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Annex E (informative):
QoS profiles

E.1
General

This annex contains examples with mappings of SDP parameters to QoS parameters [64] for MTSI.

The bitrates used in these QoS examples for MBR and GBR for MBR=GBR bearers and for MBR for MBR>GBR bearers are based on the highest bitrates possible with the codecs, profiles and levels defined in Clause 5.2. The bitrates used for GBR for MBR>GBR bearers are chosen to still give usable quality levels.

The bearer setup also depends on the outcome of the SDP offer-answer negotiation. The QoS profiles shown below assume that both end-points agree on using the codecs and bitrates as described in each respective example.

E.2
Bi-directional speech (AMR12.2, IPv4, RTCP and MBR=GBR bearer)
The bitrate for AMR 12.2 including IP overhead (one AMR frame per RTP packet, using bandwidth efficient mode) is 28.8 kbps which is rounded up to 29 kbps. IPv4 is also assumed.
Table E.1: QoS mapping for bi-directional speech (AMR 12.2, 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 speech services

	Transfer delay (ms)
	130 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)
	31
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	31
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	31
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	31
	The same as the guaranteed bitrate

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


E.3
Void

E.4
Bi-directional real-time text (3 kbps, IPv4 or IPv6, RTCP and MBR=GBR bearer)

Bi-directional text at 3 kbps all inclusive (text, IP overhead, RTCP).

Table E.3: QoS mapping for bi-directional real-time text (3 kbps, IPv4, RTCP and MBR=GBR bearer) when using a conversational class 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
	1*10-3 
	Text should have a higher level of protection than voice and video.

	Transfer delay (ms)
	130 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)
	3.0
	An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for uplink (kbps)
	3.0
	The same as the guaranteed bitrate. 

	Guaranteed bitrate for downlink (kbps)
	3.0
	An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for downlink (kbps)
	3.0
	The same as the guaranteed bitrate. 

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

	Source statistics descriptor
	‘unknown'
	


Using a conversational class bearer means that resources are reserved throughout the session. Depending on the intended usage of real-time text, it might not be the most resource efficient choice to use a conversational class bearer, especially if it is foreseen that the sessions will be long-lived while the actual text conversations will be rare and bursty. Table E.4 therefore shows an example with QoS mapping for using an interactive class bearer.

Table E.4: QoS mapping for bi-directional real-time text (3 kbps, IPv4, RTCP) when using an interactive bearer

	Traffic class
	Interactive class
	Notes

	Delivery order
	No
	In sequence delivery is not required

	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 voice transport delay and delay variation.

	SDU error ratio
	10-4
	Text should have a higher level of protection than voice and video.

	Maximum bitrate (kbps)
	[Depending on UE category]
	Should be set as high as the UE category can handle

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

	Traffic handling priority
	3
	General purpose PDP context should use the lowest value.

	Signalling indication
	‘No’
	This is not a signalling PDP context.


Table E.5: QoS mapping for bi-directional real-time text (3 kbps, IPv6, RTCP and MBR=GBR bearer) when using a conversational class 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
	1*10-3 
	Text should have a higher level of protection than voice and video.

	Transfer delay (ms)
	130 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)
	4.0
	An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for uplink (kbps)
	4.0
	The same as the guaranteed bitrate. 

	Guaranteed bitrate for downlink (kbps)
	4.0
	An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for downlink (kbps)
	4.0
	The same as the guaranteed bitrate. 

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

	Source statistics descriptor
	‘unknown'
	


E.5
Bi-directional speech (AMR-WB23.85, IPv4, RTCP and MBR=GBR bearer)

The bitrate for AMR-WB 23.85 including IP overhead (one AMR-WB frame per RTP packet, using bandwidth efficient mode) is 40.4 kbps which is rounded up to 41 kbps.

Table E.6: QoS mapping for bi-directional speech (AMR-WB 23.85, IPv4, 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 speech services

	Transfer delay (ms)
	130 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)
	44
	The total bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	44
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	44
	The total bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	44
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


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, 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 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)
	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 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.7
Bi-directional speech (AMR12.2, IPv6, RTCP and MBR=GBR bearer)

The bitrate for AMR 12.2 including IP overhead (one AMR frame per RTP packet, using bandwidth efficient mode) is 36.8 kbps which is rounded up to 37 kbps. IPv6 is also assumed.

Table E.8: QoS mapping for bi-directional speech (AMR 12.2, IPv6, RTCP and MBR=GBR bearer)

	Traffic class
	Conversational  class
	Notes

	Delivery order
	No
	The application should handle packet reordering.

	Maximum SDU size (octets)
	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 speech services

	Transfer delay (ms)
	130 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)
	39
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	39
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	39
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	39
	The same as the guaranteed bitrate

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


E.8
Bi-directional speech (AMR-WB23.85, IPv6, RTCP and MBR=GBR bearer)

The bitrate for AMR-WB 23.85 including IP overhead (one AMR-WB frame per RTP packet, using bandwidth efficient mode) is 48.4 kbps which is rounded up to 49 kbps. IPv6 is also assumed.

Table E.9: QoS mapping for bi-directional speech (AMR-WB 23.85, 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 speech services

	Transfer delay (ms)
	130 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)
	52
	The total bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	52
	The same as the guaranteed bitrate.

	Guaranteed bitrate for downlink (kbps)
	52
	The total bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	52
	The same as the guaranteed bitrate.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


E.9
Void

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, 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 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)
	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 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.11
Bi-directional speech (AMR, IPv4, RTCP and MBR>GBR bearer)

This QoS profile is defined for AMR (one AMR frame per RTP packet, bandwidth efficient mode) when AMR12.2 and AMR5.9 are used to define MBR and GBR for MBR>GBR bearers. IPv4 is also assumed.

The bitrate for AMR 12.2 including IP overhead is 28.8 kbps and the bitrate for AMR 5.9 including IP overhead is 22.4 kbps.

Table E.12: QoS mapping for bi-directional speech (AMR, IPv4, 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 speech services

	Transfer delay (ms)
	130 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)
	25
	The total bit-rate of AMR5.9 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	31
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Guaranteed bitrate for downlink (kbps)
	25
	The total bit-rate of AMR5.9 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	31
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


E.12
Bi-directional speech (AMR-WB, IPv4, RTCP and MBR>GBR bearer)

This QoS profile is defined for AMR-WB (one AMR-WB frame per RTP packet, bandwidth efficient mode) when AMR-WB23.85 and AMR-WB8.85 are used to define MBR and GBR for MBR>GBR bearers. IPv4 is also assumed.

The bitrate for AMR-WB23.85 including IP overhead is 40.4 kbps and the bitrate for AMR-WB8.85 including IP overhead is 25.6 kbps.

Table E.13: QoS mapping for bi-directional speech (AMR-WB, IPv4, 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 speech services

	Transfer delay (ms)
	130 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)
	28
	The total bit-rate of AMR-WB8.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	44
	The total bit-rate of AMRWB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Guaranteed bitrate for downlink (kbps)
	28
	The total bit-rate of AMR-WB8.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	44
	The total bit-rate of AMRWB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


E.13
Void

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 for MBR and 5 kbps 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 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)
	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 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.15
Bi-directional speech (AMR, IPv6, RTCP and MBR>GBR bearer)

This QoS profile is defined for AMR (one AMR frame per RTP packet, bandwidth efficient mode) when AMR12.2 and AMR5.9 are used to define MBR and GBR for MBR>GBR bearers. IPv6 is also assumed.

The bitrate for AMR 12.2 including IP overhead is 36.8 kbps and the bitrate for AMR 5.9 including IP overhead is 30.4 kbps.

Table E.16: QoS mapping for bi-directional speech (AMR, 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 speech services

	Transfer delay (ms)
	130 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)
	33
	The total bit-rate of AMR5.9 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	39
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Guaranteed bitrate for downlink (kbps)
	33
	The total bit-rate of AMR5.9 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	39
	The total bit-rate of AMR12.2 including IP/UDP/RTP overhead and 5 % for RTCP.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


E.16
Bi-directional speech (AMR-WB, IPv6, RTCP and MBR>GBR bearer)

This QoS profile is defined for AMR-WB (one AMR-WB frame per RTP packet, bandwidth efficient mode) when AMR-WB23.85 and AMR-WB8.85 are used to define MBR and GBR for MBR>GBR bearers. IPv6 is also assumed.

The bitrate for AMR-WB 23.85 including IP overhead is 48.4 kbps and the bitrate for AMR-WB 8.85 including IP overhead is 33.6 kbps.

Table E.17: QoS mapping for bi-directional speech (AMR-WB, 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 speech services

	Transfer delay (ms)
	130 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)
	36
	The total bit-rate of AMR-WB8.85 including IP/UDP/RTP overhead + 5 % for RTCP.

	Maximum bitrate for uplink (kbps)
	52
	The total bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Guaranteed bitrate for downlink (kbps)
	36
	The total bit-rate of AMR-WB8.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Maximum bitrate for downlink (kbps)
	52
	The total bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead and 5 % for RTCP.

	Allocation/Retention priority
	subscribed value
	Indicates the relative importance to other radio access bearers. It should be the next lower value to the priority of the signalling bearer.

	Source statistics descriptor
	‘speech'
	


E.17
Void

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 for MBR and 8 kbps 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 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)
	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 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.19
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, 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.20: 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 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)
	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 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.20
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, 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.21: 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 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)
	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 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.21
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 for MBR and 10 kbps 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.22: 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 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)
	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 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.22
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 for MBR and 16 kbps 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.23: 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 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)
	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 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'
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