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1. Introduction

In RAN#67, a new SI, Further Enhancements of Minimization of Drive Tests for E-UTRAN, was approved. One objective of the SI is to investigate [1]:

· Enhanced QoS Verification Use Case:
· Study MDT measurements and procedures capabilities to support better understanding of the QoS and its limiting factors for MMTEL voice and video traffic, including:  
1. Study necessary MDT measurements and procedures capabilities for assessing the performance of MMTEL voice and video, e.g. delay, packet loss rate of PDCP layer. 

2. Study necessary MDT measurements and procedures capabilities for mobility performance of MMTEL voice and video (e.g. add tags to the existing RLF report in order to derive the particular MMTEL voice and video traffic failures). 
3. Study necessary MDT measurements and procedures capabilities for identifying hotspot areas of MMTEL voice and video.
This paper will introduce issues for the new MDT measurements and prcedures, e.g. packet delay and packet loss.
2. Discussion
Both packet delay and packet loss would be important measurements especially for MMTEL voice and video because they are delay sensitive services. If both measurements will be also used for MDT purpose, RAN2 needs to study how to efficiently collect the measurement results.
2.1
Packet Delay
The packet delay had once been discussed in Rel-11. Since RAN2 was been then focusing on throughput measurement, the packet delay was deprioritized. Consequently, the packet delay was excluded in the Rel-11 MDT enhancements. If the coverage optimization focusing on MMTEL voice and video is one objective in Rel-13 MDT enhancements, the packet delay is one of the most potential measurements to be investigated. Similar to ‘Scheduled IP Throughput’, the packet delay for MDT purpose can be applied while modifying one of current L2 measurements, e.g. ‘Packet Delay in the DL per QCI’ [2]. For simplicity, it seems a reasonable approach rather than studying new definition. 
Proposal 1: For DL packet delay, ‘Packet Delay in the DL per QCI’ defined in TS36.314 is a baseline.
One problem is to estimate the uplink packet delay. In current specification, there is no L2 measurement on the uplink packet delay. If RAN2 wants to have the packet delay even for uplink, RAN2 has to develop new definition without referring to the current L2 measurement. In order to obtain an accurate uplink packet delay in PDCP layer aspect, UE might calculate the packet delay. However, it is not in line with the principle that all kinds of MDT measurements on QoS verification are collected in eNB side. Furthermore, it would result in both UE burden and specification impact. For example, UE has to calculate the packet delay for each PDCP SDU transmitted over uplink, and the current measurement report has to include a new measurement result indicating uplink packet delay averaged for the specific time duration. From these reasons, we don’t currently prefer a UE-based mechanism. Alternatively, a new definition of the uplink packet delay can be discussed so that eNB can derive it instead of UE. However, it might be applied quite restrictive and provide low accuracy [3]. In MDT, an inaccurate result could not help coverage optimization. Accordingly, RAN2 can focus on the downlink only, and deprioritize uplink case. 
Proposal 2: Uplink packet delay is deprioritized. 
2.1
Packet Loss
The packet loss is also related to QoS of the voice and video services. In current L2 measurements, three kinds of measurements on the packet loss are described:
· Packet Discard Rate in the DL per QCI
· Packet Uu Loss Rate in the DL per QCI
· Packet Loss Rate in the UL per QCI
The first measurement is a packet drop rate in PDCP, PLC and MAC layer. Some packet might be dropped due to congestion, traffic management etc. The second and third measurements are packet loss rate in downlink and uplink, respectively. The measurements are collected in eNB side. It is assumed that all measurements can be considered as a baseline. 
Proposal 3: For DL/UL packet loss, ‘Packet Discard Rate in the DL per QCI ‘, ‘Packet Uu Loss Rate in the DL per QCI’ and ‘Packet Loss Rate in the UL per QCI’ defined in TS36.314 are a baseline.
2.1
Identifying hotspot areas of MMTEL voice and video
According to WID, RAN2 needs to study how to identify hotspot areas of MMTEL voice and video. It is assumed that ‘Number of Active UEs’ in the current L2 measurements is a suitable baseline. In addition, eNB should be able to distinguish between MMTEL voice/video and other services. If needed, the current L2 measurement could be simplified. For example, we need not collect the results per QCI. The eNB forwards ‘Number of Active UEs’ only associated with MMTEL voice and video toward TCE server. 
Proposal 4: ‘Number of Active UEs’ defined in TS36.314 is a baseline to identify hotspot areas of MMTEL voice and video.
3. Conclusion
It is proposed that
Proposal 1: For DL packet delay, ‘Packet Delay in the DL per QCI’ defined in TS36.314 is a baseline.
Proposal 2: Uplink packet delay is deprioritized.

Proposal 3: For DL/UL packet loss, ‘Packet Discard Rate in the DL per QCI ‘, ‘Packet Uu Loss Rate in the DL per QCI’ and ‘Packet Loss Rate in the UL per QCI’ defined in TS36.314 are baselines.

Proposal 4: ‘Number of Active UEs’ defined in TS36.314 is a baseline to identify hotspot areas of MMTEL voice and video.
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