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1 Introduction

This contribution proposes a feedback mechanism for dynamic video rate adaptation for MTSI.

The document makes reference to the simulation framework [7], to the overall guidelines for rate adaptation provided in [3] and [6], and to documents [4] and [5] which rehash the basics of video playout buffer management.

This contribution reuses existing RTCP packet formats as much as possible as a basis for video rate adaptation signalling.  Specifically, the document employs well adopted RTCP reporting mechanisms from the IETF (RR, XR) and 3GPP (NADU), and leverages recent developments in the IETF (XR discard metrics).

2 Feedback Signalling Message

The feedback signalling proposed in this contribution comprises the following information as also discussed in the next subsections:

· regular RTCP Receiver Reports (RR) [8];

· the NADU packet as already adopted by 3GPP for PSS [1];

· the RTCP fields for reporting the number of bytes (or packets) discarded at the receiver side after successful reception, specified as an extension to the eXtended Report (XR, RFC 3611) [9] in [2].
2.1 RTCP RR Packets

The rate adaptation algorithm makes use of standard RTCP Receiver Report (RR) packets as defined in RFC3550 [8].  The definitions given in the RTP specification apply unchanged; the packet is reproduced here only for completeness.

        0                   1                   2                   3

        0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |V=2|P|    RC   |   PT=RR=201   |             length            |

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

       |                     SSRC of packet sender                     |

       +=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+

       |                 SSRC_1 (SSRC of first source)                 |

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

       | fraction lost |       cumulative number of packets lost       |

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

       |           extended highest sequence number received           |

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

       |                      interarrival jitter                      |

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

       |                         last SR (LSR)                         |

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

       |                   delay since last SR (DLSR)                  |

       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Usage of RTCP RR packets by the rate adaptation algorithm
The rate adaptation algorithm proposed in this document uses RTCP RR packets in the following way:
· It may make use of the fraction lost and cumulative number of packets lost fields to determine very bad congestion situations (but such a condition is usually detected beforehand);

· It uses the Highest Sequence Number (HSN) related to received packets  to determine the progress in packet reception;

· It makes use of the inter-arrival jitter field to determine the variation in reception;

· It uses the LSR and DLSR fields to determine the current Round Trip Time (RTT).

2.2 RTCP APP (NADU) Packets

The rate adaptation signalling mechanism proposed in this document makes use of NADU packets as defined in [1].  The definitions given in [1] apply unchanged; the packet is reproduced here only for completeness.

 0                   1                   2                   3

 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|V=2|P| subtype |   PT=APP=204  |             length            |

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|                           SSRC/CSRC                           |

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|                          name (ASCII)                         |

+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

|                              SSRC                             |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|      Playout Delay            |            NSN                |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|  Reserved           |   NUN   |    Free Buffer Space (FBS)    |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Usage of RTCP RR NADU packets by the rate adaptation algorithm
The rate adaptation algorithm proposed in this document makes use of the RTCP APP NADU fields in the following way:

· Playout Delay, NSN to infer the receiver side buffer fill level and understand the available delay budget.

· NUN used to preserve backward compatibility with H.264.
2.3 RTCP XR Discard Metrics Packets

The rate adaptation algorithm makes use of RTCP XR [9] packet extensions accounting for those packets that were successfully received by the receiver but needed to be discarded from the receiver buffer because their arrival was too early or too late.  The rate adaptation algorithm only uses indication of packets arriving too late.  The definition of [2] apply unchanged.  The packet are reproduced here only for completeness.

       0               1               2               3

       0 1 2 3 4 5 6 7 0 1 2 3 4 5 6 7 0 1 2 3 4 5 6 7 0 1 2 3 4 5 6 7

      +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

      |     BT=TBD.   |I|E|   resv    |       block length=2          |

      +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

      |                        SSRC of source                         |

      +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

      |                  number of bytes discarded                    |

      +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Usage of RTCP XR Disard Metrics packets by the rate adaptation algorithm
The rate adaptation algorithm uses the number of bytes discarded as an indicator for late arrival of packets.  This field represents the media data dropped from the receiver buffer since the last report was sent (I=1) or since the beginning of the session (I=0).  The E bit is used to distinguish between discards due to early arrival (E=1) or late arrival (E=0).  Presently, only E=0 is used.

An implementation may use the Discard RLE block [2] for more detailed information about discarded packets, but this information is currently not used in the context of this contribution.
2.4 Feedback Signaling

To minimize the transmission overhead, non-compound RTCP packets [10] may be used, e.g., to remove the need for SDES items as no source identification is needed in a point-to-point setup.

3 Sender-side Algorithm for Rate Adaptation

3.1 Decision parameters

As noted above, the present proposal takes into account a number of parameters from different sources, i.e., RTCP reports. This yields the following parameter set taken into consideration:

Normal RR parameters:

· Fraction Loss (FL)

· Inter-arrival Jitter

· Calculated RTT
· Highest Sequence Number, (HSN)
In addition, based upon purely local state information, the sender side is aware of:

· Size of packets sent between two RR’s by maintaining a ring buffer, furthermore with Fraction Loss known, the sender is able to make a good estimate of what the receiver rate would be (“perceived receiver rate”).

· Number of Packets in Transit, (PiT)

PiT = SN of Last packet sent – HSN received in RR
· Receiver Buffer Fill Level, if NSN is valid then

Number of Packets in Receiver Buffer (PiB) = (HSN – NSN) packets.

Fill-level_b (in bytes) = ∑(bytes(NSN), bytes(NSN+1),..., bytes(HSN))
Fill-level_t (in ms) = RTP_TS(HSN) - RTP_TS(NSN)          [The HSN is the one in the receiver buffer]
       -      Receiver_rate = Fill-level_b * (8 / 1000) / (Time_now – Time_last_RR)   kbps

NADU fields used

· NSN which tells us the first packet in the queue

· Playout Delay if a packet is queued in the receiver buffer waiting for playback.

Playout_HSN = PlayoutDelay(NSN) + Fill-level_t + (RTT/2)  [to calculate if a packet is within the 400ms delay]
Playout_HSN tries to capture the congestion condition. 

PlayoutDelay(NSN) is the delay to playout, usually "FutureTime of Playout - time of generation of RR"  (it is in the order of 0-160ms, depending on how long it was cached).
Fill_level_t is just the time difference in generation of HSN and NSN at the sender. The sender is not aware of the reception times of these packets at the receiver (this difference can be also 0-160ms).

So we need to add the RTT/2 to see what would be the total delay (to playout) experienced by HSN at the point of generation of the RR.
RTCP XR Discard Metrics packets used:
· RLE statistics can give more detailed traffic pattern information for each interval, so that the sender can make better assumptions (not used in these specific simulations)
· The number of bytes discarded related to the packets dropped at the receiver due to late arrival of packets, and in conjunction with the perceived receiver rate, gives some idea of the receiver goodput.

Receiver goodput = (Fill-level_b - bytes_discarded) * (8 / 1000) / ((Time_now – Time_last_RR)   kbps

3.2 Rate Adaptation Algorithm

Using the above decision parameters, the algorithm tries to gauge whether there is congestion, underflow or normal operation.

The algorithm calculates the correlation of some of the decision parameters by using the current value and the moving average of the previous values (for example, the new RTT calculation is correlated with the moving average of the last 3 values). Based on their values, the following decision process is invoked.
Pseudo-code for increasing and decreasing the rate
(it is a multi-variable analysis and operates in 3 states: congestion, underflow, normal operation)

If correlation value > 1.0 then link congestion is presumed

NOTE: For increasing rate, both PiT and PiB correlation should be lower than 1, which would mean that there are fewer packets in transit and fewer packets in the receiver queue.

If Playout_HSN is greater than 400ms (Max_allowed_delay) or less than 375ms, the sender changes the sending rate. Ratio of Max_allowed_delay and Playout_HSN to the CurrentRate gives the New rate.

If PlayoutDelay is 0xFFFF and discarded_bytes are 0 then we know its underflow and can increase the rate at CurrentRate*1.1 or Perceived_decoder_rate, whichever is higher.

If PlayoutDelay is OxFFFF and discarded_bytes > 0 then there is congestion. Reduce to perceived_good_put or CurrentRate/2, whichever is lower.

If no packets are received at the decoder, i.e. HSN doesn’t change, then there is high congestion and the sending rate is halved.
When we calculate Decoder Rate, Decoder GoodPut, Buffer Fill, we take into account, Fraction Lost, RTT/2, so there are hardly conflicts or contention. because if RTT increases, the BufferFill will increase. Moreover if LostFraction shows up, perceived_decoder_rate is already adjusted to reflect that. Furthermore, if we get BytesDropped then GoodPut becomes smaller than perceived_decoder_rate.

3.3 Throttling the RTCP

For RRs, if the calculated interval loss rate (taking into account lost packet, discarded packets, and received packets) increases beyond  a certain threshold, the RTCP RR are sent every 250ms until the congestion mitigates. Thereafter, it is brought back to 500ms.
For SRs, the RTCP rate is constant at 500ms.
4 Simulations

The simulations make use of the simulation framework defined by 3GPP SA4 [7].
Furthermore, the feedback mechanism uses the immediate feedback mode as defined in RFC 4585.  

TABLE

	Simulations
	Average Encoding Rate
	 Standard Deviation Encoding Rate
	Average Received Rate 

(Good Put)
	Bad Packet Rate
	Average inter-transmission time for feedback
	Average feedback Rate

	
	(in kbps)
	
	(in kbps)
	(%)
	Sender to receiver (ms)
	Receiver to sender 

(ms)
	Sender to receiver (kbps)
	Receiver to sender 

(kbps)

	1
	124.5
	69.2
	119
	8.0
	500
	465
	0.44
	1.53

	2
	121.3
	66.6
	115.7
	7.2
	500
	467
	0.44
	1.53

	3
	108.7
	61.78
	103
	6.2
	500
	467
	0.44
	1.52

	4
	34.8
	23.32
	30.9
	11.3
	500
	452
	0.44
	1.61

	5
	120.4
	69.16
	116.7
	7.9
	500
	453
	0.44
	1.56

	6
	125.5
	68
	120
	11
	500
	452
	0.44
	1.55

	7
	116.3
	64.13
	111.4
	10.5
	500
	457
	0.44
	1.54

	8
	108.4
	58.52
	105.2
	10
	500
	459
	0.44
	1.53

	9
	33.32
	23.4
	30.6
	11.2
	500
	418
	0.44
	1.62

	10
	120.42
	64.81
	114.7
	10.6
	500
	455
	0.44
	1.55

	11
	134.5
	99.8
	126.9
	8.8
	500
	455
	0.44
	1.55

	12
	123.9
	99.67
	115.4
	8
	500
	456
	0.44
	1.53

	13
	108.7
	65.63
	101.7
	7.4
	500
	456
	0.44
	1.51

	14
	35.7
	31.64
	30.9
	12.5
	500
	449
	0.44
	1.61

	15
	127.7
	24.1
	119.7
	8.7
	500
	450
	0.44
	1.54

	16
	135.7
	103.4
	125.5
	11.8
	500
	443
	0.44
	1.59

	17
	135.6
	99.3
	126.2
	11.9
	500
	437
	0.44
	1.58

	18
	112.6
	70.2
	99.6
	12
	500
	450
	0.44
	1.55

	19
	34.0
	32.46
	30.6
	11.8
	500
	418
	0.44
	1.64

	20
	133.4
	100.4
	122.7
	11.7
	500
	448
	0.44
	1.56


The graphs and logs are attached separately.

Note: The simulation logs contain a “jump” in sequence numbers and timestamps.  This is solely due to the fact the simulations were compiled in two overlapping halves and subsequently concatenated.  This has only been for internal simulation reasons and does not affect the validity of the results.  In fact, the simulations have shown that the algorithm converges quickly to produce the same output rate curve in both cases, which is an indication for efficient adaptation.
5 Conclusion

This contribution has shown that largely existing tools can be used to realize effective video rate adaptation which essentially comprise:

· regular RTCP sender and receiver reports;

· 3GPP NADU packets;

· local state information anyway available at the sender and receiver; and

· summary information about packets discarded by the receiver.

Only for optimization purposes, an additional XR report describing details about discarded packets is newly introduced.

Nokia proposes to SA4 to adopt this rate adaptation signaling for MTSI Rel. 8
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