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1 Introduction

In S4-080168 “MTSI QoE Reporting” the introduction of an MTSI QoE reporting concept was proposed, to enhance the possibilities for operators to assess the quality experienced by end users of MTSI services. 
Ideally, the end-user quality could be reported with only a single parameter, for instance a value between 1 and 5, which indicates the total quality as experienced by the user. However, the relationship between measurable metrics and the final perceived end-user quality can be relatively complex. In some cases the same services might be perceived as having different quality for e.g. different markets, due to differences in service mix, user maturity etc. 

Therefore we believe that it is not a practical solution to implement possibly complex quality calculation algorithms in the clients. Instead we suggest that the clients report a number of basic metrics which are relevant for the end quality. These metrics can be used separately by operators for a basic understanding of the quality, or combined according to quality algorithms relevant for the operator’s networks and service offerings.

This document outlines the metrics areas which we believe are relevant for MTSI speech and video services.

2 Metrics
2.1 General metrics

Identification and time-stamps
Even though the main intention with the QoE reports is to enable assessment of the end-to-end quality, it is beneficial if the reports can be used together with other data possibly collected by the operator from different nodes in the network. This suggests that the reports should contain an identification tag as well as sufficiently detailed time-stamps for the individual QoE measurements, so that correlation both on session level and temporal level can be done.
Delay
Long round-trip delays are very annoying for a conversation, and a vital metric to be able to understand the end-user experience.
2.2 Speech metrics

Codec type and modes
Different speech codec types and codec modes have different maximum speech quality and also different characteristics regarding error concealment functionality. Reporting of codec type and codec modes used makes it possible to understand the quality impact of for instance frame losses.

Frame loss
The loss of speech frames (or discard of a too late incoming frame) is one of the major quality-related parameters. The effect of loss and discard is normally the same on the end quality, as both introduces concealment actions in the client. The possibility to conceal such frame losses depend on if lost frames are separated in time or occur in bursts close to each other. Thus the frame loss measures should report both the average condition as well as the distribution in time. 
Time scaling
For adaptive jitter buffert implementations the speech might be time-scaled (compressed or expanded) to allow for adjustments of the jitter buffert depth. The impact of such time-scaling differs depending on the time-scaling algorithm used, as well as on the actual speech content. However, by using aggressive time-scaling a client can improve the frame loss metric, but instead suffer from scaling artifacts. Reporting of time-scaling usage makes it possible to better understand this balance.
2.3 Video metrics

Codec type and profile
As for the speech codecs, different video codecs have different characteristics. By reporting the used codec type and profile it is possible to better understand the impact of other metrics on the end quality.
Bitrate, format and frame rate
The video quality as perceived by the end user depends a lot on the bitrate, the video format (i.e. the size of the video) and the frame rate. Together with the codec type these metrics controls the maximum quality for the video, when no other errors occur.

Frame loss
As for speech the frame loss is an important metric, since lost frames typically introduces visible artifacts in the video. The amount of degradation also depends on the distribution of the lost frames, as well as the type of frames (e.g. I-frames or P-frames).
Synchronization skew
Normally the client shall present the audio and video fully in sync, but if the incoming audio and video are deviating too much from each other it might not be possible for the client to keep full sync e.g. due to buffer depth limitations. Reporting any mismatch between the audio and the video makes it possible to identify such problems.
3 Proposal

We propose that the MTSI QoE reporting is done by sending a relatively small number of easily measurable metrics, covering at least the above metrics areas. This allows for a lightweight client implementation, and at the same time provides the operator with detailed information about the end-user session quality. 







































