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Background

In RTP the timestamp represents the instant in time at which a certain action has occurred at the sender (sampling). In MPEG the timestamp represents the intended instant in time at which a certain action should occur at the reference receiver (decode or compose or present). The MPEG-4 composition time stamp in particular does not identify the instant in time at which the frame has been sampled, but the instant in time at which it should be composed (this way it accounts for the buffering).

Let’s suppose that a frame N is sampled at (server) time 1000, corresponding to absolute time (NTP) 10001000.

In RTP the timestamp will contain the value 1000, and the RTCP sender reports will correlate server time and absolute time such that the difference between the two will always be 1000000.

In MPEG the CTS will be e.g. 1500, while the OCR will be 1000.

The RTP solution allows receivers to synchronize content delivered by different servers, provided that NTP is available at both servers.

The MPEG solution allows receivers to allocate the minimum decoding buffer that guarantee no under/overflow (thus also the minimal end-to-end delay).

An MPEG over RTP solution should take advantage of both techniques.

Proposal

Use the RTP timing model, ignoring the buffer and delay guarantees and optimization provided by MPEG.

However also allow the usage of OCRs in the MPEG-SL, so that receivers are enabled to optimally allocate buffers and minimize end-to-end delay.

In order to have consistency between the two models, the semantic should be:

RTP timestamp = MPEG-4 CTS = sampling instant (with reference to server timeline) + buffer model delay.

RTCP sender reports carry the server timeline = “real” server timeline – buffer model delay.

MPEG-4 OCR = as usual, but not mandatory.

A “normal” RTP receiver would interpret the RTP timestamp and server timeline as carried in the RTCP sender reports consistently with the RTP rules. It will add a decoding buffer based on its own euristics, and an arbitrary offset to the sender timeline to construct the receiver timeline, which will be used to present the received access units. It will be able to synchronize different sources (if NTP is available at both), by inserting a delay chain on selected sources (based on the NTP received in the RTCP sender reports).

An “a-la MPEG” receiver would interpret the RTP timestamp and server timeline as carried in the RTCP sender reports consistently with the RTP rules. It will add a decoding buffer based on the MPEG rules (DecoderConfigDescriptor), and an offset to the sender timeline to construct the receiver timeline such that it corresponds to the OCR. It will be able as well to synchronize different sources (if NTP is available at both), by inserting a delay chain on selected sources(based on the NTP received in the RTCP sender reports).

