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	The H.264 example configuration in Annex E  leave it open to which level they apply, but state that a video bandwidth of 192 kbps is assumed.
According to Clause 5.2.2

MTSI clients in terminals offering video communication shall support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile (CBP) Level 1.2.
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-
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Thus, the H.264 example configuration in Annex E  relate to AVC Level 1.1 (with GBR values for GBR>MBR values being derived from level 1) and example configurations for the mandatory Level 1.2 are missing.
Example configurations are of particular importance, as CT3 indicated in the incoming LS S4-110634 that they want to recommend that PCC configures bearers according to those configurations.

	
	

	Summary of change:
(

	It is clarified that example configuartions in E.6, E.10, E.14, E.18 relate to AVC level 1.1 and example configurations for EVC level 1.2 are added.
Apart from bandwidth values all values are left unmodified compared to level 1.1.
For MBR>GBR bearers, GBR values are derived from maximum bandwidth for level 1.1 in H.264.
It is also clarified that the applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute to guide PCC implementations how to select the appropriate example.

	
	

	Consequences if 
(

not approved:
	Missing example configuration for mandatory video codec. Missing guidance for PCC how to set up video bearers.

	
	

	Clauses affected:
(

	E.6, E.10, E.14, E.18, new E.a, new E.b, new E.c, new E.d

	
	

	
	Y
	N
	
	

	Other specs
(

	
	x
	 Other core specifications
(

	TS/TR ... CR ... rev ...

	affected:
	
	x
	 Test specifications
	TS/TR ... CR ... rev ...

	(show related CRs)
	
	x
	 O&M Specifications
	TS/TR ... CR ... rev ...

	
	

	Other comments:
(

	


1st Change
E.6
Bi-directional video (H.264 AVC level 1.1, 192 kbps, IPv4, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 192 kbps and the IPv4 overhead 10 kbps (15fps, 2 IP packets per frame), resulting in 202 kbps. The transfer delay for video is different from other media. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. H.264 receivers can request to receive only a lower bandwidth than depicted in this example via the SDP "b:AS" parameter.
Table E.7: QoS mapping for bi-directional video (H.264 AVC level 1.1, 192 kbps, IPv4, 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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	216
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 10 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)
	216
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	216
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 10 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)
	216
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other UMTS 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'
	


2nd Change

E.10
Bi-directional video (H.264 AVC level 1.1, 192 kbps, IPv6, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 192 kbps and the IPv6 overhead 16 kbps (15fps, 2 IP packets per frame), resulting in 208 kbps. The transfer delay for video is different from other media. IPv6 is also assumed. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. H.264 receivers can request to receive only a lower bandwidth than depicted in this example via the SDP "b:AS" parameter.
Table E.11: QoS mapping for bi-directional video (H.264 AVC level 1.1, 192 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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	224
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 16 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)
	224
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	224
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 16 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)
	224
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other UMTS 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'
	


3rd Change

E.14
Bi-directional video (H.264 AVC level 1.1, IPv4, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 192 kbps and 64 kbps, respectively. The IPv4 overhead is 10 kbps (15fps, 2 IP packets per frame) for MBR and 5 kbps (15 fps, 1 IP packet per frame) for GBR, resulting in 202 kbps and 69 kbps, respectively. The transfer delay for video is different from other media. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. H.264 receivers can request to receive only a lower bandwidth than depicted in this example via the SDP "b:AS" parameter.
Table E.15: QoS mapping for bi-directional video (H.264 AVC level 1.1, IPv4, 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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	80
	The total bit-rate of a video codec (running at 64 kbps) adding IP/UDP/RTP overhead (assumed to be 5 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for uplink (kbps)
	216
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 10 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If downlink SDP contains a lower b:AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	80
	The total bit-rate of a video codec (running at 64 kbps) adding IP/UDP/RTP overhead (assumed to be 5 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for downlink (kbps)
	216
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 10 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If uplink 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 UMTS 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'
	


4th Change

E.18
Bi-directional video (H.264 AVC level 1.1, IPv6, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 192 kbps and 64 kbps, respectively. The IPv6 overhead is 16 kbps (15fps, 2 IP packets per frame) for MBR and 8 kbps (15fps, 1 IP packet per frame) for GBR, resulting in 208 kbps and 72 kbps, respectively. The transfer delay for video is different from other media. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. H.264 receivers can request to receive only a lower bandwidth than depicted in this example via the SDP "b:AS" parameter.
Table E.19: QoS mapping for bi-directional video (H.264 AVC level 1.1, IPv6, RTCP and MBR>GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1400
	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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	80
	The total bit-rate of a video codec (running at 64 kbps) adding IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for uplink (kbps)
	224
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 16 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If downlink SDP contains a lower b:AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	80
	The total bit-rate of a video codec (running at 64 kbps) adding IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for downlink (kbps)
	224
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 16 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If uplink 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 UMTS 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'
	


5th Change

E.a
Bi-directional video (H.264 AVC level 1.2, 384 kbps, IPv4, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 384 kbps and the IPv4 overhead 20 kbps (15fps, 4 IP packets per frame), resulting in 404 kbps. The transfer delay for video is different from other media. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. 
Table E.aa: QoS mapping for bi-directional video (H.264 AVC level 1.2, 384 kbps, IPv4, 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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	432
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 20 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)
	432
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	432
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 20 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)
	432
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other UMTS 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'
	


2nd Change

E.b
Bi-directional video (H.264 AVC level 1.2, 384 kbps, IPv6, RTCP and MBR=GBR bearer)

The video bandwidth is assumed to be 384 kbps and the IPv6 overhead 32 kbps (15fps, 4 IP packets per frame), resulting in 416 kbps. The transfer delay for video is different from other media. IPv6 is also assumed. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. H.264 receivers can request to receive only a lower bandwidth than depicted in this example via the SDP "b:AS" parameter.
Table E.bb: QoS mapping for bi-directional video (H.264 AVC level 1.2, 384 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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	440
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 32 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)
	440
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	440
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 32 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)
	440
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other UMTS 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'
	


3rd Change

E.c
Bi-directional video (H.264 AVC level 1.2, IPv4, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 384 kbps and 192 kbps, respectively. The IPv4 overhead is 20 kbps (15fps, 4 IP packets per frame) for MBR and 10 kbps (15 fps, 2 IP packets per frame) for GBR, resulting in 404 kbps and 202 kbps, respectively. The transfer delay for video is different from other media. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. H.264 receivers can request to receive only a lower bandwidth than depicted in this example via the SDP "b:AS" parameter.
Table E.cc: QoS mapping for bi-directional video (H.264 AVC level 1.2, IPv4, 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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	216
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 10 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for uplink (kbps)
	432
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 20 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If downlink SDP contains a lower b:AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	216
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 10 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for downlink (kbps)
	432
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 20 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If upink 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 UMTS 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'
	


4th Change

E.d
Bi-directional video (H.264 AVC level 1.2, IPv6, RTCP and MBR>GBR bearer)

The video bandwidths used for defining MBR and GBR are assumed to be 384 kbps and 192 kbps, respectively. The IPv6 overhead is 32 kbps (15fps, 4 IP packets per frame) for MBR and 16 kbps (15fps, 2 IP packets per frame) for GBR, resulting in 416 kbps and 208 kbps, respectively. The transfer delay for video is different from other media. The applicable H.264 profile level can be derived from the "profile-level-id" MIME parameter signalled within the SDP "a=fmtp" attribute. H.264 receivers can request to receive only a lower bandwidth than depicted in this example via the SDP "b:AS" parameter.
Table E.dd: QoS mapping for bi-directional video (H.264 AVC level 1.2, IPv6, RTCP and MBR>GBR bearer)

	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	1400
	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 GGSN during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the UMTS bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	224
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 16 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for uplink (kbps)
	440
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 32 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If downlink SDP contains a lower b:AS bandwidth modifier value, this should be used instead.

	Guaranteed bitrate for downlink (kbps)
	224
	The total bit-rate of a video codec (running at 192 kbps) adding IP/UDP/RTP overhead (assumed to be 16 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
It is up to MTSI implementations or network policies to use higher GBR values.

	Maximum bitrate for downlink (kbps)
	440
	The total bit-rate of a video codec (running at 384 kbps) adding IP/UDP/RTP overhead (assumed to be 32 kbps) and RTCP (adds 5 %). The value is then rounded up to nearest multiple of 8 kbps.
If uplink 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 UMTS 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'
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