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1 Introduction
In this contribution, the gaps identified in TR 26.924 v0.1.3, [1], are used to derive proposed requirements for improved end-to-end QoS handling for each use case (where needed).
Further discussions are also added where needed.
The new EVS codec is currently not considered in the TR but is briefly addressed here in some use cases. Any discussion related to the EVS codec is based on the properties of the codec and the currently known payload format and SDP parameters. Since the payload format and SDP parameters is work in progress then such discussions should be regarded as preliminary.
2 Identified gaps and proposed requirements
The gaps identified in TR 26.924, [1] are included here in abbreviated versions. Further clarifications and additional comments are also given in some cases. The gaps are then used to derive proposed requirements.
2.1 Use case A: Single fixed-rate speech codec
Gap(s):

No gap identified.
Proposed requirement(s):

None.
2.2 Use case B: Several fixed-rate speech codecs
Gap(s) after first SDP offer/answer:

Both over-allocation and under-allocation can happen, since b=AS only indicates one single value and therefore has to be set to the maximum bandwidth needed for the codec that uses the highest bitrate.

Over-allocation typically happens when the resources are set up for a high-bitrate codec but then a lower bitrate codec is negotiated. Under-allocation typically happens if one networks if a network assigns too high MBR and GBR values and if the other networks assign MBR/GBR with lower values. This can lead to misalignment of both MBR and GBR between the networks.

Gap(s) after second SDP offer/answer:

If both UEs use the selected codec in the same way, then it should be possible to avoid gap.

However, if a UE wants to use the selected codec in a different way, for example with redundancy, then it can only indicate that a larger bandwidth is needed in the receiving direction. There is no possibility to indicate the maximum or desired bitrate for the sending direction.
Proposed requirement(s):

If the QoS parameters (MBR, GBR) are not aligned with the bitrate need for the intended codec usage then a second offer/answer negotiation should be performed to try to align the parameters that can be aligned, i.e. MBR.
It should be possible to indicate the minimum desired bitrate.

It should be possible to indicate different bitrates for different codecs.

If the offered bandwidth (b=AS) is higher than the highest codec rate then it should be possible to indicate whether the client intends to use this margin for other things, e.g. redundancy.
Other comments:

The gaps identified here applies also to several other use cases but is primarily discussed here.
2.3 Use case C: Single multi-rate speech codec
Gap(s):

The UEs signal which minimum bitrate it supported but this is not necessarily the same as the minimum bitrate that the operator wants to ensure in the session. There is no signalling of the desired minimum bitrate so the UEs will not know the desired minimum bitrate for the other UE, if it is different from the minimum supported bitrate. The networks will also not know the desired minimum bitrates for the UEs, unless it is the same as the minimum supported bitrate.
Comments:

For example: A session may be set up to allow for using the AMR 12.2, 7.4, 5.9 and 4.75 kbps codec modes. A UE may want to use minimum 5.9 kbps for most cases, and can consider using 4.75 kbps only in the absolute worst case. This means that the minimum supported bitrate is 4.75 kbps but the minimum desired bitrate is 5.9 kbps. However, there are no mechanisms to signal the minimum desired bitrate to the other UE if this is different from the minimum supported bitrate.
An operator may also want to ensure a certain minimum quality level, e.g. 5.9 kbps, and another operator may want to ensure a different minimum quality level, e.g. 7.4 kbps. Each operator can signal this to the local UE with the GBR parameter. However, it is not possible to signal this to the remote UE and the remote network.
This may not be a big issue for the AMR and AMR-WB codecs, since the bitrate ranges and thereby the quality differences are relatively small. But it may be a larger issue for other codecs.

The EVS codec supports a much larger bitrate range and also different audio bandwidths. It may happen that both operators allow bitrate adaptation in the full range but one operator wants to ensure SWB-FB quality while the other operator wants to primarily the WB-SWB quality range, as visualized in the figure below.
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Figure 1. Example of possible EVS codec usages (does not show used bitrates)
In SDP, the b=AS bandwidth modifier identifies only the maximum bitrate. There are also codec parameters that identify the minimum and the maximum supported bitrates. It is thus possible to signal what is allowed bitrate range but not what is the most desired range.
For the bearer allocation, the MBR would be set to allow for the highest bitrate while the GBR would likely be set to allow for the desired minimum bitrate. But these parameters are only known to the local UE and not to the remote network and the remote UE.
Proposed requirement(s):

It should be possible for a client to indicate the desired minimum bitrate to the local network, to the remote network and to the remote UE.
It should also be possible for network to change the desired minimum bitrate, if the bitrate suggested by the UE is not acceptable.

Other comments:

If the network finds that the suggested bitrates are not acceptable but it cannot change the values then it still has the option to reject the session setup.
2.4 Use case D: Single multi-rate speech codec with redundancy
Gap(s):

Same as for use case B. Also, there are no mechanisms in SDP to indicate the desired bitrates for the sending direction.

Proposed requirement(s):

Same as for use case B. Also, it should be possible to indicate bitrates for the sending direction.
2.5 Use case E: Several multi-rate speech codecs
Gap(s):

Same as for use cases B and C.
Proposed requirement(s):

Same as for use cases B and C.
2.6 Use case F: Single video codec, symmetric usage
Gap(s):

Same as for use case C. However, for video codecs there is typically no signalling of the minimum supported bitrate. This means that a UE may adapt quite frequently down to quality levels (bitrate, frame rate) that are significantly lower than the operator preferences, especially if the remote network assigns a lower GBR than used in the local network.
Proposed requirement(s):

Same as for use case C.
2.7 Use case G: Single video codec, asymmetric usage
Gap(s):

Same as for use cases D. There are codec parameters to indicate a higher (but not lower) codec level for the receiving direction than for the sending direction. The b=AS bandwidth indicates only the bitrate in the receiving direction and there is no corresponding parameter for the sending direction. The maximum bitrate in the sending direction can however be derived from the codec level applicable to the sending direction.
Proposed requirement(s):

-
2.8 Use case H: Single video codec, asymmetric usage
Gap(s):

Similar to use case G but the maximum bitrate for the sending direction cannot be derived from the codec level that is applicable to the sending direction.
Proposed requirement(s):

It should be possible to indicate bitrates for the sending direction.
2.9 Use case I: Multiple video codecs
Gap(s):

Same as for use cases C and E. The difference from use case C is that there is no information about the minimum supported bitrates in the SDPs, so the network has less information that it can use when assigning resources.
Proposed requirement(s):

Same as for use cases C and E.
2.10 Use case J: Single video codec, symmetric usage, bitrate variations

Gap(s):

There is no information in the SDPs that informs the networks about the bitrate variations that the UEs would like to utilize.
There is also no information in the SDPs or in the QoS parameters where the network can indicate how large bitrate variations that are allowed.

There is also no definition in the EPC specifications of how the (average) bitrate shall/should be calculated.

Proposed requirement(s):

It should be known to the clients what bitrate variations that are allowed or how the bitrate average is calculated in the policing functions.

Other comments:
This does not necessarily mean that the desired and/or allowed bitrate variations need to be signaled in SDP or in the QoS parameters.
3 Other issues

It is foreseen that new SDP attributes are needed to bridge the gaps indicated in the use cases above. Defining new SDP attributes means that applicability, backwards compatibility and possible future extensions need to be considered.

The following proposed requirements should be used for the design of any new SDP attributes:

· New SDP attribute(s) should allow for future extensions.

· New SDP attribute(s) need to be backwards compatible with existing attributes and offer/answer negotiation process.
· Since legacy networks are expected to ignore any new SDP attributes then the UEs cannot assume that all networks in the path use the information included in the new SDP attributes.
4 Summary of proposed requirements

The proposed requirements are summarized in the list below:
· If the QoS parameters (MBR, GBR) are not aligned with the bitrate need for the intended codec usage then a second offer/answer negotiation should be performed to try to align the parameters that can be aligned, i.e. MBR.

· It should be possible to indicate the minimum desired bitrate.

· It should be possible to indicate different bitrates for different codecs.

· If the offered bandwidth (b=AS) is higher than the highest codec rate then it should be possible to indicate whether the client intends to use this margin for other things, e.g. redundancy.

· It should be possible for a client to indicate the desired minimum bitrate to the local network, to the remote network and to the remote UE.

· It should also be possible for network to change the desired minimum bitrate, if the bitrate suggested by the UE is not acceptable.
· It should be possible to indicate bitrates for the sending direction.
· It should be known to the clients what bitrate variations that are allowed or how the bitrate average is calculated in the policing functions.
· New SDP attribute(s) should allow for future extensions.

· New SDP attribute(s) need to be backwards compatible with existing attributes and offer/answer negotiation process.

· Since legacy networks are expected to ignore any new SDP attributes then the UEs cannot assume that all networks in the path use the information included in the new SDP attributes.

5 Proposal

Agree on these proposed requirements as working assumption with the intention to include them in the TR Study on Improved end-to-end QoS negotiation, [1].
6 References

[1] S4-140971, “TR 26.924 Study on Improved end-to-end QoS handling” v0.1.3.
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