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1 Introduction

HTTP streaming (whether it uses static or dynamic content serving mode) makes the coupling between the server and the client more loose. In the RTSP case the server "pushes" data towards the client, while in the HTTP case the client "pulls" data from the server. Thus more of the end-user experience is controlled by the HTTP streaming client.

The existing QoE functionality for RTSP makes it possible to assess parameters closely related to the service quality. We propose that the existing QoE functionality is adapted so that it can be used also for the HTTP streaming case. To keep implementation effort to a minimum the existing mechanisms and metrics should be re-used if possible. This should be done within the same release as the introduction of HTTP streaming, to keep the functionalities consistent and aligned.
2 Implementation
2.1 QoE Configuration and Reporting
For RTSP streaming, QoE configuration can be done either by the RTSP server (via the SDP), or by the OMA-DM server. In the HTTP streaming case there is no RTSP or SDP, so the natural solution is to re-use the existing OMA-DM configuration method. Also for reporting the existing HTTP/XML reporting method should be re-used.
2.2 Existing Metrics
For HTTP streaming the TCP protocol will guarantee full in-order delivery of every packet, so only a subset of the existing PSS QoE metrics are relevant (marked with bold text below):

Corruption duration


Rebuffering duration


Initial buffering duration


Successive loss of RTP packets


Frame rate

Jitter duration


Content switch time


Average codec bitrate


Codec information
2.3 New Metrics
In some cases the transport bandwidth is lower than what is required by the media bitrate. For RTSP-based streaming this normally means that one or more rebufferings will occur during the playback phase. One reason for this is that the amount of buffered media cannot normally be controlled by the user, for instance by pausing the playback. When an RTSP streaming session is paused, also the media transport is paused.

For the HTTP case, however, it is common that media is fetched from the server even when the user has paused the playback. In this way the user can to some extent control how much to buffer before starting to consume the content. With larger buffer the risk for further rebufferings becomes lower, and the user can thus enjoy a less interrupted media consumption. This comes at a "quality cost" of an intentional longer initial buffering or intentional longer rebuffering. However, compared to unintentional buffering, the quality degradation from intentional buffering is smaller.
As the total perceived service quality is dependent both on the unintentional and the intentional buffering, but to different extent, two new metrics are proposed:


Rebuffering while paused duration


Initial buffering while paused duration

The definition of these metrics is exactly the same as for the "ordinary" buffering metrics, but the new metrics are updated whenever buffering is done while the client is in a paused state.
3 Proposal
We propose that the following assumptions are added into the permanent document for “PSS and MBMS Extensions”:

· QoE reporting for HTTP streaming shall be introduced in the same release as HTTP streaming

· The existing OMA-DM/HTTP configuration/reporting methods shall be re-used

· Metrics relevant to HTTP streaming can be reported, including buffering-while-paused actions







































