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1
Introduction
RAN WG2 received an LS in R2-1707652 from SA2 with some questions. This document proposes how to respond to those questions. In addition, Annex A and B provide information about existing QCIs and SA1 latency related requirements.
2
Discussion

2.1
Question 1 aspects:
Q1: input on the combination of packet one-way latencies over the eNodeB and the radio interface and the associated packet error loss rates that the RAN groups intend to meet. SA WG2 are interested in whether the values for NR and E-UTRA are different.
It is proposed to wait for RAN WG1 answering on Q1, but in general the following could be highlighted:

The design of NR is currently ongoing. So, the exact minimum latency value and the highest reliability value that will be supported is not yet defined. It is however clear that NR will support one way latency down to 1 ms one-way and with a reliability of 1-10-5 for a packet size of 32 bytes according to TR 38.913. The target for user plane latency for UL and DL is 0.5 ms (without reliability requirements). With this, NR can meet the corresponding IMT-2020 requirement. It should be further noted that the reliability and latency value for a given packet size that is supported is a function of the SINR that the UE experiences, e.g. higher reliability and/or lower latency value can be achieved in good SINR conditions. 

For LTE, there are two work items that improve the latency and reliability which are LTE_HRLLC and LTE_sTTIandPT. The work item LTE_sTTIandPT is not yet finalized but the current assessment is that it will provide one way latency between 0.5 and 1 ms. The applicable reliability that can be supported for a given SINR is a task that will be assessed in the work item LTE_HRLLC. That work item has not yet started. However, one of the objectives are:

· Identify improved communication reliability and different latency constraints combinations for both wide and local area deployments [RAN1]

· Consider the ITU IMT-2020 and the 3GPP TR 38.913 requirements on URLLC and the ability to enable the network to operation with a range of reliability targets and latency constraints.

· Identify any potential new evaluations scenarios [RAN1]

It should be further noted that the WI LTE_HRLLC also stipulates that “Differences between NR and LTE requirements, and deployment scenarios, should be justified”.
It is important to note that these are minimum values that can be support and the physical layer is designed in a generic way and can therefore support service with higher latency and less reliability.
2.2
Question 2 aspects
Q2: guidance on other parameter values, e.g. whether a non-GBR very low latency QCI would still need a maximum bit rate parameter and/or whether very low latency services impose limits on the maximum packet size. SA WG2 are interested in whether the values for NR and E-UTRA are different.

Given the point above about various factors impacting latency, then it would be relevant for the RAN to know such parameters when admitting a certain bearer, particularly if this bearer requires a very low latency and if the service requires this to be guaranteed.

We believe that the RAN would need to know some additional parameters compared to today – in order to make accurate admission control:

Proposed response to Question 2:

As the packet size that can be delivered for a given reliability will depend on the reliability and the SINR conditions experienced by the radio channel, and also whether IP header compression is used, RAN WG2 believes that this would impose some restrictions in practice on the packet size that can be delivered for a UE under certain channel condition, and that this may be different in downlink compared to uplink depending on the deployment scenario. Whether the achievable performance for NR and E-UTRA will be different is still to be verified.. 
RAN WG2 believes that the RAN would need to know about the following - in addition to required latency, reliability, and priority– in order to make accurate admission control decisions:

· Packet size to be delivered (which is equivalent to a bit rate within a certain short time driven by the latency requirement).

· Likely activity factor of the low latency traffic (i.e. how often will packets arrive typically?), this will enable the RAN to understand roughly how much system capacity would be needed to handle the user and still serve other users in the system. Requiring a packet to be transferred with low latency very frequently would take more toll on system capacity than an infrequent packet transfer.

· Whether a certain combination of latency+packet size+reliability is required to be guaranteed or not for the bearer.

3
Proposal

Agree to the proposed responses to Question 1 and 2 above.
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Annex A: Existing QCIs from 3GPP TS23.203

Table 6.1.7: Standardized QCI characteristics

	QCI
	Resource Type
	Priority Level
	Packet Delay Budget

(NOTE 13)
	Packet Error Loss

Rate (NOTE 2)
	Example Services

	1
(NOTE 3)
	
	2
	100 ms
(NOTE 1, NOTE 11)
	10-2
	Conversational Voice

	2
(NOTE 3)
	
GBR
	4
	150 ms
(NOTE 1, NOTE 11)
	10-3
	Conversational Video (Live Streaming)

	3
(NOTE 3), NOTE 14
	
	3
	50 ms
(NOTE 1, NOTE 11)
	10-3
	Real Time Gaming, V2X messages

	4
(NOTE 3)
	
	5
	300 ms
(NOTE 1, NOTE 11)
	10-6
	Non-Conversational Video (Buffered Streaming)

	65
(NOTE 3, NOTE 9, NOTE 12)
	
	0.7
	75 ms
(NOTE 7,
NOTE 8)
	
10-2
	Mission Critical user plane Push To Talk voice (e.g., MCPTT)

	66
(NOTE 3, NOTE 12)
	
	
2
	100 ms
(NOTE 1,
NOTE 10)
	
10-2
	Non-Mission-Critical user plane Push To Talk voice

	75
(NOTE 14)
	
	2.5
	50 ms
(NOTE 1)
	10-2
	V2X messages

	5
(NOTE 3)
	
	1
	100 ms
(NOTE 1, NOTE 10)
	10-6
	IMS Signalling

	6
(NOTE 4)
	
	
6
	
300 ms
(NOTE 1, NOTE 10)
	
10-6
	Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file sharing, progressive video, etc.)

	7
(NOTE 3)
	Non-GBR
	
7
	
100 ms
(NOTE 1, NOTE 10)
	
10-3
	Voice,
Video (Live Streaming)
Interactive Gaming

	8
(NOTE 5)
	
	
8
	
300 ms
(NOTE 1)
	

10-6
	
Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file 

	9
(NOTE 6)
	
	9
	
	
	sharing, progressive video, etc.)

	69
(NOTE 3, NOTE 9, NOTE 12)
	
	0.5
	60 ms
(NOTE 7, NOTE 8)
	10-6
	Mission Critical delay sensitive signalling (e.g., MC-PTT signalling)

	70
(NOTE 4, NOTE 12)
	
	5.5
	200 ms
(NOTE 7, NOTE 10)
	10-6
	Mission Critical Data (e.g. example services are the same as QCI 6/8/9)

	79
(NOTE 14)
	
	6.5
	50 ms
(NOTE 1, NOTE 10)
	10-2
	V2X messages

	NOTE 1:
A delay of 20 ms for the delay between a PCEF and a radio base station should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface. This delay is the average between the case where the PCEF is located "close" to the radio base station (roughly 10 ms) and the case where the PCEF is located "far" from the radio base station, e.g. in case of roaming with home routed traffic (the one-way packet delay between Europe and the US west coast is roughly 50 ms). The average takes into account that roaming is a less typical scenario. It is expected that subtracting this average delay of 20 ms from a given PDB will lead to desired end-to-end performance in most typical cases. Also, note that the PDB defines an upper bound. Actual packet delays - in particular for GBR traffic - should typically be lower than the PDB specified for a QCI as long as the UE has sufficient radio channel quality.

NOTE 2:
The rate of non congestion related packet losses that may occur between a radio base station and a PCEF should be regarded to be negligible. A PELR value specified for a standardized QCI therefore applies completely to the radio interface between a UE and radio base station.

NOTE 3:
This QCI is typically associated with an operator controlled service, i.e., a service where the SDF aggregate's uplink / downlink packet filters are known at the point in time when the SDF aggregate is authorized. In case of E-UTRAN this is the point in time when a corresponding dedicated EPS bearer is established / modified.

NOTE 4:
If the network supports Multimedia Priority Services (MPS) then this QCI could be used for the prioritization of non real-time data (i.e. most typically TCP-based services/applications) of MPS subscribers.

NOTE 5:
This QCI could be used for a dedicated "premium bearer" (e.g. associated with premium content) for any subscriber / subscriber group. Also in this case, the SDF aggregate's uplink / downlink packet filters are known at the point in time when the SDF aggregate is authorized. Alternatively, this QCI could be used for the default bearer of a UE/PDN for "premium subscribers".

NOTE 6:
This QCI is typically used for the default bearer of a UE/PDN for non privileged subscribers. Note that AMBR can be used as a "tool" to provide subscriber differentiation between subscriber groups connected to the same PDN with the same QCI on the default bearer.

NOTE 7:
For Mission Critical services, it may be assumed that the PCEF is located "close" to the radio base station (roughly 10 ms) and is not normally used in a long distance, home routed roaming situation. Hence delay of 10 ms for the delay between a PCEF and a radio base station should be subtracted from this PDB to derive the packet delay budget that applies to the radio interface.

NOTE 8:
In both RRC Idle and RRC Connected mode, the PDB requirement for these QCIs can be relaxed (but not to a value greater than 320 ms) for the first packet(s) in a downlink data or signalling burst in order to permit reasonable battery saving (DRX) techniques.

NOTE 9:
It is expected that QCI-65 and QCI-69 are used together to provide Mission Critical Push to Talk service (e.g., QCI-5 is not used for signalling for the bearer that utilizes QCI-65 as user plane bearer). It is expected that the amount of traffic per UE will be similar or less compared to the IMS signalling.

NOTE 10:
In both RRC Idle and RRC Connected mode, the PDB requirement for these QCIs can be relaxed for the first packet(s) in a downlink data or signalling burst in order to permit battery saving (DRX) techniques.

NOTE 11:
In RRC Idle mode, the PDB requirement for these QCIs can be relaxed for the first packet(s) in a downlink data or signalling burst in order to permit battery saving (DRX) techniques.

NOTE 12:
This QCI value can only be assigned upon request from the network side. The UE and any application running on the UE is not allowed to request this QCI value.

NOTE 13:
Packet delay budget is not applicable on NB-IoT or when Enhanced Coverage is used for WB-E-UTRAN (see TS 36.300 [19]).

NOTE 14:
This QCI could be used for transmission of V2X messages as defined in TS 23.285 [48].
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Annex B: Requirements from SA1 TR22.261

7.2
Low latency and high reliability

7.2.1
Overview
Several scenarios require the support of very low latency and very high communications service availability. Note that this implies a very high reliability. The overall service latency depends on the delay on the radio interface, transmission within the 5G system, transmission to a server which may be outside the 5G system, and data processing. Some of these factors depend directly on the 5G system itself, whereas for others the impact can be reduced by suitable interconnections between the 5G system and services or servers outside of the 5G system, for example, to allow local hosting of the services. The scenarios and their performance requirements can be found in table 7.2.2-1.

7.2.2
Scenarios and KPIs
Scenarios requiring very low latency and very high communication service availability can be found below:
-
Motion control – Conventional motion control is characterised by high requirements on the communications system regarding latency, reliability, and availability. Systems supporting motion control are usually deployed in geographically limited areas but may also be deployed in wider areas (e.g., city- or country-wide networks), access to them may be limited to authorised users, and they may be isolated from networks or network resources used by other cellular customers.

-
Discrete automation – Discrete automation is characterised by high requirements on the communications system regarding reliability and availability. Systems supporting discrete automation are usually deployed in geographically limited areas, access to them may be limited to authorised users, and they may be isolated from networks or network resources used by other cellular customers.
-
Process automation – Automation for (reactive) flows, e.g., refineries and water distribution networks. Process automation is characterized by high requirements on the communications system regarding communication service availability. Systems supporting process automation are usually deployed in geographically limited areas, access to them is usually limited to authorised users, and it will usually be served by private networks. 

-
Automation for electricity distribution (mainly medium and high voltage). Electricity distribution is characterized by high requirements on the communications service availability. In contrast to the above use cases, electricity distribution is deeply immersed into the public space. Since electricity distribution is an essential infrastructure, it will, as a rule, be served by private networks.

-
Intelligent transport systems – Automation solutions for the infrastructure supporting street-based traffic. This use case addresses the connection of the road-side infrastructure, e.g., road side units, with other infrastructure, e.g., a traffic guidance system. As is the case for automation electricity, the nodes are deeply immersed into the public space.
-
Tactile interaction – Tactile interaction is characterised by a human being interacting with the environment or people, or controlling a UE, and relying on tactile feedback.

-
Remote control – Remote control is characterised by a UE being operated remotely, either by a human or a computer.
Table 7.2.2-1 Performance requirements for low-latency and high-reliability scenarios.

	Scenario
	End-to-end latency
(note 3)
	Jitter
	Survival time
	Communication service availability
(note 4)
	Reliability
(note 4)
	User experienced data rate
	Payload
size

(note 5)
	Traffic density
(note 6)
	Connection density
(note 7)
	Service area dimension
(note 8)

	Discrete automation – motion control
(note 1)
	1 ms
	1 µs
	0 ms
	99,9999%
	99,9999%
	1 Mbps

up to 10 Mbps
	Small
	1 Tbps/km2
	100 000/km2
	100 x 100 x 30 m 

	Discrete automation
	10 ms
	100 µs
	0 ms
	99,99%
	99,99%
	10 Mbps
	Small to big
	1 Tbps/km2
	100 000/km2
	1000 x 1000 x 30 m

	Process automation – remote control
	50 ms
	20 ms
	100 ms
	99,9999%
	99,9999%
	1 Mbps

up to 100 Mbps
	Small to big
	100 Gbps/km2
	1 000/km2
	300 x 300 x 50 m

	Process automation ‒ monitoring
	50 ms
	20 ms
	100 ms
	99,9%
	99,9%
	1 Mbps
	Small
	10 Gbps/km2
	10 000/km2
	300 x 300 x 50

	Electricity distribution – medium voltage
	25 ms
	25 ms
	25 ms
	99,9%
	99,9%
	10 Mbps
	Small to big
	10 Gbps/km2
	1 000/km2
	100 km along power line

	Electricity distribution – high voltage 
(note 2)
	5 ms
	1 ms
	10 ms
	99,9999%
	99,9999%
	10 Mbps
	Small
	100 Gbps/km2
	1 000/km2

(note 9)
	200 km along power line

	Intelligent transport systems – 
infrastructure backhaul
	10 ms


	20 ms
	100 ms
	99,9999%
	99,9999%
	10 Mbps
	Small to big
	10 Gbps/km2
	1 000/km2
	2 km along a road

	Tactile interaction
(note 1)
	0,5 ms
	TBC
	TBC
	[99,999%]
	[99,999%]
	[Low]
	[Small]
	[Low]
	[Low]
	TBC

	Remote control
	[5 ms]
	TBC
	TBC
	[99,999%]
	[99,999%]
	[From low to 10 Mbps]
	[Small to big]
	[Low]
	[Low]
	TBC

	NOTE 1: 
Traffic prioritization and hosting services close to the end-user may be helpful in reaching the lowest latency values.

NOTE 2: 
Currently realised via wired communication lines. 
NOTE 3: 
This is the end-to-end latency the service requires. The end-to-end latency is not completely allocated to the 5G system in case other networks are in the communication path.
NOTE 4: 
Communication service availability relates to the service interfaces, reliability relates to a given node. Reliability should be equal or higher than communication service availability.

NOTE 5: 
Small: payload typically ≤ 256 bytes 
NOTE 6: 
Based on the assumption that all connected applications within the service volume require the user experienced data rate. 
NOTE 7: 
Under the assumption of 100% 5G penetration.
NOTE 8  Estimates of maximum dimensions; the last figure is the vertical dimension.
NOTE 9:
In dense urban areas.

NOTE 10: 
All the values in this table are targeted values and not strict requirements. 


7.2.3
Other requirements

Audio-visual interaction is characterised by a human being interacting with the environment or people, or controlling a UE, and relying on audio-visual feedback. In the use cases like VR and interactive conversation the latency requirements include the latencies at the application layer (e.g., codecs), which could be specified outside of 3GPP.
To support VR environments with low motion-to-photon capabilities, the 5G system shall support:

-
motion-to-photon latency in the range of 7-15ms while maintaining the required user data rate of [250Mbps] and

-
motion-to-sound delay of [<20ms].

NOTE: 
The motion-to-photon latency is defined as the latency between the physical movement of a user's head and the updated picture in the VR headset. The motion-to-sound latency is the latency between the physical movement of a user's head and updated sound waves from a head mounted speaker reaching their ears.
To support interactive task completion during voice conversations the 5G system shall support low-delay speech coding for interactive conversational services (100 ms, one way mouth-to-ear).

Annex C:

7.5
User plane latency
The time it takes to successfully deliver an application layer packet/message from the radio protocol layer 2/3 SDU ingress point to the radio protocol layer 2/3 SDU egress point via the radio interface in both uplink and downlink directions, where neither device nor Base Station reception is restricted by DRX.

For URLLC the target for user plane latency should be 0.5ms for UL, and 0.5ms for DL. Furthermore, if possible, the latency should also be low enough to support the use of the next generation access technologies as a wireless transport technology that can be used within the next generation access architecture.

NOTE1:
The reliability KPI also provides a latency value with an associated reliability requirement. The value above should be considered an average value and does not have an associated high reliability requirement.
For eMBB, the target for user plane latency should be 4ms for UL, and 4ms for DL.

NOTE2:
For eMBB value, the evaluation needs to consider all typical delays associated with the transfer of the data packets in an efficient way (e.g. applicable procedural delay when resources are not preallocated, averaged HARQ retransmission delay, impacts of network architecture).
When a satellite link is involved in the communication with a user equipment, the target for user plane RTT can be as high as 600ms for GEO satellite systems, up to 180ms for MEO satellite systems, and up to 50ms for LEO satellite systems.

NOTE3:
For the satellite case, the evaluation needs to consider the max RTT that is associated with the GEO satellite systems.
Analytical evaluation is used as the evaluation methodology.
3GPP


