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1 Introduction
This contribution proposes to add an additional use case for speech codecs including the EVS codec, [3].

2 Discussion

2.1 Adaptation capabilities in the EVS codec
The EVS codec offers multiple ways of adaptation. The adaptation actions that are most relevant for this study are:

· Adapting the bitrate while still using the same audio bandwidth (similar to bitrate adaptation for AMR and AMR-WB)

· Adaptation through the entire bitrate range for the given audio bandwidth

· Adaptation through a smaller or larger portion of the total bitrate range for the given audio bandwidth
· Adapting both the bitrate and the audio bandwidth at the same time
· Adaptation through all audio bandwidths and the entire bitrate range

· Adaptation through a sub-set of the audio bandwidths and through a sub-set of the bitrate range

A few examples are illustrated in the figure below.
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Figure 1. Example adaptation possibilities in the EVS codec
The EVS codec also allows adapting the audio bandwidth without adapting the bitrate. This should however have no impact on the study in TR 26.924 since the bitrate is not changed. This way of adapting is therefore not considered any further in this document.
The EVS codec also includes a so called ‘channel-aware mode’, which can be used for the 13.2 kbps mode. In this mode, the number of bits used for the non-redundant encoding can be reduced to free up some bits that are instead used for redundancy information. The adaptation that can be performed in this mode is to enable or disable the partial redundancy encoding and also to adapt the offset for when the partial redundancy information is transmitted. However, since the bitrate is constant then this should also have no impact on this study and is therefore also not considered any further.
The EVS payload format enables adapting the frame aggregation, (full frame) redundancy level and the offset for the redundancy. This is however already described for AMR and AMR-WB and should therefore need no further consideration.
2.2 Usage of the EVS codec
Adapting the bitrate while still using the same audio bandwidth gives the same issues as already described for AMR and AMR-WB (use cases C, D and E). This is therefore not discussed any further. This discussion instead focuses on usages where both the audio bandwidth and the bitrate may be jointly adapted.
Different operators may however choose to use the combination of bitrate and audio bandwidths in different ways. For example, some operators may want to use the codec to provide super-wideband (SWB) and/or fullband (FB) speech, while other operators target improving existing narrowband (NB) and wideband (WB) services.
To ensure interoperability between different networks and when roaming, it is beneficial if an unrestricted session is negotiated. It is then expected that the operator will then allocate resources and set up the bearers such that they reflect the operator’s preferred usage of the codec.
The figure below gives an example of how the intended usage may impact the MBRs and the GBRs for the bearers. In this case, both operators allow the entire bitrate range, from 5.9 kbps up to 128 kbps. Both operators therefore set MBR such that the UEs can use the EVS codec up to 128 kbps. The settings for GBR are however different:
· Operator A’s preference is to provide a good SWB-FB quality and therefore set GBR relatively high.

· Operator B’s preference is to use the codec primarily in the WB-SWB range at a moderate bitrate. Operator B allows using up to 128 kbps and FB, but it is expected that such bitrates will only be used when there is free capacity available and when this has no impact on other services. Also, in case of congestion, this operator expects that the UEs will adapt down to quite low bitrates. Operator B therefore set GBR relatively low.
It should be noted that the audio bandwidths are here shown as non-overlapping while the EVS codec actually has overlapping bitrate ranges for different audio bandwidths.
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Figure 2. Example of possible EVS codec usages (does not show used bitrates)
The issue discussed in the use case is that there is information in the SDPs to define the maximum and minimum supported bitrates but there is no possibility to describe the preferred operating bitrate range, if this is different from the supported bitrate range. This means that while there is information in the SDP that can be used to set the MBR there is no information to set the GBR. In addition, there is no information in the SDPs that the UEs may use to understand how the other UE and the networks would like the codec to be used.
While it can be argued that these things are also applicable to AMR and AMR-WB, there is a major property that is quite different for the EVS codec. For the AMR and AMR-WB codecs, there is a relatively small quality difference between the highest and the lowest bitrates. The EVS codec however spans over a huge quality range, both in terms of audio bandwidth and bitrate. In addition, switching between NB, WB and SWB is also easy to detect for the users.
This means that, for AMR and AMR-WB, it is not extremely important for one UE to know how the other UE and the network want to use the codec. For example, if UE-A wants to mainly use AMR in the 5.9-12.2 kbps range then it does not matter much if UE-B actually use the codec in the 4.75-7.4 kbps range.
But for the EVS codec, if UE-A wants to use primarily the SWB-FB range, then UE-B needs to know about this to ensure that it does not adapt down to WB or even NB unnecessarily. It is especially important that each UE can describe to the other UE what it wants in the receiving direction since the encoding in the remote UE defines the upper limit for the quality the users will hear.
It is here assumed that each UE is configured in advanced such that they are aware of how the respective operator wants to use the EVS codec. A more problematic case may be when roaming into a visited network, but this is not addressed in this use case.
3 Proposal

A use case description is included in the following pages. It is proposed to approve the attached use case to be included in the TR Study on Improved end-to-end QoS negotiation, [1].
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6.x
Use case X: Several multi-rate speech codecs (AMR, AMR-WB and EVS)
6.x.1
General description
Alice and Bob are setting up a voice-only session. Both UE-A and UE-B support: the AMR codec (4.75-12.2 kbps, all codec modes); the AMR-WB codec (6.60-23.85 kbps, all codec modes); and the EVS (5.9-128 kbps, all codec modes). Both operators allow using fullband (FB) speech, but the operators want to use the EVS codec in different ways.
Operator A (originating side) wants to ensure SWB-FB quality in the 32-128 kbps bitrate range for most operating conditions, while adaptation down to WB or even NB speech at lower bitrates is allowed but should happen quite rarely.
Operator B (terminating side) wants to use the EVS codec primarily between WB and SWB and in the 9.6-48 kbps bitrate range even though adaptation to both lower audio bandwidths at lower bitrates is possible, if/when needed. Adaptation to higher bitrates at higher bitrates is also possible, when resources are available. 
NOTE:
The EVS codec offers many codec specific parameters that operators may use to control the negotiated bitrate range and the audio bandwidth range. The above usage describes two ways for how the EVS codec may be used. It is not clear how operators will use the codec in real networks.
Table 6.x.1-1. SDP offer-answer for use case X
	SDP offer

	m=audio 49152 RTP/AVP 101 100 99 98 9
b=AS:153
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:99 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=rtpmap:101 EVS/16000/1

a=fmtp:101 br=128; bw=nb-fb; <other parameters>; max-red=220
a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVP 101
b=AS:153
a=rtpmap:101 EVS/16000/1

a=fmtp:101 br=128; bw=nb-fb; <other parameters>; max-red=220

a=ptime:20

a=maxptime:240


Editor’s note: The codec parameters for the EVS codec were not completely defined at the time of writing and may need to be updated.

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

-
UE-A wants to receive max 153 kbps, based on the b=AS in the SDP offer.

-
UE-A will send max 153 kbps, based on the b=AS in the SDP answer.

-
UE-B wants to receive max 153 kbps, based on the b=AS in the SDP answer.

-
UE-B will send max 153 kbps, based on the b=AS in the SDP offer.

-
There is however no information in the SDPs that can be used to set GBR. The bitrate parameter ‘br’ shows that all bitrates down to 5.9 kbps are supported. However, this is not aligned with the operators’ intended codec usage, see figure below.
One alternative would be if the UEs would use the ‘br’ parameter to only negotiate the primarily desired operating bitrates. This would however prevent adaptation to bitrates outside this range. It may also give interworking problems if UE-A and UE-B want to use non-overlapping bitrate ranges. Therefore, it is desirable to have a bitrate negotiation that allows for using the whole bitrate range, i.e. an unrestricted bitrate range, or at least to not restrict the usage of the lower bitrates. This is done either by defining ‘br=5.9-128’ or ‘br=128’. This would however mean that this codec-specific information is not representative for the intended codec usage.
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Figure 2. Example of possible EVS codec usages (does not show used bitrates)
To preserve the allowed bitrate range, the operators should also avoid changing the indicated bitrate minimum and maximum bitrates, especially for the upper limit. This however means that the operators cannot indicate the desired bitrate range, if it is different from the allowed bitrate range.
6.x.2
Gap analysis

Similar to discussed for use case D, see clause 6.5, the PCRFs may allocate MBR and GBR in several different ways. The downlink MBR in the local access and the uplink MBR in the remote access can be aligned second SDP offer-answer. However, there are no mechanisms in SDP to align GBR.

In addition, it is not possible to indicate in SDP a preferred bitrate range, if this is different from the allowed bitrate range.
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