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1 Introduction
This contribution proposes some modifications to the CR in [1] to address the following concerns:
1.1 Source-Controlled Variable-Bit-Rate (SC-VBR) Operation

EVS has a VBR mode that uses the following bit rates to achieve an average rate of 5.9 kbps

	Characteristic of Voice
	Codec Rate of 20ms frame (kbps)

	Voiced and Un-voiced Speech
	2.8

	Transition
	7.2

	Transition
	8.0


Since the rates selected are based on the speech source, the codec cannot be expected to adapt to operate at rates lower than 8.0 kbps.  So the minimum desired and minimum supported bandwidth for this mode is 8.0 kbps media + lower layer overhead.  

1.2 Requirements on the use of the new QoS SDP Parameters

[1] proposes that terminals be mandated to include the new SDP parameters in the SDP offers for speech and video.  This contribution proposes that the use of these parameters be optional for the following reasons:
1. The existing mechanisms using b=AS will continue to be supported by the network.  Although the RAN may over-allocate QoS resources when using b=AS parameter in some cases, the system is not broken.  The new SDP parameters are an enhancement.
2. Not using the parameters in the SDP offer does not cause an interoperability issue.  The b=AS parameter is still available.  Inclusion of the new SDP parameters is an enhancement that helps with better resource allocation.

3. It is not always clear how to set all of these new SDP parameters.  For example, how does the terminal determine the Minimum Desired Bandwidth?

2 Proposal
Make the following changes to the text in [1]:
Start of Change 1
6.2.5
Bandwidth negotiation

2.1.1.1 6.2.5.1
General
The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566 [8].

An MTSI client in terminal should include the ‘a=bw-info’ attribute in the SDP offer for speech,  video, and all other media types. When accepting a media type where the ‘a=bw-info’ attribute is included the MTSI client in terminal shall include the ‘a=bw-info’ attribute in the SDP answer. The ‘a=bw-info’ attribute and the below used bandwidth properties are defined in clause 19.

End of Change 1
Start of Change 2
7.5.5.3
 Speech
When speech is operated in a Source-Controlled Variable Bit Rate mode, the Minimum Desired Bandwidth and Minimum Supported Bandwidth are set to the maximum rate of the codec to request that the network provides enough bandwidth to send these packets needed to properly encode the source material.  Consequently, the GBR is expected to be set to the maximum rate of the codec, and the MBR is at least as high as the GBR.  Therefore any packet policing on the MBR or GBR will not prevent the speech packets from being transported.
End of Change 2
Start of Change 3
19.2.2
Maximum Supported Bandwidth

Definition:

Identifies the highest bandwidth that can be used in the session during any operating conditions (including redundancy).

Should be used to set MBR.

Should also be used to set GBR for MBR=GBR bearers.

Usage during the session:

The additional bandwidth for redundancy should only be used if adapting the bitrate to lower values, down to the Minimum Supported Bandwidth, fails to provide sufficient quality.

Quality aspects:

When additional bandwidth is allocated for redundancy, the resilience against losses should be improved. It should however be expected that the end-to-end delay will be longer than for the normal operating range. 

19.2.3
Maximum Desired Bandwidth

Definition:

Identifies the highest bandwidth that should be used in most cases during normal operating conditions. This normally corresponds to the maximum bitrate allowed for the encoding.

Usage during the session:

The adaptation should ensure that bandwidths up to the Maximum Desired Bandwidth are used whenever possible.

Quality aspects:

Using bandwidths in the higher end of the Minimum Desired Bandwidth ~ Maximum Desired Bandwidth range should give the intended encoding quality and end-to-end delay.

19.2.4
Minimum Desired Bandwidth

Definition:

Identifies the lowest bandwidth that should be used in the session during relatively normal or slightly degraded operating conditions.

Used for setting GBR for MBR>GBR bearers.

Usage during the session:

Bandwidths in the lower end of the Minimum Desired Bandwidth ~ Maximum Desired Bandwidth should be used less frequently, mainly during periods with high load and/or degraded operating conditions.

The bandwidth used by media can be lower than the Minimum Desired Bandwidth, for example during DTX periods or lower rate operation of Source-Controlled Variable Bit Rate modes for speech, or when DTMF is being transmitted instead of speech.

Quality aspects:

Using bandwidths in the lower end of this range can give slightly reduced encoding quality but should not give increased end-to-end delay.

For video, this bandwidth should be selected such that the video is still relatively smooth.

19.2.5
Minimum Supported Bandwidth

Definition:

Identifies the lowest bandwidth that may be used in the session during exceptional operating conditions.

Usage during the session:

Bandwidths below the Minimum Desired Bandwidth, down to the Minimum Supported Bandwidth, should be used quite rarely, mainly for severely degraded operating conditions.

If the operating conditions are so poor that not even Minimum Supported Bandwidth can be maintained then the session can be terminated.

The bandwidth used by media can deliberately be lower than the Minimum Supported Bandwidth, for example during DTX periods or lower rate operation of Source-Controlled Variable Bit Rate modes for speech, or when DTMF is being transmitted instead of speech. This is not to be considered a violation of the bandwidth parameter.

Quality aspects:

It can be expected that the encoding quality is reduced for these bandwidths and also that the end-to-end delay is increased.
End of Change 3
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