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*** Start first change ***

6.2.1
General

The session setup for RTP transported media shall determine for each media: IP address(es), RTP profile, UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s). The session setup may also determine: ECN usage and any additional session parameters.

The session setup for UDP transported media without RTP shall determine: IP address(es), UDP port number(s) and additional session parameters.
An MTSI client shall support the modified RTCP transmission rules defined for AVPF, [40], for speech and video and should support this also for other media types. Which AVPF and CCM feedback messages, [40], [43], that needs to be supported is defined individually for each media type in the following clauses.
An MTSI client shall offer at least one RTP profile for each RTP media stream. Multiple RTP profiles may be offered using SDPCapNeg as described in Clause 6.2.1a. The first SDP offer for a media type shall include at least the AVP profile. Subsequent SDP offers may include only other RTP profiles if it is known from a preceding offer that this RTP profile is supported by the answerer. The MTSI client shall accept both AVP and AVPF offers in order to support interworking.

The configuration of ECN for media transported with RTP is described in clause 6.2.2 for speech and in clause 6.2.3 for video. The negotiation of ECN at session setup is described in [84]. The adaptation response to congestion events is described in clause 10.
*** Start next change ***

6.2.2.1
General

For AMR or AMR-WB encoded media, the session setup shall determine what RTP profile to use; if all codec modes can be used or if the operation needs to be restricted to a subset; if the bandwidth-efficient payload format can be used or if the octet-aligned payload format must be used; if codec mode changes shall be restricted to be aligned to only every other frame border or if codec mode changes can occur at any frame border; if codec mode changes must be restricted to only neighbouring modes within the negotiated codec mode set or if codec mode changes can be performed to any mode within the codec mode set; the number of speech frames that should be encapsulated in each RTP packet and the maximum number of speech frames that may be encapsulated in each RTP packet.

If the session setup negotiation concludes that multiple configuration variants are possible in the session then the default operation should be used as far as the agreed parameters allow, see clause 7.5.2.1. It should be noted that the default configurations are slightly different for different access types.

An MTSI client offering a speech media session for narrow-band speech and/or wide-band speech should generate an SDP offer according to the examples in Annexes A.1 to A.3. An MTSI client offering EVS shall generate an SDP offer according to the examples in Annexes <ref is tba>.
An MTSI client shall support the RTCP APP signalling for speech adaptation defined clause 10.2.1. Some of the request messages are generic for all codecs and shall be supported by the MTSI client regardless of the codecs that are supported. Other request messages are codec-specific and the MTSI client shall support the request messages that can be used for the supported codecs. The usage in a session is negotiated in SDP, see clause 10.2.3.
An MTSI client shall offer both AVP and AVPF for speech media streams; however an MTSI client may offer only AVP if RTCP is not used or if RTCP-APP based adaptation is not used. RTP profile negotiation shall be done as described in clause 6.2.1a. When AVPF is offered then the RTCP bandwidth shall be greater than zero.

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

ECN shall not be used when the codec negotiation concludes that only fixed-rate operation is used.
An MTSI client may support multiple codecs where ECN-triggered adaptation is supported only for some of the codecs. An SDP offer for ECN may therefore include multiple codecs where ECN-triggered adaptation is supported only for some of the codecs. An MTSI client receiving an SDP offer including multiple codecs and an offer for ECN should first select which codec to accept and then accept or reject the offer for ECN depending on whether ECN-triggered adaptation is supported for that codec or not. An MTSI client receiving an SDP answer accepting ECN for a codec where ECN-triggered adaptation is not supported should re-negotiate the session to disable ECN.
NOTE:
ECN-triggered adaptation is currently undefined for EVS. This does not prevent ECN-triggered adaptation from being negotiated and used for AMR or AMR-WB.
Editor’s note: Support for ECN-triggered adaptation is planned to be introduced in Rel-13.
The use of ECN for a speech 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 in terminal 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 speech may indicate support of the RTCP AVPF ECN feedback messages [84] using "rtcp-fb" attributes with the “nack” feedback parameter and the “ecn” feedback parameter value. An MTSI client offering ECN for speech may indicate support for RTCP XR ECN summary reports [84] using the “rtcp-xr” SDP attribute [88] and the “ecn-sum” parameter.

An MTSI client receiving an offer for ECN for speech without an indication of support of RTCP AVPF ECN feedback messages [84] within an "rtcp-fb" attribute should accept the offer if it supports ECN.

An MTSI client receiving an offer for ECN for speech with an indication of support of the RTCP AVPF ECN feedback message [84] should also accept the offer and may indicate support of the RTCP AVPF ECN feedback messages [84] in the answer.

An MTSI client accepting ECN for speech in an answer may indicate support for RTCP XR ECN summary reports in the answer using the “rtcp-xr” SDP attribute [88] and the “ecn-sum” parameter.

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, for example, be detecting non-ECT in the received packets when ECT(0) was expected or detecting a very high packet loss rate when ECN is used.

SDP examples for offering and accepting ECT are shown in Annex A.12.

Session setup for sessions including speech and DTMF events is described in Annex G.

*** Start next change ***

7.3.1
General

Editor’s note: The changes currently included here are actually to align with VoLTE (GSMA PRD IR.92) where it is required to enable RTCP.

The RTP implementation shall include an RTCP implementation.

For a given RTP based media stream, the MTSI client in terminal shall use the same port number for sending and receiving RTCP packets. This facilitates interworking with fixed/broadband access. However, the MTSI client shall accept RTCP packets that are not received from the same remote port where RTCP packets are sent by the MTSI client. 

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by RFC 3556 [42]. Therefore, an MTSI client shall include the "b=RS:" and "b=RR:" fields in SDP, and shall be able to interpret them. There shall be an upper limit on the allowed RTCP bandwidth for each RTP session signalled by the MTSI client. This limit is defined as follows:

-
8 000 bps for the RS field (at media level);

-
6 000 bps for the RR field (at media level).

The RS and RR values included in the SDP answer should be treated as the negotiated values for the session and should be used to calculate the total RTCP bandwidth for all terminals in the session.


If a MTSI client receives SDP bandwidth modifiers for RTCP equal to zero from the originating MTSI client, it should reply (via the SIP protocol) by setting its RTCP bandwidth using SDP bandwidth modifiers with values equal to zero.

RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. The RR value should be set greater than zero to enable RTCP packets to be sent when media is put on hold and during active RTP media transmission, including real-time text sessions which may have infrequent RTP media transmissions.

When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with the SDP bandwidth modifier RR value set greater than zero, and send RTCP packets (i.e., Receiver Reports) to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should request to turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero.

When RTCP is turned off (for point-to-point speech only sessions) and if sending of an additional associated RTP stream becomes required and both RTP streams need to be synchronized, or if transport feedback due to lack of end-to-end QoS guarantees is needed, a MTSI client should re-negotiate the bandwidth for RTCP by sending an SDP with the RR bandwidth modifier greater than zero. Setting the RR bandwidth modifier greater than zero allows sending of RTCP Receiver Reports even when the session is put on hold and neither terminal is actively sending RTP media.

NOTE 1:
Deactivating RTCP will disable the adaptation mechanism for speech defined in clause 10.2.

*** Start next change ***

7.3.2
Speech

MTSI clients in terminals offering speech shall support the modified RTCP transmission rules inAVPF (RFC 4585 [40]). The AVPF feedback messages defined in [40] and the CCM feedback messages defined in [43] do not need to be supported. 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:
This can improve the interworking with non-MTSI ECN peers.

Editor’s note: ECN-triggered adaptation for EVS is FFS in Rel-13. The updates below are to clarify that the paragraphs only apply to the AMR and AMR-WB codecs.
When an MTSI client that has negotiated the use of ECN for AMR or AMR-WB 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:
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 and AMR or AMR-WB 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 perfoming media bit rate adaptation.

When an MTSI client in terminal that has negotiated the use of ECN and AMR or AMR-WB 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.

Editor’s note: The paragraph below needs to be updated for EVS. However, the solution depends on the definition of the EVS payload format and is therefore FFS.
For speech, RTCP APP packets are used for adaptation (see clause 10.2). If the MTSI client uses AMR or AMR-WB and determines that RTCP APP cannot be used or does not work then the MTSI client may use CMR in the AMR RTP payload [28] or other RTCP mechanisms for adaptation.

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

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

Editor’s note: The paragraph below needs to be updated for EVS. However, the solution depends on the definition of the EVS payload format and is therefore FFS.
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 RTP payload, [28]. 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:
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.

*** Start next change ***

10.2
Speech

10.2.0
General

To reduce the risk for confusion in the sender, it is beneficial if the signaling for the media adaptation is the same regardless of which triggers are used in the adaptation. The adaptation for AMR, AMR-WB and EVS includes adapting the media bit-rate, the frame aggregation, the redundancy level and redundancy offset. The 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 then two signaling mechanisms are defined:

-
CMR in the RTP payload, [28]. This signaling mechanism can only be used to adapt the bit-rate of the codec.
-
RTCP-APP, see clause 10.2.1. This signaling mechanism can be used to adapt bit-rate, frame aggregation, redundancy level and redundancy offset. Only three of the defined request messages can be used for AMR and AMR-WB.
When the EVS codec is used, the following signaling mechanism is defined:
-
RTCP-APP, see clause 10.2.1.
When adapting frame aggregation and/or redundancy then 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.
Editor’s note: ECN-triggered adaptation for EVS is FFS in Rel-13. The paragraphs below have therefore been updated to clarify that they apply only to AMR and AMR-WB
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 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 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.
10.2.1
RTCP-APP with codec control requests

10.2.1.1
General

Editor’s note: SDP parameters to disable the payload CMR are being discussed. If such parameters are agreed then the only remaining option is to use RTCP-APP. This should be described below, if/when decided.
When signalling adaptation requests for speech in MTSI, an RTCP-APP packet should be used. This application-specific packet format supports three different adaptation requests when the AMR or AMR-WB codec is used; bit-rate requests, frame aggregation requests and redundancy requests. These requests for frame aggregation and redundancy can also be used when the EVS codec is used. The bit-rate request used for AMR-WB can also be used when the EVS AMR-WB IO mode is used. The application specific format supports additionally five requests that can be used for the EVS codec. The RTCP-APP packet is put in a compound RTCP packets according to the rules outlined in RFC 3550 [9] and RFC 4585 [40]. In order to keep the size of the RTCP packets as small as possible it is strongly recommended that the RTCP packets are transmitted as minimal compound RTCP packets, meaning that they contain only the items:

-
SR or RR;

-
SDES CNAME item;

-
APP (when applicable).

The recommended RTCP mode is RTCP-AVPF early mode since it will enable transmission of RTCP reports when needed and still comply with RTCP bandwidth rules. The RTCP-APP packets should not be transmitted in each RTCP packet, but rather as a result in the transport characteristics which require end-point adaptation.

The signalling allows for a request that the other endpoint modifies the packet stream to better fit the characteristics of the current transport link. Note that the media sender can, if having good reasons, choose to not comply with the request received from the media receiver. One such reason could be knowledge of that the local conditions do not allow the requested format.

10.2.1.2
General Format of RTCP-APP packet with codec control requests

The RTCP-APP packet defined to be used for adaptation signalling for speech in MTSI is constructed as shown in figure 10.1.
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Figure 10.1: RTCP-APP formatting
The RTCP-APP specific fields are defined as follows:

-
Subtype - the subtype value shall be set to "0".

-
Name - the name shall be set to either "3GM7", meaning 3GPP MTSI Release 7, or to “3GME”, meaning 3GPP MTSI with EVS.
-
When the name “3GM7” is used then only the request messages PADDING, RTCP_APP_REQ_RED, RTCP_APP_REQ_AGG and RTCP_APP_CMR are allowed to be included in the RTCP-APP packet.

-
When the name “3GME” is used then all request messages defined below are allowed to be included in the RTCP-APP packet.
The application-dependent data field contains the requests listed below. The length of the application-dependent data shall be a multiple of 32 bits. The unused bytes shall be set to zero.
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Figure 10.2: Basic syntax of the application-dependent data fields

The length of the messages is 1 or 2 bytes depending on request type.

The ID field identifies the request type. ID Code points [0000] … [1000] are specified in the present document, whereas the other ID code points are reserved for future use.
The signalling for three different adaptation requests is defined below. For each request, it is also specified which codecs that can use the request.
Which requests that can be used in a session is negotiated in SDP, see clause 10.2.3.
10.2.1.2a
Padding
PADDING: This message contains no request but is identical to a padding byte with all zeroes and is therefore used as padding.

[image: image3]
Figure 10.2a: Padding
Name: “3GM7” or “3GME”

Codecs: This request can be used for all codecs.

The DATA field is a 4 bit value field with all bits set to zero. When receiving a PADDING message then the whole octet shall be ignored, regardless of the bits in the DATA field.
An MTSI client uses this to pad the RTCP APP to be 32 bit aligned when needed.
10.2.1.3
Redundancy Request

RTCP_APP_REQ_RED: Request for redundancy level and offset of redundant data.
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Figure 10.3: Redundancy request

Name: “3GM7” or “3GME”
Codecs: This request can be used for all codecs.

The Bit field is a 12 bit bitmask that signals a request on how non-redundant payloads chunks are to be repeated in subsequent packets.

The position of the bit set indicates which earlier non-redundant payload chunks is requested to be added as redundant payload chunks to the current packet.

-
If the LSB (rightmost bit) is set equal to 1 it indicates that the last previous payload chunk is requested to be repeated as redundant payload in the current packet.

-
If the MSB (leftmost bit) is set equal to 1 it indicates that the payload chunk that was transmitted 12 packets ago is requested to be repeated as redundant payload chunk in the current packet. Note that it is not guaranteed that the sender has access to such old payload chunks.

The maximum amount of redundancy is 300 %, i.e., at maximum three bits can be set in the Bit field.
See clause 10.2.1 for example use cases.

10.2.1.4
Frame Aggregation Request

RTCP_APP_REQ_AGG: Request for a change of frame aggregation.
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Figure 10.4: Frame aggregation request

Name: “3GM7” or “3GME”
Codecs: This request can be used for all codecs.

The DATA field is a 4 bit value field:

-
0000 - 1 frame / packet.

-
0001 - 2 frames / packet.

-
0010 - 3 frames / packet.

-
0011 - 4 frames / packet.

The values 0100…1111 are reserved for future use.

The maximum allowed frame aggregation is also limited by the maxptime parameter in the session SDP since the sender is not allowed to send more frames in an RTP packet than what the maxptime parameter defines.

The default aggregation is governed by the ptime parameter in the session SDP. It is allowed to send fewer frames in an RTP packet, for example if there are no more frames available at the end of a talk spurt. It is also allowed to send more frames in an RTP packet, but such behaviour is not recommended.

See clauses 7.4.2 and 12.3.2.1 for further information.

10.2.1.5
Codec Mode Request for AMR and AMR-WB
RTCP_APP_CMR: Codec Mode Request
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Figure 10.5: Codec mode request

Name: “3GM7”

Codecs: This request can only be used for the AMR codec, the AMR-WB codecs and for the EVS codec when operating in AMR-WB IO mode.

The definition of the CMR bits in the RTCP_APP_CMR message is identical to the definition of the CMR bits defined in [28]. 

An MTSI client in terminal that requests mode adaptation should transmit the CMR in an RTCP_APP_CMR, unless specified otherwise in Clause 7.3.2.

When the MTSI MGW has an interworking session with a circuit-switched (CS) system using transcoding and requests mode adaptation, the MTSI MGW should transmit CMR in an RTCP_APP_CMR, unless specified otherwise in Clause 7.3.2, and should set the CMR in the AMR payload to 15 (no mode request present [28]).

When the MTSI MGW has an interworking session with a circuit-switched (CS) system using TFO/TrFO, then the MTSI media gateway should translate the CMR bits (in GERAN case) or the Iu/Nb rate control messages (in UTRAN case) from the CS client into the CMR bits in the AMR payload. If the MTSI media gateway prefers to receive a lower codec mode rate from the MTSI client in terminal than what the CMR from the CS side indicates, then the MTSI media gateway may replace the CMR from the CS side with the CMR that the MTSI media gateway prefers. The value 15 (no mode request present [28]) shall be used in the CMR bits in the AMR payload towards the PS side if on the CS side no mode request has been received and if the MTSI media gateway has no preference on the used codec mode. The RTCP_APP_CMR should not be used in the direction from the MTSI media gateway towards the MTSI client when TFO/TrFO is used. 

If an MTSI client receives CMR bits both in the AMR payload and in an RTCP_APP_CMR message, the mode with the lowest bit rate of the two indicated modes should be used. A codec mode request received in a RTCP_APP_CMR is valid until the next received RTCP_APP_CMR.

*** Start next change ***

10.2.1.6
EVS Primary Rate Request
Editor’s note: It may be possible to re-use RTCP_APP_CMR for this request
RTCP_APP_REQ_EPRR: EVS Primary Rate Request


[image: image7]
Figure 10.6a: EVS primary rate request

Name: “3GME”

Codecs: This request can be used for the EVS codecs when operating in primary mode.

The DATA field is a 4 bit field which contains the EVS primary mode rate request (EPRR). The encoding of the EPRR is defined in [xx5].
Editor’s note: It is assumed that 4 bits is sufficient. If this is not the case then 12 bits are needed.
10.2.1.7
EVS Bandwidth Request

RTCP_APP_REQ_EBWR: EVS Bandwidth Request


[image: image8]
Figure 10.6b: EVS bandwidth request

Name: “3GME”

Codecs: This request can be used for the EVS codecs when operating in primary mode.

The DATA field is a 4 bit field b0…b3, corresponding to bit 4 to bit 7 in the octet:
-
b0 set to ‘1’ = request for narrowband.

-
b1 set to ‘1’ = request for wideband.

-
b2 set to ‘1’ = request for superwideband.

-
b3 set to ‘1’ = request for fullband.
Only one of these four bits shall be set to ‘1’. The remaining three bits shall be set to ‘0’.
Editor’s note: The encoding is to be decided. This encoding here assumes that when a certain bandwidth is requested then all lower bandwidths are also allowed. Allowing multiple bits to be set to ‘1’ would be needed if one want to prevent some usage of some of the lower bandwidths, for example [0110] would mean that wideband and superwideband is requested but narrowband and fullband is to be disabled.
10.2.1.8
EVS Partial Redundancy Request

RTCP_APP_REQ_EPRED: EVS Partial Redundancy Request


[image: image9]
Figure 10.6d: EVS partial redundancy request

Name: “3GME”

Codecs: This request can be used for the EVS codecs when operating in primary mode.

The DATA field is a 4 bit field:
Editor’s note: Encoding is TBD.
10.2.1.9
EVS Primary mode to EVS AMR-WB IO mode Switching Request

RTCP_APP_REQ_EP2I: EVS Primary mode to EVS AMR-WB IO mode Switching Request


[image: image10]
Figure 10.6e: EVS primary mode to EVS AMR-WB IO mode switching request

Name: “3GME”

Codecs: This request can be used for the EVS codecs when operating in primary mode.

The DATA field is an 11 bit field where the first 9 bits (b4-b12) are used to indicate which AMR-WB codec modes that are allowed and the 2 last bits (b13 and b14) are flags to set mode-change-period and mode-change-neighbor as follows:
-
first 9 bits for mode-set:

-
b4 = ‘0’: AMR-WB 6.60 not allowed
b4 = ‘1’: AMR-WB 6.60 allowed,
-
b5 = ‘0’: AMR-WB 8.85 not allowed
b5 = ‘1’: AMR-WB 8.85 allowed,
-
b6 = ‘0’: AMR-WB 12.65 not allowed
b6 = ‘1’: AMR-WB 12.65 allowed,
-
b7 = ‘0’: AMR-WB 14.25 not allowed
b7 = ‘1’: AMR-WB 14.25 allowed,

-
b8 = ‘0’: AMR-WB 15.85 not allowed
b8 = ‘1’: AMR-WB 15.85 allowed,

-
b9 = ‘0’: AMR-WB 18.25 not allowed
b9 = ‘1’: AMR-WB 18.25 allowed,

-
b10 = ‘0’: AMR-WB 19.85 not allowed
b10 = ‘1’: AMR-WB 19.85 allowed,

-
b11 = ‘0’: AMR-WB 23.05 not allowed
b11 = ‘1’: AMR-WB 23.05 allowed,

-
b12 = ‘0’: AMR-WB 23.85 not allowed
b12 = ‘1’: AMR-WB 23.85 allowed.
- flags:
-
b13 = ‘0’: mode-change-period=1,
b13 = ’1’: mode-change-period=2,
-
b14 = ‘0’: mode-change-neightbor=0,
b14 = ‘1’: mode-change-neightbor=1.
An MTSI client sending this request shall set at least one of the mode-set bits to ‘1’. An MTSI client receiving a request with all zeroes shall ignore the request.
An MTSI client sending this request should also send an RTCP_APP_CMR to indicate which codec mode that should be used after switching to EVS AMR-WB IO mode. An MTSI client receiving this request without a request for a codec mode should use the rules for Initial Codec Mode (ICM) defined in clause 7.5.2.1.6 to determine the codec mode that should be used after switching to EVS AMR-WB IO mode.
The last bit (b15) ‘R’ is reserved for future use. An MTSI client sending this request shall set it to ‘0’. An MTSI client receiving this request shall ignore this bit.

10.2.1.10
EVS AMR-WB IO mode to EVS Primary mode Switching Request

RTCP_APP_REQ_EI2: EVS AMR-WB IO mode to EVS Primary mode Switching Request


[image: image11]
Figure 10.6f: EVS partial redundancy request

Name: “3GME”

Codecs: This request can be used for the EVS codecs when operating in AMR-WB IO mode.

The DATA field is a 4 bit field which is reserved for future use. All four bits are set to ‘0’.
*** Start next change ***

Editor’s note: This section is fairly preliminary, so far.
10.2.3
SDP negotiation for RTCP-APP
Which RTCP-APP request messages that can be used is negotiated in SDP using the ‘3gpp_mtsi_app_adapt’ attribute. The syntax for the 3GPP MTSI RTCP-APP adaptation attribute is:
a=3gpp_mtsi_app_adapt:<names>
where:

<names> is a comma-separated list of the same names that are used in the RTCP-APP packets.
The ABNF for the RTCP-APP adaptation messages negotiation attribute is the following:
adaptation attribute

= “a” “=” “3gpp_mtsi_app_adapt” “:” name *(“,” name)
name





= “3GM7” / “3GME”
If only the name “3GM7” is negotiated then only the requests in clauses 10.2.1.3 to 10.2.1.5 can be used. If both the names “3GM7” and “3GME” are negotiated or only the name “3GME” are negotiated then all adaptation requests above can be used.

An MTSI client supporting only AMR and AMR-WB therefore includes the following in the SDP offer:

a=3gpp_mtsi_app_adapt:3GM7
An MTSI client supporting only AMR, AMR-WB and EVS includes the following in the SDP offer:

a=3gpp_mtsi_app_adapt:3GM7,3GME

The attribute shall only be used on media level.

An answering MTSI client accepting only the AMR codec or the AMR-WB codec shall only include “3GM7” in the SDP answer.

An answering MTSI client accepting the EVS code shall include both “3GM7” and “3GME” in the SDP answer.

When the EVS primary mode is used in a session then the RTCP-APP packet shall use the “3GME” name.

When the EVS AMR-WB IO mode is used in a session then the RTCP-APP packet shall use “3GM7” name.
When interworking with legacy clients or non-MTSI clients then it may happen that they support the RTCP-APP signalling but not the SDP negotiation. An MTSI client failing to negotiate RTCP APP as described may still try to use the RTCP APP signalling when requesting adaptation, but the MTSI client shall then also monitor the received media in order to determine if some or all of the adaptation requests included in the RTCP APP was partially or fully followed or not followed at all. If none of the adaptation requests is followed, not even partially, then this is an indication that the remote client does not support the RTCP APP signalling. The MTSI client should then try to use other means for triggering the adaptation, for example CMR in the AMR/AMR-WB payload or RTCP Sender Reports/Receiver Reports.
*** Start next change ***

M.3
3gpp_mtsi_app_adapt

Contact name, email address, and telephone number:

3GPP Specifications Manager

3gppContact@etsi.org

+33 (0)492944200

Attribute Name (as it will appear in SDP) 

3gpp_mtsi_app_adapt
Long-form Attribute Name in English:

3GPP MTSI RTCP-APP Adaptation attribute

Type of Attribute

Media level

Is Attribute Value subject to the Charset Attribute?

This Attribute is not dependent on charset.

Purpose of the attribute:

This attribute is used to negotiate which RTCP-APP request messages that can be used in a session.
Appropriate Attribute Values for this Attribute:

The attribute is a value attribute. The defined values are “3GM7” and “3GME”.
*** End changes ***
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�Depending on the encoding of the CMR it may be possible to use this request message also for EVS primary





