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We discussed the IMTC liaison on the buffer management protocol at length in the last meeting, and I presented some slides.  One area where we didn’t quite reach clarity was the definition of ‘playout delay’.  

Here is the definition in the specification:

Playout delay (16 bits): The difference between the scheduled playout time of the next ADU to be decoded and the time of sending the NADU APP packet, as measured by the media playout clock, expressed in milliseconds. The client may choose not to indicate this value by using the reserved value (Ox FFFF). In case of an empty buffer, the playout delay is not defined and the client should also use the reserved value 0xFFFF for this field.

The playout delay shall be computed until the actual media playout (i.e., audio playback or video display).

The playout delay allows the server to have a more precise value of the amount of time before the client will underflow. 

We have had discussions in which it became apparent that we were not sure how this ‘delay’ is measured, and indeed some of us made comments that suggested it was a real-time problem.

However, we need to recall what it’s being used for.  We decided that the total buffered time (TBT) was basically equally to the playout delay of the most recently arrived packet, which in turn was equal to the playout delay of the oldest packet, plus the timestamp difference between the oldest and most recently arrived packets.

That timestamp difference is measured on the media clock, not a real-time clock. So, for the addition to make sense, so also must the playout delay.  And indeed, it is simply defined.  In all timed media playout systems, there is (logically) a clock which is timing presented material ‘on to the screen’ (or out of the audio playout device).  When a access unit’s timestamp is reached on that clock, it is presented.

(In fact, the clock used is very slightly offset, in order to account for the different delays that video and audio suffer, so that when the audio actually emerges it is in sync with the video, but that is immaterial.)

Given this clock ‘at the end of the playout chain’, playout delay of a packet is easily defined:  it is the difference between the timestamp of the packet, and this logical clock.  This has the beauty that it is immaterial whether the clock is running or not (which is what we desire).

It’s not clear to me that the above definition is actually unclear on this, or how it can be made more clear.
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