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[bookmark: _Toc26357819]*** Start change 1 ***
[bookmark: _Toc26369248][bookmark: _Toc36227130][bookmark: _Toc36228144][bookmark: _Toc36228771][bookmark: _Toc36229398]6.2.9	ANBR Support attribute "anbr"
Access network bitrate recommendation (ANBR) is described in clause 10.7. Use of ANBR with dynamic bitrate adaptation is described in clause 10.7.3 and related adaptation of sent and received media is described in clauses 10.7.3.2 and 10.7.3.3, respectively. At the radio signalling level, ANBR signaling capability, also known as RAN-assisted codec adaptation, is as specified in TS 36.321 [157] for LTE access and TS 38.321 [166] for NR access, respectively.  
*** End change 1 ***
*** Start change 2 ***
[bookmark: _Toc26369264][bookmark: _Toc36227146][bookmark: _Toc36228161][bookmark: _Toc36228788][bookmark: _Toc36229415]7.4.2	Speech
When the AMR codec is selected in the SDP offer-answer negotiation the AMR payload format [28] shall be used between RTP termination points.
When the AMR-WB is selected in the SDP offer-answer negotiation the AMR-WB payload format [28] shall be used between RTP termination points.
NOTE 1:	It may happen that EVS AMR-WB IO encoded speech is transported using the AMR-WB payload format between an EVS-capable MTSI client and a legacy (not EVS capable) MTSI client. This may also happen after SRVCC (see Clause 12.3.4) when an EVS-capable MTSI client sends EVS AMR-WB IO encoded speech in EVS payload format to the ATGW and the ATGW then re-packetizes the EVS AMR-WB IO packet into AMR-WB payload format without performing transcoding of the media.
When the EVS codec is selected in the SDP offer-answer negotiation the EVS payload format [125] shall be used between RTP termination points.
NOTE 2:	After SRVCC when a CS UE (not EVS capable) sends AMR-WB encoded speech to the ATGW, it may happen that the ATGW then re-packetizes this AMR-WB packet into the EVS payload format without performing transcoding of the media, see clause 12.3.4.
In case of ambiguity the present specification shall take precedence over RFC 4867 [28].
MTSI clients (except MTSI MGW) shall support both the bandwidth-efficient and the octet-aligned payload format of the AMR/AMR-WB payload format [28]. The bandwidth‑efficient payload format shall be preferred over the octet-aligned payload format.
When sending AMR or AMR-WB encoded media, the RTP Marker Bit shall be set according to Section 4.1 of the AMR/AMR-WB payload format [28]. When sending EVS encoded media, the RTP Marker Bit shall be set as described in the EVS payload format [125].
*** End change 2 ***
*** Start change 3 ***
[bookmark: _Toc26369461][bookmark: _Toc36227343][bookmark: _Toc36228358][bookmark: _Toc36228985][bookmark: _Toc36229612]16.5.1	Configuration and reporting
As an alternative to configuration via OMA-DM, the QoE configuration can optionally be specified by the QoE Measurement Collection  (QMC) functionality. In this case the QoE configuration is received via specific RRC [158] messages over the control plane, and the QoE reporting is also sent back via RRC messages over the control plane. 
If QMC is supported, the UE shall support the following QMC functionalities:
-	QoE Configuration: The QoE configuration will be delivered via RRC to the UE as a container according to "Application Layer Measurement Configuration" (see [158]) for UMTS, and "measConfigApplicationLayer" (see [160]) for LTE. The container is an octet string with a maximum length of 1000 bytes, with gzip-encoded data (see [71]) stored in network byte order. When the container is uncompressed it is expected to conform to XML-formatted QoE configuration data according to clause 16.5.2 in the current specification. This uncompressed QoE Configuration shall be delivered to the MTSI client. The interface towards the RRC signalling is handled by the AT command +CAPPLEVMC [161].
-	QoE Metrics: QoE Metrics from the MTSI client shall be XML-formatted according to clause 16.4 in the current specification. The XML data shall be compressed with gzip (see [71]) and stored in network byte order into an octet string container with a maximum length of 8000 bytes. The container shall be delivered via RRC to the RNC according to "Application Layer Measurement Reporting" (see [158]) for UMTS, and to the eNB according to "measReportApplicationLayer" (see [160]) for LTE. The behaviour if the compressed data is larger than 8000 bytes is unspecified in this version of the specification. The interface towards the RRC signalling is handled by the AT command +CAPPLEVMR [161].
-	The UE shall also set the QMC capability "QoE Measurement Collection for MTSI services" (see [158]) to TRUE for UMTS, and include the QMC capability "qoe-mtsi-MeasReport" (see [160]) for LTE.
	The QoE configuration AT command +CAPPLEVMC [161] may also indicate with an Within-area Indication if the UE is inside or outside a wanted geographic area. Such an indication may arrive with or without any QoE configuration container attached. If the MTSI client is informed that it is not inside the area, it shall not start any new QoE measurements even if it has received a valid QoE configuration container, but shall continue measuring for already started sessions.
	When a new session is started, the QoE reporting AT command +CAPPLEVMR [161] shall be used to send a Recording Session Indication. Such an indication does not contain any QoE report, but indicates that QoE recording has started for a session.

The exact implementation is not specified here, but an example signalling diagram below shows the QMC functionality with a hypothetical "QMC Handler" entity. 
[image: S4-180xxxx CR 26]
Figure 16.5.1L-1: Example signalling diagram for UMTS

[image: S4-180xxxx CR 26]
Figure 16.5.1L-2: Example signalling diagram for LTE
Note that the QMC Handler is only shown here as one possible implementation, and it need not be implemented as such. The corresponding QMC functionality could be built into the MTSI client or into other UE entities. In this version of the specification the detailed implementation of the above functionalities is left to the UE vendor.
*** End change 3 ***
*** Start change 4 ***
[bookmark: _Toc26369470][bookmark: _Toc36227352][bookmark: _Toc36228367][bookmark: _Toc36228994][bookmark: _Toc36229621]17.4.1 General
The MEDIA_ROBUSTNESS node defined under the 3GPP MTSIMA MO may be used to manage media robustness adaptation across different vendor terminals in a network.  For each codec type, the MO node provides a list of codec configurations arranged from least robust to most robust.  For each of these configurations, with the exception the first and last, the MO node also provides two sets of PLR threshold levels (see Figure 17.2):
-	A set of high PLR thresholds that trigger the media receiver to request a more robust configuration from the media sender when the PLR is increasing in order to reduce the effects of the higher PLR on QoE, and
-	A set of low PLR thresholds that trigger the media receiver to request a less robust configuration from the media sender when the PLR is decreasing in order to take advantage of the improved media quality supported at the lower PLR.
The high PLR and low PLR thresholds between two codec configurations can be set independently to avoid ping-pong switching by introducing hysterises.  The least robust configuration does not have a low PLR threshold and the most robust configuration does not have a high PLR threshold.  The MO node does not describe the type of request message that shall be used for adapting the codec configuration as this is determined by the codec configuration being requested, i.e., in-band RTP CMR if requesting a speech codec mode change, RTCP-APP if it requesting speech application layer redundancy change, TMMBR for video.

Figure 17.2: High and Low PLR thresholds for media robustness adaptation

The MO node also provides a flag to indicate whether PLR measurements are to be made before or after the de-jitter buffer in the receiver.  Measuring before provides an estimate of the PLR over the transport link to the media receiver while measuring after provides a PLR estimate that is closer to the QoE after the media decoder.  The MO node also specifies the sliding averaging window over which PLR estimates are to be calculated.
The parameters are specified independent of the media codec or radio access bearer technology. In addition, vendor specific parameters of the implementation can be placed under Ext nodes.  Detailed descriptions of the speech robustness adaptation parameters can be found in table 17.1.
*** End change 4 ***

*** End of changes ***
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