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1 Discussion
As illustration of latency and the operation of a voice media jitter buffer we find the figure below from ref [1]. 
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A typical character of steady bitrate applications is the sensitivity to delay jitter. Typically there is a jitter buffer that is adaptive and works with insertion of error concealment frames and removal of frames. 
For interactive or conversational services the total delay is significant, e.g. for conversational voice [2]:
· When delay > 150ms, the jitter buffer is required to optimize for low delay. 
· When delay < 150 ms, the jitter buffer may minimize the error concealment operations. 
As can be seen in the figure, the jitter buffer generally adapts the end-to-end delay to the high-percentile transmission delay, i.e. end-to-end delay set by the most delayed packets, not taking into account abnormally delayed packets. Abnormally delayed packets may be dropped by the receiver, and basically has the same QoE effect as a dropped packet. 
We note that a statistical AS latency measurement, relevant to the user-experienced latency, and relevant to MOS (mean opinions score), could be collected as a CDF or PDF or just a high-percentile average. We suggest that RAN2 focuses on how to derive latency samples and that SA5 could later do the work on the statistical details on what to store and process. 
Proposal 1: Assume that SA5 can (later) define statistical units for collection of latency measurement while RAN2 should focus on how to obtain the measurements samples. 

We further note that in a system with HARQ a very typical scenario at bad coverage would be that 

·  In the UL the UE may be power limited, and the number of HARQ transmissions increases, i.e. the latency increases. 

·  In the DL, the transmission may or may not be power limited, depending e.g. on simultaneous scheduling of multiple UEs. 

·  The interference scenario and the interference mitigation schemes used may be different for UL and DL. 

Thus, the situation for DL and UL may be totally different. 

Proposal 2: It must be possible to collect the latency measurement for both UL and DL. 

To make a feasibility assessment we need to make assumptions where the measurement is collected. As the throughput measurement for QoS verification is collected in the eNB, we assume this is also the case for the latency measurement. We note that for the DL, the eNB can know the latency, because it knows when a certain SDU enters the stack and it can deduce when the last part of the SDU is received in the UE based on HARQ responses. For the UL however, new UE support needs to be introduced to inform the eNB, e.g. about the time when a particular SDU enters the stack. 
Proposal 3: The latency measurement is collected in the eNB
Proposal 4: UE support for UL latency measurement shall be introduced. 
2 Summary

Proposal 1: Assume that SA5 can (later) define statistical units for collection of latency measurement while RAN2 should focus on how to obtain the measurements samples. 

Proposal 2: It must be possible to collect the latency measurement for both UL and DL. 

Proposal 3: The latency measurement is collected in the eNB

Proposal 4: UE support for UL latency measurement shall be introduced. 
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