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Introduction
NB‑IoT devices intended for ULBC voice services in NTN deployments demonstrate considerable variation in their radio capabilities. While a significant proportion of UEs support commonly adopted baseline features – such as lower transmit power classes or single‑antenna receive configurations – other units may incorporate advanced functionalities, including higher transmit power, improved receiver performance, multi‑tone uplink transmission, or dual‑antenna arrangements. These capabilities are optional and therefore vary depending on device categories, market segments, and implementation strategies.
Given that such differences can have a profound impact on achievable link performance and overall system resource utilisation, it is imperative that ULBC system design does not presuppose assume only a uniform UE capability profile. It is essential to consider that only a subset of UEs will support advanced features like higher power classes (e.g., PC2 or PC1), while others will operate with more limited configurations. The diversity in device capabilities presents both challenges and opportunities for NB‑IoT NTN ULBC: baseline UEs might necessitate more conservative transmission parameters to ensure reliability, whereas UEs with enhanced specifications can optimise time-domain resource usage or enhance robustness by leveraging their superior features.
This document, which revises Tdoc S4aA260006 [1], introduces a methodology that integrates considers capability diversity into ULBC system design and multi-user scheduling. By recognising that advanced capabilities are optional and not universally implemented, the proposed approach facilitates more efficient resource allocation, supports differentiated ULBC bitrate levels, and enhances overall system performance without imposing additional requirements across all UE types. An accompanying pCR proposes an amendment to TR 26.940 [2], incorporating a new clause on UE capability diversity and extending the discussion of multi-user considerations to include capability-aware scheduling. Furthermore, recognising that diverse UE capabilities allow for potential ULBC bitrate differentiation, it is recommended to agree upon a minimum set of three ULBC target bitrates for evaluating candidate codecs, potentially across various ULBC standardisation phases as suggested in [3].
Discussion
Benefits of enhanced UE capabilities
UE capabilities may vary across several dimensions, e.g.:
· Transmit Power Classes: Baseline NB‑IoT UEs typically support Power Class 3 (23 dBm), while enhanced UEs may support higher classes such as Class 2 (26 dBm) or Class 1 (31 dBm) [4]. 3GPP is also specifying Class 1.5 (29dBm) [9].
· Receive Antenna Configurations: Most UEs implement a single RX antenna, but some may support dual antennas. Simulation results indicate a gain of up to ~3 dB. 
· Advanced Features: Further increased TX power capability and improved RF sensitivity.
The enhanced capabilities introduce opportunities for more efficient ULBC system design. For instance, the enhanced capabilities may be used to shorten the time-domain resource usage in the NB-IoT half-duplex transmission scheme. This may be used to overcome the limitations highlighted in [5] preventing using an 80 ms SPS period due to excessive BLER and severe capacity limitations.
The enhancements may also enable multi‑tone NPUSCH transmission, which can enable higher ULBC bitrates and/or (again) reduced time-domain resource usage, and/or improved link robustness (reduced packet error rates).


Leveraging Enhanced UE capabilities in multi-user SPS scheduling scenario
In real-world deployments, multiple UEs share the same NB‑IoT carrier. An important consideration is system capacity, i.e. the number of simultaneous ULBC voice connections. Proper multi-user SPS scheduling is needed to maximize system capacity while offering each connection a certain QoS level. Capability-aware resource allocation can both lead to optimized system capacity and enhanced QoS levels and thus significantly improve system efficiency over SPS scenarios where all connections are required to operate with the same transmission parameter configuration:
· Dynamic SPS Assignment: UEs with higher TX power or dual RX antennas can be scheduled with shorter SPS periods (e.g., 80 ms), reducing latency and improving conversational quality, while baseline UEs may use longer SPS periods (160 ms or 320 ms) to enable sufficient QoS.
· Multi-Tone Transmission: Enhanced UEs can utilize multi-tone NPUSCH formats to achieve higher bitrates and reduce time-domain resource usage, freeing capacity for other users [6].
· Load Balancing: By prioritizing resource allocation based on UE capability, operators can maximize overall system capacity while maintaining acceptable service quality for all users.
· Service Differentiation: Operators may define multiple ULBC service tiers: 
· Baseline Service: For least capable UEs, using conservative configurations (long SPS, single-tone NPUSCH).
· Intermediate Service: For UEs with moderate enhancements, enabling shorter SPS and possibly multi-tone transmission.
· Enhanced Service: For capable UEs, enabling higher bitrates and reduced latency through shorter SPS and multi-tone transmission and dual receive antennas.
[bookmark: _Hlk219060283]Figure 1 illustrates these principles in a practical example. It shows a scheduler allocating uplink and downlink resources on a single NB‑IoT carrier to multiple users using for example 3 UEs types with different capabilities:
· UE type A (Baseline): (e.g., Users 5 to 12) Scheduled with a 160 ms SPS period, using regular-duration (128 ms) single-tone NPUSCH due to Power Class 3 limitation. The voice service is operated with a net bitrate of 950 bits/s (assuming 7 byte packetization overhead and TBS 208 bits). Evidence of the feasibility of this configuration was given in [7].
· UE type B (Intermediate), (e.g., Users 3 and 4): Scheduled with an 80 ms SPS period, made possible by reduced-duration (64 ms) NPUSCH due to higher TX power. Possibly using a multi-tone NPUSCH format. In the specific example, the voice service is operated with a net bitrate of 1100 bits/s (assuming 7 byte packetization overhead and TBS 144 bits). However, higher TX power and multi-tone could also be used to operate with higher UL bitrate. The feasibility of this configuration was demonstrated in [8].
· UE type C (Enhanced), (e.g., Users 1 and 2): Scheduled with an 80 ms SPS period, made possible by reduced-duration (64 ms) NPUSCH and reduced-duration NPDSCH due to higher TX power and dual RX antennas. Possibly using a multi-tone NPUSCH format. In the specific example, the voice service is operated with a net bitrate of 1100 bits/s (assuming 7 byte packetization overhead and TBS 144 bits). On DL, the duration of the NPDSCH is reduced by 50% compared to the case of UE type B due to the enhanced receiver performance enabled by using 2 RX antennas. The higher TX power and multi-tone could also be used to operate with higher UL bitrate.
This example demonstrates how capability-aware scheduling optimizes resource allocation, reduces latency for enhanced UEs, and maintains reliability for baseline UEs without compromising overall system capacity. Note that the MAC scheduler may occasionally re-assign scheduling instances of the multi-user transmission scheme in order to avoid large unallocated transmission time periods on the shared DL channel (NPDSCH) to optimize capacity.
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Figure 1: UE capability-aware Multi-user SPS scenario
ULBC bitrate
Dropping the assumption that all ULBC voice connections are required to operate with the same transmission parameter configuration and rather allowing a ULBC service provider to leverage the diverse UE capabilities opens the possibility of ULBC bitrate differentiation. For instance, more capable UEs possibly having a premium service subscription may be offered ULBC voice service at higher bitrate and thus higher service quality. Regular UEs with a basic service level may be offered service at relatively lower bitrate. Very power-constrained devices might be offered service at even lower bitrate.
Potential ULBC target bitrates for these ULBC service levels might be in the approximate ranges from [600 - 1000], [1000 - 1800], [1800 - 3000] bits/s. The actual bitrates could still be subject to the ongoing discussions on TBSs, and, e.g., higher bitrates than 3000 bits/s may therefore become relevant. 
Conclusion
The proposed edits in the pCR below aim to introduce consider capability-awareness in ULBC system design for NB-IoT NTN deployments. Rather than assuming a single baseline configuration, the approach leverages the diversity of UE capabilities—such as higher transmit power classes, dual receive antennas, and advanced RF features—to optimize both service quality and system capacity. This enables dynamic scheduling strategies where enhanced UEs can operate with shorter SPS periods (e.g., 80 ms) and multi-tone NPUSCH formats for reduced latency and higher bitrates, while baseline UEs maintain reliability with longer SPS periods (e.g., 160 ms or 320 ms).
To ensure fair and efficient service differentiation, it is also suggested to agree on a minimum set of 3 ULBC target bitrates at which candidate codecs will be evaluated. Recommended target bitrates could be in the approximate ranges from [600 - 1000], [1000 - 1800], [1800 - 3000], representing basic, intermediate, and enhanced service tiers respectively. These tiers allow operators to offer differentiated ULBC voice services aligned with UE capabilities and/or subscription levels, thereby improving user experience and overall system efficiency. Bitrates higher than a certain minimum bitrate could also be considered in a second ULBC standardization phase [3]. Once agreed, it is proposed to document the ULBC target bit rates in the Pdoc. 
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Annex: pCR to 3GPP TR 26.940v0.5.1
[bookmark: _Toc191892941][bookmark: _Toc20198][bookmark: _Toc25693][bookmark: _Toc24914][bookmark: _Toc27432][bookmark: _Toc214653520]5	Channel characteristics and service-related dependencies
Editor’s Note:	 
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.
8.	 Coordinate work with other 3GPP groups e.g. SA2, RAN, CT1, and others as needed.
[bookmark: _Toc214653521]5.1	Estimation of mouth to ear delay for GEO scenarios
[bookmark: _Toc214653522]5.1.1	Overview
This clause estimates the mouth to ear (M2E) delay for IMS voice call over GEO satellites based on the application scenario introduced in clause 4.2. Two sub-scenarios are considered:
-	Main Scenario (see clause 4.2.2.2): UE1 is connected via satellite while UE2 is connected via terrestrial network which corresponds to the signal flow UE1 àGEO satellite àGround stationàCore networkà eNodeB àUE2

-	Sub-Scenario 1 (see clause 4.2.2.3): Both UEs are connected to a GEO satellite which corresponds to the signal flow UE1 àGEO satellite àGround stationàCore networkàGround stationàGEO satelliteàUE2 
This approach aims to estimate the maximum and minimum delay components in the signal flow and finally to estimate a range of the. mouth-to-ear delay accordingly. The estimation assumes jitter free case and no network congestion.
NOTE: In practical deployments, various jitter and network conditions can arise. 
Editor’s note: The scenarios and the terminology of this clause needs to be aligned with clause 4.) “Application Scenario” where a detailed description of the call scenarios is expected.
[bookmark: _Toc214653523]5.1.2	Delay components
[bookmark: _Toc214653524]5.1.2.1	Overview	
In this clause, the individual delay components that contribute to the mouth-to-ear delay are introduced and derived. The derived values are independent of the signal flow direction. 
[bookmark: _Toc214653525]5.1.2.2	UE Delay considering IMS codecs
TS 26.131 [D-1] defines the internal UE delay requirements and objectives depending on the components codec (frame size and algorithmic delay), air interface, jitter buffer depth and vendor specific delay budget. The UE delays in sending (UE1) and receiving directions (UE2) are not separated in TS 26.131, however the sum of the sending and receiving delays can be considered together.
The jitter buffer delay budget contains 40ms if the packet duration is 20ms and it includes the expected jitter profiles for terrestrial network transmission. In case of 40ms packet duration, the budget is doubled to 80ms, which is not further discussed. The value for the air interface in [D.1] just reflects the delay between UE and measurement equipment (2 ms) and needs be replaced by the expected delay for real air interface, i.e. air interface to GEO satellite or terrestrial network.
For MTSI-based speech only services with LTE and NR, the UE delay is outlined in Table 5.1.2-1.
Table 5.1.2-1 UE delay components
	
	 UE delay in ms (Performance objective)
(Note 2)
	UE delay in ms (Maximum requirement)
(Note 2)

	Frame size (Note 1)
	20
	20

	alg. Codec Delay (Note 1)
	5
	12

	JBM (jitter free) (Note 3)
	40
	40

	Vendor specific budget (Note 4) 
	83
	123

	UE delay Ts+Tr
	148
	195

	Note 1: Values reflect the IMS codecs AMR/AMR-WB/EVS
Note 2: Requirements and Performance Objectives apply to the UE delay only (sum of send (Ts) and receive (Tr) delays) and only for MTSI-based speech-only with LTE, NR or WLAN access in error and jitter free conditions.
Note 3: JBM delay is considered as constant independent of the frame size.
Note 4: Vendor specific budget of TS 26.131 may change for GEO satellite connectivity




Editor’s note: This table assumes LTE/NR air interface and needs to be updated for GEO satellite access air interface.
For ULBC, the air interface delay for GEO depends on the selected voice bundling periods for the ULBC transmission where 80ms, 160ms or 320ms are considered. It is assumed, that the available time budget is entirely used for RUs or repetitions to maximize the spectral efficiency. The delay for the air interface excluding the propagation delay is therefore identical to the voice bundling period.
The frame size of the codec in Table 5.1.2-1 represents the audio capturing delay which is for GEO identical to the voice bundling period. 
The codec frame size determines the processing delay of the encoder and decoder. Encoder and decoder processing times are referred to as a vendor specific encoder/decoder processing delay, and the processing times should span between the theoretical extremes from 0 to 100% of the codec frame length. 
The vendor specific budget that originally comprises a codec processing delay component of 20 ms is reduced by that amount.  
This leads to a UE delay estimation for voice bundling periods of 80, 160 and 320 ms and codec frame sizes of 20, 40, 80, 160 and 320 ms, according to Table 5.1.2-2.
Table 5.1.2-2 UE delay estimation for ULBC
	Voice bundling period
	Codec frame size
	UE delay excluding solution specific delay (Note 1)

	
	
	lower bound
	upper bound

	80
	20
	268
	355

	
	40
	
	395

	
	80
	
	475

	160
	20
	428
	515

	
	40
	
	555

	
	80
	
	635

	
	160
	
	795

	320
	20
	748
	835

	
	40
	
	875

	
	80
	
	955

	
	160
	
	1115

	
	320
	
	1435

	Note 1: UE_delay excluding the solution specific delay = 2x voice bundling period + 2x vendor specific encoder/decoder processing delay + vendor delay budget + JBM
Note 2: Solution specific delay X = [TBD ms] 
Editor’s note: The above TBD value is characteristic of the solution. It may also depend on the specific operating point. It will be set once the solution is selected. It is for discussion if the JBM contribution to the latency should be covered under solution specific delay X.



[bookmark: _Toc214653526]5.1.2.3	Core network delay
The delay contribution of the core network consists of the packet transmission delay between two network entities, e.g. ground station to core network or core network to eNodeB. In case of the interop scenario GEO NTN to TN network, an additional delay component for transcoding needs to be considered. Assuming the frame size of both codecs is identical or a multiple of each other, only the algorithmic codec delay contributes to the transcoding delay, i.e. 5ms for AMR/AMR-WB or 12ms for EVS, and an additional delay margin for the processing of the transcoding (2 ms). This means, transcoding with AMR/AMR-WB adds 7ms and with EVS adds 14ms.
Table 5.1.2.3-1 Core network delay components
	
	Minimum delay in ms
	Maximum delay in ms

	Network delay ground station to core network (Delay_GSCN)
	[ 5 Note1-1 , 
20 Note1-2] 
	[200 Note2]

	Network delay eNodeB to core network (Delay_eNBCN)
	5
	20

	Transcoding
	7
	14

	[Note1-1: In [D-2] 5 ms network latency is assumed]
[Note1-2: TS 23.501 assumes a static delay value for the CN PDB of 20ms between a UPF and 5G-AN. ]
[Note2: In some NTN deployments, the core network may need to be located far from the ground station due to factors like user distribution, geography, or other practical considerations. As a result, latency can increase, ping statistics between continents, for example, can reach up to 200ms.]



[bookmark: _Toc214653527]5.1.2.4	Transmission delay UE – GEO - Ground station
Clause 7.4.2 of [D-2] defines the KPI requirement for GEO based satellite access, i.e. 280ms. TR 36.763 clause 7.1.1 describes the max. and min. propagation delay contribution which depends on the location of the UE within the beam. As a result, the round-trip-delay can differ by 64ms which corresponds 32ms for one-way transmission. It is proposed to consider the 280ms as the max. transmission delay and consequently 248ms (280ms – 32ms) as the minimal transmission time. This assumes no retransmission over the GEO satellite link.
Table 5.1.2.4-1	Transmission delay GEO satellite
	
	Minimum delay in ms
	Maximum delay in ms

	GEO transmission delay
	248
	280

	Note: Transmission delay ground station to core network counted in Table 5.1.2.3-1.


[bookmark: _Toc214653528]5.1.2.5	ULBC Delay components
Table 5.1.2-1 lists the algorithmic delay for the IMS codecs AMR and EVS, i.e. in range of 5ms to 12ms. For ULBC, different delay values may result from codec processing delays as well as algorithmic delays. Exact numbers are for further study. 
[bookmark: _Toc214653529]5.1.3	Estimation of Mouth-to-ear delay
Given the values in 5.1.2 the mouth-to-ear delay for scenario can be estimated for the two scenarios outlined in 5.1.1 by summing up the delay components according to the signal flow to derive a lower (minimum values as in Tables 5.1.2.2-1, 5.1.2.3-1, 5.1.2.4-1) and an upper bound (maximum values as in Tables 5.1.2.2-1, 5.1.2.3-1, 5.1.2.4-1).
As the bitrate for GEO satellite link is very restricted, options for minimizing the protocol overhead need to be considered. One option to reduce the protocol overhead are larger frame sizes or a larger voice bundling period or frame aggregation as the protocol stack is transmitted less often. Therefore, Table 5.1.3-1	 outlines the delay values for codec frame sizes of 20ms, 40ms, 80ms, 160ms and 320ms and the bundling periods of 80ms, 160ms and 320ms.
Editor’s Note: Current values assume algorithmic delay of AMR and EVS as given in 5.1.2.2-1. ULBC Delay components documented in 5.1.2 still need to be addressed. For the min. Delay_GSCN, 20ms is assumed.
Table 5.1.3-1	 Mouth-to-ear delay estimation depending on codec frame size
	Voice bundling period
	Codec frame size
	Mouth to ear delay main scenario in ms
(GEO - TN) (Note 1)
	Mouth to ear delay sub-scenario in ms
(GEO - GEO) (Note 2)

	
	
	lower bound
	upper bound
	lower bound
	upper bound

	80
	20
	548 + X
	872 + X
	804 + X
	1315 + X

	
	40
	
	912 + X
	
	1355 + X

	
	80
	
	992 + X
	
	1435 + X

	160
	20
	708 + X
	1032 + X
	964 + X
	1475 + X

	
	40
	
	1072 + X
	
	1515 + X

	
	80
	
	1152 + X
	
	1595 + X

	
	160
	
	1312 + X
	
	1755 + X

	320
	20
	1028 + X
	1352 + X
	1284 + X
	1795 + X

	
	40
	
	1392 + X
	
	1835 + X

	
	80
	
	1472 + X
	
	1915 + X

	
	160
	
	1632 + X
	
	2075 + X

	
	320
	
	1952 + X
	
	2395 + X

	Note 1: UE delay+GEO transmission+Delay_GSCN+Delay_eNBCN + Solution specific delay X
Note 2: UE delay +2x GEO transmission+2x Delay_GSCN + Solution specific delay X



Editor’s note: The scenarios and the terminology of this clause needs to be aligned with clause 4.) “Application Scenario” where a detailed description of the call scenarios is expected.
[bookmark: _Toc214653530][bookmark: _Hlk219059794]5.1.42	NB-IoT NTN system in 3GPP and design parameters
[bookmark: _Toc214653531]5.12.4.1	System architecture
The NB-IoT NTN RAN is shown in Figure 5.1.4.1-1 [36300]
[image: Une image contenant texte, diagramme, capture d’écran
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Figure 5.1.4.1-1  System architecture of an NTN 
The service link is between the UE and the NTN payload. The feeder link is between the NTN payload and the NTN Gateway.
NOTE:	typically, multiple UEs are scheduled.
[bookmark: _Toc214653532]5.1.42.2	RAN parameters
Channel coding 
The uplink data channel NPUSCH Format 1 uses Turbo code, and the downlink data channel NPDSCH uses TBCC [36212].  
MCS and resource allocation
NB-IoT supports pi/2 BPSK, pi/4 QPSK, QPSK, and 16QAM [36213]. 
Resource allocation is specified in [36213]. 
For NPUSCH Format 1, two subcarrier spacings are supported: 3.75kHz and 15kHz. The minimum time-domain resource allocation is the duration of a resource unit (RU). The frequency-domain resource allocation is determined by the number of allocated subcarriers associated with different RU durations, and the RU duration depends on the subcarrier spacing and the number of tones, as shown in Table 5.1.4.2-1 (Table 10.1.2.3-1 of [36211]), where NPUSCH format 1 is relevant to the NB-IoT system with GEO because it is for data while NPUSCH format 2 is for ACK/NACK. For 3.75kHz SCS the a slot is 2ms, and for 15kHz SCS a slot is 0.5ms. 



Table 5.1.4.2-1: Supported combinations of , , and  for frame structure type 1.
	NPUSCH format
	[image: ]
	

	

	


	1
	3.75 kHz
	1
	16
	7

	
	15 kHz
	1
	16
	

	
	
	3
	8
	

	
	
	6
	4
	

	
	
	12
	2
	

	2
	3.75 kHz
	1
	4
	

	
	15 kHz
	1
	4
	


The number of allowed RUs per repetition is defined in Table 16.5.1.1-2 and the number of allowed repetitions is defined in Table 16.5.1.1-3 of [36213].
For NPDSCH Format 1, there is only one subcarrier spacing supported – 15kHz – and the frequency-domain resource allocation is always 180kHz. The number of allowed subframes per repetition is defined in Table 16.4.1.3-1 and the number of allowed repetitions is defined in Table 16.4.1.3-2 of [36213].
TBS values
[36213] specifies the allowed TBS values.
For NPUSCH, the allowed TBS values depend on the MCS and the number of RUs per repetition and are specified in Table 16.5.1.2-2 of [36213]. For NPUSCH Format 1 single-tone, the allowed TBS values depend on Table 16.5.1.2-1 of [TS 36.213]
For NPDSCH, the allowed TBS values depend on the MCS and the number of NPDSCH subframes per repetition and are specified in Table 16.4.1.5.1-1of [36213].
It is expected that the same TBS value will be used in UL and DL. 
[bookmark: _Toc214653533]5.1.42.3	QoS characteristics
The QoS is done through QCI [23203]. A QCI is associated with the resource type (GBR or Non-GBR), priority level, packet delay budget (PDB) and packet error loss rate (PELR). See Table 6.1.7-A: Standardized QCI characteristics of [23203] for a list of QCI.
A QCI applies to both UL and DL, and specifically [23203] states “For a certain QCI the value of the PELR is the same in uplink and downlink.” With the background of the half-duplex FDD NB-IoT channel, this suggests that UL and DL time-domain transmission resources need to be balanced to allow for the same PELR on both links.   
[bookmark: _Toc214653534]5.2.4	UE radio capabilities
For NB-IoT NTN operation, UE radio capabilities play a critical role in determining link performance, coverage and system capacity. It is important to consider that NB-IoT devices for ULBC voice service operations may have a large variety of capabilities in terms of radio performance. The following aspects constitute such capability variations:
· Transmit Power Classes:
· From Rel-18 onwards, PC3 (23dBm) is supported for NB-IoT NTN UE on bands 256, 255, 254 and 253, and from Rel-19 onwards on band 252. 
· In Rel-19, RAN4 introduced new power classes for NB-IoT NTN UE including PC1 (31dBm) and PC2 (26dBm) for bands 256, and 255. The target device types include both hand-held and non-handheld device types.
· RAN4 also started the work to specify PC 1.5 (29dBm).
· Receive Antennas:
· [For voice, an NB-IoT NTN UE may typically implement two receive antennas.]
[[Editor’s note: This statement requires confirmation by RAN4]
· Enhanced UE configurations may include more than two receive antennas.]
· Editor’s note: The two bullets above require confirmation by RAN1 and RAN4
· 
· Enhanced Capabilities (subject to potential Rel-20 updates to NB‑IoT RF requirement and [TS 36.101] and conformance [TS 36.521‑1] specifications):
· Future NTN-capable UEs may support advanced features such as: 
· UE transmit power higher than PC1 (e.g. up to 37 dBm) for NB-IoT NTN. The feasibility and specific power as well as the designated bands would be under further study (RAN4).
· Improved RF front-end sensitivity to compensate for high path loss and atmospheric attenuation in GEO links.
5.1.42.54	Multi-user consideration
The selected configurations for UL and DL for a single user results in using only a subset of the total resources. It is expected that Scheduling scheduling may will assign resources to multiple users. Scheduling resources may be done through dynamically, or (semi-)statically if SPS is specified for NB-IoT. Any configuration implies using a certain fraction of the total system resources which has implications on thea number of supported UEs in the system.  assuming every UE uses the same configuration and mMaximizing this number under certain constraints (see below) is an important optimization criterion when identifying suitable configurations.  
In practical NB-IoT NTN deployments, multiple UEs share the same carrier resources, making efficient scheduling critical for maximizing system capacity while maintaining acceptable QoS for all users. Rather than assuming a single configuration based on certain assumptions, the system may employ a policy-driven scheduling and load-management approach informed by e.g. capabilities, runtime load conditions, and service-level objectives.
The following principles for multi-user scheduling may be considered, e.g.:
· Capability-Aware Resource Allocation:
UEs with higher transmit power can be scheduled with shorter SPS periods (e.g., 80 ms), reducing latency and improving conversational quality. UEs with limited capabilities may use longer SPS periods (e.g., 160 ms or 320 ms) to maintain link reliability.
· Multi-Tone Transmission for Enhanced UEs:
Higher TX power enables multi-tone NPUSCH transmission, which can increase ULBC bitrate and/or reduce time-domain resource usage. This frees capacity for other users and improves overall system efficiency.
· Dynamic Load Balancing:
Scheduling prioritizes resource allocation based on UE capability to optimize system capacity. Enhanced UEs can achieve higher bitrates or lower latency without negatively impacting capacity, while less capable UEs remain supported with conservative configurations.
· Service Level Differentiation:
The UE and the network may negotiate different service levels, e.g.:
· Baseline Service (a low guaranteed bit rate value (GBR) and low maximum bit rate (MBR)): For least capable UEs and poor channel conditions, using longer SPS periods and single-tone NPUSCH.
· [bookmark: _Hlk219060384]Intermediate Service (a medium GBR and medium MBR): For UEs with moderate enhancements and moderate channel conditions, enabling shorter SPS and possibly multi-tone transmission.
· Enhanced Service (a high GBR and high MBR): For highly capable UEs and good channel conditions, offering higher bitrates and reduced latency through advanced configurations.

Figure 1 illustrates these principles in a simplified example, where the channel conditions for all UEs are assumed to be the same. It shows a scheduler allocating uplink and downlink resources on two 200 kHz NB‑IoT carriers to multiple users using 3  different policies, where the policies may be based on any of the principles listed above or further principles. Hereby,
· UEs of users 5-12 are scheduled for example with a 160 ms SPS period, using 128 ms duration single-tone NPUSCH which puts the least TX power requirement on the UE. In the specific case, the voice service may be operated with a net bitrate of about X kbps.
· UEs of users 3 and 4 are scheduled with an 80 ms SPS period, using a reduced-duration (64 ms) NPUSCH whereby higher TX power than for the UEs of users 5-12 is required. Possibly using a multi-tone NPUSCH format. In the specific case, the voice service may also be operated at a net bitrate of about X kbps. As there are 2 transmission instances per 160 ms, the transmission relies on a different, smaller-size TBS suitable to carry the coded speech data. However, higher TX power and multi-tone could also be used to operate with higher UL bitrate.
· UEs of users 1 and 2 are scheduled with an 80 ms SPS period, a reduced-duration (64 ms) NPUSCH and reduced-duration NPDSCH. Reduced-duration NPDSCH may be enabled by higher receiver performance. In the specific case, the voice service may also operated at about X kbps. Like in the previous case, as there are 2 transmission instances per 160 ms, the transmission relies on a different, smaller-size TBS suitable to carry the coded speech data. On UL, a higher bitrate could be used. On DL, the duration of the NPDSCH is reduced by 50% compared to the other UEs.
NOTE: In the above, ‘X’ is a placeholder for a ULBC net bitrate supported by ULBC voice service.  
The example illustrates how radio scheduling may lead to reduced latency or higher bitrates for enhanced UEs, while maintaining reliability at lower bitrates for baseline UEs without wasting time-frequency resources. 	Comment by Liangping Ma: It is not clear what the criteria is for optimality.
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Figure 1: UE capability-aware Multi-user SPS scenario
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