3GPP TSG-SA4 Meeting #76 
S4-131250
Osaka, Japan, 4-8 November, 2013


Title:

Use cases for TR Improved end-to-end QoS handling, video codecs
Source:
Telefon AB LM Ericsson
Document for:
Discussion and approval
Agenda Item:
10
1 Discussion
This contribution includes a few use cases for video that the source proposes to consider for the TR Study on Improved end-to-end QoS handling, [1]. The analysis follows the template described in [4].
These use cases included here are partly based on the discussion in [2] and [3].
2 Proposal

Approve the text to be included in the TR Study on Improved end-to-end QoS negotiation.

3 References

[1] S4-131099, “TR 26.9de Study on Improved end-to-end QoS handling”.
[2] S4-130706, “Effects of Token Bucket limitations on media transport”.
[3] S4-AHM194, “Bandwidth negotiation issues when new codecs are introduced”.

[4] S4-131248, “Use cases for TR Improved end-to-end QoS handling”

6.x
Use case X: Single video codec, symmetric usage
6.x.1
General description
Alice and Bob are setting up a video telephony session including both speech and video. Both UEs support the minimum set of speech and video codecs defined in TS 26.114, i.e.:

· for speech: AMR (4.75-12.2 kbps); and:

· for video: H.264 Constrained Baseline Profile (CBP) level 1.2.

For speech, both UEs propose to encapsulate 1 frame in each packet but allows for up to 12 frames per packet, out of which maximum 4 can be non-redundant frames. 
Alice sends the SDP offer and Bob sends the SDP answer as shown below. Bob accepts using the bandwidth-efficient payload format version. The SDPs do not include attributes for SDPCapNeg, AVPF feedback messages, image attribute and video orientation since these things make no difference for the current analysis.
Since this analysis is targeting issues found for video then the SDPs do not include audio.

	SDP offer

	m=video 49152 RTP/AVP 99

b=AS:315

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

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

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

	SDP answer

	m=video 49152 RTP/AVP 99

b=AS:315

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

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

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==


For the media handling in the UEs, the SDP offer/answer negotiation means:
· UE-A (Alice) wants to receive max 315 kbps.
· UE-B (Bob) wants to receive max 315 kbps.

· UE-A will send max 315 kbps.

· UE-B will send max 315 kbps.

· Rate adaptation is possible, however there is nothing in the SDPs that the functions in the network can use to determine the bitrate range the clients are planning to use when adapting.

The Application Functions use the b=AS values from the SDP offer and the SDP answer sets the service information to:
· In IMS-A:

· UE-A max send rate is 315 kbps.

· UE-A min send rate is unknown and is therefore left undefined.

· UE-A max receive rate is 315 kbps.
· UE-A min receive rate is also unknown and is therefore left undefined.
· In IMS-B:

· UE-B max send rate is 315 kbps.

· UE-B min send rate is unknown and is therefore left undefined.

· UE-B max receive rate is 315 kbps.
· UE-B min receive rate is unknown and is therefore left undefined.
The AF sends these parameters together with the remaining media-related information to the PCRF.

The PCRFs then uses the session information, and possibly also the remaining media-related information, to determine the QoS parameters. Since the AF does not provide any minimum bitrates that could be used to set the GBR-UL and GBR-DL parameters then the PCRF uses operator policies instead. If different operators have different policies then GBR will be set differently in the different networks. One example is given below:
	Direction
	Parameter
	Rate
	Parameter
	Rate

	A->B
	MBR-ULA
	315 kbps
	MBR-DLB
	315 kbps

	
	GBR-ULA
	100 kbps
	GBR-DLB
	150 kbps

	B->A
	MBR-DLA
	315 kbps
	MBR-ULB 
	315 kbps

	
	GBR-DLA
	100 kbps
	GBR-ULB 
	150 kbps


The difference between speech and video is that:

· For speech, at least when using AMR or AMR-WB, the PCRF may use the codec mode information available in the SDP to set GBR to the bandwidth needed for the lowest codec mode.

· For video, there is no corresponding information in the SDPs that is related to the desired minimum bandwidth which the PCRF could use to set GBR. The PCRF therefore relies on operator policies for this.
The lack of information in SDP can give a more or less unpredictable behavior when the clients need to adapt the bitrate.
6.x.2
Gap analysis

A QoS aware client should be able to align the bitrate range (min-max bitrate) used for the adaptation to the allocated MBR and GBR values. However, a QoS aware client is only aware of the QoS parameter in the local access and has no knowledge about the QoS parameters defined for the bearers in the remote access. A UE in network A may therefore adapt down to 100 kbps, which should give no problems in network B. However, a UE in network B may adapt down to only 150 kbps, which can be expected to give problems in network A if the congestion occurred in that network.
A QoS unaware client will not have any information about how GBR is set, neither for the local network, nor for the remote network. Hence, a QoS unaware client should be prepared to adapt down to virtually 0 kbps, which of course will give bad quality.
Hence, the lack of information in SDP can be expected to give a more or less unpredictable behavior when the clients need to adapt the bitrate. Some UEs may adapt too little, which does not handle congestion properly. Other UEs may adapt too much, which gives under-utilization of the bearers.
6.x.3
Root-cause analysis

There are no bandwidth parameters similar to b=AS that the UE could set can use to indicate which minimum bitrate it wants to send and receive which the remote network (and intermediate networks) could use to align the GBR end-to-end.
6.y
Use case Y: Single video codec, asymmetric usage

6.y.1
General description

Alice and Bob are setting up a video telephony session including both speech and video, as for Use case X above. The difference in this use case is that the clients support asymmetric video as follows:

· UE-A (Alice) supports: encoding with level 1.2 (max 384 kbps), decoding with level 2.0 (max 2.0 Mbps). UE-B is capable of receiving video up to the maximum of the level.
· UE-B (Bob) supports: encoding with level 1.3 (max 768 kbps), decoding with level 3.1 (max 14.0 Mbps). However, UE-B wants to limit video in the receiving direction to a lower rate than the maximum for the level, for example 3 Mbps.
UE-A sends the SDP offer to offer level 1.2 (~440 kbps including IPv6/UDP/RTP overhead) but also includes the ‘max-recv-level’ to indicate that it can receive up to level 2.0 (~2.1 Mbps including overhead).
UE-B sends the SDP answer to offer level 1.3 (~810 kbps including IPv6/UDP/RTP overhead) but also includes the ‘max-recv-level’ to indicate that it can receive up to level 3.1. However, the b=AS value indicates that it wants to receive maximum video at 3.0 Mbps (~3.2 Mbps including overhead).
Since this analysis is targeting issues found for video then the SDPs do not include audio.
	SDP offer

	m=video 49152 RTP/AVP 99

b=AS:2100
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

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

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==; \
     max-recv-level=e014

	SDP answer

	m=video 49152 RTP/AVP 99

b=AS:3200
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e00d; \

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==; \
     max-recv-level=e01f


For the media handling in the UEs, the SDP offer/answer negotiation means:

· UE-A (Alice) wants to receive max 2100 kbps.

· UE-B (Bob) wants to receive max 3200 kbps.

· UE-A can send up to max ~440 kbps, if allowed by the UE-B.

· UE-B can send up to max ~810 kbps, if allowed by the UE-A.

· Rate adaptation is possible. However, similar to Use case X, there is nothing in the SDPs that the functions in the network can use to determine the bitrate range the clients are planning to use when adapting.

The Application Functions use the b=AS values from the SDP offer and the SDP answer sets the service information to:

· In IMS-A:

· UE-A max send rate is 3200 kbps (based on b=AS in the SDP answer).

· UE-A min send rate is unknown and is therefore left undefined.

· UE-A max receive rate is 2100 kbps (based on b=AS in the SDP offer).

· UE-A min receive rate is also unknown and is therefore left undefined.

· In IMS-B:

· UE-B max send rate is 2100 kbps (based on b=AS in the SDP offer).

· UE-B min send rate is unknown and is therefore left undefined.

· UE-B max receive rate is 3200 kbps (based on b=AS in the SDP answer).

· UE-B min receive rate is unknown and is therefore left undefined.

It should be noted that allocating bearers in this way would give quite large over-allocation since UE-A will send max ~440 kbps and that UE-B will send max ~810 kbps.

The PCRF would have to use the profile-level-id to set the QoS parameters to more reasonable values. If the PCRF does not check the codec-specific information then bearers will be seriously over-allocated.
As for Use case X, the PCRF would also have to set GBR based on operator policies since there is no information in the SDPs related to this.

6.y.2
Gap analysis

For optimal bearer allocation, the PCRF must use codec-specific information to analyze both the ‘profile-level-id’ parameter and the ‘max-recv-level’ parameter. If the PCRF does not do this then over-allocation is likely to happen. There are no generic bandwidth parameters that could be used for this.
The issue with different GBRs in different network, which causes problems for the adaptation, is the same as for Use case X.
6.y.3
Root-cause analysis

There are no bandwidth parameters similar to b=AS that the UE could set can use to indicate the desired send rate.
This could possibly be solved with a second SDP offer/answer, but only if the clients analyze the received ‘profile-level-id’ parameter and assigns b=AS accordingly. However, there is nothing explicitly wrong with declaring that one can receive a higher bitrate that the other client is going to send, so there is no real motivation why a UE would send a second SDP offer/answer.
6.y2
Use case Y2: Single video codec, asymmetric usage

6.y2.1
General description

This use case is very similar to Use case Y1, except that UE-B wants to send video using a bitrate that is lower than the supported H.264 profile and level and when there is no corresponding level defined for the bitrate that UE-B wants to use.

Alice and Bob are setting up a video telephony session including both speech and video, as for Use case X above. The difference in this use case is that the clients support asymmetric video as follows:

· UE-A (Alice) supports: encoding with level 1.2 (max 384 kbps), decoding with level 2.0 (max 2.0 Mbps). UE-B is capable of receiving video up to the maximum of the level.

· UE-B (Bob) supports: encoding with level 2.0 (max 2.0 Mbps), decoding with level 3.1 (max 14.0 Mbps). However, UE-B wants to limit video to 1 Mbps in the sending direction and to 4 Mbps in the receiving direction.

· NOTE: There is no H.264 level that corresponds to 1 Mbps and the next higher level is 2.0 (2 Mbps).

UE-A sends the SDP offer to offer level 1.2 (~440 kbps including IPv6/UDP/RTP overhead) but also includes the ‘max-recv-level’ to indicate that it can receive up to level 2.0 (~2.1 Mbps including overhead).

UE-B sends the SDP answer to offer level 2.0 (~2.1 Mbps including IPv6/UDP/RTP overhead) but also includes the ‘max-recv-level’ to indicate that it can receive up to level 3.1. However, the b=AS value indicates that it wants to limit the bandwidth in the receiving direction to max 4.2 Mbps (including overhead).
The main difference, compared to Use case Y, is that UE-B wants to send video with a bitrate that is lower than the maximum for the level and that there is no level defined for the bitrate that UE-B wants to send.
Since this analysis is targeting issues found for video then the SDPs do not include audio.
	SDP offer

	m=video 49152 RTP/AVP 99

b=AS:2100

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

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

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==; \

     max-recv-level=e014

	SDP answer

	m=video 49152 RTP/AVP 99

b=AS:4200

b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

a=fmtp:99 packetization-mode=0; profile-level-id=42e014; \

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==; \

     max-recv-level=e01f


For the media handling in the UEs, the SDP offer/answer negotiation means:

· UE-A (Alice) wants to receive max 2.1 Mbps.

· UE-B (Bob) wants to receive max 4.2 Mbps.

· UE-A can send up to max ~440 kbps, if allowed by the UE-B.

· UE-B can send up to max ~2.1 Mbps, but is limited by UE-A to max 2.1 Mbps. However, in this case, UE-B plans to send max ~1.1 Mbps.
· Rate adaptation is possible, as for Use case X.
The Application Functions use the b=AS values from the SDP offer and the SDP answer sets the service information to:

· In IMS-A:

· UE-A max send rate is 4200 kbps (based on b=AS in the SDP answer).

· UE-A min send rate is unknown and is therefore left undefined.

· UE-A max receive rate is 2100 kbps (based on b=AS in the SDP offer).

· UE-A min receive rate is also unknown and is therefore left undefined.

· In IMS-B:

· UE-B max send rate is 2100 kbps (based on b=AS in the SDP offer).

· UE-B min send rate is unknown and is therefore left undefined.

· UE-B max receive rate is 4200 kbps (based on b=AS in the SDP answer).

· UE-B min receive rate is unknown and is therefore left undefined.

The PCRFs then uses the session information, and possibly also the remaining media-related information, to determine the QoS parameters. Since the AF does not provide any minimum bitrates that could be used to set the GBR-UL and GBR-DL parameters then the PCRF uses operator policies instead. In this case, it is assumed that the operator policy defines that GBR should be set to ~50% of the MBR.

	Direction
	Parameter
	Rate
	Parameter
	Rate

	A->B
	MBR-ULA
	4200 kbps
	MBR-DLB
	4200 kbps

	
	GBR-ULA
	2100 kbps
	GBR-DLB
	2100 kbps

	B->A
	MBR-DLA
	2100 kbps
	MBR-ULB 
	2100 kbps

	
	GBR-DLA
	1100 kbps
	GBR-ULB 
	1100 kbps


Since UE-B is going to send max 1.1 Mbps and since MBR-ULB = MBR-DLA = 2.1 Mbps this gives an over-allocation in the B->A direction in both networks.
Similarly, if a UE supports the same H.264 profile and level in both sending and receiving direction and if the UE will use a lower send rate than what is indicated with the level (and the b=AS value) and if the UE does not use the ‘max-recv-level’ parameter to indicate a higher level for the receiving direction, then the same over-allocation will also occur.
6.y2.2
Gap analysis

The PCRFs has no way of knowing that a UE-B is planning to send video with a bitrate that is lower than the maximum bitrate for the supported H.264 profile and level.
UE-A also has no way of knowing what bandwidth UE-B will send, so initiating a new SDP offer-answer negotiation will not resolve the issue, because UE-A has no information that it could use to choose a more suitable b=AS value.
6.y2.3
Root-cause analysis

There is no bandwidth parameter similar to b=AS that the UE can use to indicate the desired sending rate.
6.z
Use case Z: Multiple video codecs

6.z.1
General description

Alice and Bob are setting up a video telephony session including both speech and video. Both UEs support AMR speech coding. For video, both supports video coding as follows:

· H.264 Constrained Baseline Profile (CBP) level 1.3 (max 768 kbps).

· H.265 also up to the same bitrate. However, both UEs want to use the more efficient H.265 video codec to reduce the bitrate to 384 kbps whenever H.265 can be used, i.e. when both UEs support the H.265 codec.

UE-A sends the SDP offer to offer with b=AS set to 810 kbps (including IPv6/UDP/RTP overhead) since the client needs to choose the higher of the bitrates needed for each respective codec. UE-B accepts H.265 and sets b=AS to 440 kbps.
	SDP offer

	m=video 49152 RTP/AVP 100 99

b=AS:810
b=RS:0

b=RR:2500

a=rtpmap:99 H264/90000

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

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==; \

     max-recv-level=e014
a=rtpmap:100 H265/90000

a=fmtp:100 <other parameters...>

	SDP answer

	m=video 49154 RTP/AVP 100
b=AS:440
b=RS:0

b=RR:2500

a=rtpmap:100 H265/90000

a=fmtp:100 <other parameters...>


For the media handling in the UEs, the SDP offer/answer negotiation means:

· UE-A (Alice) wants to receive max 810 kbps.

· UE-B (Bob) wants to receive max 440 kbps.

· UE-A can send up to max 440 kbps, since UE-B has limited the bitrate in its receiving direction to this.

· UE-B can send up to max 810 kbps, since UE-A has not introduced any further limitations.
· Rate adaptation is possible, as for Use case X.

The Application Functions use the b=AS values from the SDP offer and the SDP answer sets the service information to:

· In IMS-A:

· UE-A max send rate is 4400 kbps (based on b=AS in the SDP answer).

· UE-A min send rate is unknown and is therefore left undefined.

· UE-A max receive rate is 810 kbps (based on b=AS in the SDP offer).

· UE-A min receive rate is also unknown and is therefore left undefined.

· In IMS-B:

· UE-B max send rate is 810 kbps (based on b=AS in the SDP offer).

· UE-B min send rate is unknown and is therefore left undefined.

· UE-B max receive rate is 440 kbps (based on b=AS in the SDP answer).

· UE-B min receive rate is unknown and is therefore left undefined.

The PCRFs then uses the session information, and possibly also the remaining media-related information, to determine the QoS parameters. Since the AF does not provide any minimum bitrates that could be used to set the GBR-UL and GBR-DL parameters then the PCRF uses operator policies instead. In this case, it is assumed that the operator policy defines that GBR should be set to ~50% of the MBR.

	Direction
	Parameter
	Rate
	Parameter
	Rate

	A->B
	MBR-ULA
	440 kbps
	MBR-DLB
	440 kbps

	
	GBR-ULA
	220 kbps
	GBR-DLB
	220 kbps

	B->A
	MBR-DLA
	810 kbps
	MBR-ULB 
	810 kbps

	
	GBR-DLA
	410 kbps
	GBR-ULB 
	410 kbps


This means that the improved coding gain is used for:

· lower bitrate in the A->B direction; and for:

· better quality in the B->A direction.

6.z.2
Gap analysis

The PCRFs has no way of knowing that a UE-A is planning to send video with a bitrate that is lower for H.265 than for H.264.
6.z.3
Root-cause analysis

There is no bandwidth parameter similar to b=AS that the UE can use to indicate different bandwidths for different codecs. This could possibly be solved with SDP Capability Negotiation [RFC5939] and SDP Miscellaneous Capability Negotiation [RFC7006].
