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*** Start change 1 ***

A.4.7

H.264 (AVC) and H.265 (HEVC)
A.4.7.1
MTSI client with 848x480 resolution 5 inch display
This example SDP offer is for an MTSI client with a 5 inch display that supports 848x480 video and a frame rate of 25 fps. The MTSI client supports H.264 (AVC) Constrained Baseline Profile (CBP) level 3.1. The MTSI client also supports H.265 (HEVC) Main Profile, Main tier level 3.1. When encoding video with H.264 (AVC), the required bandwidth is 690 kbps, including 36 kbps IPv6/UDP/RTP overhead (3 RTP packets per frame), but when H.265 (HEVC) is used, the required bandwidth is only 540 kbps, including 36 kbps overhead (3 RTP packets per frame).
Since the SDP offer includes both codecs, then the b=AS bandwidth must be set to the higher of the bandwidths for those codecs. 
Table A.4.16: Example SDP offer for 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:690

b=RS:0

b=RR:5000

a=rtpmap:100 H264/90000

a=fmtp:100 packetization-mode=0; profile-level-id=42e01f; \

     sprop-parameter-sets=Z0KAHpWgNQ9oB/U=,aM46gA==

a=imageattr:100 send [x=848,y=480] recv [x=848,y=480]

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e01f; \

     sprop-parameter-sets=Z0KADZWgUH6Af1A=,aM46gA==
a=imageattr:99 send [x=320,y=240] recv [x=320,y=240]
a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAaiAeFlLktIvQB3CAQQ; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=848,y=480] recv [x=848,y=480]
a=rtpmap:97 H265/90000

a=fmtp:97 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \
   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAoIDxZS5LSL0AdwgEE=; \
   sprop-pps=RAHAcYDZIA==
a=imageattr:97 send [x=320,y=240] recv [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. It is recommended to provide codec parameter sets for each image size in the SDP offer.
Table A.4.17 shows an example SDP answer where the answerer receives the SDP offer described in Table A.4.16 and accepts using the H.265 (HEVC) codec. The answerer chooses to use the H.265 (HEVC) codec for increased quality and therefore sets the bandwidth to the same value as in the SDP offer.
Table A.4.17: Example SDP answer when H.265 (HEVC) is used to increase the quality
	SDP answer

	m=video 49156 RTP/AVPF 98
a=acfg:1 t=1

b=AS:690

b=RS:0

b=RR:5000

a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAaiAeFlLktIvQB3CAQQ; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=848,y=480] recv [x=848,y=480]

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 in Table A.4.16 and the SDP answer in Table A.4.17 mean that symmetric bandwidths are requested with 690 kbps in both directions.
Table A.4.18 shows another example SDP answer where the answerer receives the SDP offer described in Table A.4.16 and accepts using the H.265 (HEVC) codec. In this case, the answerer chooses to use the H.265 (HEVC) codec to save bandwidth and therefore sets the bit-rate to 540 kbps.
Table A.4.18: Example SDP answer when H.265 (HEVC) is used to reduce the bit-rate
	SDP answer

	m=video 49156 RTP/AVPF 98
a=acfg:1 t=1

b=AS:540
b=RS:0

b=RR:5000

a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAaiAeFlLktIvQB3CAQQ; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=848,y=480] recv [x=848,y=480]

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 in Table A.4.16 and the SDP answer in Table A.4.18 mean that asymmetric bandwidths are requested. The offerer requested to receive 690 kbps while the answerer requested to receive 540 kbps. This discrepency however can be solved by sending a new SDP offer with only the selected codec.
A.4.7.2
MTSI client with 1280x720 resolution 5 inch display
This example SDP offer is for an MTSI client with a 5 inch display that supports 1280x720 video and a frame rate of 25 fps. The MTSI client supports H.264 (AVC) Constrained Baseline Profile (CBP) level 3.1 and H.265 (HEVC) Main Profile, Main tier level 3.1. When encoding video with H.264 (AVC), the required bandwidth is 950 kbps, including 48 kbps IPv6/UDP/RTP overhead (4 RTP packets per frame), but when H.265 (HEVC) is used, the encoder uses only 640 kbps, including 36 kbps overhead (3 RTP packets per frame).
The answerer is also an MTSI client that supports H.264 (AVC) and H.265 (HEVC) in the same way as the offerer.
Table A.4.19: Example SDP offer for H.264 (AVC) and H.265 (HEVC) and example SDP answer for 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:950

b=RS:0

b=RR:5000

a=rtpmap:100 H264/90000

a=fmtp:100 packetization-mode=0; profile-level-id=42e01f; \

     sprop-parameter-sets=Z0KAH5WgFAFugH9Q,aM46gA==

a=imageattr:100 send [x=1280,y=720] recv [x=1280,y=720]

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e01f; \

     sprop-parameter-sets=Z0KAHpWgKA9oB/U=,aM46gA==
a=imageattr:99 send [x=640,y=480] recv [x=640,y=480]
a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAKAgC0WUuS0i9AHcIBB; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=1280,y=720] recv [x=1280,y=720]
a=rtpmap:97 H265/90000

a=fmtp:97 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg \
   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAUCAeFlLktIvQB3CAQQ \
   sprop-pps=RAHAcYDZIA==
a=imageattr:97 send [x=640,y=480] recv [x=640,y=480]
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

	SDP answer

	m=video 49156 RTP/AVPF 98
a=acfg:1 t=1

b=AS:500
b=RS:0

b=RR:5000

a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAKAgC0WUuS0i9AHcIBB; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=1280,y=720] recv [x=1280,y=720]

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.
The answerer could also have chosen to use H.265 (HEVC) to improve the quality, similar to what is discussed for Table A.4.17. In this case, the answerer would set the bandwidth to the same value as in the SDP offer.

Another possibility is that the answerer wants to use H.265 (HEVC) partly to increase the quality and partly to reduce the bit-rate. In this case the answerer would select a bit-rate that is in-between the bit-rate in the SDP offer and the bit-rate in the SDP answer as shown in Table A.4.19. 
A.4.7.3
MTSI client with 848x480 resolution 10 inch display
This example SDP offer is for an MTSI client with 10 inch display that supports 848x480 video and a frame rate of 25 fps. The MTSI client supports H.264 (AVC) Constrained Baseline Profile (CBP) level 3.1 and H.265 (HEVC) Main Profile, Main tier level 3.1. When encoding video with H.264 (AVC), the required bandwidth is 900 kbps, including 48 kbps IPv6/UDP/RTP overhead (4 RTP packets per frame), but when H.265 (HEVC) is used, the encoder uses only 690 kbps, including 36 kbps of overhead (3 RTP packets per frame).
The answerer is also an MTSI client that supports H.264 (AVC) and H.265 (HEVC) in the same way as the offerer. The answerer chooses to use the H.265 (HEVC) codec to save bandwidth and therefore sets the bit-rate to 690 kbps.

Table A.4.20: Example SDP offer for H.264 (AVC) and H.265 (HEVC) and example SDP answer for 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:900

b=RS:0

b=RR:5000

a=rtpmap:100 H264/90000

a=fmtp:100 packetization-mode=0; profile-level-id=42e01f; \

     sprop-parameter-sets=Z0KAHpWgNQ9oB/U=,aM46gA==
a=imageattr:100 send [x=848,y=480] recv [x=848,y=480]

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e01f; \

     sprop-parameter-sets=Z0KADZWgUH6Af1A=,aM46gA==
a=imageattr:99 send [x=320,y=240] recv [x=320,y=240]
a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAaiAeFlLktIvQB3CAQQ; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=848,y=480] recv [x=848,y=480]
a=rtpmap:97 H265/90000

a=fmtp:97 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAoIDxZS5LSL0AdwgEE=; \
   sprop-pps=RAHAcYDZIA==
a=imageattr:97 send [x=320,y=240] recv [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

	SDP answer

	m=video 49156 RTP/AVPF 98
a=acfg:1 t=1

b=AS:690
b=RS:0

b=RR:5000

a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \
   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAaiAeFlLktIvQB3CAQQ; \

   prop-pps=RAHAcYDZIA==

a=imageattr:100 send [x=848,y=480] recv [x=848,y=480]

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.

Similar to the previous examples, the answerer could also have chosen to use H.265 (HEVC) to improve the quality or to use the codec partly to improve the quality and partly to reduce the bit-rate.

A.4.7.4
MTSI client with 1280x720 resolution 10 inch display
This example SDP offer is for an MTSI client with a 10 inch display that supports 1280x720 video and a frame rate of 25 fps. The MTSI client supports H.264 (AVC) Constrained Baseline Profile (CBP) level 3.1 and H.265 (HEVC) Main Profile, Main tier level 3.1. When encoding video with H.264 (AVC), the required bandwidth is 1060 kbps, including 60 kbps IPv6/UDP/RTP overhead (5 RTP packets per frame), but when H.265 (HEVC) is used, the required bandwidth is only 800 kbps, including 48 kbps overhead (4 RTP packets per frame).
The answerer is also an MTSI client that supports H.264 (AVC) and H.265 (HEVC) in the same way as the offerer. The answerer chooses to use the H.265 (HEVC) codec to save bandwidth and therefore sets the bit-rate to 800 kbps.

Table A.4.21: Example SDP offer for H.264 (AVC) and H.265 (HEVC) and example SDP answer for 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=42e01f; \

     sprop-parameter-sets=Z0KAH5WgFAFugH9Q,aM46gA==
a=imageattr:100 send [x=1280,y=720] recv [x=1280,y=720]

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e01f; \

     sprop-parameter-sets= Z0KAHpWgKA9oB/U=,aM46gA==
a=imageattr:99 send [x=640,y=480] recv [x=640,y=480]
a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \
   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAKAgC0WUuS0i9AHcIBB; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=1280,y=720] recv [x=1280,y=720]
a=rtpmap:97 H265/90000

a=fmtp:97 profile-id=1; level-id=5d; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg \

   sprop-sps= QgEBAWAAAAMAgAAAAwAAAwB4oAUCAeFlLktIvQB3CAQQ \
   sprop-pps= RAHAcYDZIA==
a=imageattr:97 send [x=640,y=480] recv [x=640,y=480]
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

	SDP answer

	m=video 49156 RTP/AVPF 100

a=acfg:1 t=1

b=AS:800
b=RS:0

b=RR:5000

a=rtpmap:98 H265/90000

a=fmtp:98 profile-id=1; level-id=5d; \

   prop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwB4LAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwB4oAKAgC0WUuS0i9AHcIBB; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:98 send [x=1280,y=720] recv [x=1280,y=720]

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.

Similar to the previous examples, the answerer could also have chosen to use H.265 (HEVC) to improve the quality or to use the codec partly to improve the quality and partly to reduce the bit-rate.
*** End change 1 ***

*** Start change 2 ***

E.23
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 500 kbps, IPv6, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 500 kbps and the IPv6 overhead 36 kbps (assuming 25 fps, 3 IP packets per frame and IPv6), resulting in 540 kbps. Adding 5% for RTCP increases the bandwidth by 27 kbps. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the next higher integer multiple of 8 kbps gives 560 kbps.
Table E.24: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 300 kbps, IPv6, RTCP and MBR=GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	560
	The total bit-rate of a video codec (running at 500 kbps) adding IPv6/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 % but limited to max 14 kbps) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	560
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	560
	The total bit-rate of a video codec (running at 500 kbps) adding IPv6/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5% but limited to max 14 kbps) rounded up to nearest 8 kbps value.

If uplink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	560
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


E.24
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 500/40 kbps, IPv6, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 500 kbps and 40 kbps, respectively. The IPv6 overhead is 36 kbps (assuming 25 fps and 3 IP packets per frame) for MBR and 2.4 kbps (assuming QCIF, 5 fps and 1 IP packets per frame) for GBR, resulting in 540 kbps and 45 kbps, respectively. Adding 5% for RTCP increases the bandwidth by 27 kbps for both MBR and GBR. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the nearest higher integer multiple of 8 kbps gives 560 kbps and 64 kbps, respectively.
Table E.25: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 500/40 kbps, IPv6, RTCP and MBR>GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	64
	The total bit-rate of a video codec (running at 50 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	560
	The total bit-rate of a video codec (running at 500 kbps) adding IP/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	64
	The total bit-rate of a video codec (running at 40 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	560
	The total bit-rate of a video codec (running at 500 kbps) adding IP/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


E.25
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 600 kbps, IPv6, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 600 kbps and the IPv6 overhead 36 kbps (assuming 25 fps, 3 IP packets per frame and IPv6), resulting in 640 kbps. Adding 5% for RTCP increases the bandwidth by 32 kbps. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the next higher integer multiple of 8 kbps gives 656 kbps.
Table E.26: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 600 kbps, IPv6, RTCP and MBR=GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	656
	The total bit-rate of a video codec (running at 600 kbps) adding IPv6/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	656
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	656
	The total bit-rate of a video codec (running at 600 kbps) adding IPv6/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5%) rounded up to nearest 8 kbps value.

If uplink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	656
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


E.26
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 600/40 kbps, IPv6, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 600 kbps and 40 kbps, respectively. The IPv6 overhead is 36 kbps (assuming 25 fps and 3 IP packets per frame) for MBR and 2.4 kbps (assuming QCIF, 5 fps and 1 IP packets per frame) for GBR, resulting in 640 kbps and 45 kbps, respectively. Adding 5% for RTCP increases the bandwidth by 32 kbps for both MBR and GBR. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the nearest higher integer multiple of 8 kbps gives 656 kbps and 64 kbps, respectively.

Table E.27: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 600/40 kbps, IPv6, RTCP and MBR>GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	64
	The total bit-rate of a video codec (running at 40 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	656
	The total bit-rate of a video codec (running at 600 kbps) adding IP/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	64
	The total bit-rate of a video codec (running at 40 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	656
	The total bit-rate of a video codec (running at 600 kbps) adding IP/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


E.27
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 650 kbps, IPv6, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 650 kbps and the IPv6 overhead 36 kbps (assuming 25 fps, 3 IP packets per frame and IPv6), resulting in 690 kbps. Adding 5% for RTCP increases the bandwidth by 34.5 kbps. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the next higher integer multiple of 8 kbps gives 704 kbps.
Table E.28: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 650 kbps, IPv6, RTCP and MBR=GBR bearer)
	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	704
	The total bit-rate of a video codec (running at 650 kbps) adding IPv6/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	704
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	704
	The total bit-rate of a video codec (running at 650 kbps) adding IPv6/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5%) rounded up to nearest 8 kbps value.

If uplink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	704
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


E.28
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 650/40 kbps, IPv6, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 650 kbps and 40 kbps, respectively. The IPv6 overhead is 36 kbps (assuming 25 fps and 3 IP packets per frame) for MBR and 2.4 kbps (assuming QCIF, 5 fps and 1 IP packets per frame) for GBR, resulting in 690 kbps and 45 kbps, respectively. Adding 5% for RTCP increases the bandwidth by 34.5 kbps for both MBR and GBR. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the nearest higher integer multiple of 8 kbps gives 704 kbps and 72 kbps, respectively.

Table E.29: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 650/40 kbps, IPv6, RTCP and MBR>GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	64
	The total bit-rate of a video codec (running at 40 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	704
	The total bit-rate of a video codec (running at 650 kbps) adding IP/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	64
	The total bit-rate of a video codec (running at 40 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	704
	The total bit-rate of a video codec (running at 650 kbps) adding IP/UDP/RTP overhead (assumed to be 36 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


E.29
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 750 kbps, IPv6, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 750 kbps and the IPv6 overhead 48 kbps (assuming 25 fps, 4 IP packets per frame and IPv6), resulting in 800 kbps. Adding 5% for RTCP increases the bandwidth by 40 kbps. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the next higher integer multiple of 8 kbps gives 816 kbps.
Table E.30: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 750 kbps, IPv6, RTCP and MBR=GBR bearer)
	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	816
	The total bit-rate of a video codec (running at 750 kbps) adding IPv6/UDP/RTP overhead (assumed to be 48 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	816
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	816
	The total bit-rate of a video codec (running at 750 kbps) adding IPv6/UDP/RTP overhead (assumed to be 48 kbps) and RTCP (adds 5%) rounded up to nearest 8 kbps value.

If uplink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	816
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


E.30
Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 750/40 kbps, IPv6, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 750 kbps and 40 kbps, respectively. The IPv6 overhead is 48 kbps (assuming 25 fps and 4 IP packets per frame) for MBR and 2.4 kbps (assuming QCIF, 5 fps and 1 IP packets per frame) for GBR, resulting in 800 kbps and 45 kbps, respectively. Adding 5% for RTCP increases the bandwidth by 40 kbps for both MBR and GBR. However, the RTCP bandwidth is limited to max 14 kbps, see clause 7.3.1. Rounding up to the nearest higher integer multiple of 8 kbps gives 816 kbps and 72 kbps, respectively.

Table E.31: QoS mapping for bi-directional video (H.265 (HEVC) level 3.1, 750/40 kbps, IPv6, RTCP and MBR>GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1 400
	Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	7*10-3 
	A packet loss rate of 0.7 % per wireless link is in general sufficient for video services

	Transfer delay (ms)
	170 ms
	Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	64
	The total bit-rate of a video codec (running at 40 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for uplink (kbps)
	816
	The total bit-rate of a video codec (running at 750 kbps) adding IP/UDP/RTP overhead (assumed to be 48 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	64
	The total bit-rate of a video codec (running at 40 kbps) adding IP/UDP/RTP overhead (assumed to be 2.4 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Maximum bitrate for downlink (kbps)
	816
	The total bit-rate of a video codec (running at 750 kbps) adding IP/UDP/RTP overhead (assumed to be 48 kbps) and RTCP (adds 5 % of the session bandwidth) rounded up to nearest 8 kbps value.

If downlink SDP contains a lower b=AS bandwidth modifier value, this should be used instead.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the same or next lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


*** End change 2 ***

