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1. Scope

This document attempts to capture and consolidate the design constraints considered within SA4 for FS_ULBC. Due to the working procedure where consensus agreements are needed for design constraints to be integrated in ULBC PD or TR 26.940. Unfortunately, so far, the lack of consensus agreements prevented documentation of those important items. The source feels that it is helpful to keep the current status of the design constraints in a living document, even though some of them might not be fully agreed.
2. ULBC Design Constraints
	Parameter
	Design Constraint
	Note

	Sampling Frequency and Audio Bandwidth
	S4-251918
Support of [8, 16, 32] kHz / [NB, WB, SWB] required
Editor’s Notes:

· Support of 8 kHz justified for interoperability. Would NB be just tested and supported “externally” based on some external resampling?
· Support of 48 kHz may be considered at higher bitrate operation

Support at least a single model (e.g. SWB)?
S4-251794->S4-260157
The ultra low bitrate codec shall support sampling rates of 8kHz (NB) and 16kHz (WB).
S4-251808
The ultra low bitrate codec supports any combination of the following input and output sampling rates: 8 kHz, 16kHz and 32kHz.

The choice of the supported audio bandwidth per bitrate is up to the codec proponent. 

S4-260255
· Single sample rate: e.g. 16 kHz

· Audio bandwidth: up to WB
Note: Sample rate and bandwidth requirement may depend on agreed target bitrate
	S4-251918
Many neural codecs operate at 24 kHz, this specific sampling rate should be discussed.

There may be complexity considerations associated to this box; joint decisions with other design constraints may be needed.


S4-251794->S4-260157
The supported audio bandwidth for:

- NB ranges from 50 – 4000Hz

- WB ranges from 50 – 8000Hz
S4-251808
For transcoding, all deployed sampling rates need to be supported.

For subjective tests, ULBC candidates should be compared at the same bitrate and at 16 kHz as well as 32 kHz sampling rate, which allows candidates to optimize performance for NB/WB (16 kHz) or NB/WB/SWB (32 kHz) depending on the bitrate.
S4-260175
Note: NB audio is typically sampled at 8 kHz with an audio bandwidth of 100 – 3500 Hz. 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.

	Number of audio channels
	S4-260175
The ULBC candidate codecs shall support mono coding with one channel input and one channel output.


	

	Bit Rates
	S4-251792
The ULBC candidate codecs shall operate at bitrates lower than [3.00]kb/s
	

	Frame length
	S4-251918
[Multiple of 20 ms]
S4-260175
The candidate codecs shall operate with a coding frame size of multiple of 20 ms.
S4-260255
· Corresponding to SPS/bundling period (160 ms) or sub-multiples thereof 
	S4-251918
Dependency: RAN simulations and system considerations
S4-260175
Since larger than 20ms bundling time periods will be used, codec proponents should be allowed to consider solutions with larger than 20ms frame sizes

	Algorithmic Delay
	S4-260175
The algorithmic delay shall be less than [coding frame size + x]ms
S4-260255
Algorithmic delay excl. framing: 
e.g. <= 80 ms (0.5 * SPS/bundling period)
	The algorithmic delay is defined as the frame size buffering delay plus any other delays inherent in the codec algorithm (e.g., look-ahead, sample-rate conversion, and decoder post-processing)


	Complexity
	S4-260175
Complexity limits are applied according to the following categories. The computational complexity and program ROM (PROM) of the candidate codecs for each category shall be measured with ITU-T STL2009 [4] as the observed worst-case encoder + observed worst-case decoder complexity within the same category [5], [6]
Computational:

wMOPS: Less than [x]wMOPS
Memory:
RAM:
ROM:
Program ROM: 
S4-251807
· The model size per operation mode is less than [5-10] million parameters.

· The total number of parameters is less than [Z] million
S4-260142
· Complexity: single Model Size < 3M parameters and < 600MMACS.

· RAM: < 3M parameters assuming no switching between operation modes. (Whether switching will be supported FFS). 

ROM: < 15M parameters.
S4-260241
The source proposes to define a computational complexity metric by counting
· WMOPS for the DSP‑based components,

· MAC for the ML‑based components, and

· combine those to a common value according to WMOPS + w · MACs, where w is a ML weighting factor

Finally, a maximum value needs to be defined as computational complexity limit in design constraints. Based on this principle, a similar metric can be defined for memory counting.
S4-260255
· Limited; the limits should be sufficiently low to not preclude deployment on current-generation smartphones

· TBD MMAC/s

E.g. 3 M parameters

	S4-260175
The ULBC Codec should be implementable on a mobile device using today’s technology. Increased computational complexity and memory usage should be commensurate with the gain in quality of user experience (e.g. higher audio bandwidth such as SWB or stereo if it is supported) or with increased efficiency (e.g. lower bit rate for same quality when compared to a reference codec).



	Potential use of noise suppression as part of the codec
	S4-251918
If noise suppression is supported inside ULBC, it is expected that there is a mechanism to disable noise suppression in the codec [7],[8]
Editor’s Notes: Clarifications needed:

· Need to support noise suppression in UBLC? (typically vendor specific, defined outside the codec)

· Impacts on test methodology, DTX operation/performance

S4-251848
ULBC should be robust to noisy speech with low SNR, noise and other non-speech input.

ULBC should be able to reconstruct a background noise representation in at least certain configuration
S4-251881-> S4-260220
If noise suppression is supported as part of the candidate codec, it can be disabled to preserve background signals
S4-251908
For active speech, noise suppression within ULBC is allowed.
S4-260137 (regular call)
Noise preservation is not required and noise suppression as part of the codec may be applied
S4-260137 (eCall)
Background noise preserved during the call at least for the direction from vehicle to emergency response center. For the opposite direction, noise preservation may not be required.
S4-260255
· No requirement to provide noise suppression

· Required capability to handle and reconstruct noisy speech input with moderate to high SNR; 

Note: Noise reconstruction capability is primarily enforced through performance requirements

	S4-251918
Motivations:

· Disabling noise suppression is required to test feature apart
· Avoid tandeming in real operation
IMS voice communication is defined in TS 22.228, GEO satellite access has no specific requirement on noise handling
S4-251848
Editor’s note 1: May need to be in performance requirement

Editor’s note 2: Noise reconstruction may only be enabled in certain configurations and be limited to certain types of noises.
S4-251881-> S4-260220
Editor’s note 1: Requirement to disable noise suppression may be considered in connection with specific operating bit rate(s)

Editor’s note 2: Solution behaviour w.r.t. potential noise suppression is primarily enforced via performance requirements. The default operation for tests is with noise suppression disabled.



	Jitter Buffer Management (JBM)
	S4-260175
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
	S4-260175
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
	S4-260175
Due to the Bundling period and the associated TBS, switching might have to happen at the boundary of bundling period

	Packet loss concealment (PLC)
	S4-251918
A PLC solution shall be provided by the ULBC candidate codecs
Editor’s Notes:

· Typical loss profiles/characteristics to be clarified

Support of redundancy to be clarified
S4-260255
Required; capable of addressing single agreed-upon target bit rate and operation point of IMS Voice Call over GEO (see above)
	S4-251918
Support of JBM to be added as extra box

S4-260175
Need to be able to handle BLER up to [x%]

	RTP payload format
	S4-260175
Candidate codecs shall provide an RTP payload format specification supporting the full set of features and functionality of the ULBC candidate codecs.
	

	DTX
	S4-260175
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.
S4-251881-> S4-260220
The candidate codec shall provide a framework for voice activity detection (VAD) and discontinuous transmission (DTX) with comfort noise generation (CNG). It shall be possible to operate the codec with DTX on or DTX off.
S4-251918
Support required

Editor’s Note: Typical radio characteristics and optimizations (SPS, DRX, bitrate) to be clarified
Editor’s Note: Typical radio characteristics and optimizations (SPS, DRX, bitrate) to be clarified
S4-260137 (regular call)
Support 
S4-260137 (eCall)
No DTX support during the call at least for the direction from vehicle to emergency response center
S4-260255
· No requirement to support DTX

Note: No separate DTX-related performance requirement.


	S4-251881-> S4-260220
Editor’s note: Operation relating to DTX on and disabling/enabling potential noise suppressor may need to be clarified 


	Robustness to non-speech input
	S4-251881-> S4-260220
The candidate codec shall be robust to noisy speech (stationary noise 5-15 dB, non-stationary noise 10-25 dB), background signals during and between speech segments, and other non-speech input signals
	Editor’s note: May need to be in performance requirement

S4-251881-> S4-260220
Editor’s note 1: May need to be in performance requirements

Editor’s note 2: Relevant background signals, etc. to be further defined as part of performance requirements, these include both stationary and non-stationary background signal types

	Output gain limitation
	S4-260175
The ULBC candidate codecs shall not amplify the output signal relative to the input signal beyond limits. 

Editor’s Note: Similar limits and methodology to measure the amplification are described in the EVS-7a,b processing plan permanent document.

	


Editor’s note: Speech quality to be addressed in the performance requirements.
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