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1. Introduction
In this contribution, we summarize the agreed media adaptation parameters of 3GPP MTSIMA MO v0.3. Nodes related to administrative information, such as VerDTD, Man, and Mod, are not present and will be shown only in DDF specifications.

2. Selection History
From [1], [2], we extracted the draft sets of speech and video adaptation parameters and summarized them in [3], [4] respectively. After the discussions at SA4#53, we re-organized the adaptation parameters into [5] and defined the basic structure of 3GPP MTSIMA MO in [6]. Following further discussions at SA4#54, we removed some parameters from [5] and included several video adaptation parameters proposed in [7], which became 3GPP MTSIMA MO v0.1 [8].
During SA4#55, parameters reserved for further study in [8] and video adaptation parameters newly proposed in [9] were discussed. In addition, several agreed parameters in [8] were replaced by others that could provide higher flexibility. This contribution details the agreed media adaptation parameters and the tree structure of 3GPP MTSIMA MO v0.3, which provides 14 parameters for speech adaptation and 22 parameters for video adaptation.
3. Node Description
	Path
	Occurrence
	Format
	Min. Access Type

	<X>
	ZeroOrOne
	Node
	Get

	<X>/Speech
	ZeroOrOne
	Node
	Get

	<X>/Speech/PLR
	ZeroOrOne
	Node
	Get

	<X>/Speech/PLR/PLR_MAX
	One
	Float
	Get

	<X>/Speech/PLR/PLR_LOW
	One
	Float
	Get

	<X>/Speech/PLR/PLR_RPS
	One
	Float
	Get

	<X>/Speech/PLR/PLR_RED
	One
	Float
	Get

	<X>/Speech/PLR/PLR_DURATION_MAX
	One
	Integer
	Get

	<X>/Speech/PLR/PLR_DURATION_LOW
	One
	Integer
	Get

	<X>/Speech/PLR/PLR_DURATION_RPS
	One
	Integer
	Get

	<X>/Speech/PLR/PLR_DURATION_RED
	One
	Integer
	Get

	<X>/Speech/PLR/PLR_DURATION
	One
	Integer
	Get

	<X>/Speech/PLB
	ZeroOrOne
	Node
	Get

	<X>/Speech/PLB/PLB_LOST_PACKET
	One
	Integer
	Get

	<X>/Speech/PLB/PLB_DURATION
	One
	Integer
	Get

	<X>/Speech/N_INHIBIT
	ZeroOrOne
	Integer
	Get

	<X>/Speech/N_HOLD
	ZeroOrOne
	Integer
	Get

	<X>/Speech/T_RESPONSE
	ZeroOrOne
	Integer
	Get

	<X>/Speech/Ext
	ZeroOrOne
	Node
	Get

	<X>/Video
	ZeroOrOne
	Node
	Get

	<X>/Video/PLR
	ZeroOrOne
	Node
	Get

	<X>/Video/PLR/PLR_MAX
	One
	Float
	Get

	<X>/Video/PLR/PLR_LOW
	One
	Float
	Get

	<X>/Video/PLR/PLR_DURATION_MAX
	One
	Integer
	Get

	<X>/Video/PLR/PLR_DURATION_LOW
	One
	Integer
	Get

	<X>/Video/PLB
	ZeroOrOne
	Node
	Get

	<X>/Video/PLB/PLB_LOST_PACKET
	One
	Integer
	Get

	<X>/Video/PLB/PLB_DURATION
	One
	Integer
	Get

	<X>/Video/INC_FBACK_MIN_INTERVAL
	ZeroOrOne
	Integer
	Get

	<X>/Video/DEC_FBACK_MIN_INTERVAL
	ZeroOrOne
	Integer
	Get

	<X>/Video/TARGET_PLAYOUT_MARGIN_HI
	ZeroOrOne
	Integer
	Get

	<X>/Video/TARGET_PLAYOUT_MARGIN_MIN
	ZeroOrOne
	Integer
	Get

	<X>/Video/RAMP_UP_RATE
	ZeroOrOne
	Float
	Get

	<X>/Video/RAMP_DONW_RATE
	ZeroOrOne
	Float
	Get

	<X>/Video/MIN_BIT_RATE
	ZeroOrOne
	Float
	Get

	<X>/Video/MIN_FRAME_RATE
	ZeroOrOne
	Float
	Get

	<X>/Video/MAX_QP
	ZeroOrOne
	Integer
	Get

	<X>/Video/MAX_RTP_GAP
	ZeroOrOne
	Float
	Get

	<X>/Video/X_PERCENTILE
	ZeroOrOne
	Float
	Get

	<X>/Video/HOLD_DROP_END_VIDEO
	ZeroOrOne
	Integer
	Get

	<X>/Video/INITIAL_CODEC_RATE
	ZeroOrOne
	Float
	Get

	<X>/Video/TP_DURATION_HI
	ZeroOrOne
	Integer
	Get

	<X>/Video/TP_DURATION_MIN
	ZeroOrOne
	Integer
	Get

	<X>/Video/DECONGESTION_TIME
	ZeroOrOne
	Integer
	Get

	<X>/Video/Ext
	ZeroOrOne
	Node
	Get

	<X>/Ext
	ZeroOrOne
	Node
	Get


Table 1. Nodes of 3GPP MTSIMA MO v0.3
4. Description of Agreed Speech and Video Adaptation Parameters
	Parameter (unit)
	Definition/comment

	PLR_MAX (%)
	PLR above this threshold, when redundancy is not used, indicates that performance is not satisfactory. The adaptation algorithm at the receiver should signal the sender to attempt adaptation that reduce the PLR or operate a mode more robust to packet losses. When using the example adaptation algorithm of Annex C of TS 26.114, this corresponds to PLR_1.

	PLR_LOW (%)
	PLR below this threshold indicates that the conditions are favorable and could support better quality. The adaptation algorithm at the receiver should signal the sender to probe for higher bit-rate, increase the packet rate, reduce redundancy, or perform other procedures that could improve speech quality under such favorable conditions. When in probing state, if the PLR is below this threshold, then the sender should adapt to a higher bit-rate. When using the example adaptation algorithm of Annex C of TS 26.114, this corresponds to PLR_2.

	PLR_RPS (%)
	PLR above this threshold, after the adaptation algorithm has taken actions based on the PLR being below PLR_LOW, indicates that the actions taken to improve speech quality were unsuccessful. The adaptation algorithm at the receiver should signal the sender to return to the previous state where it was before attempting to improve speech quality. When using the example adaptation algorithm of Annex C of TS 26.114, this corresponds to PLR_3.

	PLR_RED (%)
	PLR above this threshold, after the adaptation algorithm has taken actions to increase redundancy, indicates that the performance was degraded instead of improved. The adaptation algorithm at the receiver should signal the sender to use a lower bit-rate and no redundancy. When using the example adaptation algorithm of Annex C of TS 26.114, this corresponds to PLR_4.

	PLR_DURATION (ms)
	Duration of sliding window over which PLR is observed and computed to compare against the PLR thresholds. This applies as the default PLR_DURATION in case no specific PLR_DURATION (PLR_DURATION_MAX, PLR_DURATION_LOW, PLR_DURATION_RPS, PLR_DURATION_RED) is defined for a particular PLR threshold.

	PLR_DURATION_MAX (ms)
	Duration of sliding window over which PLR is observed and computed to compare against the PLR_MAX threshold.

	PLR_DURATION_LOW (ms)
	Duration of sliding window over which PLR is observed and computed to compare against the PLR_LOW threshold.

	PLR_DURATION_RPS (ms)
	Duration of sliding window over which PLR is observed and computed to compare against the PLR_RPS threshold.

	PLR_DURATION_RED (ms)
	Duration of sliding window over which PLR is observed and computed to compare against the PLR_RED threshold.

	PLB_LOST (#)
	When PLB_LOST or more packet losses are detected in the last PLB_DURATION, this is categorized as a packet loss burst (PLB) event and the algorithm should take appropriate action for this event.

	PLB_DURATION (ms) 
	Duration of sliding window over which the number of packets lost is observed and computed to compare against the PLB_LOST threshold.

	N_INHIBIT (#)
	If the state machine of the adaptation algorithm transitions from one state to another state then back to the original state, the state machine shall not return to the other state in less than N_INHIBIT speech frames to avoid ping-pong effects.

	N_HOLD (#)
	N_HOLD x PLR_DURATION is used as the period over which PLR is observed and computed to compare against the PLR_LOW threshold when PLR_DURATION_LOW is not defined. N_HOLD x PLR_DURATION is used as the period over which PLR is observed and computed to compare against the PLR_RPS threshold when PLR_DURATION_RED is not defined.

	T_RESPONSE (ms)
	If the media receiver does not detect an appropriate response from the media sender within T_RESPONSE after having sent a request, the media receiver shall consider this request as not fulfilled and take appropriate action.


Table 2. Details of speech adaptation parameters
	Parameter (unit)
	Definition/comment

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

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

	PLB_LOST (#)
	If the number of packet losses observed during the last PLB_DURATION equals or exceeds PLB_LOST the receiver should consider this as a packet loss burst event and signal the sender to reduce the video transmission rate to adapt to bursty packet loss conditions.

	PLB_DURATION (ms) 
	Duration of sliding window over which packet losses are measured and compared against PLB_LOST to determine a bursty packets loss condition.

	MAX_RTP_GAP (ms)
	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 can be 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.

	INC_FBACK_MIN_INTERVAL
	Minimum interval between sending TMMBR messages that increase the maximum rate limit (ms)

	DEC_FBACK_MIN_INTERVAL
	Minimum interval between sending TMMBR messages that decrease the maximum rate limit (ms)

	DECONGEST_TIME (ms)
	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. If the receiver determines or estimates that congestion has not yet been cleared, it may attempt to clear the remaining congestion from the transmission path for another DECONGEST_TIME.
The parameter value is specified in milliseconds. This indicates the amount of time the receiver should command the sender to spend decongesting the transmission path before attempting to transmit at the sustainable rate of the transmission path. A short DECONGEST_TIME results in quick but aggressive decongestion by dropping the transmission rate relatively low.  A long DECONGEST_TIME results in longer and more conservative decongestion where the transmission rate is not significantly reduced.

A value of 0 indicates that the receiver should not attempt to perform any decongestion.

	TARGET_PLAYOUT_MARGIN_MIN (ms)
	Minimum acceptable time between the video packet arrival and its properly scheduled playout. The time is measured from playout time to the X percentile point (X_PERCENTILE) 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_HI (ms)
	Upper threshold of time between the video packet arrival and its properly scheduled playout. The time is measured from playout time to the X percentile point (X_PERCENTILE) 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.

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

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

	X_PERCENTILE (%)
	X percentile point of packet arrival distribution used with TARGET_PLAYOUT_MARGIN parameters.

	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 drop the video stream component or put it on hold.

	MIN_FRAME_RATE (%)
	Minimum acceptable frame rate that the encoder should use (% of maximum frame rate supported for the video session as specified by the selected video profile/level). If the MTSI client in terminal is unable to support this minimum frame rate it should drop the video stream component or put it on hold.  The minimum frame rate is considered unmet if the encoding time between any successive video frames is greater than 1s/MIN_FRAME_RATE.

	MAX_QP (#)
	The maximum quantization parameter that the encoder should use.  The number is an integer between 0 and 51, inclusive.  For H.264/AVC [H.264 Reference], the encoder should generate the packet stream such that the luminance quantization parameter QPY never exceeds MAX_QP.  For H.263 [H.263 Reference] and MPEG-4 [MPEG-4 Reference], the encoder should generate the packet stream such that the luminance quantization parameter QUANT never exceeds min(31, floor(2^((MAX_QP-12)/6+0.5) ). If the MTSI client in terminal is unable to support this maximum QP value it should put drop the video stream component or put it on hold.  If no restrictions on the image quality apply, then MAX_QP shall be set to 51.

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

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

	HOLD_DROP_END_VIDEO (#)
	Three-valued parameter that controls how the video sender should behave in case its video quality can not meet the requirements set in MIN_BIT_RATE, MIN_FRAME_RATE, and MAX_QP. This indicates whether the video sender should put the video stream on hold (maintaining QoS reservations for the video stream), drop the video stream (releasing the QoS reservation for the video stream), or end the entire MTSI session.
The values of this parameter are defined as follows:

· “0” = HOLD

· “1” = DROP

· “2” = END

	INITIAL_CODEC_RATE (%)
	Indicates the initial rate (% of maximum bit rate negotiated for the video session) that the codec should begin transmitting at for the session.


Table 3. Details of video adaptation parameters
5. Tree Structure of 3GPP MTSIMA MO v0.3
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Figure 1. Tree Structure of 3GPP MTSIMA MO v0.3
6. References
[1]   3GPP TS 26.114 V8.2.0 IP Multimedia Subsystem (IMS); Multimedia Telephony, Media handling and interaction
[2]   S4-090034 CR 26.114-0053 Dynamic video rate adaptation (Release 8), Ericsson
[3]   S4-090184 Parameters for Speech Adaptation Algorithms, Samsung
[4]   S4-090185 Parameters for Video Adaptation Algorithms, Samsung
[5]   S4-090460 Reduced Set of Speech and Video Adaptation Parameters, Samsung
[6]   S4-090461 Draft Structure of 3GPP MTSIMA MO, Samsung
[7]   S4-090477 Parameters for MTSI Video Adaptation, Qualcomm
[8]   S4-090502 Set of Speech and Video Adaptation Parameters v0.1, MSTI SWG

[9]   S4-090606 More on Parameters for Managing Video Adaptation, Qualcomm[image: image2.png]



PAGE  
6

_1312270650.vsd
X*


Speech?


PLB?


Ext?


PLR_DURATION_MAX


PLB_LOST_PACKET


PLB_DURATION


Video?


T_RESPONSE?


N_INHIBIT?


N_HOLD?


PLR_MAX


PLR?


Ext?


X*


Video?


PLR_MAX


PLR_LOW


Ext?


Speech?


MIN_FRAME_RATE?


RAMP_DOWN_RATE?


PLR?


Ext?


PLB?


PLB_LOST_PACKET


PLB_DURATION


INC_FBACK_MIN_INTERVAL?


DEC_FBACK_MIN_INTERVAL?


MIN_BIT_RATE?


MAX_RTP_GAP?


RAMP_UP_RATE?


PLR_LOW


PLR_RPS


PLR_RED


PLR_DURATION_RED


PLR_DURATION_LOW


PLR_DURATION_RPS


PLB_DURATION


PLR_DURATION_MAX


PLR_DURATION_LOW


DECONGEST_TIME?


MAX_QP?


TARGET_PLAYOUT_MARGIN_HI?


TARGET_PLAYOUT_MARGIN_MIN?


X_PERCENTILE?


TP_DURATION_MIN?


TP_DURATION_HI?


HOLD_DROP_END_VIDEO?


INITIAL_CODEC_RATE?



