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1 Introduction

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, the media clock may be running at a different pace than the wallclock. As a result, 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 problem:
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Figure  Clock Drift Example
2 Proposal
To resolve this problem, the content preparation has to include a snapshot of its wallclock periodically in the media streams. For this purpose, the content preparation inserts a new box ‘srft’ at the beginning of each media segment. The timestamp corresponds to the capture time of a specific sample of the media segment for an identified media track. The ‘srft’ box is defined in the following subsection.
2.1 Sender Reference Time Box
The Sender Reference Time (‘srft’) box is used for clock drift detection/compensation. The container for ‘srft’ box is the file or the media segment directly. An ‘srft’ box should be included in segments in live streaming. If there are multiple sources for the live stream, for example audio and video are created in different sources, there should be one ‘srft’ box per source in each segment.

Syntax:
aligned(8) class SenderReferenceTimeBox extends FullBox(‘srft’, version, 0) {

unsigned int(32) reference_track_ID;


unsigned int(64) ntp_timestamp; 

if (version==0)

{


unsigned int(32)
decoding_time;

} else

{


unsigned int(64)
decoding_time;

}
}
Semantics:

reference_track_ID provides the track_ID for the reference track. 

ntp_timestamp indicates a UTC time in NTP format corresponding to decoding_time.

decoding_time corresponds to the same time as ntp_timestamp, but in the time units used for decoding times of the samples for reference track. Note that in most cases this timestamp will not be equal to the timestamp of the first sample of the adjacent track fragment of the reference track. 

2.2 Clock Drift Compensation

The pace r1 of the encoder clock in relation to the UTC is recovered from the Sender Reference Time boxes. If the relative pace r1 is less than 1, equal to 1, or greater than 1, the encoder clock is  running more slowly than the UTC, at an identical pace compared to the UTC, or faster than the UTC, respectively. It is recommended to use the audio playout clock as the receiver playout clock. The pace r2 of the receiver playout clock in relation to UTC is created by accessing a UTC source. A timescale multiplication factor c is equal to r1/r2. A presentation time on a timeline of the receiver playout clock is derived for each sample by multiplying the composition time of the sample (as indicated by the file format structures) by the timescale multiplication factor c. Time stretching of the signal should be done accordingly.
For timing of segment fetch operations, the UTC time shall be used.
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