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1 Introduction

This contribution discusses the required bit rates and in relationship to that, aspects of Source Controlled Variable Bit Rate (VBR) coding in EVS. We address the characteristics and benefits of VBR; we analyze the impact of VBR on the UMTS air interface and find that UMTS dedicated channels (a.k.a. DCH) as well as packet data channels (HS-DSCH for DL and E-DCH for UL) natively support VBR; also we analyze the impact of VBR in LTE.
2 Variable Bit Rate Coding
VBR coding describes a method that assigns different number of bits to a speech frame in the coded domain dependening on the characteristics of the input speech signal. This method is often called source-controlled coding as well. Typically, a source-controlled coder encodes speech at different bit rates depending on how the current frame is categorized, e.g., voiced, unvoiced, transient, or silence. Note that DTX operation can be combined with VBR coders in the same way as with FBR coders; the VBR operation is related to active speech segments.
The speech signal contains a varying amount of information across time, due to the way the human speech production system operates. Unvoiced segments contain relatively the least information, steady voiced segments a medium amount of information, while the transients contain the most information. Additionally, transient information is normally not well correlated to the past signal, and therefore hard to predict from the past. Therefore it is reasonable to quantize each of the types of signals using only the necessary amount of bits, which has to be varied for maximal efficiency.
Due to the finer bit allocation, in comparison to Fixed Bit Rate (FBR) coding, VBR offers the advantage of a better speech quality at the same average active bit rate than FBR coding at the given bit rate. 
We find that VBR is a useful feature of a speech coder and enhances the usefulness of the EVS coder. 
The benefits of VBR can be exploited if the transmission network supports the transmission of speech frames (packets) of variable size. This is the case for the LTE and UMTS networks. 
3 Applicability of VBR Modes in EVS 
Although the EVS codec work was initially focused on LTE, the scope of its usage includes HSPA and general VoIP systems, and circuit-switched radio networks such as WCDMA.  Given the large range of applications for this next generation 3GPP codec it is important to consider the benefits of VBR technology across all of these different transport and radio technologies, not just LTE.  

The advantages of the reduced average bit rate provided by VBR technology are straight forward on generic packet-switched systems that can dynamically schedule packets without signalling overhead (e.g., wireline routers).  The gain of VBR on such networks is already exploited by other advanced codecs such as those designed to operate over the general Internet (e.g., SILK).  The gains of VBR on such networks needs to be considered to make EVS competitive with other such codecs, including the new codec being designed by the IETF.
The capacity benefits of VBR on multiple-access radio networks require some investigation to confirm that the radio interface can translate the reduced average rate into capacity gains.  Thus, this document focuses more on illustrating the capacity gains of VBR on the following 3GPP radio/transport interfaces:
1.  UMTS Circuit-Switched

2. UMTS/HSPA VoIP

3. LTE VoIP

4 Transporting Voice Traffic over the UMTS Air Interface

4.1 UMTS Air Interface

When the release 99 DCH was designed and later in releases 5 and 6 when DL and UL high speed data channels HS-DSCH and E-DCH were designed, there has been an understanding that voice traffic can be transported efficiently in four different ways:

· CS voice traffic transported over DCH (feasible since release 99)

· CS voice traffic transported over HS-DSCH and E-DCH (feasible since release 7 and optimized in release 8)

· VoIP traffic transported over DCH (feasible since release 99 and optimized in release 6)

· VoIP traffic transported over HS-DSCH and E-DCH (feasible since release 6 and optimized in release 7)

Furthermore, the voice traffic being transported over CS and VoIP in UMTS has always been assumed to be AMR which is multimode. As a consequence, the physical channel and control channel signaling of UMTS (first DCH and later HS-DSCH and E-DCH) have been designed ot support the voice packet size changing from TTI to TTI for both the DL and UL. 

This inherent property of the AMR voice traffic has been supported in the design of the different physical channels that may carry voice traffic as follows:

· For voice (CS voice or VoIP) over DCH, the NW has a choice to either indicate explicitly the transport format of each transmission in the attached control channel signaling (TFCI field in the DPCCH), or to configure Blind Transport Format Detection (BTFD)

· For voice (CS voice or VoIP) over HS-DSCH, the NodeB explicitly indicates the format of every transport block in the accompanying HS-SCCH

· For voice (CS voice or VoIP) over E-DCH, the UE explicitly indicates the format of every transport block in the E-TFCI field of the accompanying E-DPCCH

In addition to the source controlled variable bit rate, the UMTS air interface also addresses the case where a UE at the cell edge and having power headroom limitations can autonomously indicate to the codec on the UE to change its data rate (subclause 11.4 of 25.321). 
4.2 UMTS RAB Configurations

We indicate in section 4.1 that all existing methods that can be used to transport voice traffic over the UMTS air interface (be it CS voice or VoIP over DCH, HS-DSCH or E-DCH) natively support the possibility to adapt the packet size to what is generated by the codec in a dynamic manner.

It is worth noting that this property is not only present in the core specification of UMTS but a large number of RAB configurations have been defined, verified, and integrated as a common test environments for UE conformance testing ([6]).

For example:

· Multi-mode NB-AMR CS voice over DCH in subclause 6.10.2.4.1.4a of [6]

· Multi-mode WB-AMR CS voice over DCH in subclause 6.10.2.4.1.62 of [6]

· Multi-mode VoIP over HS-DSCH/E-DCH in subclause 6.10.2.4.6.6 of [6]

· Multi-mode NB-AMR CS voice over HS-DSCH/E-DCH in subclause 6.10.2.4.6.9 of [6]

· Multi-mode WB-AMR CS voice over HS-DSCH/E-DCH in subclause 6.10.2.4.6.10 of [6]
5 UMTS Simulation Results

5.1 UMTS: CS Voice over DCH
We choose EVRC-B (COP4) as an illustrative VBR coder and AMR 12.2 as an illustrative FBR coder. The goal is to understand the impact of the VBR concept in comparison to FBR.
We ran a full system level simulation with the following parameters:
· Single 5MHz Carrier

· Carrier Frequency 1900MHz

· Network topology: 19 cell-sites, each with 3 sectors, hexagonal layout

· Cell radius: 1.3km

· Node B max power = 20W, max power per UE = 2W

· No orthogonal channel noise simulator

· Channel Models: TU3 (PedA, 3kmph) 25%, TU3 (PedB, 3kmph) 50%, TU30 (VehA, 30kmph) 25%

· Antenna: UE & NB 1x2

· Downlink power allocation: 20% for common channels, up to 80% for voice
· Customized RAB using OVSF =AMR 5.9 for EVRC-B, 8 OVSF 512 codes for common channels

· Input: 1st order Markov Models generated from a speech file (one side of a conversation containing 50+ % silence)

· Results show max. number of simultaneous UEs in a cell for less than 5% block error rate for at least 99% of the Ues. See the Table below
Max. Number of Simultaneous UEs in a Cell
	Codec
	Downlink
	Uplink

	AMR 12.2
	63
	78

	EVRC-B COP4 (fixed)
	118
	93

	EVRC-B COP4 (variable)
	133
	112


Note: Red numbers indicate code-limited cases.

EVRC-B COP4 (fixed) describes the case where the highest rate is used all the time.  This mode is included to illustrate the loss in capacity when using a fixed rate of the same codec.  Based on the figures for EVRC-B COP4 (fixed) and EVRC-B COP4 (variable), one can predict the improvement of AMR 12.2 when using the VBR concept.
We illustrate the typical distribution of various frame types for EVRC-B and AMR 5.9 and 12.2.
[image: image8.emf]Mode  COP0  COP4  COP6

Full 40.3% 23.8% 18.7%

Half 5.3% 3.0% 3.3%

Quarter 0.0% 16.0% 18.8%

Eighth (like SID) 6.8% 7.2% 7.4%

Null 47.7% 50.1% 51.9%

Average rate (kbps) 3.71 2.53 2.16

 - when active 7.08 5.07 4.49

EVRC-B



[image: image1.emf]Mode AMR5.9 AMR12.2

Full 49.9% 49.9%

SID first 0.9% 0.9%

SID update 6.3% 6.3%

NULL 42.9% 42.9%

Average rate (kbps) 3.09 6.23

 - when active 5.40 10.91

AMR


5.2 UMTS: VoIP over HSPA 

For the VoIP over HSPA solutions we compare the performance of EVRC-WB vs. AMR 12.2 to illustrate the advantages of using a VBR codec.
We ran a full system level simulation with the following parameters:
· System level simulations are based on 3GPP TR 25.896 specifications (A.3):

· 57 cells with wrap-around

· 1km and 2.8km site-to-site distance

· 2GHz system

· Node B RX diversity: Uncorrelated 2-antenna RX diversity

· Channel mix: PA3 (30%), PB3 (30%), VA30 (20%), VA120 (20%)

· VoIP traffic source:

· AMR: 12.2 Packet Sizes with Full Rate and SID frames; 50% voice activity factor
·  EVRC-WB: 48% voice activity factor

· Considers Features Covered in this Presentation (RoCH, F-DPCH, QoS scheduler, etc)

· DL Assumptions

· Linear MMSE Equalizer Receivers

· Mobile Receive Diversity

· UL Assumptions

· HARQ interlaces: 8 for 2ms TTI and 4 for 10ms TTI

· Max number of transmission attempts: 5

· DTX model: T1=T2=8

	Cell size
	Codec
	Rel 6 HSPA
	HSPA +

	1 km ISD
	AMR 12.2
	98
	190

	
	EVRC-WB
	121
	243

	2.8 km ISD
	AMR 12.2
	100
	160

	
	EVRC-WB
	126
	196


Note that eventhough the VBR codec used in the simulations is a WB codec, the above results illustrate that a significant capacity gain can still be realized against a fixed-rate narrow band codec such as AMR 12.2.
6 VBR Support in LTE Using Semi-Persistent Scheduling (SPS) and Fully Dynamic Scheduling (FDS)
Below we follow the structure of SA4 Tdoc 635 and provide the timing diagram for the VBR case, that reflects our design. Tdoc 635 does not detail the use of Semi-Persistent Scheduling and only describes Dynamic Scheduling in detail. Our design below uses Semi-Persistent Scheduling.  It will also be explained further below how this call flow can be applied to Fully Dynamic Scheduling.                                  
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In LTE, the SPS can be configured by RRC. When configured, the time period between consecutive UL grants is set by the eNB. However, the actual activation of SPS is via a PDCCH message sent on the PDCCH, which specifies the specific Transport Block Size (TBS) for the SPS from this time on. In the above diagram, we show a variable codec that generates two rates (256 bits and 120 bits). For simplicity, PDCP, MAC, RLC overhead are not shown in the diagram. However, the diagram illustrates the concept of how varying the TBS of a configured SPS (e.g., fixed 20ms SPS period) will work for this variable codec without loss of generality.

Step 1: a 256-bit packet arrives and the UE transmits a Scheduling Request (SR). The eNB activates SPS with TBS 120. Part of Packet 1 gets segmented (by RLC automatically) and transmitted by the SPS UL grants. Seeing BSR>0, the eNB increases the size of the SPS to 256-bit.

Step 2:  a 256-bit packet arrives. The rest of Packet 1 and part of Packet 2 get transmitted by the SPS.

Step 3: a 120-bit packet arrives and gets transmitted by the 256-bit SPS with padding and BSR=0. Seeing the padding, the eNB down sizes the SPS to 120-bit.

Step 4: a 120-bit packet arrives and gets transmitted by the 120-bit SPS.

Step 5: a 256-bit packet arrives and gets segmented and transmitted on the SPS. Seeing BSR>0, eNB increases the size of the SPS to 256-bit.

Step 6: a 256-bit packet arrives and gets segmented and transmitted on the SPS.

Step 7: a 120-bit packet arrives and gets transmitted by the 256-bit SPS with padding and BSR=0.  Seeing the padding, the eNB down sizes the SPS to 120-bit.

Step 8: a 120-bit packet arrives and gets transmitted.

Note that the frequent variation in packet sizes in the above example is introduced to illustrate how the eNB handles such transitions.  For real speech the arriving packets do not change packet size as frequently  i.e., there will be long runs of 256-bit packets and runs of 120-bit packets.  So the actual PDCCH transmission will not be as frequent as illustrated in the above diagram. This fact is exploited to support VBR using SPS with minimal PDCCH transmission overhead as illustrated in the results of section 7.
Although the above call flows show operation using SPS, the grant scheme and sizes also apply to a Fully Dynamic Scheduling (FDS) system.  The eNB scheduler will choose the same grant sizes under FDS using the same algorithm for determining the SPS size.  The only difference is that the eNB will have to provide a grant for every uplink transmission. 
7 LTE Simulation Results
The current LTE system supports the transmission of variable rate coding. We show that VBR coding provides better capacity with a slight cost in LTE of a higher delay (avg. 12ms, 20 ms peak) in the uplink direction only. 

7.1 Fully Dynamic Scheduling (FDS)
When FDS is used the maximum number of VoIP users is contrained by the control channel overhead regardless of whether VBR or FBR codecs are used.   Both technologies incur the same amount of control channel overhead which prevents all the resources from being used by VoIP users.  In such systems it is more relevant to analyze the difference in the resources left for other non-voice services such as best-effort traffic.  With the rapid proliferation of smart phone devices and their data-intensive applications in current and future networks, the additional capacity for carrying best-effort data traffic is critical.
The analysis/simulations focuses on EVRC-B COP4 (Capacity Operating Point 4, the most widely used EVRC-B COP in cdma2000 deployment) [1], along with AMR for justification of the results.  The Figure below shows the differences in resources available to best-effort (BE) traffic as a function of the # of VoIP UEs using either a VBR or non-VBR codec of comparable voice quality.  In the figure, the resources for BE is obtained by subtracting the resources taken by VoIP users from the overall resources. The resource of each VoIP user is calculated in Section 7.2. This illustrates how for any best-effort resource allocation, the best-effort throughput is increased for the same number of VBR users compared with the same number of FBR users.

[image: image3.emf]0

10

20

30

40

50

60

70

80

90

100

0 32 64 96 128 160 192 224 256 288 320

Percentage of Resource Blocks for BE

(BE Throughput Improvement)

Number of Voice UEs

Resources Saving for BE: EVRC-B COP4 over AMR 12.2kbps (5MHz) 

AMR 12.2kbps

EVRC-B COP4

BE Throughput Improvement


To analyze the maximum VoIP capacity of a FDS we use the following equations:

· Maximum available PDCCH per 5 MHz = (6 grants/ms) x 20ms = 120 grants

· Average available PDCCH per 5MHz = 60% of Max = 72 grants

· Percentage of transmission per UE = 0.5 + 0.0625 = 0.5625

· Average number of UEs can be supported = 72/0.5625 = 128 UEs
Combining this 128 UE limit with the figure above, it can be seen that if more than 40% of the cell resources are reserved for best-effort traffic (a reasonable mix of voice and data users) then the VBR codec can also provide additional VoIP capacity gains vs. the FBR codec.
7.2 Semi-Persistent Scheduling (SPS) 
As explained in section 6, VBR in LTE can also use Semi-Persistent Scheduling (SPS) where the SPS grant is changed when the codec transitions between different rates.   Using SPS allows VBR to further improve the VoIP capacity as it reduces the control channel constraints.The analysis below again focuses on EVRC-B COP4  along with AMR for justification of the analysis results. The analysis is done based on LTE UL link curve simulation results, frame distributions, and capacity simulation results of AMR in [2] and [3], as described in the following using SPS (120bits) as an example. The frame distribution, obtained with a ~11 minutes long speech file with ~50% VAF as the input to the speech encoder, and transport block size of each type of packets of AMR and EVRC-B COPs are determined as shown in the following tables.

	
	AMR
	EVRC-B COP4

	Full
	50.0%         
	27.19%

	Half
	0
	2.43%

	Quarter
	0
	20.38%

	SID
	6.59%
	2.91%

	Blank
	43.41%
	47.09%


	 
	AMR
	EVRC-B

	
	12.2kbps
	7.95kbps
	SID
	Full
	Half
	Quarter
	Eighth

	Speech Frame
	244
	159
	39
	171
	80
	40
	16

	RTP Payload Header
	CMR
	4
	4
	4
	0
	0
	0
	0

	
	ToC
	6
	6
	6
	0
	0
	0
	0

	RTP Padding
	2
	7
	7
	5
	0
	0
	0

	RTP/UDP/IP (ROHC) Header
	24
	24
	48
	24
	24
	24
	48

	PDCP Header
	8
	8
	8
	8
	8
	8
	8

	RLC Header
	8
	8
	8
	24
	24
	8
	8

	MAC Header
	8
	8
	8
	8
	8
	8
	8

	Additional Overhead
	16
	16
	16
	16
	16
	16
	16

	Total
	320
	240
	144
	256
	160
	104
	104

	LTE TBS
	328
	256
	144
	256
	256
	104
	104


We performed an analysis as follows:

· Identify the SINR for 1% FER for TBS = 328 bits, called SINR328, and the average number of RU328.

· Target SINR328 to obtain RU256, RU144, and RU104.

· Use the above Frame Distribution to obtain average number of RUs (1RU = 1RB x 1TTI) per 20ms for AMR 12.2kbps, AMR7.97kbps, EVRC-B COP4 (fixed), and EVRC-B COP4 (variable) ( RUAMR12.2, RUAMR7.95, and RUEVRCB.
· Assume 1) 10% Guard Band, 2) Normal CP, 3) 80% resource for traffic ( net RUs per 20ms is 400.
· Assume 1) additional overhead is linearly proportional to the number of UEs, and 2) 222 UEs for AMR12.2kbps [3] ( additional overhead per UE. 
· Use the additional overhead per UE obtained above, and RUAMR7.95 and RUEVRCB to obtain the number of simultaneous users for AMR 7.95kpbs and EVRC-B COP4.
The simultaneous users for EVRC-B COP4 with SPS (256 bits) and SPS (224 bits) are obtained in a similar way.
Following are capacity results for 5MHz using different scheduler configurations of the SPS grant size.  
	Scheduler 
	Extra UL Peak Delay (ms) 
	Required Total UL Grants per 20ms 
	# EVRC-B COP4 UEs 
	VoIP Gain over SPS (256 bits) 
	VoIP Gain over AMR 7.95 
(246 UEs) 
	VoIP Gain over AMR 12.2 
(222 UEs) 

	SPS 
(256 bits)
(FBR) 
	0 
	0 
	254 
	0% 
	3% 
	14% 

	SPS 
(120 bits) 
	20 (12 avg) 
	69 
	299 
	18% 
	22% 
	35% 

	SPS 
(224 bits) 
	20 
	20 
	278 
	9% 
	13% 
	25% 


The “SPS (256bits)” configuration describes the results when the SPS is fixed at 256 bits, representing a constant bit rate.  “SPS (120 bits)” provides results for the configuration described in Section 6 where the SPS is switched between 120 bits and 256 bits.  “SPS (224)” describes a configuration where the SPS is switched between 224 bits and 256 bits.  The configurations illustrate how the smaller SPS sizes can be increased to reduce the overhead of the control channel while decreasing the capacity gains caused by padding when the SPS is under-utilized.  The “SPS (120 bits)” result shows the best capacity improvement while utilizing a reasonable amount of control channel overhead.  The amount of available UL grants is calculated as follows:
· Available UL grants for VoIP 

· BW = 5MHz, max. UL grants per 20ms = 120, reasonable UL grants per 20ms = 0.6*120 = 72 

· BW = 10MHz, max. UL grants per 20ms = 240, reasonable UL grants per 20ms = 0.6*240 = 144
We also compared VBR coder (EVRC-B) with a FBR coder (AMR 7.95 and 12.2).
The MOS scores obtained for the above codecs are shown below to illustrate the improvement in capacity for a given level of voice quality (1% FER).
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The comparison results show that source controlled variable rate vocoder demonstrates network capacity gain over the fixed rate vocoder over LTE.
7.3 Full System Simulation 

A. VoIP Traffic Modelling
For AMR, the simplified Markov Model in TR 25.863 (Annex D) with voice activity factor of 0.5, 2s talk spurt, and DTX on (SID transmission once every 160 ms) is used. 
For EVRC-B COP4, a first order, 5 state (Full, Half, Quarter, SID, Blank) Markov chain with the following transition probability matrix is use:

	r(n)
	P{r(n+1)<1|r(n)}
	P{r(n+1)<2|r(n}}
	P{r(n+1)<3|r(n)}
	P{r(n+1)<4|r(n)}

	{0}
	0.628879
	0.693835
	1.0
	1.0

	{1}
	0.084967
	0.218954
	0.656863
	1.0

	{2}
	0.476434
	0.487212
	0.946474
	1.0

	{3}
	0.008
	0.008
	0.191
	0.191

	{4}
	0.001864
	0.001864
	0.02529
	0.065575


where r(n) = rate of the time n, and {0}, {1}, {2}, {3}, and {4} denote Full, Half, Quarter, Eighth, and Blank, respectively. This Markov Model is derived based on frame type sequence with the same speech in 7.2, and statistically generates VoIP traffic with 50% voice activity.
B. System Simulation Parameters
	Parameter
	Value 

	Layout
	7 cell sites (3 sector per site) wrap around

	Carrier Frequency
	2.0 GHz

	Bandwidth
	5 MHz (25 RBs: 21 for VoIP + 4 for PUCCH)

	Scheduling
	Semi-Persistent Scheduling:
  Persistent resource periodicity: 20ms

  Adaptive and non-adaptive retransmissions

  Maximum of 7 HARQ Tx

	TTI
	2 slots (1ms)

	Total PDCCH per TTI for UL Grants
	5

	Modulation Order
	QPSK

	Penetration Loss
	20dB

	UE maximum transmit power
	24dBm

	Site-to-Site Distance
	0.5km

	Channel Model
	6-ray TU, speed = 3kmph, shadowing = 8dB Std Variation

	eNB receiver
	2 antennas

	UE transmitter
	1 antenna

	eNB receive antenna gain
	14dBi

	Thermal noise density
	-168.74dBm

	No. of RUs per transmission
	1


C. Criteria
A VoIP user is in outage if more than 2% of its packets in a 8s call cannot be correctly received within 80ms. The system capacity is defined as the maximum load in which more than 95% of the users are not in outage and IoT does not exceed ~10dB.

D. Simulation Results

AMR 12.2kbps < == > 253 users in a cell
AMR 7.95kbps < == > 285 users in a cell
EVRC-B COP4 < == > 316 users in a cell
7.4 Additional Delay Statistics

The scheduling of VBR traffic on the LTE uplink introduces some additional delay due to occasional mismatches between the VoIP frame size and the scheduled uplink grant.  The call flows in section 6 illustrate how the eNB scheduler can be designed to occassionally introduce an additional peak delay of 20ms whether using SPS or FDS.
To characterize the additional delay better we conducted simulations of the VBR scheduling for a UE using a delay-error profile provided in the MTSI specification [8].  For each full rate or half rate packet an additional 20ms delay was added when using either the SPS or FDS mechanism.  The simulation parameters were as follows:
Process Flow
    

Speech Input ( Voice Encoder ( Channel ( De-jitter Buffer + Voice Decoder

· Speech: same as in 7.2
· Vocoder: EVRC-B operating @ COP4

· Channel Types

· Channel1 = dly_error_profile_3.dat (MTSI, TS 26.114) ( SPS (256bits, allocates full-rate all the time)

· Channel2 = Channel1 + 20ms extra delay for Full and Half ( SPS(120bits)

· Overall delay = channel delay + de-jitter buffer delay

The above parameters and methodology were used to provide the following histograms, CDF, and table of results.
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Figure 1. Overall Delay Histogram -- Channel1 (SPS (256 bits)) 
(Underflow rate = 0.005, 0.47% FER)
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Figure 2. Overall Delay Histogram – Channel2 (SPS (120 bits)) 
(Underflow rate = 0.005, 0.5% FER)
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Figure 3. CDF Comparisons, SPS (256bits) vs. SPS (120bits).

Table I. Statistics: Delay (ms) & FER

	Scenario
	Channel
	De-Jitter Buffer
	Overall
	FER

(%)

	
	Mean
	Std
	Mean
	Std
	Mean
	Std
	

	Case 1
	126.72
	20.13
	43.92
	15.09
	170.64
	24.75
	0.47

	Case 2
	139.17
	22.50
	43.07
	17.31
	182.24
	25.24
	0.5


From the above table it can be seen that VBR scheduling using SPS or FDS introduces an additional average delay of 12ms on the LTE uplink.  This extra delay introduced by VBR is negligible in the overall LTE VoIP delay budget.
The MTSI VoIP specification [8] recommends a 130ms 1-way transfer delay between the UE and GGSN.  This 130ms limit for 95% of the packets is specified in in Annex E of 3GPP TS 26.114 (Release 7).

For LTE VoIP, QC1 requires a Packet Delay Budget (PDB) of 100ms between the UE and the PCEF.  This 100ms limit for 98% of packets is specified in clause 6.1.7 of TS 23.203 (Release 8).  So with an additional 20ms peak/12ms avg. delay from VBR, more than 95% of the packets will still be delivered below the 130ms requirement for MTSI VoIP.
8 Conclusion on Simulation and Analysis Results
We find that source-controlled VBR is a useful feature in speech transmission since it may lead to achieving the same speech quality as a constant rate speech codec at a lower average bit rate. This may lead to increased capacity at a certain voice quality or improved voice quality at a certain throughput.   

The capacity and voice quality advantages are clearly demonstrated for UMTS circuit-switched and packet-switched systems over which the EVS codec can be deployed.  VBR is a valuable feature for improving capacity on UMTS networks.

This contribution and contribution [9] show that the capacity gains of VBR over LTE are obtained with some additional increase in transport delay.  The lower latency of the LTE system can accommodate such additional delay for VoIP services at the expense of delay available for H-ARQ re-transmissions. Given that LTE capacity is also strongly dependent on delay it is not clear if in all cases VBR speech coding with reduced average bit rate at increased transport delay will in all cases lead to system capacity enhancements. This may depend on various (proprietary) LTE system parameters as well as on the actual VBR speech codec design. However, it is felt that operators should be given the possibility to choose between VBR and Fixed/Constant Bit Rate modes in trading-off between capacity and end-to-end delay on LTE systems. VBR operation may be a particular important complement to CBR coding at very low bit rates at which CBR bit rates may not any longer be able to provide good quality. 

So we conclude that both of Fixed Bit Rates and Variable Bit Rates are valuable in providing EVS modes that can best match the desired operating point of an LTE system. 
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