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Introduction
EVS has a Variable Bit Rate (VBR) mode that operates differently than traditional 3GPP multi-rate codecs.  The AMR-NB and AMR-WB codecs, and other modes of EVS select the encoding rate for active speech based on network congestion conditions, usually communicated to the speech encoder via codec mode requests from the media receiver.  These codecs also use a voice activity detector (VAD) to determine when to DTX the speech transmission and send SID frames.
VBR coding (also called source-controlled coding) encodes speech at different bit rates depending on the characteristics of the input speech signal [2]. For example stationary voiced (highly-correlated) and unvoiced signals are coded at low bit-rates while weakly correlated signals such as speech onsets/transients are coded at higher bit-rates to preserve audio quality. Note that DTX operation is combined with VBR coders in the same way as with Constant or Fixed Rate (FR) coders; the VBR operation is related to active speech segments.

Finer bit allocation, in comparison to Fixed Rate coding, allows the VBR codec to achieve a lower average bit rate than FR codecs while maintaining the same voice quality [3].
Table 1 lists the individual frame rates depending on input speech characteristics. EVS VBR mode combines these different bit-rates to produce an average bit-rate of 5.9 kbps over active speech. 

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

	Stationary Voiced and Un-voiced Speech
	2.8

	Generic frames (not highly correlated and not unvoiced)
	7.2

	Transient /speech onsets
	8.0


Table 1: Individual frame rates depending on input speech characteristics for EVS VBR mode

In accordance with the EVS codec design constraints and verified in EVS selection testing [3], the average bit rate of VBR operation is within  5.9kbps + 5% margin (=6.195 kbps) for the source speech database specified in EVS selection testing. The EVS VBR mode employs advanced open and closed loop average rate control mechanisms to ensure fast convergence to the specified target bit-rate [2].  The rate control mechanism is initialized to a target bit-rate of 5.9 kbps. The time to converge (i.e. increase or decrease) to this target bit-rate is dependent on the input speech source, hence influenced by factors such as background noise characteristics and level. 
Setting MBR and GBR

MBR = 8.0: The EVS-VBR codec only goes up to this rate.

GBR = 8.0: Although the codec does not always require 8.0kbps, there are periods where the codec needs to be guaranteed operation at 8.0kbps to properly encode the source material.  If the scheduler is unable to assign the rate needed then this will cause packet transmission delay which can eventually impact the user experience, either through increased mouth-to-ear delay, time-warping of the speech, and/or dropping of delayed packets by the scheduler and/or the receiver’s de-jitter buffer.

Capacity Gains
Using the above MBR/GBR settings for the EVS-VBR mode does not allow the RAN scheduler and admission control mechanisms to take full advantage of the lower average rate of the VBR codec (see gains in [1]).  The scheduler may be able to re-allocate the unused resources that have been pre-allocated to the codec (e.g., using only 2.8 instead of 8.0 kbps) to other services or terminals in the cell.  But this re-allocation can only be done at the time of scheduling the resources in a “best effort”, non-GBR manner.  The admission control, not being aware of this additional resource, would not know that it could actually admit more GBR traffic into the system.

vGBR
To make the admission control aware of these additional GBR resources that can be provided by EVS-VBR operation, a new QoS parameter can be introduced, vGBR. Similar to the MBR and GBR parameters, this new parameter could be communicated between the PCRF and RAN, and could be used for other codecs or services where the average rate is below the guaranteed rate required by the codec.  
For example, if one wishes to provide a ultra-low-delay video service (e.g. precise drone control without line-of-sight), the MBR and GBR could be set high enough to accommodate transmission of a large Intra/IDR frame within one frame period or shorter, and the vGBR set to the average rate of the codec. (For traditional video conferencing, the MBR and GBR are typically set to the maximum and minimum desired average bit rates, respectively.  The additional scheduling delay caused by these lower rate settings is acceptable for conversational video, but not for good quality speech.)

The admission control function would use the vGBR rate, prudently adding some margin to accommodate for variance around the average, to determine how much GBR traffic to admit into the sector/system.

Mixed VBR and non-VBR Operation

As EVS has both a VBR and non-VBR modes, it is possible that a service operates the codec interchangeably between the two types of modes.  For example, the service may negotiate to use both WB-VBR@5.9kbps and SWB-Channel-Aware-Mode@13.2kbps in a VoIP session.  While the network is lightly loaded, users get very good voice quality using SWB at 13.2kbps.  As the network becomes more heavily loaded, the terminals detect congestion when transmitting at 13.2kbps and back down to WB at 5.9kbps.

This configuration could be communicated to the RAN with the following settings: MBR = 13.2, GBR = 8.0, vGBR = 5.9.

Proposal

SA4 include this document in a liaison statement to RAN2 and SA2 requesting that these working groups consider the points raised in order to develop QoS mechanisms needed to enable the RAN to fully exploit the lower average rate of the EVS-VBR codec and other source-controlled variable-bit rate codecs.
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