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1 Introduction
In SA2’s reply LS on Usage of MBR and GBR bearers in MTSI, it is asked whether SA4 could consider defining normative recommendations for setting the GBR, [1]. The intention is to use these recommendations for the roaming case and when the S9 interface is not available. In such a case, it is not possible for the home and visited PLMNs to agree on the GBR value that should be used for the bearer.
For video, the ECN_min_rate also needs to be agreed.

This contribution proposes minimum bit rates for the different media types that are currently used in MTSI. These media bit rates are then be used to determine suitable GBR for the bearers. In some cases, it also proposes maximum bit rates that are used to calculate MBR.
2 Recommended minimum bit rates for different media in MTSI
This section proposes and motivates minimum bit rates for different real-time media. The differences compared to existing QoS profiles in TS 26.114 Annex E are highlighted, [2].
2.1 Speech
For AMR, it seems natural to align the minimum bit rate to ECN_min_rate, which is aligned with the Initial Codec Mode (ICM). Depending on which and how many codec modes that are agreed in the SDP offer/answer negotiation, this could lead to different lowest and second lowest codec modes. Typically, ICM should be AMR5.9, AMR5.15 or AMR4.75.
As described in [3], it is no issue if the UE is transmitting with a rate that is lower than GBR. Hence, it is proposed to use AMR5.9 as the minimum media bit rate that should be used to determine GBR for AMR media, even if the ICM might become AMR5.15 or AMR4.75. The highest bit rate of the codec (12.2 kbps) should be used when calculating MBR, as already used in the QoS parameters that already exist in TS 26.114 Annex E.
For AMR-WB, it also seems natural to align the minimum bit rate to ECN_min_rate and ICM. Also for AMR-WB, the SDP offer/answer negotiation could lead to different ICM, typically AMR-WB8.85 or AMR-WB6.60. TS 26.114 Annex E currently have no QoS parameters for AMR-WB, not even MBR. It is therefore proposed to use:

· AMR-WB 8.85 kbps as the minimum media bit rate, to be used for GBR,

· AMR-WB 23.85 kbps as the highest media bit rate, to be used for MBR.

The bandwidth-efficient payload format variant is used for both AMR and AMR-WB since this is the most likely variant to be used in MTSI.

IP, UDP and RTP overhead also needs to be added to the media bit rates. Since this overhead depends on the number of packets that are transmitted, it is suggested to assume 50 packets per second. IPv6 is used in this case. RTCP bandwidth also needs to be added. It is here proposed to add 5% for the overhead, since this is what the existing QoS parameters use.
The bandwidth calculation, based on these assumptions and IPv6, is shown below:
	Codec
	Codec rate

[kbps]
	RTP payload size

[bytes]
	IPv6/UDP/RTP overhead per packet
[bytes]
	Frame rate

[fps]
	Media bit rate

[kbps]
	RTCP (5%)

[kbps]
	Rate

[kbps]

	AMR
	5.9
	16
	60
	50
	30.4
	1.52
	31.92
GBR=32

	AMR
	12.2
	32
	60
	50
	36.8
	1.84
	38.64
MBR=39

	AMR-WB
	8.85
	24
	60
	50
	33.6
	1.68
	35.28
GBR=36

	AMR-WB
	23.85
	61
	60
	50
	48.4
	2.42
	50.82
MBR=51


The bandwidth calculation, based on these assumptions and IPv4, is shown below:

	Codec
	Codec rate

[kbps]
	RTP payload size

[bytes]
	IPv4/UDP/RTP overhead per packet

[bytes]
	Frame rate

[fps]
	Media bit rate

[kbps]
	RTCP (5%)

[kbps]
	Rate

[kbps]

	AMR
	5.9
	16
	40
	50
	22.4
	1.12
	23.52
GBR=24

	AMR
	12.2
	32
	40
	50
	28.8
	1.44
	30.24
MBR=31

	AMR-WB
	8.85
	24
	40
	50
	25.6
	1.28
	26.88
GBR=27

	AMR-WB
	23.85
	61
	40
	50
	40.4
	2.02
	42.42
MBR=43


2.2 Video
For video, there is no natural minimum bit rate since the permissible bit rates are not quantized to a finite number of values as is typically done for speech. However, there is a lower limit to what bit rate will produce useful video quality. This minimum bit rate will vary depending on a number of parameters including, but not limited to (in no specific order):

· Codec (e.g. H.263 or H.264)

· Codec profile (e.g. Profile 0 Level 45 for H.263, Baseline Profile Level 1.1 for H.264)

· Encoder implementation (e.g. implementer’s ability to make efficient use of available algorithmic tools)

· Video framerate (e.g. 10 Hz or 25 Hz)

· Video resolution (e.g. QCIF, CIF or VGA)

· Video content complexity (e.g. noise-free static scene or noisy, high-detail moving content)

Even if all above mentioned parameters are kept constant, there is a range of bit rate values that will produce a monotonically increasing video quality with increasing bit rate. Increased bit rate allows for less distortion (encoding noise) in the encoded video. Increasing bit rate beyond some saturation point (different values depending on above parameters) will not add to the subjective video quality.
It is possible to imagine a scenario where it is acceptable to change one or more of the above parameters as a result of a requirement to decrease bit rate. E.g. decreasing video framerate and / or video resolution could allow for keeping low distortion (encoding noise) in the resulting video. Whether or not low distortion is preferred to keeping framerate and / or resolution will typically vary between individual end-users and the specific situation where they view the video content. In the extreme case, reducing framerate and resolution might be the only way to decrease bit rate enough to keep the video media in the call, even if significant distortion is acceptable.
When it comes to video framerate, there is a possibility to seamlessly move from “motion video”, which typically requires 15 Hz or more subjectively, to very low framerate “slow scan”-type video. In some cases, this may be both acceptable and preferred to dropping the visual media altogether when bit rate decreases.

Assuming that QCIF is the smallest usable video resolution, that 15 Hz “motion video” is preferred at all times, that a fair implementation of H.264 Baseline profile is used, and visible distortion is not too significant, a reasonable minimum bit rate is around 64 kbps.

For H.263 Profile 0 Level 45, which is the mandatory codec in TS 26.114, the highest allowed bit rate is 128 kbps. Hence, it is suggested to use this value is used when determining MBR for H.263.

For H.264 Level 1.1, the highest allowed bit rate is 192 kbps. Hence, it is suggested to use this value is used when determining MBR for H.264.
With 15 Hz video, the IPv6/UDP/RTP overhead becomes about 8 kbps, both for GBR and MBR. 5% is then added for the RTCP overhead. The rate is then rounded to the closes higher multiple of 8 kbps since this rounding is already used for the existing QoS parameters in TS 26.114 Annex E.

With 15 Hz video, the IPv4/UDP/RTP overhead becomes about 5 kbps, both for GBR and MBR.

 The bandwidth calculation, based on these assumptions and IPv6, is shown below:

	Codec
	Codec rate

[kbps]
	Frame rate

[fps]
	IPv6/UDP/RTP overhead

[kbps]
	Media bit rate

[kbps]
	RTCP (5%)

[kbps]
	Rate

[kbps]

	H.263
	64
	15
	8
	72
	3.6
	75.6

GBR=80

	H.263
	128
	15
	8
	136
	6.8
	142.8

MBR=144

	H.264
	64
	15
	8
	72
	3.6
	75.6
GBR=80

	H.264
	192
	15
	8
	200
	10.0
	210.0
MBR=216


The bandwidth calculation, based on these assumptions and IPv4, is shown below:

	Codec
	Codec rate

[kbps]
	Frame rate

[fps]
	IPv6/UDP/RTP overhead

[kbps]
	Media bit rate

[kbps]
	RTCP (5%)

[kbps]
	Rate

[kbps]

	H.263
	64
	15
	5
	69
	3.45
	72.45

GBR=80

	H.263
	128
	15
	5
	133
	6.65
	139.65
MBR=144

	H.264
	64
	15
	5
	69
	3.45
	72.45
GBR=80

	H.264
	192
	15
	5
	197
	9.85
	206.85
MBR=208


3 Examples of Proposed QoS profiles
A few examples of QoS profiles that can be used for MBR>GBR bearers are given below. All these examples use IPv6.
3.1 Speech, AMR-NB, IPv6
The GBR value is here based on AMR 5.9 kbps and using the bandwidth-efficient payload format.
	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 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 bit rate for uplink (kbps)
	32
	The bit-rate of AMR5.9 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

	Maximum bitrate for uplink (kbps)
	39
	The bit-rate of AMR12.2 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

	Guaranteed bit rate for downlink (kbps)
	32
	The bit-rate of AMR5.9 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

	Maximum bitrate for downlink (kbps)
	39
	The bit-rate of AMR12.2 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

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

	Source statistics descriptor
	‘speech'
	


3.2 Speech, AMR-WB, IPv6
There is currently no QoS profile for AMR-WB. Hence, the following profile is new. The MBR value is here based on AMR-WB 23.85 kbps and using the bandwidth-efficient payload format. The GBR value is based on AMR-WB 8.85 kbps and using the bandwidth-efficient payload format.
	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 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 bit rate for uplink (kbps)
	36
	The bit-rate of AMR-WB8.85 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

	Maximum bitrate for uplink (kbps)
	51
	The bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

	Guaranteed bit rate for downlink (kbps)
	36
	The bit-rate of AMR-WB8.85 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

	Maximum bitrate for downlink (kbps)
	51
	The bit-rate of AMR-WB23.85 including IP/UDP/RTP overhead + 5 % for RTCP. This value applies for IPv6.

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

	Source statistics descriptor
	‘speech'
	


3.3 Video, H.263 Profile 0 Level 45, IPv6
The following QoS parameters are based on 128 kbps and 15 fps, which is the maximum with H.263 Profile 0 Level 45.
	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 bit rate for downlink (kbps)
	80
	The bit-rate of a video codec running 15 Hz QCIF at 64 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value. This value applies for IPv6.

	Maximum bit rate for downlink (kbps)
	144
	The bit-rate of a video codec running 15 Hz QCIF at 192 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value. This value applies for IPv6.

	Guaranteed bit rate for uplink (kbps)
	80
	The bit-rate of a video codec running 15 Hz QCIF at 64 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5%) rounded up to nearest 8 kbps value. This value applies for IPv6.

	Maximum bitrate for uplink (kbps)
	144
	The bit-rate of a video codec running 15 Hz QCIF at 192 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value. This value applies for IPv6.

	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'
	


3.4 Video, H.264 Baseline Profile Level 1.1, IPv6
The following QoS parameters are based on 192 kbps and 15 fps, which is the maximum with H.264 Baseline Profile Level 1.1.

	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 bit rate for downlink (kbps)
	80
	The bit-rate of a video codec running 15 Hz QCIF at 64 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value. This value applies for IPv6.

	Maximum bit rate for downlink (kbps)
	216
	The bit-rate of a video codec running 15 Hz QCIF at 192 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value. This value applies for Ipv6.

	Guaranteed bit rate for uplink (kbps)
	80
	The bit-rate of a video codec running 15 Hz QCIF at 64 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5%) rounded up to nearest 8 kbps value. This value applies for Ipv6.

	Maximum bitrate for uplink (kbps)
	216
	The bit-rate of a video codec running 15 Hz QCIF at 192 kbps including IP/UDP/RTP overhead (assumed to be 8 kbps) and RTCP (adds 5 %) rounded up to nearest 8 kbps value. This value applies for Ipv6.

	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’
	


4 Conclusion and proposal
This contribution shows that minimum bit rates should be defined for the media types used in MTSI. The minimum media bit rates are then used to determine the GBR value for both speech and video as well as ECN_min_rate for video. These minimum bit rate will not limit the operation of the codecs. The codec is still allowed to use lower rates, in case it is found that this is needed.
The following rates are proposed to be used for determining the GBR values for MBR>GBR bearers:

	Media type, codec
	Min [kbps]
	Max [kbps]
	GBR [kbps]
	MBR [kbps]

	NB-speech, AMR
	5.9
	12.2
	24
	31

	WB-speech, AMR-WB
	8.85
	23.85
	28
	43

	Video, H.263, Profile 0 Level 45
	64
	128
	80
	144

	Video, H.264, Baseline Profile Level 1.1
	64
	192
	80
	216


TS 26.114 also includes a recommendation for real-time text, i.e. MBR=GBR=3kbps. The contributor does not see any reason to change this.
A CR for updating TS 26.114 Annex E according to this proposal is found in [4].
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