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1 Discussion
This contribution includes the description of a few use cases for multi-rate speech codecs that the source proposes to consider for the TR Study on Improved end-to-end QoS handling, [1].
The use cases included here are to a large degree based on the discussion in [2].
2 Proposal

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

3 References

[1] S4-140106, “TR 26.924 Study on Improved end-to-end QoS handling”, v0.0.3.
[2] S4-130424, “Issues and requirements for end-to-end QoS handling”.
6.x
Use case X: Single rate-adaptive codec
6.x.1
General description
Alice and Bob are setting up a voice-only session. Both UEs support only the AMR codec (4.75-12.2 kbps, all codec modes) but follows TS 26.114 and therefore offers both bandwidth-efficient and octet-aligned. 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.
Table x. SDP offer-answer for use case X
	SDP offer

	m=audio 49152 RTP/AVP 97 98

b=AS:38
a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 97

b=AS:37
a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


For the media handling in the UEs, the SDP offer/answer negotiation means:
· UE-A (Alice) wants to receive max 38 kbps.
· UE-A will send max 37 kbps.

· UE-B (Bob) wants to receive max 37 kbps.

· UE-B will send max 38 kbps.

· Adaptation is possible in three ways:

· The AMR codec supports multiple codec modes between 4.75 kbps and 12.2 kbps which means that the clients can do bitrate adaptation. If a mode-set is defined by the offer-answer then this may restrict the rate throughout to only some codec modes and/or a portion of this range.
· Frame aggregation is also possible since both clients declare that they can receive up to 240 ms of media in each packet (a=maxptime:240).
· Redundancy may also be used but both clients declare that they will not send redundant frames that are older than 220 ms (max-red=220).
· Since the UEs cannot inform the network or the other UE what minimum codec mode it wants to send and/or receive or what packetization they plan to use when sending or receiving, there is no guidance for how the IMS networks should select the minimum bitrate that is required for the session.
The table below gives a few examples for how the bitrate changes with the adaptation:

Table X. Total bitrate as a function of codec mode and packetization

	#
	Codec mode

[kbps]
	Packetization

[frames/ packet]
	Redundancy level

[%]
	RTP payload size

[bytes]
	IPv6/UDP/RTP overhead

[bytes]
	RTP packet size

[bytes]
	Packet rate

[packets/ second]
	Total bitrate

[kbps]

	1
	12.2
	1
	0
	32
	60
	92
	50
	36.8 (NOTE 1)

	2
	4.75
	1
	0
	14
	60
	74
	50
	29.6

	3
	5.9
	1
	0
	16
	60
	76
	50
	30.4

	4
	4.75
	2
	0
	26
	60
	86
	25
	17.2

	5
	4.75
	4
	0
	51
	60
	111
	12.5
	11.1

	6
	4.74
	2
	100
	26
	60
	86
	50
	34.4

	7
	5.9
	2
	100
	32
	60
	92
	50
	36.8

	8
	5.9
	2
	100 with 1 frame offset
	33
	60
	93
	50
	37.2 (NOTE 2)

	9
	4.75
	3
	200
	39
	60
	99
	50
	39.6 (NOTE 2)

	10
	5.9
	3
	200
	47
	60
	107
	50
	42.8 (NOTE 2)

	11
	4.75
	4
	300
	51
	60
	111
	50
	44.4 (NOTE 2)

	12
	5.9
	4
	300
	63
	60
	123
	50
	49.2 (NOTE 2)

	NOTE 1: This format is expected to be used during normal operating conditions, i.e. when no adaptation is needed to handle congestion, high packet loss rates, large jitter or other degraded operating conditions.

NOTE 2: These examples include combinations that are allowed according to TS 26.114. They however exceed the bandwidth in the SDP offer and/or SDP answer given above. To be able to use these combinations, the end-points need to signal a higher bandwidth for b=AS.


From this table, it should be clear that using a redundancy can lead to using both lower as well as higher bandwidth than the bandwidth used for the normal operation (AMR12.2, no redundancy). A client can only control the amount of bandwidth in the receiving direction since the bandwidth parameter applies only to the receiving direction. The amount of bandwidth that can be used in the sending direction depends on the bandwidth that the remote client has declared in the SDP that it is prepared to receive.
For a UE using LTE or HSPA access types, it is expected that the b=AS is set such that it allows for receiving a bandwidth corresponding to the normal operation (AMR12.2, 1 frame per packet, no redundancy). This bandwidth limitation would then apply independently of what bandwidth the other UE wants to send. This limits the amount of redundancy to 100% and requires that the clients adapt down to AMR 5.9 kbps, or lower, when using redundancy.
For WiFi, and other access types where high packet loss rates can occur relatively frequently, it can be beneficial to allow for using redundancy, both in the sending and receiving direction, even if this results in using a higher bandwidth. The UE can then set the b=AS value to a larger value, but since the b=AS bandwidth applies only to the receiving direction then this would only enable using higher bandwidths in DL. For UL, there are no mechanisms available to indicate a higher bandwidth. The sending bandwidth is instead limited by the maximum bandwidth that the remote UE has declared that it wants to receive, which the remote UE decides without knowing the local UEs preferences. Hence, for sessions where one UE is using LTE or HSPA and the other is using WiFi then the resource reservation in the LTE/HSPA network may not be sufficient for the UE that uses WiFi.
For the minimum bitrate the situation is even worse since there are no mechanisms that either UE could use to indicate the minimum bitrate they want to receive or want to send.
The PCRFs will have to use codec information to try to guess what the UEs want to do. This can be done in several ways, for example:
1. A PCRF may assume that the minimum configuration is: AMR4.75, 1 frame per packet and no redundancy. This gives a minimum bitrate of 30 kbps (60 bytes IPv6/UDP/RTP header, 14 bytes for one AMR4.75 speech frame, 50 packets per second gives 29.6 kbps).

2. A PCRF may assume that the minimum configuration is: AMR4.75, 4 frames per packet and no redundancy. This gives a minimum bitrate of 12 kbps (60 bytes IPv6/UDP/RTP header, 51 bytes for four AMR4.75 speech frames, 50/4 packets per second gives 11.1 kbps).

3. There could also be an operator policy that decides to allocate resources based on some other configuration, for example: AMR5.9, two non-redundant speech frames in each packet and 200% redundancy. This gives a minimum bitrate of 31 kbps (60 bytes IPv6/UDP/RTP header, 94 bytes for four AMR5.9 speech frames, 50/2 packets per second gives 30.8 kbps).

The lack of mechanisms to the negotiate the minimum bitrate that the UEs want to use means that different networks may allocate resources differently. A few example combinations are shown in the tables below.

Table X. Example bearer allocation, IMS-A allocates resources according to option 1, IMS-B allocates resources according to option 2
	Direction
	Parameter
	Rate
	Parameter
	Rate

	A->B
	MBR-ULA
	37 kbps
	MBR-DLB
	38 kbps

	
	GBR-ULA
	30 kbps
	GBR-DLB
	12 kbps

	B->A
	MBR-DLA
	38 kbps
	MBR-ULB 
	37 kbps

	
	GBR-DLA
	30 kbps
	GBR-ULB 
	12 kbps


Assuming that the UEs are QoS aware this means that:
· UE-A may send with a bitrate between 30 and 37 kbps

· UE-B may send with a bitrate between 12 and 37 kbps.

Another possibility is:
Table X. Example bearer allocation, IMS-A allocates resources according to option 1, IMS-B allocates resources according to option 3

	Direction
	Parameter
	Rate
	Parameter
	Rate

	A->B
	MBR-ULA
	37 kbps
	MBR-DLB
	38 kbps

	
	GBR-ULA
	30 kbps
	GBR-DLB
	31 kbps

	B->A
	MBR-DLA
	38 kbps
	MBR-ULB 
	37 kbps

	
	GBR-DLA
	30 kbps
	GBR-ULB 
	31 kbps


Assuming that the UEs are QoS aware this means that:

· UE-A may send with a bitrate between 30 and 37 kbps

· UE-B may send with a bitrate between 31 and 37 kbps.

Yet another possibility is:
Table X. Example bearer allocation, IMS-A allocates resources according to option 2, IMS-B allocates resources according to option 3

	Direction
	Parameter
	Rate
	Parameter
	Rate

	A->B
	MBR-ULA
	37 kbps
	MBR-DLB
	38 kbps

	
	GBR-ULA
	12 kbps
	GBR-DLB
	31 kbps

	B->A
	MBR-DLA
	38 kbps
	MBR-ULB 
	37 kbps

	
	GBR-DLA
	12 kbps
	GBR-ULB 
	31 kbps


Assuming that the UEs are QoS aware this means that:

· UE-A may send with a bitrate between 12 and 37 kbps

· UE-B may send with a bitrate between 31 and 37 kbps.

6.x.2
Gap analysis

The difference in maximum rate (37 kbps vs. 38 kbps) gives the same issues as already described in Clause 6.3 when multiple fixed-rate codecs with different bitrates are offered. The difference between 37 kbps and 38 kbps might seem insignificant. However, if the answerer would have limited the maximum codec mode to, for example, 5.9 kbps mode then the bandwidth indicated in the SDP answer would likely have been 31 kbps, which would give a much larger difference. This can also be handled with a second SDP offer-answer as discussed in Clause 6.3.
The larger issue is instead what minimum bitrates that will be used, and if the UEs use this in the adaptation. Since each UE only knows the QoS parameter for its own access, and it does not know the QoS parameters for the remote access, then it cannot adjust the adaptation to the bitrates allowed in the remote network. For example, if the bearers are set up according to Table X then UE-A may choose to not reduce the bitrate below 30 kbps even though the GBR in network B is only 12 kbps. This can be expected to cause significant packet losses or packet delays in network B.

Additionally, since each UE have aligned the transmission to the local QoS parameters, then they have no incentive to send a new SDP offer to try to align the bitrates because the bitrates are already aligned. Even if UE-B would detect that UE-A is sending at a too high bitrate then there are no mechanisms in the SDP to inform UE-A about this fact.
6.y
Use case Y: Multiple rate-adaptive codecs with different encoding rates
6.y.1
General description

Alice and Bob are setting up a voice-only session. UE-A supports both the AMR codec (4.75-12.2 kbps, all codec modes) and the AMR-WB codec (6.60-23.85 kbps, all codec modes). UE-B supports only the AMR codec. Both UEs follow TS 26.114 and therefore offers both bandwidth-efficient and octet-aligned. 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.
Table X. SDP offer-answer for use case X
	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100
b=AS:49
a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR-WB/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220

a=rtpmap:100 AMR-WB/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 97

b=AS:37
a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


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

· UE-A (Alice) wants to receive max 49 kbps.

· UE-A will send max 37 kbps.

· UE-B (Bob) wants to receive max 37 kbps.

· UE-B will send max 49 kbps.

· Adaptation is possible in same ways as described in Section 6.x.1 for use case X except that UE-B can use the higher bitrate to send more redundancy.

· Since the UEs cannot inform the network or the other UE what minimum codec mode it wants to send and/or receive or what packetization they plan to use when sending or receiving, there is no guidance for how the IMS networks should select the minimum bitrate that is required for the session.

The bandwidths for different configurations shown in Table X apply also here. 
Similar to discussed in clause 6.x, the PCRFs may allocate MBR in several different ways. A difference here is that UE-B may choose to use all combinations with a bitrate up to 49 kbps (combinations 1-11) while UE-A can only use the combinations up to 37 kbps (combinations 1-7). This can be aligned with a second SDP offer-answer.
The discussion in clause 6.x on how the PCRFs may allocate GBR holds also here. This cannot be solved with a second SDP offer-answer.
6.y.2
Gap analysis

The differences in MBR give the same gap as has been discussed above in Section 6.x.2. This can be solved with a second SDP offer-answer negotiation.
The problems caused by the GBRs have also been discussed in Section 6.x.2 above. Similar to above, this cannot be solved with a second SDP offer-answer negotiation since there are no SDP parameters available for negotiating this information.
Editor’s note: Use case(s) should be added for case(s) where the UEs plan to use redundancy >100%. Use case(s) should also be added where AMR-WB is agreed to be used in the session.

