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1	Discussion
Jittering, or packet dely variation, is an important metric for applictations sensitive to delay inconsistency, such as voice over IP, video conferencing, cloud gaming, and time-sensitive industrial applications. By allowing performance measurement function (PMF) to support jitter measurement, QoS flows that are sensitive to delay variation can be steered to the access with better jittering guarantee. 
In TR 23.700-93, an example jitter measurement mechanism was proposed to use the standard deviation of inter-packet arrival interval as the jitter metric. While not explicitly stated, it will require PMF measurement packets to be sent periodically so that inter-packet arrival interval can properly reflect one-way transmission delay variation. 
As described in [1], the one-way IP packet delay variation between packet  and packet , as illustrated in Figure 1, is defined as:

As a special case, inter-packet arrival interval is the delay variation between successive packets: .
[image: ]
[bookmark: _Ref46924953]Figure 1 Packet transmission timing diagram
With only arrival time stamps,  and , available at the receiving end, it will require a predictable packet departure time difference, , in order to derive accurate one-way delay variation estimate. The simplest design is to send PMF jitter measurement packets periodically. 
Proposal 1: The PMF receiving end should be notified which set of PMF measurement packets are used for jitter measurement and the PMF sender end should ensure the PMF jitter measurement packets are sent periodically.
The transmission interval can be estimated at receiver end using average inter-packet arrival:
.
The one-way IP packet delay variation between packet  and packet  can be estimated assuming inter-packet transmission period equals to :

In addition, the impact of lost PMF measurement packets and out-of-order delivery should be considered. We propose that lost PMF measurement packets should not be included in jitter measurements. 
Proposal 2: The PMF jitter measurement packets should be marked with sequence numbers, so calculation of jitter metric will not be distorted by out-of-delivery and lost PMF packets.
A common jitter mitigation mechanism is to implement a de-jittering buffer at the receiving end that smooth out the impact of packet arrival fluctuation to improve user experience. In order to properly evaluate whether an access is capable of providing good jittering guarantee, the jitter metric calculated by PMF on the receiving end should be able to clearly indicate whether the de-jittering buffer size is large enough to mitigate jitter. This could be supported by other more commonly used jitter definitions as candidate jitter metrics to be reported via PMF.
1) Average absolute inter-packet arrival interval: In [1-3], jitter is defined as the absolute inter-packet arrival interval: . The real-time transport protocol (RTP) [2] reports interarival jitter by calculating a moving average of jitter measurements:  .
We propose to use the same metric as the jitter measurement report. Alternatively, a sliding window average can also be used to calculate average absolute inter-packet arrival interval: .
2) Worst-case packet delay variation: the worst-case packet delay variation is the difference between the minmum and maximum transmission delay among a group of packets. As discussed in [4], the range of transit delay variation is a critical factor in the determination of de-jitter buffer size. In addition, bounded delay, derived from minimum and maximum end-to-end latency, is a critical QoS metric for Deterministic Networking [3]. Thus, we also propose to include the worst-cast packet delay variation as a candidate metric for jitter measurement report. The worst-case packet delay variation can be calculated as:

Proposal 3: Consider jitter metrics such as average absolute inter-packet arrival interval, worst case packet delay variation by the PMF.
[bookmark: _Hlk47627446]The jitter metric should be reported by PMF receiving end so the PMF sender can adjust traffic distribution according to jitter performance. For example, if the reported jitter metric is poor, PMF sender can trigger PMF jitter measurement on another access and steer traffic to the access with better jitter performance.
Proposal 4: Jitter metric should be reported after PMF jitter measurement requests are received, so sender (UPF or UE) of PMF measurement request can adjust traffic distribution accordingly.
 [1] IETF RFC 3393: "IP Packet Delay Variation Metric for IP Performance Metrics (IPPM)".
[2] IETF RFC 3550: " RTP: A Transport Protocol for Real-Time Applications".
[3] IETF RFC 8655: " Deterministic Networking Architecture".
[4] IETF RFC 5481: " Packet Delay Variation Applicability Statement".
[bookmark: _Toc510607461]2	Proposal
It is proposed to update TR 23.700-07 as indicated below.
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6.3	Solution #3: New steering mode - Autonomous steering mode with advanced PMF
[bookmark: _Toc43336521][bookmark: _Toc43708075][bookmark: _Toc43708149][bookmark: _Toc43708225][bookmark: _Toc44670851]6.3.1	Introduction
This solution is like solution #2 but with advanced link performance measurement function (PMF)
To support these new steering modes, the link performance measurement function (PMF) defined in Rel-16 needs to be enhanced. The Rel-16 PMF can support the RTT measurement and access availability report per PDU session. Regarding the RTT measurement, a default QoS flow is used to transport the measurement traffic, and the RTT value detected on this QoS flow is treated as the RTT for this PDU session via this access. Obviously, it cannot reflect the accurate RTT for every traffic in this PDU session via this access. For some latency sensitive service traffic, the RTT measurement per QoS flow is needed. Furthermore, except the RTT, the loss ratio and jitter are also valuable to be measured for decision of the link performance, and consequently enable better traffic steering/switching/splitting. At the same time, some thresholds corresponding to these parameters, such as Maximum RTT, Maximum UL/DL Packet Loss Rate and jitter, can be sent to the UE and the UPF for triggering traffic steering/switching/splitting, similar as RAN support information defined for 3GPP access supporting the RAN for handover threshold decision.
The solution describes following different features:
-	RTT measurement per QoS flow;
-	Packet loss ratio measurement per QoS flow;
-	Jitter measurement per QoS flow;
-	Thresholds for traffic steering/switching/splitting;
These features may be independently selected for normative phase.
[bookmark: _Toc43336522][bookmark: _Toc43708076][bookmark: _Toc43708150][bookmark: _Toc43708226][bookmark: _Toc44670852]6.3.2	High-level Description
[bookmark: _Toc43336523][bookmark: _Toc43708077][bookmark: _Toc43708151][bookmark: _Toc43708227][bookmark: _Toc44670853]6.3.2.1	Enhancement on link performance measurement
The Rel-16 PMF is enhanced to support the RTT measurement per QoS flow, and to support measurement of the loss ratio and jitter per QoS flow, with both the UE and the UPF sending PMF messages per QoS flow.
Editor's note:	It is FFS for which steering methods these PMF enhancement are needed.
RTT measurement per QoS flow:
Same as in Rel-16, when an MA PDU Session is established, the network may provide the UE with Measurement Assistance Information.
The RTT measurement per QoS flow may be triggered by UE or the UPF independently. The Measurement Assistance Information contains the QFI(s) for which the RTT measurement is to be applied. Optionally, the RTT measurement frequency can also be decided by the network side and sent to UE if available via Measurement Assistance Information.
The following mechanism is used.
	In the case of the MA PDU session of IP type:
-	The PMF in the UE sends PMF messages via one QoS flow to the PMF in the UPF over UDP/IP. The destination IP address and UDP port are as defined in Rel-16, i.e. the destination IP address is the PMF IP address, and the UDP port number corresponds to the access via which this message is sent. When the message is received by the UPF, the UPF can identify the PMF message based on the destination IP address.
-	The PMF in the UPF sends PMF messages to the PMF in the UE over UDP/IP. The source IP address is the same IP address as the one provided in the Measurement Assistance Information and the source UDP port is one of the two UDP ports as provided in the Measurement Assistance Information as defined in R16. The destination IP address is the MA PDU session IP address allocated by the UE, and the UDP port is also sent by the UE via user plane after the MA PDU session establishment as defined in R16. When the message is received by the UE, the UE can identify the PMF message based on the source IP address of the PMF.
	In the case of the MA PDU session of Ethernet type:
-	The PMF in the UE sends PMF messages to the PMF in the UPF over Ethernet. The destination MAC address is included in the Measurement Assistance Information as defined in R16. Then the UPF can identify the PMF message based on the destination MAC address.
-	The PMF in the UPF sends PMF messages to the PMF in the UE over Ethernet. The source MAC address and destination MAC address are as defined in R16. Then the UE can identify the PMF message based on the source MAC address.
The UE and the UPF derive an estimation of the average RTT over an access type by averaging the RTT measurements obtained over this access.


Figure 6.3.2.1-1: RTT measurement in R16 and enhancement for R17
It is not suggested to perform the RTT measurement for GBR QoS flow, considering the QoS parameters for GBR traffic are guaranteed, and the GBR traffic is only transported via one access resulting in no comparing with the other path RTT value.
Comparing with the RTT measurement per PDU session as defined in R16, this solution makes the RTT measurement more accurate. Because even for the non-GBR QoS flow, different QoS flow corresponding to the different 5QI has the different packet delay budget requirement, quote from TS 23.501 [3] Table 5.7.4-1. For example, when the 5QI=5, the packet delay budget is 100ms, but if the 5QI=6, the packet delay budget is equal to 300 ms, three times than 5QI=5. Therefore it is incorrect to use one non-GBR QoS flow RTT representing all the other non-GBR QoS flows.
1)	Packet loss ratio measurement per QoS flow, the same mechanism as described in the TR 23.793 [13] clause 6.3.1.4.
	UE and UPF exchange the packet counting information in certain period to calculate the packet loss ratio during the path performance measurement procedure.
-	The UE counts the number of UL packets via one QoS flow between one PMF request message and the previous PMF echo request message, and provides the result to the UPF via this PMF request message.
-	UPF also counts the number of received UL packets between one PMF request message and the previous PMF request message via one QoS flow. UPF calculates the UL packet loss ratio based on the local counting result and the number of UL packets send by UE.
-	UPF sends the UL packet loss ratio result to the UE via PMF response message. In the same message, it can also include the counting number of DL packets between one PMF response message and the previous PMF response message if the DL packets loss ratio is measured.
-	UE counts the number of received DL between one PMF response message and the previous PMF response message. The UE calculates the DL packet loss ratio based on the local counting result and the number of DL packets send by UPF, and sends the DL packet loss ratio to the UPF via the subsequent PMF message.
[bookmark: _Hlk42680269]Editor's note:	it is FFS whether the "between one PMF request message"  corresponds to a dedicated PM message sent by a PMF peer to request Packet loss ratio measurement per QoS flow.
2)	Jitter measurement per QoS flow, the same mechanism as described in the TR 23.793 [13] clause 6.3.1.4.
	Jitter is regarded as the reflection of transfer quality stability within certain time interval. The UL jitter could be calculated by the UPF, and the DL jitter could be calculated by the UE. The following solution is an example method for calculating the UL jitter per QoS flow, and the DL jitter could be calculated using the similar method.
-	It is assumed to calculate the jitter between one PMF request message and the Nth PMF request message after this certain PMF request message received by the UPF. The PMF request messages are sent periodically by the UE and the PMF request messages are labeled with unique sequence numbers.
	These continuous PMF request message could be numbered from n-N+1 to n.
	The average expectation value of arriving time interval between any two PMF requests could be represented as Avg(n) Avg(n).
	The value of variance of arriving time interval of N PMF echo request could be represented as Var(n).
	In this example, the Var(n) is regarded as the packet transport jitter for the corresponding QoS Flow. It is assumed that t_k is the local time of UPF when receiving the PMF request message numbered by variable k between n-N+1 and n.
	, 
Alternatively, average absolute inter-packet arrival interval, worst case packet delay variation can be used to represent jitter. 
The absolute inter-packet arrival interval is calculated as: . There are two options to calculate the average of absolute inter-packet arrival interval [16]:
· 
· 
The packet delay variation [15] with respect to packet  is: 


The worst-case packet delay variation [17] among packet  to packet  is:  
.
Only successfully received PMF request messages will be used by the receiver to calculate the jitter metric. The receiver (UE or the UPF) calculates the jitter metric using one of the approach described above and reports the measured jitter metric via a PMF report message. 
Editor's note:	How the PMF peer (sender) knows how to send PMF request messages (e.g. how frequently and with what QoS class) in order to allow the other PMF peer (receiver) to measure the jitter is FFS.
NOTE:	The jitter measurement precision depends on the number of PMF messages sent within a certain time interval. It can be decided based on the requirement of the traffic. For example, the microsecond-level latency-sensitive services will need more PMF messages sent in a certain period than the millisecond-level delay-sensitive services.
[bookmark: _Toc43336524][bookmark: _Toc43708078][bookmark: _Toc43708152][bookmark: _Toc43708228][bookmark: _Toc44670854]6.3.2.2	Thresholds for traffic steering/switching/splitting
Some thresholds, such as Maximum RTT, Maximum UL/DL Packet Loss Rate and/or jitter, are provided to the UE and the UPF for triggering traffic steering/switching/splitting, similar as RAN support information defined for 3GPP access supporting the RAN for handover threshold decision.
In the existing specification, RAN support information is defined for 3GPP access supporting the RAN for handover threshold decision, quote from TS 23.503 [5] clause 6.3.1:
Table 6.3.2.2-1
	RAN support information
	This part defines information supporting the RAN for e.g. handover threshold decision.
	
	
	

	UL Maximum Packet Loss Rate
	The maximum rate for lost packets that can be tolerated in the uplink direction for the service data flow. It is defined in TS 23.501 [3], clause 5.7.2.8.
	Conditional (NOTE 13)
	Yes
	None

	DL Maximum Packet Loss Rate
	The maximum rate for lost packets that can be tolerated in the downlink direction for the service data flow. It is defined in TS 23.501 [3], clause 5.7.2.8.
	Conditional (NOTE 13)
	Yes
	None



Similarly, the PCF can provide the Maximum RTT, UL/DL Maximum Packet Loss Rate and jitter threshold parameters to the SMF, and SMF will forward these parameters to the UE and UPF via ATSSS rule or MAR rule. The threshold can be provided per QoS flow, working together with the link performance measurement per QoS flow as defined in clause 6.3.2.1. It can be applied to both the MPTCP functionality and ATSSS-LL functionality if the PMF is enhanced to support the RTT, loss rate and jitter measurement per QoS flow as defined in clause 6.3.2.1.
-	The Maximum RTT indicates parameter for the decision of access availability via 3GPP access and non-3GPP access, i.e. the maximum RTT threshold that can be tolerated in the round trip for the QoS flow.
-	The UL Maximum Packet Loss Rate indicates parameters for the decision of UL access availability via 3GPP access and non-3GPP access, i.e. the maximum rate for lost packets that can be tolerated in the uplink direction for the QoS flow.
-	The DL Maximum Packet Loss Rate indicates parameters for the decision of DL access availability via 3GPP access and non-3GPP access, i.e. the maximum rate for lost packets that can be tolerated in the downlink direction for the QoS flow.
-	The UL Maximum jitter indicates parameters for the decision of UL access availability via 3GPP access and non-3GPP access, i.e. the maximum jitter that can be tolerated in the uplink direction for the QoS flow.
-	The DL Maximum jitter indicates parameters for the decision of DL access availability via 3GPP access and non-3GPP access, i.e. the maximum jitter that can be tolerated in the uplink direction for the QoS flow.
The Maximum RTT, UL Maximum Packet Loss Rate or DL Maximum Packet Loss Rate parameters for 3GPP and non-3GPP access can be provided separately. If the parameters for non-3GPP access are not included in the PCC rule, the corresponding values for 3GPP access apply.
Taking the redundancy steering mode as an example by using the above thresholds, if one access packet loss rate does not reach the UL/DL Maximum Packet Loss Rate, then only one access is applied to transport the traffic. But when one access packet loss rate is equal to or higher than the UL/DL Maximum Packet Loss Rate, then the redundancy transmission mode is triggered, till one access performance is improved.
NOTE:	These thresholds can also be applied to existing steering modes, such as Priority-based steering mode, Active-Standby steering mode.
Editor's note:	It is FFS whether the above thresholds are applicable to GBR or non GBR or both.
[bookmark: _Toc532920652][bookmark: _Toc43336525][bookmark: _Toc43708079][bookmark: _Toc43708153][bookmark: _Toc43708229][bookmark: _Toc44670855]6.3.4	Impacts on services, entities, interfaces and IETF Protocols
This solution will impact the following entities in 5GS:
-	SMF: Supports to select the UPF with support of the new steering modes.
-	PCF: Supports to authorize the new steering modes for the SDF
-	UPF: Supports the new steering modes and the enhancement of the PMF.
-	UE: Supports the new steering modes and the enhancement of the PMF.
-	5G-AN/ NG RAN: No impact.

* * * * End of Change * * * *
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