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2	Classification of the Work Item and linked work items
2.1	Primary classification
This work item is a … 
	x
	Feature

	
	Building Block

	
	Work Task

	
	Study Item



2.3	Other related Work Items and dependencies
	Other related Work Items (if any)

	Unique ID
	Title
	Nature of relationship

	770024950015
	MeCARIVAS_CODEC
	Same functionality codec based on floating point C-codeRelated WI that intends to use IVAS codec 

	950014
	iRTCW
	Defining functional components of iRTC clients that support immersive media including spatial audio, leveraging the audio inputs/outputs considered for IVAS

	TBD
	IBACS
	Related WI that intends to use IVAS codec 

	470030
	EVS_Codec
	Basis for the Codec

	830005
	ATIAS
	ATIAS interfaces with IVAS on capture and on renderer sides  



3	Justification
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 XR use cases envisioned in 3GPP TRs 26.918 and 26.928 and possibly relying on devices described in 26.998. In order to achieve such versatile goals, the selected IVAS codec is a collection of low-delay speech and audio coding techniques and rendering targeting services with interactive stereo or immersive audio communication. It comprises an encoder, a decoder, a renderer and several auxiliary functions associated with the support of stereo and immersive audio formats beyond EVS mono coding. It follows all requirements set forth by 3GPP, which include:
· The IVAS codec is an extension of the 3GPP Enhanced Voice Services (EVS) codec; it provides full and bit exact EVS codec functionality for mono speech/audio signal input.
· Encoding and decoding of stereo and immersive audio formats such as multi-channel audio, scene-based audio (Ambisonics), metadata-assisted spatial audio (MASA), object-based audio (ISM).
· VAD/DTX/CNG for rate efficient stereo and immersive conversational voice transmissions.
· Error concealment mechanisms to combat the effects of transmission errors and lost packets. Jitter buffer management is also provided.
· The IVAS codec operates on 20-ms audio frames. In addition, rendering is possible with 5ms granularity.
· Support for bit rate switching upon command.
· Support optional split rendering (ISAR) that benefits resources constrained lightweight UEs.
· Stereo and immersive audio coding at the following discrete bit rates [kbps]: 13.2, 16.4, 24.4, 32, 48, 64, 80, 96, 128, 160, 192, 256, 384, and 512. 
The encoder of IVAS expects mono, stereo, objects, multichannel, ambisonics, MASA, combination of objects and MASA, or combination of objects and SBA as input audio channels. In case of objects or MASA, also input metadata are expected. The encoder analyzes the scene, derives the spatial audio parameters, and downmixes the input channels to so called transport channels which are subsequently processed by the encoding tools. These tools comprise Single Channel Elements (SCE comprising one core coder), Channel Pair Elements (CPE comprising two core-coders), and Multichannel Coding Tool (MCT comprising a joint coding of multiple core-coders) while core-coder is inherited from the EVS codec with additional flexibility and variable bitrate.
Given the scope of IVAS_Codec is significantly more extensive than any other speech/audio codecs developed by 3GPP in the past, the conversion of the selected floating-point C-code to fixed-point C-code is also much more challenging. In addition, this conversion task is being handled by a 3rd party, and would require more time to be completed, debugged and verified. Therefore initiating a Phase 2 development for IVAS_Codec is necessary.The introduction of 4G/5G high-speed wireless access to telecommunications networks, combined with the availability of increasingly powerful hardware platforms, will enable advanced communications and multimedia services to be deployed more quickly and easily than ever before. Immersive services, applications and devices, as envisioned in 3GPP TR 22.891 are expected to provide an immersive user experience which, when compared to existing media services, will deliver a quantum leap in the quality of experience. Immersiveness will be a core service attribute of eXtended Reality (XR) ranging from VR over MR to AR, as described in TRs 26.918, 26.928 and 26.998. An immersive audio-visual experience implies, for the audio component, that a spatial sound impression is convincingly consistent with the presented visual scene and/or the real-world scene in the AR/MR case. In addition, the user should be able to move, within certain limits defined by the application, throughout the scene, and the audio component will adjust to reflect the user’s spatial orientation/position. 

This WID will develop solutions specifically for conversational and non-conversational use cases where immersive content originates and is consumed in end-user devices.
The 3GPP Enhanced Voice Services (EVS) codec has delivered a highly significant improvement in user experience with the introduction of super-wideband (SWB) and full-band (FB) speech and audio coding, together with improved packet loss resiliency. For a truly immersive experience though, extended audio bandwidth is just one of the dimensions required and support beyond the mono and multi-mono currently offered by EVS is ideally required to immerse the user in a convincing virtual world in a resource-efficient manner.  In addition, the currently specified stereo codecs in 3GPP, e.g., Enhanced aacPlus (eAAC+) and AMR-WB+ provide suitable quality and compression for stereo content in an adequate bit rate range, but lack the conversational features (e.g. sufficiently low latency) needed for conversational voice and teleconferencing. These coders also lack immersive audio support that is necessary for immersive services, including e.g., live streaming, XR and immersive teleconferencing. 
The purpose of this work item is therefore to fill this technology gap and to address the increasing demand for rich and immersive multimedia services. In addition, teleconferencing applications over 4G/5G will benefit from this next generation codec used as an improved conversational coder supporting multi-stream coding (e.g., channel, object and scene-based audio). 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, AR/MR. 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). In the scope of 3GPP the predominant audio rendering instrument is envisaged to be headphones but configurations with e.g. tablet speaker playback may also be of relevance.
4	Objective
The overall objective of this work item is to develop additional features to complement IVAS standard. a single general-purpose audio codec for immersive 4G and 5G services and applications including the XR use cases envisioned in 3GPP TRs 26.918 and 26.928 and possibly relying on devices described in 26.998. The following objectives should be achieved with the work item:

· TheA fixed-point C-code that solution  is expected to deliver the same functionalities and similar performances asmeet the terms of reference (design constraints, performance requirements)  the floating point C-code in TS 26.258developed as part of this WI.
· Verified interworking performances between floating point and fixed-point C-codes, i.e. fl-fl, fl-fx, fx-fl, fx-fx all should have comparable performances. 
· Conduct the characterization tests on the fixed-point C-code and complement the TR 26.997.
· Complete the fixed point code conformance test procedure and requirements
· Define a tiered grouping allowing easier operating mode negotiation and guarantee of interoperability.
· Extensions or enhancements to RTP payload formats and SDP negotiation.
· Split rendering integration into RTP PF and 26.114 and 26.119
· 
· The solution is expected to handle encoding/decoding/rendering of speech, music and generic sound. 
· 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.
· It is expected to provide a decoder for the encoded format and a renderer with sufficiently low motion to sound latency.
· The solution is expected to operate with low latency to enable conversational services over 4G/5G.
· 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.
· 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 and other end-user devices to address various needs in terms of balancing user experience and implementation complexity / cost.
· The solution is expected to provide support for immersive Real-time Communication services including MTSI and potentially streaming services offered by the 5G system 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 developments under this work item should lead to a set of new specifications defining among others textual description of the IVAS codec. Following 3GPP practice, fixed-point and floating-point C code and associated test vectors should also be part of this set of specifications. RTP payload format, SDP parameter definitions, jitter buffer management, rendering and packet loss concealment should be specified as part of the set of the codec specifications.

Note: It is envisioned that subsequent work outside this work item will address suitable acoustic send and receive end requirements enabling immersive user experience.
5	Expected Output and Time scale
	New specifications {One line per specification. Create/delete lines as needed}

	Type 
	Series
	Title
	For info 
at TSG# 
	For approval at TSG#
	Remarks

	TS
	26.xxx
	Codec for Immersive Voice and Audio Services - General Overview
	SA#101 (September 2023)
	SA#102 (December 2023)
	

	TS
	26.xxx251
	Codec for Immersive Voice and Audio Services - ANSI C code (fixed-point)
	SA#1017 (September March 20232025)
	SA#1028 (December 2023June 2025)
	

	TS
	26.xxx
	Codec for Immersive Voice and Audio Services - Test Sequences
	SA#101 (September 2023)
	SA#102 (December 2023)
	

	TS
	26.xxx
	Codec for Immersive Voice and Audio Services - Detailed Algorithmic Description incl. RTP payload format and SDP parameter definitions
	SA#101 (September 2023)
	SA#102 (December 2023)
	

	TS
	26.xxx
	Codec for Immersive Voice and Audio Services - Rendering
	SA#101 (September 2023)
	SA#102 (December 2023)
	

	TS
	26.xxx
	Codec for Immersive Voice and Audio Services - Error Concealment of Lost Packets
	SA#101 (September 2023)
	SA#102 (December 2023)
	

	TS
	26.xxx
	Codec for Immersive Voice and Audio Services - Jitter Buffer Management
	SA#101 (September 2023)
	SA#102 (December 2023)
	

	TRCR
	26.9xx97
	IVAS Codec Performance Characterization
	SA#1071 (September 2023March 2025)
	SA#1028 (December 2023June 2025)
	

	TS
	26.xxx
	Codec for Immersive Voice and Audio Services - ANSI C code (floating point)
	SA#101 (September 2023)
	SA#102 (December 2023)
	



	Impacted existing TS/TR {One line per specification. Create/delete lines as needed}

	TS/TR No.
	Description of change 
	Target completion plenary#

	26.114
	Additional support for the IVAS Codec
	SA#1028 (December 2023June 2025)

	26.119
	Additional support for the IVAS Codec
	SA#108 (June 2025)



6	Work item Rapporteur(s)
Su, Huan-yu, Huawei Technologies Co Ltd., su.huanyu@huawei.comhs@qosound.com
Varga, Imre, Qualcomm Incorporated, ivarga@qti.qualcomm.com

7	Work item leadership
SA4

8	Aspects that involve other WGs
None
9	Supporting Individual Members
	Supporting IM name

	Ericsson LM

	Qualcomm Incorporated

	Huawei Technologies Co Ltd

	LG Electronics Inc.

	Dolby Laboratories Inc.

	Nokia Corporation

	Fraunhofer IIS

	VoiceAge Corporation

	Orange

	Samsung Electronics Co., Ltd

	ZTE Corporation

	Philips International B.V.

	Xiaomi

	Panasonic

	NTT
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