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Introduction

Contribution [1] reviewed parameters for video adaptation and requested input on proposing what parameters should be used for MTSI video adaptation. This contribution proposes parameters based on the discussion at SA4#53 and previous work Qualcomm had performed on the Dynamic Video Rate Adaptation work item for Release 8.
Set of Parameters

It is proposed that the following set of parameters be listed in a set of recommended video adaptation control parameters whose values can be set in the MTSI client in terminal by an operator.  These parameters are configured per MTSI client in terminal by the operator using the OMA-DM framework of 3GPP TS 26.114.

An MTSI client in terminal should implement a video adaptation algorithm that makes use of all the recommended parameters or only a subset of the parameters.  It is expected that the selection of a subset of the parameters would be done in consultation with the network operator.

Video adaptation algorithm implementations that make use of control parameters not being explicitly set by the operator using the OMA-DM procedures should use default values selected for the implementation. 

Multiple parameter sets may exist depending on the service type (e.g, gold, silver, bronze).  Within each of these service types there may be differences in the codec format, spatial resolution, temporal resolution, etc…
	Parameter
	Definition/comment
	Category

	
Media Receiver Parameters


	PLR_MAX
	Upper threshold of the Packet Loss Rate (%) above which the adaptation algorithm at the receiver should signal the sender to reduce the video transmission rate to reduce the packet loss rate.  PLR is measured per RTP packet and also includes packets that do not arrive in time for their properly scheduled playout.
	PLR

	PLR_LOW
	Lower threshold of the Packet Loss Rate (%) below which the adaptation algorithm at the receiver may signal the sender to increase the video transmission rate.  PLR is measured per RTP packet and also includes packets that do not arrive in time for their properly scheduled playout.
	PLR

	PLR_M_WINDOW_MAX
	Duration of sliding window (ms) over which PLR is observed and computed to compare with PLR_MAX.
	PLR

	PLR_M_WINDOW_LOW
	Duration of sliding window (ms) over which PLR is observed and computed to compare with PLR_LOW
	PLR

	TARGET_PLAYOUT_MARGIN_MIN
	Minimum acceptable time between the video packet arrival and its properly scheduled playout (ms).  The time is measured from playout time to the X percentile point of the packet arrival distribution.  When this minimum is not met the receiver should signal the sender to reduce the video transmission rate to enable earlier arrival of video packets.
	TARGET_PLAYOUT_MARGIN

	TARGET_PLAYOUT_MARGIN_HI
	Upper threshold of time between the video packet arrival and its properly scheduled playout (ms).  The time is measured from playout time to the X percentile point of the packet arrival distribution.  When this upper threshold is exceeded the receiver may signal the sender to increase its video transmission rate to improve video image quality
	TARGET_PLAYOUT_MARGIN

	X_PERCENTILE
	X percentile point of packet arrival distribution used with TARGET_PLAYOUT_MARGIN parameters 
	TARGET_PLAYOUT_MARGIN

	TARGET_PLAYOUT_M_WINDOW_MIN
	Duration of sliding window (ms) over which the margin between packet arrivals and playout is observed and computed to compare with TARGET_PLAYOUT_MARGIN_MIN
	TARGET_PLAYOUT_MARGIN 

	TARGET_PLAYOUT_M_WINDOW_HI
	Duration of sliding window (ms) over which the margin between packet arrivals and playout is observed and computed to compare with TARGET_PLAYOUT_MARGIN_HI
	TARGET_PLAYOUT_MARGIN 

	PL_BURST
	If the number of  packet  losses observed during the PL_BURST_WINDOW exceed PL_BURST the receiver should signal the sender to reduce the video transmission rate to adapt to bursty packet loss conditions. 
	BURST_LOSS

	PL_BURST_WINDOW
	Duration (ms) over which packet losses are measured and compared against PL_BURST to determine a bursty packets loss condition .
	BURST_LOSS

	MAX_RTP_GAP
	If no RTP packets are received for longer than this time (factor of frame period estimate), the receiver should declare a bursty packet loss/severe congestion condition and react accordingly.

The threshold time for determining when there is a packet loss gap is computed as follows:

Based on the reception of previous video frames and their time-stamps, the receiver keeps a running estimate (e.g., moving average) of the frame period , T_FRAME_EST.

If the receiver does not receive any RTP packets for a duration of MAX_RTP_GAP x  T_FRAME_EST then it declares a bursty packet loss/severe congestion condition.

RTP_GAP can range from a value of 0.5 to 5.0
	BURST_LOSS

	INC_FBACK_MIN_INTERVAL
	Minimum interval between sending TMMBR messages that increase the maximum rate limit
	FB_INTERVAL



	DEC_FBACK_MIN_INTERVAL
	Minimum interval between sending TMMBR messages that decrease the maximum rate limit
	FB_INTERVAL



	DECONGEST
	This indicates to the media receiver that when it detects congestion in the media transmission path it should take steps to instruct the media sender to decongest the transmission path prior to having the sender transmit video at the sustainable throughput rate of the transmission path.

The media receiver achieves decongestion by first sending a TMMBR value that is below the sustainable throughput of the transmission path.  Once the media receiver estimates or determines that congestion has been cleared the receiver can send a TMMBR value that is closer to the sustainable rate of the transmission path. 

The parameter value ranges from 0 to 10, where 0 indicates that decongestion should not be performed and 10 indicates that the most aggressive decongestion should be performed, i.e., the rate in the initial TMMBR message is much lower than the sustainable rate of the transmission path.
	

	
Media Sender Parameters
 

	MIN_BIT_RATE
	Minimum acceptable bit rate that the encoder should use (% of maximum bit rate negotiated for the video session).  If the MTSI client in terminal is unable to support this minimum bit rate it should put the video stream transmission on hold.
	MIN_QUALITY

	MIN_FRAME_RATE
	Minimum acceptable frame rate that the encoder should use (% of maximum frame rate supported for the video session).  If the MTSI client in terminal is unable to support this minimum frame rate it should put the video stream transmission on hold.
	MIN_QUALITY

	MIN_IMAGE_QUALITY
	Minimum acceptable image quality (dB PSNR) that the encoder should use.  If the MTSI client in terminal is unable to support this minimum frame quality it should put the video stream transmission on hold.
	MIN_QUALITY MIN_QUALITY

	RAMP_UP_RATE
	Rate at which encoder should increase its target data rate to a higher max rate limit (units of kbps per second)
	RAMP_RATE

	RAMP_DOWN_RATE
	Rate at which encoder should decrease its target data rate to a lower max rate limit (units of kbps per second)
	RAMP_RATE

	UPLINK_RA
	A Boolean parameter  that determines whether the MTSI client in terminal should use Up Link rate adaptation, i.e., use lower level information about the state of the Up Link throughput to adapt the encoder rate.
	


Table 1: Parameters for video adaptation algorithms
Discussion
The following section describes more about the less-self explanatory parameters listed above.

PLR_M_WINDOW_MAX, PLR_M_WINDOW_LOW

PLR_M_WINDOW_MAX is listed as a separate parameter from PLR_M_WINDOW_LOW because the condition where the receiver determines that packet losses are too high is an urgent condition that requires an immediate response from the receiver.  Therefore a shorter observation window may be desired.  The condition where the packet loss rate is low is not an urgent condition and a longer observation window can be used to ensure that the conditions are stable enough to attempt to increase the encoder’s transmission rate.

TARGET_PLAYOUT_MARGIN

Figure 1 illustrates the playout margin which is the amount of time between when a packet arrives at the media receiver and when it needs to be played-out for properly scheduled playout.  To account for jitter in the arrival times the playout is measured with respect to the X percentile point in the packet arrival distribution.  
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Figure 1  Playout Margin 
TARGET_PLAYOUT_MARGIN_MIN and TARGET_PLAYOUT_MARGIN_HI define the target range of the playout margin that the algorithm should operate within.  X_PERCENTILE defines what percentile of the packet arrival distribution to be used to measure the playout margin.  TARGET_PLAYOUT_M_WINDOW_MIN and TARGET_PLAYOUT_M_WINDOW_HI define the observation windows that should be used to determine the playout margin when comparing against the minimum playout margin or the high level value.  These observation windows may be different because the condition where the playout margin is too low is an urgent condition that could require immediate adaptation.  This observation window may be set smaller than the window for detecting a large playout margin.
MAX_RTP_GAP

In periods of severe congestion or packet loss, the receiver may not receive any RTP packets for an unexpectedly long period of time.  Observing such gaps in the reception of RTP packets can be used by the media receiver to request the sender to decrease its transmission rate dramatically.  

It is worth noting that in the case of severe packet loss, this RTP gap detection can occur before any observations can be made about high packet loss rates because the detection of packet losses requires reception of at least one packet after the losses.  Therefore, this mechanism allows for faster reaction and does not have to wait until an RTP packet is finally received.

Estimating a gap in the arrival of RTP packets is challenging because,

1. The video encoder may not always send packets at regular intervals

2. The scheduler algorithms, especially in the downlink, can cause jitter in the delivery of the video packets

Therefore, it is proposed that this RTP GAP threshold be set conservatively and be based on a moving average estimate of the frame period observed by the media receiver.  The timestamps of the received RTP packets allows the receiver to estimate the frame period based on the past few received video frames.  Since encoders are not expected to abruptly change their encoding frame rate most of the time this can serve as fairly reliable basis for detecting gaps in the transport of video frames.  The threshold against which it is proposed to measure RTP gaps is RTP_GAP x Estimated_frame_period.
FBACK_MIN_INTERVAL

The minimum interval at which rate adaptation feedback is sent from the media receiver to the media sender influences how fast the adaptation occurs and also the loading of the signaling overhead.  We have performed experiments that illustrate the relationship between the feedback interval and the gain of the feedback reaction loop. Operators may wish to tune this minimum interval in their MTSI clients in terminals.

Two minimum intervals are provided since the minimum interval for feedback to decrease the encoding rate tends to be shorter than the minimum interval for feedback to increase the rate.  The urgency of the rate-decrease condition generally requires shorter minimum feedback intervals.

DECONGEST
Figure 2 illustrates how a media receiver can use its estimate of the congestion along the transmission path from the media sender to the media receiver to instruct the media sender to perform a decongestion phase in its rate adaptation.  The media sender first sends a TMMBR message with a value below what the receiver estimates to be the highest sustainable rate of the transmission path.  Having the encoder transmission rate below the highest sustainable rate of the transmission path allows the system to decrease the backlog of congested packets.

Once the media receiver estimates that enough decongestion has been performed it sends another TMMBR message indicating that the video sender should operate at, or near, the highest rate sustainable by the transmission path.
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Figure 2 Illustration of Decongesting the Video Transmission Path
The DECONGEST parameter (ranging from 0 to 10) indicates the degree to which the media receiver should use decongestion procedures when it detects congestion in the network.  The expected result of this is that the media sender may send more than one TMMBR message to effect a rate trajectory that performs a decongestion phase.  A value of 0 indicates that no decongestion should be performed while a value of 10 indicates that the most aggressive decongestion should be used, i.e., the rate in the initial TMMBR message should be significantly below the highest sustainable rate of the system.
MIN_QUALITY

This enables the operators to control the minimum video quality that users will experience for the video telephony service.  In cases of severe congestion an operator could decide that it is more acceptable to have the video stream of the session be put on hold/dropped rather than provide unacceptable video quality.  The parameters MIN_BIT_RATE, MIN_FRAME_RATE, and MIN_IMAGE_QUALTY allow the operator to set lower limits on what is acceptable service for the video stream across different characteristics.  If the video sender is unable to meet these minimum requirements in a particular congestion condition, the media sender is recommended to place the video stream on hold.

Note that for the MIN_BIT_RATE and MIN_FRAME_RATE the limits are set relative to maximum values for the service.  This is so that these limits can scale according to the level of service the operator is offering.  This is particularly useful when the operator may be providing multiple levels of service in an MTSI client.  Multiple sets of these parameters to do not have to be configured for each level of service.

RAMP_RATE

Ramp rates control how fast the media sender should change its target video transmission rate from its current value to the value indicated in the most recently received TMMBR message.  The rate for ramping up and ramping down are different as rapid ramping down is usually necessary whereas rapid ramping up of rate is undesirable as it can cause sudden congestion in the transmission path.
UPLINK_RA

A media sender may use indications of the uplink throughput to quickly adapt its transmission rate to what is sustainable on the uplink and avoid congestion of media packets.  This parameter indicates whether the media sender should also use any uplink indications made available from the lower layers to enable faster and more robust rate adaptation. 
Proposal

It is proposed that 3GPP SA4 develops a working assumption that lists all the media adaptation parameters to be used for the “Managing MTSI Media Adaptation” feature and include the above parameters in this set of parameters for video.
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