SA#50 Meeting
Tdoc S4-080484
August 18 – 22, 2008, Sophia-Antipolis, France

Source:
Qualcomm Europe, S.A.R.L.
Title:
APTO-ARR Signaling for MTSI Video Dynamic Rate Adaptation

Document for:
Discussion and Decision
Agenda Item:
8, 14.2.1
1 Introduction

This contribution proposed a signalling message for the dynamic video rate adaptation mechanism.  The message is based on the RTCP APP packet as has been used for speech adaptation in Release 7 of TS 26.114.
2 Feedback Message
2.1 Arrival-to-Playout Time Offset

A key characteristic of the video playout system that needs to be controlled by the transport layer is whether video packets arrive at the receiver in time for their scheduled playout.  Packets that do not arrive in time can delay proper playout (e.g., time warping) or cause missed frames in the decoding chain and cause propagation of this error to subsequent frames.
The receiver determines its playout time and determines how much buffer time it wants to maintain between the arrival of packets and their scheduled playout times.

To support control of this we propose that the receiver communicate back to the sender the offset between the arrival of packets and when the receiver wants to receive them as illustrated in Figure 1.
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Figure 1 Illustration of Arrival-to-Playout Offset

For example, consider a receiver that wants to maintain an arrival time-until-playout of 50-100ms (e.g., the 90% percentile point in the packet arrival distribution should be between 150-200ms before the packets need to be played out).  If the required percentile point is 20ms before the packets’ playout time the receiver would then communicate back to the sender that packets are arriving 30ms later than the receiver wants them.  On the other hand, if the required percentile point was at 120ms until playout, the receiver could signal back that the packets are arriving 20ms earlier than they need to.  This is an example and the actual method by which the receiver determines by how much to request adjustments in the transport of packets is not specified.

A key characteristic of this parameter is that it allows the receiver to determine how much buffer time it wants to maintain and control this by providing the sender with offset information relative to this target.  Since the receiver sees the actual delay and jitter in the arrival of packets it has the most information to, 

· determine what is a good buffer time required for the video system

· determine when it can advance or delay its playout times  

The sender cannot manage the receiver buffer targets as accurately since it does not have access to all the packet arrival information and the playout time adjustments to be made by the receiver. 

2.2 Average Received Rate
An additional parameter that provides important information to the video sender is the average data rate as seen by the receiver.  This provides the sender a measurement of the sustainable throughput between the sender and receiver.  

Combined with the arrival-to-playout time offset parameter, these two parameters provide the sender with information on the congestion of the transmission path and how this congestion is affecting the playout at the receiver (i.e., whether it is causing delayed playout) .  Together these provide the sender with enough information to adapt its video transmission rate.
3 Message Structure
The format of the APTO_ARR RTCP APP packet is described in Figure 2 below. 
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Figure 2 Format for APTO_ARR RTCP APP Packet

For video adaptation the name and subtype fields must be set to the following values:
subtype: This field shall be set to 0 for the APTO_ARR format.
length: The number of 32 bit words –1, as defined in [1]. This means that the field will be 2+3*N, where N is the number of sources reported on. The length field will typically be 5, i.e. 24 bytes packets.
SSRC: The SSRC of the media stream the received packets belong to.
name: The APTO_ARR APP data format is detected through the name "3GM8" (meaning 3GPP MTSI Release 8) and the subtype set to “1”.
Arrival-to-Playout Offset (16 bits):  The difference between the arrival time of RTP media packets and the time when the receiver needs them to arrive for their properly scheduled playout
.  The offset is expressed as a signed 16-bit integer in units of milliseconds.  When the value is negative it indicates that RTP packets are arriving earlier than required for their properly scheduled playout and a positive value indicates that the packets are arriving later than requires for proper their playout.  
If Ai is the arrival time of packet i and Pi is the time packet i is needed for properly scheduled playout then the offset value for the packet, Di, is calculated as follows:
   Di = Ai – Pi
The Di values shall be calculated for all frames received.  If multiple RTP packets have the same RTP timestamp/playout time (e.g., multiple slices of a video frame have the same playout time) then Di should be calculated only for the last arrived packet with this RTP timestamp.
Since the individual Di values are affected by jitter a filtered statistic of the Di values shall be reported in the Arrival-to-Playout Offset field of this message.   A recommended method for performing this filtering is provided in Annex A.
Average Received Rate (16 bits): This is the average rate of RTP media received by the receiver.  The Average Received Rate value is expressed in units of 256bps.  The average received rate value shall be the calculated average since the last APTO_ARR message was sent.
3.1 General Semantics for Using APTO_ARR Message

A video receiver should only send the APTO_ARR APP packet when the receiver determines that video adaptation is required at the sender, i.e., the video packets are not arriving when the receiver needs them to arrive.

When a video receiver sends an APTO_ARR APP packet it should allow the video sender enough time to react before the receiver sends another APTO_ARR APP packet.  To enable transmission of this RTCP APP packet when needed the terminals should use the RTCP-AVPF early mode [2]. 
Annex A: Recommended method to compute the filtered Arrival-to-Playout Offset statistic
To account for jitter in the transport of packets it is recommended that the receiver report in the Arrival-to-Playout Offset field the 90 percentile point in the distribution of the differences between the packet arrival times and their playout times, i.e., the Di values specified in clause 3.  This indicates when a target 90 percentile of the packets are arriving with respect to when they are required for properly scheduled playout.

It is recommended that the offset of the 90 percentile point to be sent in the Arrival-to-Playout Offset field be calculated as follows:

Each time the receiver calculates a Di value for a received frame (with a distinct RTP timestamp) it updates the value of T(i+1) as follows:

T(i+1) =

T(i) 




if Di = = T(i)

T(i) + 9*G



if Di > T(i)

T(i) – G




if Di < T(i)

The receiver reports the current value of T() when sending the RTCP message to the sender.  G is in units of milliseconds and is chosen by the receiver implementation to control how aggressively the arrival of packets updates the percentile estimator, T().  

When starting to receive media packets at the beginning of a session or after a pause in media reception (e.g. media on hold) it will take some iterations of the above calculations for the percentile estimator T() to converge to an accurate estimate.  It is recommended that the initial values of T() not be reported in the RTCP message until enough iterations have passed to allow convergence. 
Note that the computation of Arrival-to-Playout offset does not need to consider RTP transmission time offsets [3].

4 Conclusion

This document proposes a measurement-based signalling mechanism that should be used for providing feedback in the dynamic video rate adaptation mechanism.
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� The time that the receiver expects a packet to arrive for properly scheduled playout is determined by the receiver.  It is dependent upon the playout time for corresponding voice packets, the amount of lip-synchronization required, and how much time the receiver requires for performing decoding and other playout functions. 
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