operation

Inclusion of this optionIVAS stereo operation shall provide a benefit over the case when it is not included.

High-level definition of stereo requirements
· For certain correlated stereo content (e.g. speech in conferencing use case, mixed/music, binaural signals), EVS IVAS stereo operation shall be not worse than EVS dual-mono operation at (at least) next higher bit rate or better than EVS dual-mono operation at the same rate. Table 13 describes the details of these requirements. 
· No other content shall be degraded with respect to dual mono operation
· The EVS IVAS stereo operation with mono compatible decoding shall be not worse than the stereo to mono downmix of dual-mono at the same bit rate.
For stereo operation, the EVS IVAS codec will be compared for information to the 3GPP audio codecs in characterization, taking into account complexity, delay, etc. 

Table 13: Stereo requirements.
Dual mono is abbreviated with a “2x”. It is assumed that the EVS IVAS coder codec and the EVS reference codec is are running in the bandwidth mode as outlined in the BW column, if not otherwise specified.
Note: for all bit rates / audio bandwidth with no requirement, the following applies: If provided it should be characterized; characterization results shall be used for the decision of inclusion

	Category

	BW

	Bitrate (kbit/s)
	FER

	DTX*
	Stereo Requirements
	Mono compatible requirements

	Certain correlated content
	NB
	7.2
	All
	
	

	
	
	8
	
	
	

	
	
	9.6
	
	
	

	
	
	13.2
	
	
	

	
	WB
	7.2
	All
	On/Off
	
	

	
	
	8
	
	
	
	

	
	
	9.6
	
	
	
	

	
	
	13.2
	
	
	NWT EVS @ 2x 8 kbps OR
BT EVS @ 2x 7.2 kbps
	

	
	
	16.4
	
	
	NWT EVS @ 2x 9.6 kbps OR
BT EVS @ 2x 8 kbps
	NWT stereo downmix of 2x @ 2x 8 kbps

	
	
	24.4
	
	
	NWT EVS @ 2x 16.4 kbps OR
BT EVS @ 2x 13.2 kbps
	NWT stereo downmix of 2x @ 2x 13.2 kbps

	
	
	32
	
	
	NWT EVS @ 2x 24.4 kbps OR
BT EVS @ 2x 16.4 kbps
	NWT stereo downmix of 2x @ 2x 16.4 kbps

	
	
	48
	
	
	NWT EVS @ 2x 32 kbps OR
BT EVS @ 2x 24.4 kbps
	NWT stereo downmix of 2x @ 2x 24.4 kbps

	
	
	64
	
	
	NWT EVS @ 2x 48 kbps OR
BT EVS @ 2x 32 kbps
	NWT stereo downmix of 2x @ 2x 32 kbps

	
	
	96
	
	
	NWT EVS @ 2x 64 kbps OR
BT EVS @ 2x 48 kbps
	NWT stereo downmix of 2x @ 2x 48 kbps

	
	SWB
FB
	13.2
	All
	On/Off
	
	

	
	
	16.4
	
	
	NWT EVS-WB @ 2x 9.6 kbps OR
BT EVS-WB @ 2x 8 kbps
	NWT stereo downmix of 2x @ 2x 8 kbps

	
	
	24.4
	
	
	NWT EVS @ 2x 16.4 kbps OR
BT EVS @ 2x 13.2 kbps
	NWT stereo downmix of 2x @ 2x 13.2 kbps

	
	
	32
	
	
	NWT EVS @ 2x 24.4 kbps OR
BT EVS @ 2x 16.4 kbps
	NWT stereo downmix of 2x @ 2x 16.4 kbps

	
	
	48
	
	
	NWT EVS @ 2x 32 kbps OR
BT EVS @ 2x 24.4 kbps
	NWT stereo downmix of 2x @ 2x 24.4 kbps

	
	
	64
	
	
	NWT EVS @ 2x 48 kbps OR
BT EVS @ 2x 32 kbps
	NWT stereo downmix of 2x @ 2x 32 kbps

	
	
	96
	
	
	NWT EVS @ 2x 64 kbps OR
BT EVS @ 2x 48 kbps
	NWT stereo downmix of 2x @ 2x 48 kbps

	
	
	128
	
	
	NWT EVS @ 2x 96 kbps OR
BT EVS @ 2x 64 kbps
	NWT stereo downmix of 2x @ 2x 64 kbps



* DTX will be tested for stereo if provided.

4.3 Performance for multi-stream audio modes beyond stereo
Suitable performance requirements for these important operation modes should be for further discussion, based on definition of the specifics of these modes like bit rate and targeted multi-stream configuration. It is expected that the ongoing study FS_CODVRA will provide useful considerations for the definition of the performance requirements and suitable reference conditions.
Whether or in what form there should be performance requirements for various UE rendering scenarios is another topic to be addressed in further discussions. Such rendering scenarios would for instance include rendering via headphones, via in-room speakers that are connected to the UE, and other conceivable setups.

[bookmark: _Toc334959198]Conclusion
This contribution suggests a way to derive IVAS codec design constraints and performance requirements based on the corresponding EVS permanent documents and according to the IVAS work item objectives. An initial draft IVAS design constraints permanent document is provided as part of the zip archive of this document. This document contains also input for an initial draft of the IVAS performance requirements.
[bookmark: _GoBack]The source proposes to adopt the provided draft IVAS design constraints document as initial draft of the corresponding P-doc. It is further proposed to incorporate the provided input on IVAS codec performance requirements into an initial draft of that corresponding P-doc.
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