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*** Start change 2 ***

5.2.2
Video

MTSI clients in terminals offering video communication shall support:

-
H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 1.2.

In addition they should support:

-
H.264 (AVC) [24] Constrained Baseline Profile Level 3.1.
-
H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1.

H.264 (AVC) CBP shall be used with constraint_set1_flag=1 and without requirements on output timing conformance (annex C of [24]). Each sequence parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames syntax element set equal to 0.

H.265 (HEVC) Main Profile shall be used with general_progressive_source_flag equal to 1, general_interlaced_source_flag equal to 0, general_non_packed_constraint_flag equal to 1, general_frame_only_constraint_flag equal to 1, and sps_max_num_reorder_pics[ i ] equal to 0 for all i in the range of 0 to sps_max_sub_layers_minus1, inclusive, without requirements on output timing conformance (annex C of [119]).

When H.264 (AVC) or H.265 (HEVC) is used it is recommended to transmit H.264 (AVC) parameter sets within the SDP description of a stream (using the relevant MIME/SDP parameters as defined in RFC6184 [25] for H.264 (AVC) and in [120] for H.265 (HEVC) ). Moreover, it is recommended to avoid using a sequence or picture parameter set identifier value during the same session to signal two or more parameter sets of the same type having different values, such that if a parameter set identifier for a certain type is used more than once in either SDP description or RTP stream, or both, the identifier always indicates the same set of parameter values of that type.

The H.264 (AVC) decoder in a multimedia MTSI client in terminal shall either start decoding immediately when it receives data (even if the stream does not start with an IDR access unit) or alternatively no later than it receives the next IDR access unit or the next recovery point SEI message, whichever is earlier in decoding order. The decoding process for a stream not starting with an IDR access unit shall be the same as for a valid H.264 (AVC) bit stream. However, the MTSI client in terminal shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer. The display behaviour of the MTSI client in terminal is out of scope of the present document.

An MTSI client in terminal offering H.264 (AVC) CBP support at a level higher than Level 1.2 shall support negotiation to use a lower Level as described in [25] and [58].

An MTSI client in terminal offering video support other than H.264 CBP Level 1.2 shall also offer H.264 CBP Level 1.2. 
An MTSI client in terminal offering H.265 (HEVC) shall support negotiation to use a lower Level than the one in the offer, as described in [120] and [58].
If a codec is supported at a certain level, then all (hierarchically) lower levels shall be supported as well.

NOTE 1:
An example of a lower level than Level 1.2 is Level 1 for H.264 (AVC) Constrained Baseline Profile.

NOTE 2:
All levels are minimum requirements. Higher levels may be supported and used for negotiation.

NOTE 3:
MTSI clients in terminals may use full-frame freeze and full-frame freeze release SEI messages of H.264 (AVC) to control the display process. For H.265 (HEVC), MTSI clients may set the value of pic_output_flag in the slice segment headers to either 0 or 1 to control the display process.

NOTE 4:
An H.264 (AVC) encoder should code redundant slices only if it knows that the far-end decoder makes use of this feature (which is signalled with the redundant-pic-cap MIME/SDP parameter as specified in RFC 6184 [25]). H.264 (AVC) encoders should also pay attention to the potential implications on end‑to‑end delay. The redundant slice header is not supported in H.265 (HEVC).

NOTE 5:
If a codec is supported at a certain level, it implies that on the receiving side, the decoder is required to support the decoding of bitstreams up to the maximum capability of this level. On the sending side, the support of a particular level does not imply that the encoder will produce a bitstream up to the maximum capability of the level. This method can be used to set up an asymmetric video stream. For H.264 (AVC), another method is to use the SDP parameters ‘level-asymmetry-allowed’ and ‘max-recv-level’ that are defined in the H.264 payload format specification, [25]. For H.265 (HEVC) it is possible to use the SDP parameter ‘max-recv-level-id’ defined in the H.265 payload format specification, [120], to indicate a higher level in the receiving direction than in the sending direction. See also clause 6.2.3, Annex A.4.5 for SDP examples with asymmetric video using H.264 (AVC) and Annex A.4.8 for SDP examples with asymmetric video using both H.264 (AVC) and H.265 (HEVC). Other methods for asymmetric video transmission are also possible.

NOTE 6:
If video is used in a session, an MTSI client in terminal should offer at least one video stream with a picture aspect ratio in the range from 0.7 to 1.4. For all offered video streams, the width and height of the picture should be integer multiples of 16 pixels. For example, 224x176, 272x224, and 320x240 are image sizes that satisfy these conditions.

*** End change 2 ***

*** Start change 3 ***

6.2.3
Video

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

An MTSI client should support Coordination of Video Orientation (CVO).

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

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

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

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

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

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

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

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

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

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

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

*** End change 3 ***

*** Start change 4 ***

A.4.8
H.264 (AVC) and H.265 (HEVC) with asymmetric video streams
This example SDP offer shows how an asymmetric video session can be set up. The SDP offer is based on the example SDP offer shown in Annex A.4.7.4 (10 inch display, 1280x720 resolution) with modifications to allow for setting up an asymmetric session where the receive level is higher than the default level. The following video encoding and decoding capabilities apply:

-
For H.264 (AVC):

-
The Constrained Baseline Profile (CBP) is used.

-
The default level is 1.2, max 384 kbps, as shown with ‘profile-level-id=42e00c’. This is then used for the maximum level in the sending direction if H.264 (AVC) is accepted by the answerer.
-
The maximum level in the receiving direction is 3.1, as shown with‘max-recv-level=e01f’.

-
Asymmetric session is allowed as shown with ‘level-asymmetry-allowed=1’. 
-
The maximum bitrate in the receiving direction is limited to 1060 kbps with ‘b=AS:1060’.
-
For H.265 (HEVC):

-
The Main Profile is used.

-
The default level is 1.0, max128 kbps, as shown with ‘level-id=30’. This is then used for the maximum level in the sending direction if H.265 (HEVC) is accepted by the answerer.
-
The maximum level in the receiving direction is 3.1, as shown with ‘max-recv-level-id=93’.

-
Asymmetric session is allowed as shown by including the ‘max-recv-level-id’ parameter.

-
The offerer would like to receive max 800 kbps if H.265 (HEVC) is accepted but there is no possibility to indicate this in the SDP offer.
Table A.4.22: Example SDP offer and answer for asymmetric video with H.264 (AVC) and H.265 (HEVC)
	SDP offer

	m=video 49154 RTP/AVP 98 97 100 99

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:1060

b=RS:0

b=RR:5000

a=rtpmap:100 H264/90000

a=fmtp:100 packetization-mode=0; profile-level-id=42e00c; \
     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==; \
     level-asymmetry-allowed=1; max-recv-level=e01f
a=imageattr:100 send [x=320,y=240] recv [x=1280,y=720] [x=320,y=240]
a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==; \
     level-asymmetry-allowed=1; max-recv-level=e01f
a=imageattr:99 send [x=320,y=240] recv [x=640,y=480] [x=320,y=240]
a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=30; \

     sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwA8LAUg; \

     sprop-sps=QgEBAWAAAAMAgAAAAwAAAwA8oAoIDxZS5LSL0AdwgEE=; \

     sprop-pps=RAHAcYDZIA==; \

     max-recv-level-id=93
a=imageattr:98 send [x=320,y=240] recv [x=1280,y=720] [x=320,y=240]
a=rtpmap:97 H265/90000

a=fmtp:97 profile-id=1; level-id=30; \

     sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwA8LAUg; \

     sprop-sps=QgEBAWAAAAMAgAAAAwAAAwA8oAoIDxZS5LSL0AdwgEE=; \

     sprop-pps=RAHAcYDZIA==; \
     max-recv-level-id=90
a=imageattr:97 send [x=320,y=240] recv [x=640,y=480] [x=320,y=240]
a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr

a=extmap:4 urn:3gpp:video-orientation


The SDP offer includes the image sizes that are supported in sending and receiving directions. Different resolutions are offered by including two RTP payload types for H.264 (AVC) and H.265 (HEVC), respectively.
For PT=98, the MTSI client in terminal specifies max-recv-level-id=93 since this is needed for 1280x720 resolution. But for PT=97, it specifies max-recv-level-id=90 since this is sufficient for 640x480 resolution.
*** End change 4 ***

