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For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

…

[85]
3GPP TS 36.300: "Evolved Universal Terrestrial Radio Access (E-UTRA) and Evolved Universal Terrestrial Radio Access Network (E-UTRAN); Overall description".
…

[156]
IETF RFC 7728 (2016): "RTP Stream Pause and Resume".

[x]
3GPP TS 36.321: "Evolved Universal Terrestrial Radio Access (E-UTRA); Medium Access Control (MAC) protocol specification".
*** Next changes ***

3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply:

NOTE:
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

AC
Alternating Current

AL-SDU
Application Layer - Service Data Unit

AMR
Adaptive Multi-Rate

AMR-NB
Adaptive Multi-Rate - NarrowBand

AMR-WB
Adaptive Multi-Rate - WideBand

AMR-WB IO
Adaptive Multi-Rate - WideBand Inter-operable Mode, included in the EVS codec
ANBR
Access Network Bitrate Recommendation
ANBRQ
Access Network Bitrate Recommendation Query
APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

…

*** Next changes ***

6.2.5.1
General
The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566 [8].

An MTSI client in terminal should include the ‘a=bw-info’ attribute in the SDP offer. When accepting a media type where the ‘a=bw-info’ attribute is included the MTSI client in terminal shall include the ‘a=bw-info’ attribute in the SDP answer if it supports the attribute. The ‘a=bw-info’ attribute and the below used bandwidth properties are defined in clause 19.
When the ‘a=bw-info’ attribute is supported, the following bandwidth properties shall be included for each RTP payload type in the SDP:
-
Maximum Supported Bandwidth for sending direction.

-
Maximum Desired Bandwidth for sending direction.

-
Minimum Desired Bandwidth for sending direction.

-
Minimum Supported Bandwidth for sending direction.

-
Maximum Supported Bandwidth for receiving direction with the following exception:

-
The b=AS bandwidth modifier indicates the bandwidth needed for the RTP payload type that requires the highest bandwidth. The Maximum Supported Bandwidth for this RTP payload type is therefore indicated with the b=AS bandwidth modifier and does not need to be indicated with the ‘a=bw-info’ attribute for this RTP payload type. It is still allowed to include the ‘a=bw-info’ attribute for this RTP payload type but the value shall then be aligned with the b=AS value when sending the SDP. When receiving the SDP,the b=AS bandwidth modifier and the Maximum Supported Bandwidth for the receiving direction may not be aligned. In this case, the maximum sending rate is determined as defined below.
-
Maximum Desired Bandwidth for receiving direction.

-
Minimum Desired Bandwidth for receiving direction.

-
Minimum Supported Bandwidth for receiving direction.

Recommended bandwidths for several codec configurations are provided in the media-specific sections.

For a media stream that has been removed by either the offerer or answerer, the inclusion of bandwidth information is optional. This is in accordance with clause 8.2 of RFC 3264 [58]. 

SDP examples incorporating bandwidth modifiers are shown in annex A. SDP examples using the ‘a=bw-info’ attribute are shown in annex A.6.3.

When an MTSI client in terminal receives an SDP offer or answer it shall determine the maximum sending rate for the selected codec by selecting the smallest of the following:

-
the bandwidth value, if the b=AS parameter was included in the received SDP offer or answer

-
the Maximum Supported Bandwidth for the receiving direction, if included in the received SDP

-
the preconfigured data rate for the selected codec, if the MTSI client has been preconfigured by the operator to use a particular data rate for the selected codec

-
the maximum data rate for the selected codec as determined by examining the codec information (e.g., codec, mode, profile, level) and any other media information (e.g., ptime and maxptime) included in the received SDP offer or answer.  This maximum data rate is determined assuming no extra bandwidth is allowed for redundancy.

The maximum sending rate may be further updated by the MTSI client in terminal based on receiving an indication of the granted QoS (see clause 6.2.7). 

The MTSI client in terminal shall not transmit at a rate above the maximum sending rate.  For speech, the MTSI client should transmit using the codec mode with the highest data rate allowed by the maximum sending rate, except if limited to a lower codec mode by the initial codec mode procedures (see clause 7.5.2.1.6) or by the adaptation procedures (see clause 10.2).

[The MTSI client in terminal may support access network bitrate recommendation (ANBR, see clause 10.x). A persistent decrease of the ANBR in either downlink or uplink may cause the MTSI client in terminal to trigger SDP offer/answer re-negotiation when the new bandwidth indicated by ANBR motivates the changing of media configuration such as e.g. number of RTP streams or changing the codec, for instance when the ANBR cannot be supported by any of the negotiated codecs. However, it is expected that such ANBR triggered SDP offer/answer re-negotiation happens rarely and not for every change of the ANBR from the access network. If the ANBR from the access network is within the range of the already established GBR and MBR, even for non-GBR bearers (GBR=0), then the MTSI client in terminal shall not initiate any SDP offer/answer re-negotiation based on ANBR. SDP offer/answer re-negotiation shall not be used as a replacement for media bitrate adaptation. Furthermore, the ANBR contains information on short-term bandwidth, and hence this may not need re-negotiation of SDP-level bandwidth properties. One should also consider that these SDP offer/answer re-negotiations consume network resources and hence should be avoided or minimized.]
Editor’s Note: The recommendation on session re-negotiation in response to ANBR is currently TBD and above text in square brackets may be replaced by a guidance against session re-negotiation in response to ANBR. 
*** Next changes ***

7.3.2
Speech

MTSI clients in terminals offering speech should support AVPF (RFC 4585 [40]). When allocating RTCP bandwidth, it is recommended to allocate RTCP bandwidth and set the values for the "b=RR:" and the "b=RS:" parameters such that a good compromise between the RTCP reporting needs for the application and bandwidth utilization is achieved, see also Annex A.6. The value of "trr-int" should be set to zero or not transmitted at all (in which case the default "trr‑int" value of zero will be assumed) when Reduced-Size RTCP (see clause 7.3.6) is not used.

For speech sessions it is beneficial to keep the size of RTCP packets as small as possible in order to reduce the potential disruption of RTCP onto the RTP stream in bandwidth-limited channels. RTCP packet sizes can be minimized by using Reduced-Size RTCP packets or using the parts of RTCP compound packets (according to RFC 3550 [9]) which are required by the application. RTCP compound packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 4 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session. Reduced-Size RTCP and semi-compound RTCP packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 2 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session.

An MTSI client using ECN for speech in RTP sessions may support the RTCP AVPF ECN feedback message and the RTCP XR ECN summary report [84].  If the MTSI client supports the RTCP AVPF ECN feedback message then the MTSI client shall also support the RTCP XR ECN summary report. 

NOTE 1:
This can improve the interworking with non-MTSI ECN peers.

When an MTSI client that has negotiated the use of ECN and then receives RTP packets with ECN-CE marks, the MTSI client shall send application specific adaptation requests (RTP CMR [28] or RTCP-APP CMR, as defined in Subclause 10.2.1.5) and shall not send RTCP AVPF ECN feedback messages, even if RTCP AVPF ECN feedback messages were negotiated.

NOTE 2:
RTP CMR is mandated to be supported by any AMR or AMR-WB implementation using the RTP profile [28].

When an MTSI client in terminal that has negotiated the use of ECN for speech and RTCP AVPF ECN feedback messages receives both application specific requests and RTCP AVPF ECN feedback messages, the MTSI client should follow the application specific requests for performing media bit rate adaptation.

When an MTSI client in terminal that has negotiated the use of ECN for speech and RTCP XR ECN summary reports receives an RTCP XR ECN summary report, the MTSI client should use the RTCP XR ECN summary report as specified in [84]. If the MTSI client received and acted upon a recent application specific adaptation request, then the MTSI client shall not perform any additional rate adaptation based on the received RTCP XR ECN summary report.
If ANBR (see clause 10.x) is available to the MTSI client in terminal, it should use this information when performing media bitrate adaptation. In addition, a media receiving MTSI client in terminal may send RTCP-APP or RTP CMR messages for speech rate adaptation based on adaptation decisions, including ANBR information.
For speech, RTCP APP packets are used for adaptation (see clause 10.2). If the MTSI client determines that RTCP APP cannot be used or does not work then the MTSI client may use CMR in the AMR RTP payload [28] inband CMR or other RTCP mechanisms for adaptation.

An MTSI client that requests mode adaptation shall use the CMR in the AMR/AMR-WB RTP payload [28] when using the AMR or the AMR-WB codec or in the EVS payload [125] when using the EVS codec, respectively, when:
-
the RTCP bandwidth is set to zero, 

-
the MTSI client detected that the remote end-point does not respond to adaptation requests sent with RTCP APP during the session, or

-
the support for RTCP APP was not negotiated for the session.
If RTCP-APP was negotiated, an MTSI client that requests mode adaptation for EVS shall use RTCP-APP when the CMR in the EVS RTP payload has been disabled for the session.

NOTE 3:
It is not possible to send adaptation requests if both CMR in the EVS RTP payload has been disabled and if RTCP-APP is not negotiated for the session.

An MTSI client using AMR or AMR-WB that requests mode adaptation when no MTSI feature tag was received (see Clause 5.2 of [57]) may use the CMR in the AMR/AMR-WB RTP payload, [28], when AMR or AMR-WB is used and may use the CMR in the EVS RTP payload, [125], when EVS is used, respectively. If ECN-triggered adaptation is used and an MTSI client requests mode adaptation when no MTSI feature tag was received it should use the CMR in the AMR RTP payload, [28].

NOTE 4:
Other procedures by which the MTSI client determines that RTCP APP cannot be used or does not work is implementation specific.
If ECN-triggered adaptation is used with AVP then the RTCP APP signalling could be too slow and CMR in the AMR RTP payload [28] should be used for faster feedback.

An MTSI client that requests mode adaptation in combination with other codec control requests (as defined in Clause 10.2.1) shall use RTCP APP.
An MTSI client that requests rate adaptation for unidirectional streams shall use RTCP-based adaptation signaling (RTCP APP or RTCP SR/RR) since CMR in the AMR RTP payload, [28] is not usable for unidirectional streams.

*** Next changes ***

7.3.3
Video

MTSI clients offering video shall support AVPF (RFC 4585 [40]). The behaviour can be controlled by allocating enough RTCP bandwidth using "b=RR:" and "b=RS:" (see section 7.3.1) and setting the value of "trr-int".

MTSI clients offering video shall support transmission and reception of AVPF NACK messages, as an indication of non-received media packets. MTSI terminals offering video shall also support transmission and reception of AVPF Picture Loss Indication (PLI). The actions of an MTSI client receiving NACK or PLI to improve the situation for the MTSI client that sent NACK or PLI is defined in clause 9.3. Note that by setting the bitmask of following lost packets (BLP) the frequency of transmitting NACK can be reduced, but the repairing action by the MTSI client receiving the message can be delayed correspondingly.
The Temporary Maximum Media Bit-rate Request (TMMBR) and Temporary Maximum Media Bit-rate Notification (TMMBN) messages of Codec-Control Messages (CCM) [43] shall be supported by MTSI clients in terminals supporting video. The TMMBR notification messages along with RTCP sender reports and receiver reports are used for dynamic video rate adaptation. See clause 10.3 for usage and Annexes B and C for examples of bitrate adaptation.

MTSI clients supporting video shall support Full Intra Request (FIR) of CCM [43]. A sender should ignore FIR messages that arrive within Response Wait Time (RWT) duration after responding to a previous FIR message. Response Wait Time (RWT) is defined as RTP-level round-trip time, estimated by RTCP or some other means, plus twice the frame duration.

MTSI clients in terminals shall not use SIP INFO message, as specified in [96], for video picture fast update.
The usage of the AVPF and CCM feedback messages is negotiated in SDP offer/answer, see Clause 6.2.3.2. Any AVPF or CCM feedback messages that have not been agreed in the SDP offer/answer negotiation shall not be used in the session, [40].
An MTSI client using ECN for video in RTP sessions may support the RTCP AVPF ECN feedback message and the RTCP XR ECN summary report [84]. If the MTSI client supports the RTCP AVPF ECN feedback message then the MTSI client shall also support the RTCP XR ECN summary report.

NOTE
This can improve the interworking with non-MTSI ECN-capable peers.
When an MTSI client that has negotiated the use of ECN and TMMBR receives RTP packets with ECN-CE marks, the MTSI client shall send application specific adaptation requests (TMMBR) and shall not send RTCP AVPF ECN feedback messages, even if RTCP AVPF ECN feedback messages were negotiated in addition to TMMBR.
When an MTSI client that has negotiated the use of ECN for video and RTCP AVPF ECN feedback messages receives both application specific requests and RTCP AVPF ECN feedback messages, the MTSI client should follow the application specific requests for perfoming media bit rate adaptation.

When an MTSI client that has negotiated the use of ECN for video and RTCP XR ECN summary reports receives an RTCP XR ECN summary report, the MTSI client should use the RTCP XR ECN summary report as specified in [84]. If the MTSI client received and acted upon a recent application specific adaptation request, then the MTSI client shall not perform any additional rate adaptation based on the received RTCP XR ECN summary report.
If ANBR (see clause 10.x) information is available to the MTSI client in terminal, it should use this information when performing media bitrate adaptation. In addition, a media receiving MTSI client in terminal may send RTCP feedback messages (e.g., TMMBR, TMMBN messages of CCM, etc.) for video rate adaptation based on adaptation decisions, including ANBR information.
*** Next changes ***

10.1
General

Adaptive mechanisms are used to optimize the session quality given the current transport characteristics. The mechanisms provided in MTSI are bit-rate, packet-rate and error resilience adaptation. These mechanisms can be used in different ways; however, they should only be used when the result of the adaptation is assumed to increase the session quality even if e.g. the source bit-rate is reduced.

Adaptive mechanisms that act upon measured or signalled changes in the transport channel characteristics may be used in a conservative manner. Examples of measured changes in transport characteristics are variations in Packet Loss Rate (PLR) and delay jitter. Examples of signalled changes in transport characteristics are ANBR (see clause 10.x) and ECN Congestion Experienced (ECN-CE) marking in IP packet headers. A conservative use of adaptation is characterized by a fast response to degrading conditions, and a slower, careful upwards adaptation intended to return the session media settings to the original default state of the session. The long-term goal of any adaptive mechanism is assumed to be a restoration of the session quality to the originally negotiated quality. The short-term goal is to maximize the session quality given the current transport characteristics, even if that means than the adapted state of the session will give a lower session quality compared to the session default state if transported on an undisturbed channel.

The ‘a=bw-info’ attribute defined in Clause 19 may be used to align the adaptation with the bearer setup and the end-to-end resource allocation. A few recommendations are described in sub-clause 10.6.

*** Next changes ***

10.2
Speech

10.2.0
General
To reduce the risk for confusion in the media-sender, it is beneficial if the signaling from media-receiver back to media-sender for the media adaptation is the same regardless of which triggers are used in the adaptation-decision in the media-receiver. The ANBR described in clause 10.x can, if supported by both the access network and the MTSI client in terminal, be used as one such trigger.
NOTE:
The media-receiver is aware that other nodes in the media path may also influence the media adaptation. A media-receiver sending a specific CMR value X can expect that (after some time) no media is received with a mode higher than X, but modes lower than X may be received any time.

The adaptation for AMR, AMR-WB and EVS includes adapting the media bit-rate, the frame aggregation, the redundancy level and the redundancy offset. The domain of adaptation for EVS furthermore includes adapting audio bandwidth, partial redundancy, switching between EVS primary mode and EVS AMR-WB IO mode.

When the AMR codec or the AMR-WB codec is used, two signaling mechanisms are defined:

-
CMR in the AMR/AMR-WB RTP payload, [28].  
CMR in RTP can be used by the media-receiver to restrict the codec mode in the remote media-sender to an upper limit (maximum mode).

-
RTCP-APP, see clause 10.2.1. 
If the media-sender supports RTCP-APP, then the media-receiver can use it in the following way:
CMR in RTCP-APP can be used by the media-receiver to restrict the codec mode in the remote media-sender to an upper limit (maximum mode), in addition to CMR in RTP. 
RTCP-APP can further be used by the media-receiver for the adaptation of frame aggregation, redundancy level and redundancy offset in the RTP packets to be sent by the remote media-sender.

When the EVS codec is used, the following signaling mechanism is defined:

-
CMR in the EVS RTP payload, [125].

-
RTCP-APP, see clause 10.2.1.

When adapting frame aggregation and/or redundancy, the MTSI client must verify that the maximum packetization, defined by the maxptime SDP parameter, is not exceeded. The MTSI client must also verify that the IP packet sizes does not exceed the Maximum Transfer Unit (MTU).
The boundaries of the adaptation may be controlled by a set of parameters. These parameters may be configured into the MTSI client based on operator policy, for example using OMA-DM.

Table 10.1 defines a mandatory set of parameters that are used by the ECN triggered adaptation for AMR and AMR-WB. 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 10.1: Configuration parameters when ECN is used as a trigger

	Parameter
	Description

	ECN_min_rate
	Lower boundary 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: For AMR and AMR-WB, the default value shall be the rate of the recommended Initial Codec Mode, see Clause 7.5.2.1.6.

	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 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 AMR5.9 when ECN-CE is detected, while it may reduce the media bit-rate to AMR4.75 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 trigger algorithms can be used in parallel, for example ECN-triggered adaptation, adaptation based on ANBR, 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 AMR5.9 should be used and if the PLR-triggered adaptation indicates that AMR4.75 should be used then the rate that the MTSI client uses should be no higher than min(AMR5.9, AMR4.75) = AMR4.75.An example adaptation scheme is described in Annex C.

When additional transport bandwidth information is provided using the ‘a=bw-info’ attribute defined in clause 19, the Minimum Desired Bandwidth should be aligned with the ECN_min_rate configuration parameter.

*** Next changes ***

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, e.g.by setting the minimum quality bitrate equal to the negotiated bitrate. 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, FEC, 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 6.2.3.2.
If TMMBR andTMMBN are 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 allocation 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 media receiver, it shall notify the media 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 transport bitrate. If rate adaptation is allowed, the media 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 media sending and media receiving MTSI clients 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 allocation, 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 media 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 media sender’s responsibility to recover the buffering delay by sending with a rate that is lower than what the media 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) it 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.

When an MTSI client in terminal receives available bandwidth information from ANBR (see 10.x), it shall not be considered an explicit indication of available bandwidth allocation that requires sending SIP UPDATE as described above. Sending SIP UPDATE based on temporary bitrate information, such as ANBR, should instead be avoided. When a GBR bearer is used for video, SIP UPDATE shall not be used for other video bitrate changes than to turn video media on or off.
The media sender information in the RTCP Sender Reports (RTCP SR) contains information about how many packets and how much data the media sender has sent. A media receiving MTSI client in terminal may use this information to detect the difference between the sent bitrate (from the remote media sending client) and the received bitrate (in the local media receiving 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 media receiver. A media sending MTSI client in terminal may use this information to detect the difference between the sent bitrate (from the local media sending client) and the received bitrate (in the remote media receiving client) and also to estimate the queue build-up that can happen when congestion occurs somewhere in the path.

To enable proper video rate adaptation, RTCP Reports must be sent frequently enough (e.g. at least twice per second) to allow MTSI clients to detect network congestion. An MTSI client in terminal shall set the RR and RS bandwidth modifiers in the SDP offer/answer to reserve an RTCP bandwidth that is no smaller than the bandwidth reserved by setting the RTCP bandwidth modifiers as follows (see Annex A.6):

-
0 bps for the RS field (at media level);

-
5000 bps for the RR field (at media level).

NOTE:
In a point-to-point session the MTSI clients in terminals will be reserved, on average, 2500 bps of RTCP bandwidth in each direction when the RTCP bandwidth modifiers are negotiated as described above.

Furthermore, unless there is a clear need to set the RTCP bandwidth higher than specified above, the RTCP bandwidth modifiers in the SDP offer should be set as specified above.

NOTE:
RFC 3550 recommends that the RTCP bandwidth default be 5% of the media bandwidth.  However, this default may be excessive in various scenarios, including 3GPP access networks, and should therefore be carefully evaluated when setting the RR and RS values differently than recommended in this clause.
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 (
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). 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 reception 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: ANBR, 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 sending or receiving media:

-
Should use one or more triggers that is capable to detect a needed reduction in throughput of 10% or more. If a trigger requires reception of an RTCP Sender or Receiver Report, the change should be detected within 3 frame durations of reception of the Sender or Receiver Report. If all triggers do not require Sender or Receiver Report reception, the change should be detected within 8 frame durations of the reduction in throughput.
-
Shall use one or more triggers that is capable to detect a needed reduction in throughput of 25% or more. If a trigger requires reception of an RTCP Sender or Receiver Report, the change shall be detected within 6 frame durations of reception of the Sender or Receiver Report. If all triggers do not require Sender or Receiver Report reception, the change shall be detected within 15 frame durations of the reduction in throughput.

An MTSI client in terminal 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.
*** Next changes ***

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. If ANBR described in clause 10.x is used, the bitrate value used in that bitrate recommendation shall be seen as independent from ECN and thus not taking ECN-CE markings into account. It is therefore possible that ECN-CE and ANBR with a decreased bitrate value both report on the same detected restriction.
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 (proportion 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 ECN-triggered adaptation, ANBR, and Packet Loss Rate-triggered adaptation. When multiple adaptation trigger 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.

*** Next changes ***

10.x
Access network bitrate recommendation

10.x.1
General

Support and use of access network bitrate recommendations (ANBR) as described in this clause are optional for MTSI clients in terminal. Clause 10.x does not apply to MTSI clients in terminal that do not support the ANBR message.
Some access networks may provide the MTSI client in terminal with ANBR messages, separately per local access bearer and separately for the local uplink and downlink. It is expected that an ANBR message is sent to the MTSI client in terminal whenever the eNodeB finds it reasonable to inform about a change the used bitrate, such that the MTSI client in terminal is generally but not necessarily always provided with up-to-date recommended bitrate information.
In general, a single access bearer can carry multiple RTP streams, in which case ANBR applies to the sum of the individual RTP stream bitrates on that bearer.
Access networks supporting ANBR may also support a corresponding ANBR Query (ANBRQ) message, which allows the MTSI client in terminal to query the network for updated ANBR information. ANBRQ shall only be used to query for an ANBR update when media bitrate is to be increased, not for media bitrate decrease.
The ANBR and ANBRQ messages, as used in this clause, are conceptual messages that allows generalization of the description between different accesses, e.g. LTE (see 10.x.4) and wireless LAN. There shall be a defined mapping between the conceptual ANBR/ANBRQ and actual messages for each access where ANBR/ANBRQ signaling is to be used. The format of such access-specific ANBR/ANBRQ messages may differ between different types of access networks, and there may not even exist a one-to-one mapping of messages. The recommended bitrate value in ANBR/ANBRQ is here defined to include IP and higher layer overhead, including bitrate used for RTCP signaling (as opposed to e.g. b=AS line in SDP, which does not include RTCP). Other definitions can be used by the access network, e.g., including overhead below IP layer that is added by the access network, and the UE shall then perform appropriate value translation, e.g. adjusting for use of ROHC and removing the lower layer overhead.
10.x.2
Relation to session signaling bitrate information
ANBR is only a recommendation and does not change any bitrate restrictions established by session signaling, described in clause 6.2.5.1. Such session signaling bitrate information includes:
· SDP "b=" lines, including "b=AS", "b=RS", and "b=RR".
· SDP "a=bw-info" lines, if present.
· Codec-specific min/max bitrates, based on codec configuration and/or packetization parameters.
· MBR and GBR QoS parameters.
An ANBR value that would lead to using a bitrate above a maximum bitrate limit established by any of the above shall therefore instead be considered as a bitrate recommendation for the next lower maximum bitrate. Similarly, when using a codec configuration with discrete bitrate steps, if the ANBR value does not exactly match such discrete codec bitrate, it shall be considered as a bitrate recommendation for the next lower, signaled codec bitrate.
If a GBR bearer is used (GBR > 0), an ANBR value below GBR may be ignored, but the MTSI client in terminal should then be prepared to handle a higher than target packet loss and / or delay for the affected bearer. An ANBR value of 0 should be taken as a recommendation to temporarily stop sending media on the affected bearer, without re-negotiating the session.
10.x.3
Use with dynamic bitrate adaptation
10.x.3.1
General

An MTSI client in terminal shall use the ANBR message as adaptation trigger, taking other available triggers into account. The same principle shall apply for both speech and video, adapting to the lowest bitrate resulting from any of the possibly multiple, available triggers. Clauses 10.2 and 10.3 describe adaptation details for speech and video. Use of ANBR in combination with ECN signaling is described in clause 10.3.8.
A received ANBR message for a certain access bearer and media direction shall be considered valid for use as input to adaptation trigger evaluation until either another ANBR message is received for the same access bearer and media direction, until that access bearer is closed, or until the SIP session is either re-negotiated or closed.
10.x.3.2
Adaptation of sent media
This relates to adaptation of the media in RTP streams that the MTSI client in terminal sends in the uplink direction, controlling the local media encoder bitrate.

When an MTSI client in terminal receives an ANBR message for the local uplink that triggers an adaptation decision:

1.
For both video and voice, an adaptation resulting in a reduction of the media sender bitrate shall be initiated immediately without further signaling.
2.
For the case of video and if TMMBR / TMMBN are supported in the session:

a)
If the adaptation decision means that the MTSI client in terminal adapts bitrate below the most recently received TMMBR message (if any), the media sender itself owns the uplink bitrate restriction and a corresponding TMMBN message shall be sent, notifying the remote media receiver of this changed local uplink restriction. Such TMMBN message has the media sender’s own SSRC included in the bounding set [43]. Note that only the media sender or receiving TMMBR with a lower bitrate can then remove such own restriction, which means that TMMBR messages with a higher bitrate received from the remote media receiver will be ineffective and ignored. The media sender can repeat this procedure and either increase or decrease the used bitrate based on subsequent local uplink ANBR, sending corresponding TMMBN also for those changes, as long as the MTSI client in terminal does not receive a TMMBR with a lower bitrate from the remote MTSI client.
b)
An adaptation resulting in an increase of the media sender bitrate in uplink shall delay the media bitrate increase to allow sufficient time for the remote media receiver to receive and react to the TMMBN in bullet 2.a) above, as described by section 3.5.4 of CCM [43]. After such delay, the media sender bitrate is increased. The bitrate increase shall take all available adaptation triggers into account, which can cause the bitrate increase to be separated into several steps (see clause C.2.5).
c)
It is recommended that the bitrate in a TMMBN from bullet 2.a) that is increasing the media sender bitrate in uplink is set to correspond to the received ANBR message and not to the next bitrate step in a step-wise increase, to avoid unnecessary TMMBN, ANBRQ, and ANBR signaling (see also bullet 4) below).
3.
For the case of voice, an adaptation resulting in an increase of the media sender bitrate in uplink shall result in an increase of media sender bitrate at the earliest opportunity, taking other adaptation triggers into account, such as CMR.
When an MTSI client in terminal receives application signaling for bitrate adaptation of media sent on the local uplink, such as CMR (for speech) or TMMBR (for video), that triggers an adaptation decision:

4.
For video and if TMMBR is supported in the session, when receiving a TMMBR that would result in an increase of the media sender bitrate in uplink, the media sender shall take all available adaptation triggers for the local uplink into account, e.g. any bitrate limit from the most recently received ANBR message. If the media sender has reason to believe that the most recently received ANBR for its uplink no longer applies, it may send an ANBRQ message for its uplink, if supported, to trigger receiving an ANBR message with recent information before deciding on the need for and what bitrate value to send in a TMMBR.
5.
For voice, a received CMR that, taking the most recently received ANBR and all other available adaptation triggers into account, would result in an increase of the media sender bitrate in uplink direction shall result in a media sender bitrate increase at its earliest opportunity. ANBRQ (to trigger receiving an ANBR message with recent information before increasing the bitrate) shall not be used in combination with such CMR bitrate increase.
10.x.3.3
Adaptation of received media

This relates to adaptation of the media in RTP streams that the MTSI client in terminal receives in the downlink direction, which can result in sending application-level messages to adapt the remote media encoder bitrate.

When an MTSI client in terminal receives an ANBR message for the local downlink that triggers an adaptation decision:

1.
For the case of video and if TMMBR / TMMBN are supported in the session:

a)
A corresponding TMMBR message requesting the remote media sender to change its rate to match the local downlink restriction shall be sent, as described in clause 10.3.2. Note that adaptation is not triggered if the most recently received TMMBN from the remote media sender indicated a lower bitrate than would be included in such TMMBR message, because the remote media sender is then owning the bitrate limit itself (compare to bullet 2.a) of local uplink in clause 10.x.3.2 above).

b)
It is recommended that the bitrate in a TMMBR from bullet 1.a) that is increasing the media sender bitrate in uplink is set to correspond to the most recently received ANBR message, to avoid unnecessary TMMBR, ANBRQ, and ANBR signaling caused by a possible step-wise increase (see also bullet 2.c) in 10.x.3.2 above).
2.
For the case of voice, adaptation signaling shall be initiated towards the remote media sender, as described in clause 10.2.
When an MTSI client in terminal receives application signaling for bitrate adaptation related to media sent on the local downlink, such as TMMBN (for video):
3.
A media receiver receiving a TMMBN with increased bitrate and where the remote media sender owns the restriction (see bullet 2.a) of 10.x.3.2) shall re-evaluate its downlink adaptation triggers and, if an adaptation decision arrives at a lower bitrate value than in the received TMMBN, send a TMMBR with that lower bitrate, as described by section 3.5.4 of CCM [43]. When deciding whether or not to send TMMBR, the media receiver shall take all available adaptation triggers into account, e.g. bitrate limit from the most recently received downlink ANBR message. If the remote media receiver has reason to believe the most recently received ANBR for its downlink no longer applies, it may send an ANBRQ message for its downlink, if supported, to trigger receiving an ANBR message with recent information.
10.x.4
Message mapping for LTE access
When using LTE access, ANBR is mapped to a MAC level message named "Recommended bit rate MAC Control Element" sent by the eNodeB and applicable to a specific dedicated bearer, as described by [85] and [x]. Similarly, when using LTE access, ANBRQ is mapped to a MAC level message named "Recommended bit rate query MAC Control Element" sent to the eNodeB and applicable to a specific, existing dedicated bearer, as described by [85] and [x]. An MTSI client in terminal using LTE access may support ANBR and ANBRQ signaling.
*** End changes ***
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