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1 Use Case

Clock drift between the client and the content preparation and publishing may lead to significant issues during the playback. The client relies on accurate timing synchronization in estimating availability of new MPDs and media segments. Non-synchronized clocks may lead to HTTP fetch errors and playback interruptions. The client and server are required to keep accurate synchronization to a UTC clock, e.g. using the (S)NTP protocol.  

While this resolves the synchronization problem between the publishing entity and the client, it does not resolve the issue of media clock drift. During content capture, or during playout, the media clock may be running at a rate other than its nominal rate compared to the wallclock. As a result, playing the actual media data that is present in one media segment may differ from the expected and signaled segment duration. That deviation, which may be rather small, may become problematic as it accumulates over time. 

The following figure depicts the issue:
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Figure  Clock Drift Example
2 Requirements

The following requirements shall be satisfied by the solution for clock drift compensation:

· the solution shall enable the client to detect any clock drift between the encoder’s media clock and the decoder’s media clock

· Alignment with MPEG DASH and reuse of existing solutions is desirable
3 Working Assumptions

The following working assumptions apply:

· A mapping between the producer/encoder’s wallclock time and media time is optionally delivered to the client as part of the media segment
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