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1	Introduction
The present document compiles candidate changes, open issues, incomplete text, dependencies from other group, action items, and considered timeline to 3GPP TR 26.940 “Study on Ultra Low Bitrate Speech Codecs”. TR 26.940 aims for developing recommendations for potential normative work on an ultra-low bit rate codec for voice over Geostationary Orbit (GEO) satellites.
The following clauses and subclauses are structured according to the objectives that are in scope of the FS_ULBC SID [1]:
1.	Document the application scenarios for ultra-low bit rate communication services taking into account the use cases and potential requirements documented in TR 22.887 related to IMS Voice Call Using GEO Access. 
2.	Study GEO channel characteristics and derive service-related dependencies, e.g. bitrates, mouth-to-ear delay or loss/delay/jitter profiles.

NOTE: 	Any impact of ultra-low bitrate voice codec in NB-IoT services is outside of the scope of the study and is expected to be addressed by other working groups.
3.	Identify the relevant design constraints for such a codec, in coordination with other WGs, including
-	Bit rates
-	Sample rate and audio bandwidth
-	Frame length
-	Complexity and memory demands
-	Algorithmic delay
-	Packet loss concealment (PLC)
-	Potential use of noise suppression as part of the codec
-	Discontinuous transmission including voice activity detection and comfort noise
-	Speech quality
-	Robustness to non-speech input
4.	Provide some evidence that the design criteria can be met, for example existing reference codecs. 
5. 	Define performance requirements and identify appropriate test methodologies, regarding speech quality, intelligibility, conversational quality, in particular taking into account 
a)	Clean speech and noisy speech
b)	Tandeming with existing IMS voice codecs
c)	Clean channel and GEO channel conditions
6.	Identify or develop objective measures to verify the design constraints as necessary (e.g., to measure complexity and memory demands)
7. 	Identify relevant reference codecs for comparison and evaluation purposes.
8. 	Coordinate work with other 3GPP groups e.g. SA2, RAN, CT1, and others as needed.
9. 	Define potential normative work item objectives and timeline.
This working procedure of TR and p-doc includes:
- 	Maintain one TR and one p-doc (this document)
- 	All contributions to the TR are expected to be submitted using pCRs
- 	Both pCRs and discussion papers may be be used to contributed to the p-doc.
- 	Brackets should be avoided when possible, and when used:
-	Restricted to values only
-	Never applied to complete text blocks
-	Open issues in the TR are to be documented in the p-doc, for example the prioritization of application scenarios and related technical assumptions.
-	The p-doc should keep track of the status of the individual study item objectives.
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[bookmark: _Toc191892936][bookmark: _Toc1078]3	Definitions of terms, symbols and abbreviations
[bookmark: _Toc24104][bookmark: _Toc191892937]3.1	Terms
For the purposes of the present document, the following apply: 
example: text used to clarify abstract rules by applying them literally.
[bookmark: _Toc191892938][bookmark: _Toc18899]3.2	Symbols
For the purposes of the present document, the following symbols apply:
<symbol>	<Explanation>

[bookmark: _Toc28159][bookmark: _Toc191892939]3.3	Abbreviations
For the purposes of the present document the following apply

4	Application scenarios
Editor’s Note:	
1. Document the application scenarios for ultra-low bit rate communication services taking into account the use cases and potential requirements documented in TR 22.887 related to IMS Voice Call Using GEO Access.
2.  Additional study areas or use cases, such as IMS voice call over NGSO or TN should be added with lower priority if time permits and once the exact requirements can be given.
4.1		Scenario 1:  IMS Voice Call over GEO 
[bookmark: _Hlk196665561]4.1.1		Extracted technical assumptions and open issues
4.1.1.1		Assumptions for [Main] Scenario
The following assumptions apply for [Main] Scenario described in clause 4.2.2.2.
-	For the connection “UE1 – GEO satellite – Ground station” (UE1 uplink), the transmission data rate is significantly limited ([1-3] kbit/s), requiring an ultra-low bit rate codec fitting the transmission data rate for this link.
-	For the connection “Ground station – GEO satellite – UE1” (UE1 downlink), the transmission data rate is expected to be limited similarly to UE1 uplink.
-	For both uplink and downlink of UE1 it is expected that the link is subject to transmission errors reflecting GEO satellite access
Editor’s Note: "expected" should be replaced by more technical evidence when available (e.g., after coordination with RAN groups). 
-	The delay in uplink and downlink of UE1 is expected to be greater than the one of typical terrestrial networks.
Editor’s Note: "expected" should be replaced by more technical evidence when available (e.g., after coordination with RAN groups)
-	For the connection "Core Network – UE2" (UE2 downlink), the transmission data rate of a regular TN network is available. This link could be covered either by an existing IMS codec (transcoding necessary) or by the same ultra-low bit rate codec as used for the satellite link (transcoding-free).
-	To ensure seamless communication across different network types, roaming, etc. transcoding functionality in core network is likely needed.
Editor’s Note: More details may be added.
4.1.1.2		Assumptions for [Sub]-Scenario
The following assumptions apply for [Sub]-Scenario described in clause 4.2.2.3.
-	For both connections "UE1 – GEO satellite – Ground station" and "Ground station – GEO satellite – UE2" the transmission data rate is significantly limited ([1-3] kbit/s), requiring an ultra-low bit rate codec fitting this transmission data rate for these links.
-	This scenario may allow both transcoded (ULBC  existing IMS speech codecs ULBC) and transcoding-free operation (ULBC end-to-end)
Editor’s Note: More details may be added.

4. X	Scenario X: TBD

4.X.1	Background
4.X.2 Scenario Description

4.X.3 Extracted technical assumptions and open questions

5	Channel characteristics and service-related dependencies
Editor’s Note:	 
Study GEO channel characteristics and derive service-related dependencies, e.g. bitrates, mouth-to-ear delay or loss/delay/jitter profiles as priority.

5.1		Architectural components and interfaces
5.1.1		Scenario 1: IMS Voice Call over GEO
5.1.X	Scenario X:TBD

5.2		Channel characteristics
Editor’s Note:	 
- Study bitrates and loss/delay/jitter profiles.

5.2.1		Scenario 1:  IMS Voice Call over GEO
5.2.1.1		IntroductionIntroduction
[bookmark: _Toc257814378]This clause introduces the methodology of obtaining channel characteristics and results for developing design constraints and performance requirements for a codec supporting the main scenario as documented in Clause 4.2.1: IMS Voice Call over GEO. 
5.2.1.2	Delay error profiles
The delay-error profile is a model used to describe the network impairments—particularly delay and packet loss—that can impact real-time conversational services such as IMS voice call. Such profile typically reveals the GEO satellite channel characteristics and will be used to evaluate codec robustness, guide jitter buffer design and ensure a fair and comparable testing. 
5.2.1.3	End to end simulation model to derive delay error profiles
The intention of this methodology is to reuse the simulation model defined in Annex E of TS 26.132 [26132] to produce the delay error profile. 
This Annex E reference LTE access scenario is illustrated in Figure 5.2.1.3-1. Building on the main scenario defined in Clause 4.2.1, the corresponding end-to-end GEO access scenario is shown in Figure 5.2.1.3-2 and Figure 5.2.1.3-2a. The primary distinction between the reference LTE scenario and the GEO voice main scenario lies in the introduction of the “new GEO channel” and the potential inclusion of the Non-IP Data Delivery option in the protocol stack as illustrated in Figure 5.2.1.3-2a.


Fig.5.2.1.3-1: End-to-end channel of VoLTE using LTE access


Fig.5.2.1.3-2: End-to-end channel of main scenario for IMS voice call using NB-IoT (GEO) satellite access


Fig.5.2.1.3-2a: End-to-end channel of main scenario for IMS voice call using NB-IoT (GEO) satellite access with Non-IP Data Delivery 
Based on the functional description in Table E.1 of TS 26.132, the following input parameters are required to implement the simulation model:

[bookmark: _Hlk197961834]BLER_tx / BLER_rx:
These parameters are required to simulate block error rates in both uplink and downlink.  
NOTE: the resulted error trace based on Clause 5.2.2 will be used to serve as the BLER_tx/BLER_rx.
[max_tx / max_rx:
These define the maximum number of HARQ retransmissions for uplink and downlink respectively, which fall under RAN2 scope. In current specifications, NB-IoT supports at most two HARQ processes, which face constraints in high-latency GEO satellite scenarios. For IMS voice over GEO, HARQ feedback is suggested to be disabled per the standard of Release 18 [5].]
drx_cycle_length:
This parameter represents the duration of the DRX (Discontinuous Reception) cycle in milliseconds. It determines how frequently the device wakes up to monitoring possible scheduling grant. This parameter affects packet scheduling and transmission timing in the simulation context Annex E of TS 26.132. In addition, the values for LTE are 20-40ms, whether these values are suitable for GEO scenarios should be confirmed with RAN2.
mis_eNB1_eNB2:
This parameter represents the scheduling time mis-align between the two eNBs. In GEO scenarios, it indicates how long packets wait in the buffer before the next transmission opportunity. This should be determined primarily by RAN2 (responsible for dynamic scheduling or Semi-Persistent Scheduling) with possible input from RAN1 about physical layer timing relationship aspects.
[max_net_delay / min_net_delay:
These represent the delay range between eNB1 and eNB2. For GEO voice, they are considered similar to the LTE scenario, and legacy parameter values can be reused.]
Editor’s NOTE: 	whether the model for the delay between eNB1 and eNB2 for LTE scenarios well reflects the 		delay in deployment is FFS. 
nFrames:
This refers to the number of frames for the simulation. In the reference LTE scenario, one IP packet corresponds to 20 ms of speech. In contrast, the GEO voice scenario introduces additional considerations shown as follows due to the propagation delay from GEO satellite altitude. 
· Speech sequence (frame length): For GEO, a longer frame length may be used. The maximum frame length of 80 ms, as defined by 3GPP, is assumed in this simulation. Final confirmation is expected from SA4.
· Voice packet size: This depends on the protocol overhead as illustrated in Figure 5.2.1.3-3 for the reference LTE access scenario and Figure 5.2.1.3-4 for the GEO voice main scenario. The exact overhead depends on the transport path of the voice packets, user plane or control plane, via IP or via Non-IP (NIDD)—and must be confirmed by RAN2 and SA2.The RTP layer in Figure 5.2.1.3-4 may use a simplified RTP header. The feasibility of such a simplified header may be specified by SA4.



Fig. 5.2.1.3-3: VoIP RTP packet in reference LTE access scenario




Fig.5.2.1.3-4: Example of RTP packet in GEO voice main scenario
-	RTP Payload Size: This is computed as the product of frame length and codec bit rate. 
Editor’s Note: whether the size of RTP payload affects the delay-error profile is FFS.
Once the parameters regarding GEO channel are confirmed, the simulation methodology as described in Table E.1 will be updated with these new parameters and used to produce the required delay-error profiles.
5.2.2	Simulation Model to generate error traces and derive codec bitrates
The NTN link consists of a service link (between the UE and the satellite) and a feeder link (between the satellite and the ground station). The bottleneck is the service link due to the limited TX power and small antenna at the UE. The feeder link is typically characterized by large capacity and high reliability and can be abstracted as an ideal link in the end-to-end simulation. The RAN simulation addresses the service link only. 
The objective is to generate multiple loss traces for a combination of frame loss rate (target BLER), raw bitrate (TBS), voice bundling period and Doppler spread, while maintaining channel consistency among different combinations.
The multiple loss traces are the result of using multiple random seeds, and the number is 10. For each combination, all 10 seeds are used in generating the error traces.
Each trace represents a duration of 400 seconds (or 6.67 minutes). Therefore, for 80ms bundling, there are 5000 TBs, and for 160ms bundling there are 2500 TBs.

5.2.2.1	Link budget analysis
TR36.763 [36763] performed link budget analysis for 3GPP Set 1 GEO and 23dBm UE. The following CNR values are adopted as the baseline:
-	UL CNR = 2.6dB, 0dBi UE antenna gain, 3.75kHz SCS, 1 tone, UE maximum TX power 23dBm
-	DL CNR=-3.3dB, 0dBi UE antenna gain, 15kHz SCS, 12 tones, 1 UE receive antenna, UE maximum TX power 23dBm.  
 
5.2.2.2	Uplink simulation parameters
The following parameters are for the uplink of the service link.
Channel model: NTN-TDL-C [38811]
Elevation angle: Table 5.2.2.2-1 shows 10 degree channel model parameters.
Table 5.2.2.2-1 NTN-TDL-C at elevation alpha=10 degrees
	Tap #
	 Normalized delay
	Power in [dB]
	Fading distribution

	1
	0
	-0.0146
	LOS path

	
	0
	-24.96
	Rayleigh

	2
	21.66
	-37.714
	Rayleigh



Modulation: QPSK
Subcarrier Spacing (SCS): 3.75kHz, 15kHz
Number of tones: 1 for 3.75kHz SCS and 15kHz SCS 
Number of repetitions: companies will report the number of repetitions for each simulation
Voice bundling period: 80ms, 160ms, 320ms
NOTE: the 40ms bundling is not considered because for SCS 3.75kHz the minimum time-domain allocation is 32ms and it leaves insufficient time for downlink data (NPDSCH) and control (NPDCCH) transmissions in the same 40ms time interval.
Doppler spread: 1Hz, 5 Hz 
[bookmark: _Hlk204334787]Target BLER: 1%, 2%, 6%, 10%
[bookmark: _Hlk204334614]Editor’s Note:	 whether a fixed target BLER will be used is FFS.
Maximum Achievable SNR values: (3GPP SET-1 UL SNR) – 10*log10(B/3.75) + (P - 23dBm) + G + [X] dB, where
· 3GPP SET-1 UL SNR (=2.6dB) is the UL SNR for a single tone at 3.75kHz, 23dBm UE power, 0dBi UE antenna gain, as considered in TR36.763. 
· B is the bandwidth, taking values 3.75kHz, 15kHz 
· P is the maximum UE transmission power, taking value 23 dBm, 26 dBm, 31 dBm,
· G is the difference between the UE antenna gain and that assumed in TR36.763, and it is from 0 up to -5.5dBi, 
· X is TBD (to be reported by companies) to account for lower loss (e.g., lower scintillation loss), and/or better performance of commercial satellites.
[bookmark: _Hlk200640585]TBS values and PHY bitrates: The TBS values are selected from table 16.5.1.2-2 for NB-IoT for NPUSCH in TS36.213 and the corresponding PHY bitrates and codec bitrate (assuming 7 bytes of packet header) are calculated for each bundling period.
NOTE 1: 	The final size of packet header depends on the conclusions reached by SA2 and RAN, including whether 1-byte MAC header is feasible.
NOTE 2: 	The packet header is only counted once, regardless of how many voice frames are bundled together. 
NOTE 3: 	The precise relationship between the voice frame duration and the bundling time depends on the RTP payload design. In the case of multiple voice frames bundled together, the loss of a single Transport Block (TB) means the loss of multiple consecutive voice frames. 
Table 5.2.2.1-1 TBS and PHY bitrate for 80ms bundling
	TBS (bits)
	144
	256
	328
	424

	PHY bitrate (kbps)
	1.8
	3.2
	4.1
	5.3

	Codec bitrate (kbps)
	1.1
	2.5
	3.4
	4.6



Table 5.2.2.1-2 TBS and PHY bitrate for 160ms bundling
	TBS (bits)
	208
	424
	600
	808

	PHY bitrate (kbps)
	1.30
	2.65
	3.75
	5.05

	Codec bitrate (kbps)
	0.95
	2.30
	3.40
	4.70



Table 5.2.2.1-3 TBS and PHY bitrate for 320ms bundling
	TBS (bits)
	328
	776
	1096
	1544

	PHY bitrate (kbps)
	1.025
	2.425
	3.425
	4.825

	Codec bitrate (kbps)
	0.850
	2.250
	3.250
	4.650



Editor’s NOTE: 	The need of 320ms bundling option should be revisited after the channel simulation results are 		available.
Editor’s NOTE:	 Company can report candidate values of TBS.
Channel consistency: The same set of channel realizations are used across all combinations.
5.2.2.3	Downlink simulation parameters
Only the parameters that are different from the uplink are listed here.
SCS: 15kHz
Number of tones: 12
Achievable SNR: (3GPP SET-1 DL SNR) + G + [Y] dB, where 
- 	3GPP SET-1 DL SNR (=-3.3 dB) is the DL SNR for 12 tones at 15kHz subcarrier spacing and 1 UE receive antenna as considered in TR36.763,
- 	G is the difference between the UE antenna gain and that assumed in TR36.763, and it is from 0 up to -5.5dBi,
- 	[Y] is TBD (to be reported by companies) to account for more UE receive antennas (2 receive antennas instead of 1, providing an increase up to 3dB), lower loss (e.g., lower scintillation loss), better G/T values and/or better performance of commercial satellites. 
Editor’s NOTE: 
- 	Four companies [S4-251272,R1-2506170,R1-2505366,R1-2505941] reported Y=3 due to G/T from field measurements, -28.6dB/K, NF = 4dB, being 3dB better than the 3GPP assumed value -31.6dB/K.However, no consensus has been reached in RAN1 at this stage.
TBS values and PHY bitrates: The TBS values are selected from table 16.4.1.5.1-1 for NB-IoT for NPDSCH in TS36.213 and the corresponding PHY bitrates and codec bitrate (assuming 7 bytes of packet header) are calculated for each bundling period, and they are identical as those in clause 5.2.2.2. 
5.2.2.3	Frame structure
For dynamic scheduling, an example frame structure for Half-duplex FDD for the 80ms bundling period is shown in Figure 5.2.2.3-1. The duration of NPDSCH is 4ms and can take a different value depending on the DL SNR.
[image: ]
Figure 5.2.2.3-1 An example frame structure for 80ms bundling period and dynamic scheduling
NOTE:	 For UL, other possible frequency allocations are 1, 3, 6 and 12 tones with15 kHz per tone, and the choice depends on the UL channel capacity and the DL channel capacity.
If semi-persistent scheduling (SPS) is specified by RAN for NB-IoT NTN, an example frame structure is shown in Figure 5.2.2.3-2. The NPDSCH now can be anywhere in the first 15ms (considering that a minimum gap of 1 ms to the NPUSCH needs to be maintained).
  
[image: ]
Figure 5.2.2.3-2 An example frame structure for 80ms bundling period and SPS
Figure 5.2.2.3-3 shows a scheme based on “Cell_specific_Koffset” approach, which does not depend on the “TA report UE capability”. 
[image: ]
Figure 5.2.2.3-3 SPS scheme based on “Cell_specific_Koffset” approach, which does not depend on the “TA report UE capability”.
Notes: The gap between DL and UL can consist of:
1) A “Processing time + DL-to-UL switching”: It can be discussed whether the time for decoding the DL transport block needs to be considered or not, but at least the time that a “half-duplex device” requires for switching from DL-to-UL shall be considered which is 1 ms.
2) The “Max differential delay” shall be considered for the network to handle the different delays of different UEs in the NTN cell. The value of “Max differential delay” will vary and will typically range between [close to 0 and 10.3 ms].
Editor’s note: The range of the “Max differential delay” is TBC.
Note: RAN1 reply LS stated: 
· “Although the example Figure 5.2.2.3-1 is supportable by RAN1 specifications in most scenarios, it may not be supportable in the case where the cell is very large (e.g. >3000km), when the UE does not support TA report and the network does not support UE-specific K-offset. The example Figure 5.2.2.3-1 itself also requires the UE to be configured with two HARQ processes and with HARQ feedback disabled.”
· RAN1/2 have not yet started the work on designing SPS. Therefore, RAN1 currently cannot confirm whether the example frame structure for SPS (related to Figure 5.2.2.3-2 and associated text) will be supported.
5.2.2.4	Assumptions and Open Issues for NB-IoT GEO Simulation
This clause documents the assumptions and open issues that require further investigation.
	Issues
	Description
	Status

	1. UE Power Class
	Whether to use the specified 23 dBm power class for NTN NB-IoT or the broader range of power (e.g., 26, 29, 31, and 33 dBm) supported by commercial UEs remains undecided, as no consensus has been reached.
	Pending: 37 dBm (Requires RAN’s input and confirmation)

	2. Latitude-Dependent Loss
	Scintillation loss should be set to 2.2 dB or 0 dB, depending on latitude. As specified in TR 38.821, the impact becomes negligible and shall be consider to zero for beyond the ±20° latitude.
	Solved: The simulation accounts for latitude-dependent loss using the X term.

	3. Elevation Angles
	A proposal has been made to keeping both 2.3° and 12.5° elevation angles in the simulation to consider the worst-case scenario for maintaining acceptable quality. 
	Solved: The simulation accounts for elevation angles using the X term.

	4. UL/DL Guard Time
	An assumption of a 1 millisecond (ms) guard time for UL/DL switching is used in link budget analyses. The feasibility of this duration may need to be confirmed by RAN.
	Pending: Needs to be confirmed by RAN.

	[bookmark: _Hlk204332764]5. Determine candidate TBS values
	Whether to adopt the other potential TBS values need further verification.
- Xiaomi's proposal: S4aA250035
- Fraunhofer's: S4aA250031
- Skylo’s proposal: S4-251540
- Dolby's proposal: S4-251390
- Huawei’s proposal: S4aA250230
 S4-251305
- Qualcomm’s proposal: S4-251548
- vivo’s proposal: S4aA250215
	Unsolved

	6.Approaches to select TBS
	Three approaches were provided in S4aA250072, and requires further discussion. One of these approaches is described in detail in clause 5.2.2.4.1
	Unsolved

	7. Overall Simulation Methodology Description
	There is a recognized need to have a high-level description of how the simulation would be run, including parameters to optimize and result parameters.
	Unsolved: To be addressed after all simulation work is completed.

	8. Simulation Channel Model
	NTN-TDL-C or NTN-TDL-C5
	Solved , NTN-TDL-C is used

	9. Protocol Overhead
	Clarify packet header overhead for different combinations of user plane, control plane, and IP vs. non-IP.needs to be confirmed by RAN2 and SA2.
	Pending: Needs to be confirmed by RAN.

	10. Repetition numbers
	It was proposed to specify and report the number of repetitions in the simulation.
	Solved

	11.RX G/T for downlink
	A 3dB better value observed in the field compared to current assumptions by RAN.
	Unsolved



5.2.2.4.1	Methodology for Determining ULBC Bit Rate
Editor’s Note: The methodology described in this clause remains an open issue. 
5.2.2.4.1.1		Introduction
To give ULBC proponents the design freedom to deliver the most optimized candidate codec proposals, the following steps are needed:
-	Agree on a set of relevant operation points in terms of maximum achievable receive SNRs for which ULBC candidates will be evaluated. This set should cover the range from marginal operation to good and essentially error-free operation and include fading based on NTN-TDL-C [2] channel modelling. Care should be taken that this covers the full range of receive SNRs for which IMS Voice Call over GEO is expected to operate. 
-	Define performance requirements for each of the receive SNR operation points.
-	For each of the potential bundling times out of the set of 80, 160 and 320 ms, agree on a set of potential source bit rates that candidate solutions could use. This set should be based on presently discussed transport formats in terms of the following transport format parameters TBS, SCS, MCS, NRep. 
Note: With the presently discussed transport format parameters, a range of potential source bit rates from 825 – 4650 bits/s is achieved. However, the granularity of possible bit rates in that range appears insufficient and unequal. The source addresses this point in a separate contribution [3]. 
-	For each potential source bit rate, determine the optimum transport format parameter combination SCS, MCS, NRep that lead to best possible transmission performance at that bit rate. This could be done based on BLER vs SNR curves like those presented in [4].
-	Produce packet loss patterns for each bundling time and each potential source bit rate for the set of relevant maximum achievable receive SNRs (after channel modelling). For a codec selection, it should be made sure that the specific loss patterns used in a comparative evaluation are unknown to any proponent.
-	Compare ULBC candidates with each other on the basis of performance requirements for the relevant receive SNRs. Based on the choice of source bit rate and bundling time, a given candidate codec will be subjected to the corresponding packet loss patterns.
NOTE:	Although the ULBC codec selection should primarily be done for GEO NTN Nb IoT (as prioritized in the SID), it may be beneficial to ensure that the candidate codecs are additionally tested for other conditions/use cases than NTN NB IoT where the BLER can assumed to be independent of the source bit rate, e.g., Terrestrial IMS (1% BLER target usually), OTT (ideal channel (0% BLER)) and, potentially, extreme conditions (e.g. 10% BLER or typical long losses due to blockage).
5.2.2.4.1.2	Example
The following example illustrates how a ULBC proponent could find the best possible bitrate for its solution such that the voice quality is optimized.
Assume that the proponent has a design that allows operation at two net (codec) bitrates, at 0.95 kbps and 3.4 kbps. The proponent seeks to determine whether the low or the high bitrate option would lead to better voice quality.
Additionally, assume that the study is done for UL and that the bundling time is 160 ms. In that case, and further assuming that the IP overhead (after header compression) is 7 bytes, a TBS of 208 bits would be chosen for the low-rate option, while a TBS of 600 bits would be chosen for the high-rate option.
Furthermore, the UE tx power assumptions and link budget assumptions according to Tdoc S4aA250058 [4] are taken, namely, leading to the following receive CNR/SNR values based on the link budget analysis of this document:
Table 5-1 [5]: CNR results under different parameter assumptions
	
	SCS/BW
	UE power
	UL CNR

	Config. 1
	3.75kHz/3.75kHz
	23dBm
	8.66 dB

	Config. 2
	15kHz/15kHz
	23dBm
	2.64 dB 

	Config. 3
	3.75kHz/3.75kHz
	26dBm
	11.66 dB

	Config. 4
	15kHz/15kHz
	26dBm
	5.64 dB

	Config. 5
	3.75kHz/3.75kHz
	29dBm
	14.66dB

	Config. 6
	15kHz/15kHz
	29dBm
	8.64dB

	Config. 7
	3.75kHz/3.75kHz
	31dBm
	16.66dB

	Config. 8
	15kHz/15kHz
	31dBm
	10.64dB



To facilitate a comparison of the achievable voice quality with the two ULBC bitrate options, BLER patterns are generated using NTN-TDL-C [2] channel modelling in the following steps.
Initially, among the available transport format parameter configurations, the one that offers best transmission performance is chosen.
For TBS = 208 bits, the choice is made among the configurations shown in the following table (with tx-time =128 ms) :
Table 5-2: Possible transport format configurations for TBS=208 bits and 160 ms bundling
	Configuration
	TBS
	SCS
	MCS
	Number of RU
	Repetition number 
	PHY bitrate(kbps)

	#1
	208
	15
	0
	8
	2
	1.3

	#2
	208
	15
	3
	4
	4
	1.3

	#3
	208
	15
	12
	1
	16
	1.3

	#4
	208
	3.75
	3
	4
	1
	1.3

	#5
	208
	3.75
	12
	1
	4
	1.3



For TBS = 600 bits, the choice is made among the configurations shown in the following table (with tx-time =128 ms):
Table 5-3: Possible transport format configurations for TBS=600 bits and 160 ms bundling
	Configuration
	TBS
	SCS
	MCS
	Number of RU
	Repetition number 
	PHY bitrate(kbps)

	#1
	600
	15
	15
	2
	8
	3.75

	#2
	600
	3.75
	15
	2
	2
	3.75



Subsequently, for the selected configurations that are found most suitable, generate the following BLER patterns using an NTN-TDL-C [3] channel simulator:

Table 5-4: BLER patterns to be generated for low and high rate for 4 relevant UE tx power settings 
	UE power
	Low rate (TBS=208 bits)
	High rate (600 bits)

	23 dBm
	ep-ul-208-23dBm
	ep-ul-600-23dBm

	26 dBm
	ep-ul-208-26dBm
	ep-ul-600-26dBm

	29 dBm
	ep-ul-208-29dBm
	ep-ul-600-29dBm

	31 dBm
	ep-ul-208-31dBm
	ep-ul-600-31dBm



Next, prepare proponent codec simulation such that it can be operated with inserted packet loss using the BLER patterns generated in the previous step.
Proceed to run codec simulation using these patterns, encoding suitable test speech material. The input speech data is assumed to be called ‘inp_speech.wav’. The simulation generates output speech data files for the different applied BLER patterns. The following output files are generated:
Table 5-5: Output speech files for low and high rate options for the different UE tx power settings
	Low rate (TBS=208 bits)
	High rate (600 bits)

	out_speech-ul-208-23dBm.wav
	out_speech-ul-600-23dBm.wav

	out_speech-ul-208-26dBm.wav
	out_speech-ul-600-26dBm.wav

	out_speech-ul-208-29dBm.wav
	out_speech-ul-600-29dBm.wav

	out_speech-ul-208-31dBm.wav
	out_speech-ul-600-31dBm.wav



Lastly, evaluate the quality of the output speech, e.g. in a listening test. The quality evaluation will have to consider that the four tx power settings may result in different respective quality levels. To get to an overall voice quality judgement, it will be needed to make some (weighted) averaging of the obtained opinion scores.
NOTE:	It is important to note that the quality is expected to increase with higher UE tx power since fewer packet losses are expected to occur. Moreover, it may be expected that the high rate codec option may show relatively degraded quality especially for low UE tx power. On the other hand, the low rate option of the codec may be limited due to low bit rate and that bitrate option may not benefit from higher UE tx power conditions since the transmission for low UE tx power may already be essentially error-free. The evaluation would provide deeper insight and let the proponent choose the best option overall.
Furthermore, note that speech files of a reference system to be used as performance requirements could be generated in a very similar fashion. Assuming that such a reference codec would operate at e.g. 1.5 kbps, the task would be to identify the TBS and transport format configuration that would be most suitable to transport payloads of this reference codec over the GEO NTN NB-IoT channel, generate the corresponding BLER patterns for the relevant UE tx power settings and then generate the respective output speech files to be used as performance requirement.

5.2.3	Results
Editor’s Note: the results are FFS
5.2.3.1	Report on Companies Provided Simulation Results
This clause summarizes the preliminary simulation results contributed by the companies in SA4.
Table 5-6: Simulation Results for 80ms bundling period for ULBC over NB-IoT NTN GEO channel
	Bundling Period
	Company Name
	Simulation Results

	80
	Qualcomm
	S4-251739

	
	Company A
	

	
	Company B
	

	
	Company C
	




5.2.X Scenario X:TBD

5.3	 service-related dependencies
Editor’s Note:	 
-  Study mouth-to-ear delay.

5.3.1	 Scenario 1:  IMS Voice Call over GEO
5.3.X Scenario X:


6	Design constraints
Editor’s Note: 
2.. Identify the relevant design constraints for such a codec, in coordination with other WGs, including:
-	Bit rates
-	Sample rate and audio bandwidth
-	Frame length
-	Complexity and memory demands
-	Algorithmic delay
-	Packet loss concealment (PLC)
-	Potential use of noise suppression as part of the codec
-	Discontinuous transmission including voice activity detection and comfort noise
-	Speech quality
-	Robustness to non-speech input
- 	Identify or develop objective measures to verify the design constraints as necessary (e.g., to measure complexity and memory demands)
[6.10	 The status of DCs
	External Dependency
	Information from External Groups
	SA4's Assumption
	Open Issues

	DC: Bitrates
	　
	e.g., A preliminary set of bitrates assumed by SA4 includes xxx-xxkpbs.
	　

	DC: DTX/CNG
	　
	　
	　

	DC: Frame length
	e.g., S4-XXXXX an LS from RAN that indicats that the frame length should...
	　
	　

	DC: PLC loss/dly/error proiles
	　
	　
	　

	DC: Alg. Delay
	　
	　
	　



	Interdependency
	Core Influencing Factors
	Progress
	Open Issue

	DC: Bitrate
	Frame length (Major and External)
	　
	　

	
	Robust Non-Speech
	　
	　

	
	Evidence DCs
	　
	　

	
	Noise Supression
	　
	　

	
	Study GEO channel characteristics, derive service-related dependencies (Major and External)
	　
	　

	DC: Complexity, Memory
	Objective Measures (Major)
	　
	　

	
	DC:Robust Non-Speech
	　
	　

	
	DC: noise suppression
	　
	　

	
	Evidence DCs
	　
	　

	DC: Sample rate, audio bandwidth
	Evidence DCs
	　
	　



]
6.1	General
The following clauses present the design constraints (DC) for an Ultra Low Bitrate Codec for the use in application scenarios as given in clause 4. Clause 6.2 outlines the DC parameter and clause 6.3 outlines objective verification methods of some DC parameter. 
6.1.1	Complexity and Memory demands
A list of devices of different type which may support ULBC is shown below:	
-	Handheld mobile phones
-	Smart watches
-	Smart glasses/head mounted devices
-	TCU (Telematics Control Unit)
-	CPE (Customer Premises Equipment)
-	Vehicles
-	Other possible IoT devices
[It is recommended to consider ULBC solutions that are implementable on DSP/CPU/NPU enabled UE devices. 
Since some of the low-end UEs might be based on DSP processors only, ULBC solutions should be implementable on DSP enabled UE devices, e.g., audio processing DSPs available in mobile phones for voice communication with complexity figure less than 500WMOPS measured on a C reference code and the ROM memory space less than 20MB assuming 32bit/parameter (or 5M model parameters).
Editor’s note: What is meant by DSP enabled UE devices needs to be defined. 
]
Editor’s note: The metric for complexity estimation and the exact limits are TBD.
6.3	Design Constraint Verification
Editor’s note: Algorithmic delay verification method for AI based codecs required.
6.3.1	Complexity Verification
While the complexity constraints for the ULBC codec may be based on theoretical, platform-agnostic metrics (such as MACs/FLOPs for AI-based components and WMOPS for traditional signal processing components), model size and precision, it can be beneficial to ensure that these metrics are meaningful for real-world deployment. The details of such verification process and the stage at which such verification may happen is FFS. 

8	Existing technologies and feasibility evidence 
Editor’s Note:	 
Provide some evidence that the design criteria can be met, for example existing reference codecs. 

[bookmark: _Toc191892944][bookmark: _Toc32175]7	Performance requirements
Editor’s Note:	
1.Define performance requirements and identify appropriate test methodologies, regarding speech quality, intelligibility, conversational quality, in particular taking into account:
-	Clean speech and noisy speech
-	Tandeming with existing IMS voice codecs
-	Clean channel and GEO channel conditions
2.Identify relevant reference codecs for comparison and evaluation purposes.
7.1	The status of PRs.
	
	Core Influencing Factors
	Progress
	Open Issue

	Performance requirements/speech quality
	DC: Sample rate and audio bandwidth
	　
	　

	
	DC: Bitrates (External)
	　
	　

	
	DC: Frame length
	　
	　

	
	DC: PLC (External)
	　
	　

	
	DC: Algorithmic Delay
	　
	　

	
	DC: Complexity, Memory
	　
	　

	
	Test Methodolgies
	　
	　

	
	DC:noise suppression
	　
	　

	
	DC:DTX/CNG
	　
	　

	
	DC:Robust Non-Speech
	　
	　

	
	Evidence DCs
	　
	　

	
	Reference codec
	　
	　


7.2	Clean speech and noisy speech
7.3	Tandeming with existing IMS voice codecs
7.4	Clean channel and GEO channel conditions
[bookmark: _Toc30376][bookmark: _Toc28762][bookmark: _Toc15758]9	Test methodologies


[bookmark: _Toc26491]10Considered work plan for potential normative work
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