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*** Start first change ***

6.2.3
Video

If video is used in a session, the session setup shall determine the bandwidth, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in [76] should be supported. The "framesize" attribute as specified in [60] shall not be used in the session setup.

An MTSI client shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.

An MTSI client is required to support the AVPF feedback messages trr-int, NACK and PLI [40] and the CCM feedback messages FIR, TMMBR and TMMBN [43], see Clauses 7.3.3 and 10.3. These feedback messages can only be used together with AVPF and shall be negotiated in SDP offer/answer before they can be used in the session [40]. An MTSI client sending an SDP offer for AVPF shall also include these AVPF and CCM feedback messages in the offer. An MTSI client accepting an SDP offer for AVPF for video shall also accept these AVPF and CCM feedback messages if they are offered.

If an MTSI client offers to use ECN for video in RTP streams then the MTSI client shall offer ECN Capable Transport as defined below. If an MTSI client accepts an offer for ECN for video then the MTSI client shall declare ECN Capable Transport in the SDP answer as defined below. The SDP negotiation of ECN Capable Transport is described in [84].

The use of ECN for a video stream in RTP is negotiated with the "ecn-capable-rtp" SDP attribute, [84]. ECN is enabled when both clients agree to use ECN as configured below. An MTSI client using ECN shall therefore also include the following parameters and parameter values for the ECN attribute:

-
‘leap’, to indicate that the leap-of-faith initiation method shall be used;

-
‘ect=0’, to indicate that ECT(0) shall be set for every packet.

An MTSI client offering ECN for video shall indicate support of TMMBR [43] by including the "ccm tmmbr" value within an "rtcp-fb" SDP attribute [40]. An MTSI client offering ECN for video may indicate support for RTCP AVPF ECN feedback messages [84] using the "rtcp-fb" SDP attribute with the "nack" feedback parameter and the "ecn" feedback parameter value. An MTSI client offering ECN for video may indicate support for RTCP XR ECN summary reports [84] using the "rtcp-xr" SDP attribute and the "ecn-sum" parameter.

An MTSI client receiving an offer for ECN for video with an indication of support of TMMBR [43] within an "rtcp-fb" attribute should accept the offer if it supports ECN. It shall then indicate support for TMMBR using an "rtcp-fb" attribute in the SDP answer.

An MTSI client receiving an offer for ECN for video with an indication of support of RTCP AVPF ECN feedback message but without support for TMMBR should accept the offer if it supports ECN and also the RTCP AVPF ECN feedback message. It shall then indicate support of the RTCP AVPF ECN feedback message using the "rtcp-fb" attribute in the SDP answer.

An MTSI client receiving an offer for ECN for video with an indication of support of RTCP XR ECN summary reports [84] without support for TMMBR should accept the offer if it supports ECN and also the RTCP XR ECN summary reports. It shall then indicate support of RTCP XR ECN summary reports in the SDP answer.

The use of ECN is disabled when a client sends an SDP without the "ecn-capable-rtp" SDP attribute.

An MTSI client may initiate a session re-negotiation to disable ECN to resolve ECN-related error cases. An ECN-related error case may be, for example, detecting non-ECT in the received packets when ECT(0) was expected or detecting a very high packet loss rate when ECN is used.

Examples of SDP offers and answers for video can be found in clause A.4. SDP examples for offering and accepting ECT are shown in Annex A.12.2.

NOTE:
For H.264 / MPEG-4 (Part 10) AVC, the optional max-rcmd-nalu-size receiver-capability parameter of RFC 6184 [25] should be set to the smaller of the MTU size (if known) minus header size or 1 400 bytes (otherwise).

The "framerate" attribute as specified in [8] indicates the maximum frame rate the offerer wishes to receive. If the “framerate” attribute is present in the SDP offer, its value may be modified in the SDP answer when the answerer wishes to receive video with a different maximum frame rate than what was indicated in the offer.

An MTSI client should support Coordination of Video Orientation (CVO) as specified in clause 7.4.5.

An MTSI client supporting CVO shall offer Coordination of Video Orientation (CVO) in SDP for all media streams containing video. CVO is offered by including the a=extmap attribute [95] indicating the CVO URN under the relevant media line scope. The CVO URN is: urn:3gpp:video-orientation. Here is an example usage of this URN to signal CVO relative to a media line: 

a=extmap:7 urn:3gpp:video-orientation

The number 7 in the example may be replaced with any number in the range 1-14. The above SDP line indicates 2 bits of granularity for rotation and shall be present when offering CVO.

Higher granularity CVO supports up to 6 bits of precision and may additionally be offered for the rotation value by also including the following line of SDP in the offer: 

a=extmap:5 urn:3gpp:video-orientation:6

For terminals with asymmetric capability (e.g. the ability to process video orientation information but not detect orientation), the sendonly and recvonly attributes [95] may be used. Terminals should express their capability in each direction sufficiently clearly such that signals are only sent in each direction to the extent that they both express useful information and can be processed by the recipient; for example, 6-bit signals would not be sent when the sending terminal can only detect orientation to a precision of 2 bits, and terminals incapable of detecting orientation would not send the header.

An MTSI client supporting CVO shall respond to receive CVO when CVO is offered to be sent in SDP, by including exactly one of the offered extmap attributes. An MTSI client supporting CVO shall respond to send CVO when CVO is offered to be received in SDP, by including exactly one of the offered extmap attributes. An MTSI client shall not answer with CVO in a direction when not offered CVO in that direction in SDP.

An MTSI client in terminal setting up asymmetric video streams with H.264 (AVC) should use both the ‘level-asymmetry-allowed’ parameter and the ‘max-recv-level’ parameter that are defined in the H.264 payload format, [25]. When the ‘max-recv-level’ parameter is used then the level offered for the receiving direction using the ‘max-recv-level’ parameter must be higher than the default level that is offered with the ‘profile-level-id’ parameter.

An SDP offer-answer example showing the usage of the ‘level-asymmetry-allowed’ and ‘max-recv-level’ parameters is included in Annex A.4.5.

An MTSI client in terminal setting up asymmetric video streams with H.265 (HEVC) should use the ‘max-recv-level-id’ parameter that is defined in the H.265 payload format, [120]. The level offered for the receiving direction using the ‘max-recv-level-id’ parameter must be higher than the default level that is offered with the ‘level-id’ parameter.

An SDP offer-answer example showing the usage of the ‘max-recv-level-id’ parameter is included in Annex A.4.8.

*** Start next change ***

Editor’s note: Clause 7.3.3 is changed also by the VTRI CR. No need to change anything here.
*** Start next change ***

Editor’s note: Clause 9.3 is changed also by the VTRI CR. No need to change anything here.
*** Start next change ***

10.3
Video

10.3.1
General

MTSI clients receiving RTCP Receiver Reports (RR) indicating nonzero packet loss shall support adjusting their outgoing bitrate accordingly (see RFC 3550 [9]). Note that for IMS networks, which normally have nonzero packet loss and fairly long round-trip delay, the amount of bitrate reduction specified in RFC 3448 [56] is generally too restrictive for video and may, if used as specified, result in very low video bitrates already at (for IMS) moderate packet loss rates.

A video sender shall support adapting its video output rate based on RTCP reports and TMMBR messages. This adaptation shall be used as described in clauses 10.3.2 to 10.3.6 unless the video sender is explicitly notified that no rate adaptation shall be performed. This adaptation should be performed while maintaining a balance between spatial quality and temporal resolution, which matches the bitrate and image size. Some examples are given in Annex B. For the handling of packet loss signaled through AVPF NACK and PLI, or for rate adaptation with RTCP reports and TMMBR messages, the video sender shall be able to dynamically adapt to the reported conditions, in particular to facilitate the operation of quality-recovery techniques pertinent to the situations. Quality-recovery techniques include, but may not be limited to, adapted intra frame periods, adaptation of random intra macroblock refresh ratios, and adaptation of the bit rates.
The rate adaptation can be controlled by using the video adaptation parameters defined in clause 17.2. By using the MIN_QUALITY/BIT_RATE/ABSOLUTE or the MIN_QUALITY/BIT_RATE/RELATIVE parameters it is possible to set the minimum bitrate for the adaptation.

10.3.2
Signaling mechanisms
The use of TMMBR and TMMBN depends on the outcome of the SDP offer/answer negotiation, see Clause 6.2.3.
If TMMBR andTMMBN is allowed to be used in the session and if the receiving MTSI client in terminal is made aware of a reduction in downlink bandwidth allocation through an explicit indication of the available bandwidth from the network (e.g. due to QoS renegotiation or handoff to another radio access technology), or from measurements such as increased delay at the receiver it shall notify the sender of the new current maximum bitrate using TMMBR. In this context the TMMBR message is used to quickly signal to the other party a reduction in available bitrate. If rate adaptation is allowed, the sending MTSI client shall, after receiving TMMBR, adjust the sent media rate to the requested rate or lower and shall respond by sending TMMBN, as described in CCM [43]. When determining the encoder bitrate the MTSI client needs to compensate for the IP/UDP/RTP overhead since the bitrate indicated in the TMMBR message includes this overhead. To determine TMMBR and TMMBN content, both sending MTSI client and receiving MTSI client in terminal shall use their best estimates of packet measured overhead size when measured overhead values are not available. If the TMMBR message was sent due to an explicit indication of available bandwidth, the MTSI client in terminal that sent the TMMBR message shall, after receiving the TMMBN, send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7. 
It is the sender’s responsibility to estimate if, and by how much, queue build-up has occurred due to use of a sending rate that was higher than the available throughput, before being able to reduce the sending rate. It is therefore also the sender’s responsibility to recover the buffering delay by sending with a rate that is lower than what the receiver has requested in the TMMBR message for some period of time.
If TMMBR and TMMBN are not allowed to be used in the session and if the MTSI client in terminal is made aware of a reduction in downlink bandwidth allocation (e.g. due to QoS renegotiation or handoff to another radio access technology) is shall send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7.
If the receiving MTSI client in terminal is made aware of an increase in downlink bandwidth allocation (determined via separate negotiation) through an explicit indication from the network (e.g. due to QoS renegotiation or handoff to another radio access technology) then, if this has not yet occurred, it shall send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7. 
The sender information in the RTCP Sender Reports (RTCP SR) contains information about how many packets and how much data the sender has sent. A receiving MTSI client in terminal may use this information to detect the difference between the sent bitrate (from the remote client) and the receive bitrate (in the local client).

The report blocks in the RTCP Receiver Reports (RTCP RR) or in the RTCP Sender Reports (RTCP SR), contain information about the highest received sequence number, the packet loss rate, the cumulative number of packet losses and interarrival jitter as experienced by the receiver. A sending MTSI client in terminal may use this information to detect the difference between the sent bitrate (from the local client) and the received bitrate (in the remote client) and also to estimate the queue build-up that can happen when congestion occurs somewhere in the path.

Another way to estimate the transmitted bitrate is to analyse the size of the packets and the RTP time stamps.


10.3.3
Adaptation triggers


An MTSI client in terminal sending or receiving media needs to know the currently allowed bitrate. The currently allowed bitrate is the minimum of the bitrate negotiated in SDP offer/answer and the bitrate allowed after the latest preceeding adaptation (e.g. last previous TMMBR message) that increased or decreased the allowed bitrate for the encoder. When no bitrate reduction trigger is received, the value from SDP offer/answer shall be used. The currently allowed bitrate may therefore vary over time.
An MTSI client in terminal sending media shall use at least one adaptation trigger that is based on the report blocks in the received RTCP Receiver Reports or in the RTCP Sender Reports.

NOTE:
When interworking with non-MTSI clients then it may happen that the remote client only sends RTCP Receiver Reports (or Sender Reports) but does not use any adaptation triggers in its receiver. This may happen even if the remote client supports and uses TMMBR because it is possible that the remote client uses TMMBR only to signal bitrate changes due to handoff to another access and not for dynamic rate adaptation.

An MTSI client in terminal receiving media shall use at least one adaptation trigger that is not ECN. Examples of adaptation triggers are: measurements of packet loss rate; measurements of jitter; difference between sending bitrate (e.g. from RTCP SR) and measured received bitrate; differences between sending packet rate (from RTCP SR) and received packet rate; and play-out delay margin (from packet arrival time until their scheduled play-out time). 

An MTSI client in terminal receiving media:

-
should use one or more triggers that allows for detecting changes in operating conditions within [250] ms when the estimated throughput is reduced by more than [10%] below the currently sent bitrate;

-
shall use one or more triggers that allows for detecting changes in operating conditions within [500] ms when the estimated throughput is reduced by more than [25%] below the currently sent bitrate.

Editor’s note: Since we use AVPF, it is expected that the TMMBR requests for rate reduction can be sent immediately. There is therefore no dependency on the RTCP bandwidth.
Editor’s note: Annex C.2.4 should be enough.
An MTSI client in terminal is receiving media shall use at least one method to estimate if and by how much the bitrate can be increased (
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). A method for how an MTSI client in terminal can estimate when and by how much the bitrate can be increased is described in Annex C.2.5.
10.3.4
Sender behavior, downswitching

10.3.4.1
Downswitching divided into phases

The downswitching of the encoder bitrate in response to received adaptation requests or performance metrics is divided into two phases:

-
First a rate reduction phase, where the bitrate is reduced from the target bitrate currently used by the sender, which is too high for the current operating conditions, to the bitrate that is suitable for the current operating conditions.

-
Then a delay recovery phase, where the delay of any buffered data is recovered.

These phases are described in more detail below.

Annex C.2 gives a further description of the downswitching procedure.

Editor’s note: In the description it is assumed that there is only a single congestion event that the clients need to adapt to. In real life, it may of course happen that the operating conditions are further degraded such that additional downswitching is necessary or that the operating conditions are improved such that the downswitching may be aborted. Such description is FFS.

10.3.4.2
Rate reduction phase


Editor’s note: No need to include the reference.
An MTSI client in terminal sending media should be able to immediately change the sending bitrate to the bitrate requested in a received TMMBR message.

Due to differences in client implementations (video encoder, cameras, etc), a sending MTSI client in terminal may or may not be able to immediately change the sending bitrate to the bitrate requested in a TMMBR message. The capability to immediately change the bitrate may also depend on whether the bitrate adaptation requires changing the frame rate and/or the video resolution.

When a reduction of the bitrate is requested with TMMBR and the MTSI client in terminal cannot immediately adapt to the requested bitrate then this will introduce excessive bits (
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) since the sending bitrate will be higher than the available bitrate. These excessive bits will cause buffering, packet delays and sometimes packet losses. In this case, the MTSI client in terminal shall calculate the amount of excessive bits that are created until the bitrate has been reduced to the requested bitrate. In this case, the sending MTSI client in terminal:

-
should adapt the encoding bitrate such that:
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-
shall adapt the encoding bitrate such that:
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where:



[image: image5.wmf])

_

_

(

*

_

_

_

_

rate

new

rate

prev

wc

time

adapt

wc

bits

excess

-

=


(10.3.4.2-3)

and:
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is the adaptation time required by the Worst-Case Adaptation Algorithm, see Annex C.2.4, in this case [1] second;
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An MTSI client in terminal reducing the bitrate:

-
should have adapted down to 
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-
shall have adapted down to 
[image: image14.wmf]rate

new

_

 [
[image: image15.wmf]wc

time

adapt

_

_

*

2
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The above procedure applies only when a bitrate reduction is requested with a TMMBR message. When the bitrate is increased, after the congestion has been cleared, then the above procedure does not apply. 

Annex C.2.4 gives a further description of the above requirements and recommendations and how the encoder should behave during the rate reducing phase.


10.3.4.3
Delay recovery phase

After adapting down to the requested bit-rate the sending MTSI client in terminal shall use a delay recovery phase where the bit-rate is (on average) lower than the requested bit-rate until the buffering delay caused by the excessive bits (
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) described in clause 10.3.4.2 have been recovered, see also Annex C.2.4.

Editor’s note: This can be left FFS.
Editor’s note: No need to handle this.
10.3.5
Sender behavior, up-switching


An MTSI client in terminal sending media with a bitrate lower than currently allowed bitrate should try to increase the bitrate up to the currently allowed bitrate. The bitrate of the encoded media is increased slowly until the currently allowed bitrate is reached while monitoring that the quality is maintained, i.e. no packet losses and no delay should be introduced because of the up-switch.
An MTSI client in terminal sending media with a bitrate according to the currently allowed bitrate and receiving a TMMBR request for increasing the bitrate:
-
should ramp up the bitrate to the currently allowed bitrate within [0.5] seconds,

-
shall ramp up the bitrate to the currently allowed bitrate within [1] second.
If during the up-switch procedure the MTSI client receives a TMMBR message for reducing the bitrate then the up-switch shall be aborted and the down-switch is started as described in clause 10.3.4.
10.3.6
Receiver behavior, down-switching

An MTSI client in terminal receiving media and detecting that the throughput is reduced shall behave as follows:
-
When detecting that the throughput is reduced by more than [10%] then it should send a TMMBR message requesting a bitrate that is at least [10%] lower than the currently allowed bitrate,

-
When detecting that the throughput is reduced by more than [25%] then it shall send a TMMBR message requesting a bitrate that is at least [25%] lower than the currently allowed bitrate.
TMMBR messages for down-switch are urgent feedback messages and shall be sent as soon as possibly. AVPF early mode or immediate mode, [40] shall be used whenever possible.
10.3.7
Receiver behavior, up-switch

An MTSI client in terminal receiving media and detecting that the bitrate can be increase shall behave as follows:
-
If the bitrate can be increased by at least [5%] then the MTSI client in terminal should send a TMMBR message requesting a bitrate that is:
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-
If the bitrate can be increased by at least [15%] then the MTSI client in terminal shall send a TMMBR message requesting a bitrate that is:
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TMMBR messages for up-switch shall be sent with the normal compound RTCP packets following the normal RTCP transmission rules defined for the RTP/AVP profile, [9]. This is to not unnecessarily prevent possible subsequent urgent feedback messages, e.g. for down-switch, to be sent using AVPF early mode or immediate mode.
Editor’s note: There is currently no time requirement for the up-switch, at least not for the media receiver.
10.3.8
ECN triggered adaptation

ECN triggered adaptation may be used in addition to other adaptation triggers. However, when ECN is used an MTSI client in terminal receiving media shall also use at least one other adaptation trigger, see clause 10.3.3. When ECN is used, an MTSI client in terminal sending media shall also monitor the received RTCP SR/RR.

NOTE:
When ECN is negotiated, some networks in the path may allow ECN signalling to pass through even though the network does not actively use ECN to indicate congestion. For example, in a session between an LTE UE and a HSPA UE, the LTE access may allow and use ECN, but the backbone and the HSPA access may allow ECN to be used without marking packets with ECN-CE if congestion occurs in the backbone or in the HSPA access side.
Table 10.2 defines a mandatory set of parameters that are used by the ECN triggered adaptation. The default values for the parameters are also specified. Alternate values for these parameters may be configured into the MTSI client based on operator policy, for example using OMA-DM.

Table 10.2: Configuration parameters when ECN is used as a trigger

	Parameter
	Description

	ECN_min_rate_relative
	Lower boundary (propotion of the bit rate negotiated for the video stream) for the media bit-rate adaptation in response to ECN-CE marking. The media bit-rate shall not be reduced below this value as a reaction to the received ECN-CE.

The ECN_min_rate should be selected to maintain an acceptable service quality while reducing the resource utilization.

Default value: Same as INITIAL_CODEC_RATE for video if defined, otherwise 50%

	ECN_min_rate_absolute
	Lower boundary (kbps) for the media bit-rate adaptation in response to ECN-CE marking. The media bit-rate shall not be reduced below this value as a reaction to the received ECN-CE.

The ECN_min_rate should be selected to maintain an acceptable service quality while reducing the resource utilization.

Default value: 48 kbps

	ECN_congestion_wait
	The waiting time after an ECN-CE marking for which an up-switch shall not be attempted.

A negative value indicates an infinite waiting time, i.e. to prevent up-switch for the whole remaining session.

Default value: 5 seconds


The ECN_min_rate parameter is set to the larger of the ECN_min_rate_relative and ECN_min_rate_absolute values. Since the ECN_min_rate_relative parameter is relative to the outcome of the offer-answer negotiation this means that the ECN_min_rate value may be different for different sessions. The ECN_min_rate_absolute parameter is used to prevent too low bit rates for video, which would result in too low quality.

The configuration of adaptation parameters, and the actions taken during the adaptation, are specific to the particular triggers. For example, the adaptation may be configured to reduce the media bit-rate to ECN_min_rate when ECN-CE is detected, while it may reduce the media bit-rate even further for bad radio conditions when high PLR is detected.

 Multiple ECN-CE markings within one RTP-level round-trip time is considered as the same congestion event. Each time an MTSI client detects a congestion event it shall send an adaptation request to reduce the media bit-rate unless already operating at the ECN_min_rate or below. An MTSI client detecting a congestion event shall not send an adaptation request to increase the media bit-rate for a time period ECN_congestion_wait after the end of the congestion event.

Multiple adaptation algorithms can be used in parallel, for example both ECN-triggered adaptation and PLR-triggered adaptation. When multiple adaptation algorithms are used for the rate adaptation, the rate that the MTSI client is allowed to use should be no higher than any of the rates determined by each adaptation algorithm.

NOTE:
For example, if the ECN-triggered adaptation indicates that 100kbps should be used and if the PLR-triggered adaptation indicates that 75kbps should be used then the rate that the MTSI client uses should be no higher than min(100, 75) = 75kbps.


*** Start next change ***



*** Start next change ***


C.2
Example criteria for video bit rate feedback and adaptation

C.2.1
Introduction

This annex gives the outline of possible example adaptation criteria that make use of adaptation signalling for video as described in section 10.3. Several different adaptation implementations are possible and the example criteria shown in this section are not to be seen as an adaptive scheme excluding other designs. Implementers are free to use these example criteria or to use any other adaptation algorithm as long as the requirements and recommendations specified in clause 10.3 are fulfilled. The description of the example criteria is split into two parts, one for the media sender side and one for the media receiver side.

C.2.2
Media sender side

The basic rate adaptation algorithm on the media sender side serves to combine the received RTCP TMMBR and RTCP Receiver Report or Sender Report in a way that makes adaptation possible in the presence of any or both of the aforementioned reports. One important aspect is that the TMMBR reports will serve as an upper limit on the permitted bitrate while RTCP Receiver or Sender Reports provide a means for temporary adjustments based on e.g. the packet loss rate in a given interval. Note that the actual bitrate limit will also depend on the bandwidth attribute in the SDP.  Typically adjustments of the permitted bitrate due to TMMBR reports are less frequent than adjustments due to RTCP Receiver or Sender Reports The media sender may use the following conditions to adjust its video transmission rate:

1. 1
Upon receiving a TMMBR message the media sender sets its maximum transmission rate to the requested rate.  

2. 2
If the requested rate in the TMMBR message is greater than the current video transmission rate the media sender (gradually) increases its transmission rate to the requested rate in the TMMBR message. 

3. 3
Examining the RTCP Receiver Report and Sender Report information to determine whether finer adaptations can be made to the video transmission rate.  For example, the media sender may reduce its video transmission rate in response to an increase in the packet loss rate.

4. 4
Reducing the video transmission rate if the media sender determines that the local radio uplink throughput is decreasing, e.g. detecting congestion in the uplink transmission buffers or examining other indicators of uplink quality.

5. 5
Other conditions

C.2.3
Media receiver side

The basic rate adaptation algorithm on the media receiver side may consist of both the well established RFC3550 RTCP RR and SR reporting (which is not described further) and the estimation and sending of TMMBR to the sender. Transmission of TMMBR reports is typically less frequent than RTCP Receiver Reports or Sender Reports. 

The media receiver may use the following conditions to send a TMMBR message requesting a reduction in video transmission rate

1. 1
The video packets are arriving too close to or too late for their scheduled playout

2. 2
The receiver detects an unacceptably high packet loss rate

3. 3
The receiver detects that the received bitrate has been reduced

4. 4
Other conditions

The MTSI media receiver may use the following conditions to send a TMMBR requesting an increase in video transmission rate

1. 1
The video packets are arriving earlier than needed for their scheduled playout

2. 2
Other conditions

Care must be taken when sending consecutive TMMBR messages to accommodate the media sender’s reaction to previously sent TMMBR messages.  When doing this, the media receiver should account for delays in the transmission of TMMBR messages due to RTCP bandwidth requirements.

C.2.4
Video encoder bitrate adaptation, down-switch
As described in clause 10.3.4.2, the video encoder may not be able to immediately change the sending bitrate to the requested bitrate, especially if this also requires changing the frame rate and/or the video resolution. During this period, the generated bitrate is higher than the channel capacity which means that excessive bits (
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) are generated and the corresponding RTP packets will be queuing up at the node where the congestion occurs. Figure C.8 gives a schematic description of the encoder bitrate adaptation. The encoder bitrate is here shown with straight lines. In reality, the amount of data generated by the encoder will vary from frame to frame and the bitrate will then vary around the bitrate shown in this figure. These bitrate variations are not considered in this description but needs to be considered in the real implementation.

The encoder uses the bitrate of the previous channel capacity (
[image: image20.wmf]rate

prev

_

) as long as the sender is unaware of the reduced channel capacity. When the TMMBR message is received, the encoder starts reducing the bitrate towards the new channel capacity (
[image: image21.wmf]rate

new

_

). Since the bitrate indicated in the TMMBR message includes the IP/UDP/RTP overhead then this needs to be removed. The encoder bitrate is then reduced even further for a while to gain back the delay caused by the queue build-up.


[image: image22]
Figure C.8. Schematic figure of bitrate reduction in video encoder when the encoder cannot immediately switch to the requested bitrate

The upper limit requirement (
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) for how many excessive bits that is allowed to be generated during the adaptation time is defined by the Worst-Case Adaptation Algorithm, which corresponds to the rectangle 
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 while the recommendation (
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) is defined by the triangle 
[image: image26.wmf]ABC

.

The amount of excessive bits that are generated corresponds to the area of the triangle 
[image: image27.wmf]ABE

. As can be seen in the figure, the measurement window (
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) is here longer than the worst case adaptation time (
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) which is used for defining the requirement limit and the recommendation limit for the excessive bits. In this example, the encoder bitrate is not reduced fast enough to fulfil the recommendation but the requirement is fulfilled. This shows that it is allowed to use an adaptation time that is longer than the time used for defining the requirement and recommendation, as long as the amount of excessive bits does not exceed the limit.

After the encoder bitrate has been reduced to the new bitrate then the encoder needs to reduce the bitrate even further to form the beginning of the delay recovery period. The length of the delay recovery period depends on the amount of excessive bits that have been generated and how much lower the encoding bitrate is compared to the new channel capacity.

In reality, the queue starts to build up even before the sender has received the TMMBR message, which is here shown by the rectangle 
[image: image31.wmf]ABFG

. The sender can estimate the excessive bits generated during this period from the RTCP Receiver Reports and can then compensate for this by extending the delay recovery period.
C.2.5
Video encoder bitrate adaptation, receiver-driven up-switch
When the channel is being under-utilized by the sender, it is likely that the delivery of video packets will occur before they actually need to be played out at the receiver. Therefore, the sender rate could be increased and introduce some additional delay without negatively affecting the system or the user experience.

The excess bits (
[image: image32.wmf]bits
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) that can be introduced into the transmission path can be computed as follows in the case that the channel bandwidth is equal to the average receiving rate measured at the receiver, i.e., the worst case with no spare channel bandwidth available:
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(C.2.5-1)
where:
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 is the bitrate with which the sending rate is increased;
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 is the Round-Trip Time;
and:
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 is the time needed to detect if congestion occurs, see Figure C.8.
The corresponding worst case excess delay (
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) due to excess_bits equals:
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(C.2.5-2)
where:
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 is the average throughput as measured by the receiver.

Therefore, if the receiver determines the amount of allowable excess delay (
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) from the received video packets, it can calculate the amount of rate increase that would not congest the system as:
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(C.2.5-3)
Since the one-way delay from sender to receiver is generally unknown to the receiver, it cannot use this to calculate the allowable excess delay. Instead the receiver measures the amount of time between when a packet arrives and when it is scheduled to be played out to determine how much additional delay is acceptable. This metric is actually more accurate from a user-experience perspective since this directly determines whether the video information in received packets can actually be displayed to the user without degradation.
The bitrate to request (
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) in TMMBR is then:
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(C.2.5-4)
Before sending the TMMBR message with the requested rate, the receiver needs to verify that the requested rate does not exceed the bitrate that was negotiated in SDP offer/answer.
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