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1. Background
The overall objective of the IVAS_Codec Work Item (SA4 #94, S4-170749) is to develop a single general-purpose audio codec for immersive 4G and 5G Voice Services and applications including the UE-generated VR Use Cases (e.g., as summarized in 3GPP TR 26.918, Clause 9.1). 
Clause 2 of this document proposes design constraints for the bit rates of the IVAS codec that focuses on the highlighted subset of IVAS_Codec WID Objectives. 
A. The solution is expected to meet the terms of reference (design constraints, performance requirements) developed as part of this WI.

B. The solution is expected to handle encoding/decoding/rendering of speech, music and generic sound. 

i. 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.

ii. It is expected to provide a decoder for the encoded format and a renderer with sufficiently low motion to sound latency.

C. The solution is expected to operate with low latency to enable conversational services over 4G/5G.

D. 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.

E. 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. 

F. 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.

G. 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.

2. Design Constraints for the IVAS Codec Bit Rates and other Operating Points
It is recommended that the IVAS Codec shall span a range of bit rates from low rates (e.g., for high efficiency conversational speech services) to high rates (e.g., for immersive conversational services).  It is recommended that the offered span of bit rates shall be wide enough to allow for rate adaptation in response to available transmission resource.
2.1. Bit rate: The IVAS codec shall support fixed rate source coding of various audio formats (e.g., mono, stereo, multichannel, scene-based audio, independent streams w/metadata) at VoLTE bit rates of 7.2, 8, 9.6, 13.2, 16.4, 24.4 kb/s. Further, the IVAS codec shall support fixed rate source coding at bit rates of 32, 48, 64, 96, 128, 160, 192, and 256 kb/s [max TBD] to provide support for a range of service capabilities, e.g., from mono to stereo to fully immersive audio encoding/decoding/rendering. The IVAS codec shall perform rate switching upon command to the encoder throughout the supported bit rate range.
Note: The gross bit rate supported in the DTX/CNG/SID operation is [TBD].
2.2. Frame length, Algorithmic Delay: The IVAS candidate codec shall operate with a frame size of 20 ms. The algorithmic delay for the IVAS codec shall be similar to that of the EVS codec, i.e., 32ms. The algorithmic delay for IVAS is defined as the frame size buffering delay plus any other delays inherent in the codec algorithm (e.g., look-ahead, sample-rate conversion, downmix/upmix processing, and decoder post-processing). 

Note: The algorithmic delay does not include the rendering delay. The algorithmic delay does not include the motion to sound latency, a feature that may be relevant for VR applications.

Note: The algorithmic delay does not include the processing delay (e.g., runtime of the DSP to process the speech frame at encoder and decoder), and channel transmission delays. 
2.3. Sampling rate:  The IVAS codec shall support 16, 32, and 48 kHz sampling rates in all operation modes. The IVAS codec shall support coding of wideband (WB), super-wideband (SWB), and full-band (FB) audio content.

Note: WB audio is typically sampled at 16 kHz with an audio bandwidth of 50 – 7000 Hz. SWB audio is typically sampled at 32 kHz with an audio bandwidth of 50 – 14000 Hz. FB audio typically provides an audio bandwidth up to 20000 Hz.
3. Proposal 

The proposal is to create an IVAS Design Constraints Permanent Document and include Clause 2, i.e., the design constraints for the IVAS codec bit rates.
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