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1. Introduction

In this contribution the connection between allowed codec delay and expected LTE capacity for the EVS codec are discussed and some simulation results are presented. It is shown that for a high-efficiency operation of the EVS codec targeting highest possible LTE system capacity that delay may have stronger impact on LTE capacity than bit rate. Based on that insight a motivation is derived why the EVS codec for high-efficiency operation over the LTE should maintain an algorithmic delay that essentially except for some small margin does not exceed the AMR-WB codec delay. 
2. LTE VoIP Capacity overview
For LTE systems the VoIP capacity is measured as the number of simultaneous VoIP users per cell in a given scenario. For VoIP services a common requirement for satisfied users is that 98% or more of the data frames are transported end-to-end (mouth-to-ear) within a given end-to-end delay limit. For a given scenario the system VoIP capacity is defined to be the load (number of concurrent users) at which 95% of the users would be satisfied [1]. A commonly used figure for the end-to-end delay limit is 200ms, based on the ITU E-model and the typical end-to-end delay of circuit switched 2G/3G systems [2].  Because of the large complexity of an end-to-end simulation it is preferred to do detailed simulations only of the part(s) of interest while using models for the other parts. For LTE VoIP capacity the assumption is that the LTE radio link is the limiting component and therefore it is common to only estimate the LTE radio link VoIP capacity, as described in [1]. For this purpose there are also defined scenarios for such simulations [3]. In this contribution the LTE air interface delay from [1] is used. That is for UL the air interface is the time from a VoIP frame is placed in the UL buffer until it is ready for further transmission from the eNodeB. 

In [1] the air interface delay limit 50 ms is used for estimating the VoIP capacity of the LTE radio link. For CS systems it was possible to derive fixed delay limits for many of the different system components, while requirements for the remaining components could be derived from the end-to-end delay budget. For LTE as a PS system where most of the packet processing is done asynchronously many components will instead need to operate for a range of delay. It is therefore believed that the LTE air interface could be allowed to work in the range 50-80 ms and still be able to handle the end-to-end delay requirement of 200 ms [2]. 
In this contribution we therefore present LTE air link capacity results for a range of air interface delay limits. The simulations are based on the use of dynamic scheduling for both the downlink and uplink. Using SPS for the uplink has shown similar (or lower) performance as it must use dynamic scheduling for the initial transmission of a speech burst, the HARQ retransmissions and the resource relocation due to fading channels. Simulation scenarios for link level simulations can be found in [3]. In this contribution results are shown for the LTE air interface for a Case 1 like simulation. 

In this contribution we will focus on the UL as it is generally acknowledged to be the bottleneck of VoIP capacity. One short motivation for this is that the eNodeB does all the scheduling for both the DL and UL data. Dynamic scheduling for the DL is straightforward as the DL-buffers are available in the eNodeB. Dynamic scheduling for the UL is more involved. The UL transmission starts with a one bit Scheduling Request (SR) then the UE waits for an UL grant from the eNodeB before any data can be transmitted. 
The next section starts with a look at how the UL delay limit affects the capacity and then looks at the possibility to gain capacity by lowering the codec delay to allow for longer air interface delay while not affecting the total delay budget. 
3. Discussion 

a. Capacity estimation for different Delay Limits
While one commonly used delay limit for the UL air interface delay is 50 ms in this contribution the results are presented in such a way that the delay limit is not fixed. Here the 50 ms delay limit is only used as a performance reference. As the capacity for an LTE system is based on simulations using different load conditions it is possible to collect the delay-distributions for each user and instead of only showing the percentile of satisfied users for a particular load case, one can show the needed delay limit for the different load conditions. That is, based on the collected delay-distributions plot the delay limit at which 95% of the current users are able to deliver 98% of their data. 
The simulation is made using a scenario like the Case 1 described in [3] where VoIP users are simulated using VAD/DTX with 50% speech activity simulated using the two state voice activity model and the system is configured so that the dynamic scheduler in the eNodeB has 4 PDCCH grants available per sub frame, these are used for transmitting the UL grants to the UE.
A short description of the Case 1 like scenario is that it consists of a macro-cell system with hexagonal cells with a inter site distance of 500 m. Users are randomly placed at the start of the simulation and move in random directions at 3 km/h during the duration of the simulation. The name of the radio channel model is “Typical Urban” for all users. For more details see [3]. For the LTE radio link the simulation uses dynamic scheduling and simulates the VoIP traffic and all the control and protocol traffic generated by SR, BSR, RLC/MAC protocols, and also includes header compression over the radio link (dynamic ROHC) to reduce the amount of overhead due to IP headers.
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Figure 1 the figures show air interface delay for UL and DL needed to achieve 98% data delivery for 95% of the users for some different bitrates. The load has been normalized with the UL capacity (L1) for 50 ms delay limit for the AMR12.2 mode.  
Figure 1 shows the estimated air interface delay for the UL and DL of the simulated UE’s as a function of the system load for some different codec bitrates. Note that the load has been normalized with the load (L1) representing the capacity for 50 ms delay limit for AMR12.2. The figure also shows that as expected the UL is the capacity limiting direction and in this case the capacity for the DL would be almost 60% higher (for the 50 ms delay limit).
While this simulation only shows one scenario it illustrates an interesting situation. With the assumption of a 50 ms delay limit for the LTE air interface there is very little difference in estimated LTE air link capacity for the different bit rates. However the figure shows that if the delay limit for the LTE air interface could be allowed to be higher than 50 ms there could be a significant gain in capacity. For that operating point it can be stated that a speech codec operating with increased algorithmic delay in order to increase compression efficiency and reduce the bit rate at a given quality level would be a bad choice since this would not help increasing the LTE system capacity. The delay would be better spent on the LTE air interface where it would lead to a large capacity gain.  
For higher values of the delay limit there are also regions where the capacity of the LTE air link shows the more expected behavior that lower bitrates results in higher capacity. For example, with a delay limit of 80 ms the estimated LTE air link capacity would be 1.6 L1 for AMR12.2 and > 2.0 L1 for AMR5.9. Nevertheless, even at that point significant further capacity can be achieved through increasing the air interface delay.
b. The Delay Limit’s effect on capacity
The gain in capacity becomes clearer if we look at the same data but exchange the axes. Then we have a function that shows the Relative load as a function of the Air interface delay, as illustrated in Figure 2 for the UL only.

[image: image3.png]Relative load [users/cell/Ll]

Uplink capacity, Case 1 like, 4 PDCCH

1.8F
1.7

1.4

13r

1.2
1.1

——AMRI12.2 ||
—=—AMR7.95
—=—AMRS5.9

45

50

55

60 65 70 75
Air interface delay [ms]

80 85 90




Figure 2 in this figure the axis for the UL from figure 1 has been exchanged and now shows the relative load as a function of allowed UL Air interface delay. 
The figure illustrates that the capacity gain from switching from AMR12.2 to AMR7.95 (or AMR5.9) is about 5%. However, when increasing the allowed limit delay from 50 ms to 55 ms the capacity gain for AMR12.2 is about 20%.
Even for other delay boundaries the figure shows a positive slope, which indicates that for most cases there is a potential increase in capacity if the delay limit is increased. 

Even though we only have shown the results for one particular case it can be assumed that for most scenarios the relation between air interface delay and relative load would show similar characteristics.

While it is not possible to estimate system performance from the LTE radio link capacity it would be reasonable to assume that the radio link in many cases would be the limiting component. From a system wide interpretation of the results shown it would then in many cases be beneficial from a capacity point of view to design other components to allow for a higher delay limit for the LTE air interface. The next section discusses these findings in relation to codec design constraints on delay. 
c. Codec requirements in relation to LTE capacity
Following the guidance provided by the EVS TR [4] one of the goals for the EVS codec is:

Enhanced voice services in the EPS should be deployable in an efficient manner. Enhanced voice services should address the efficient use of the transmission resource in EPS access and transport networks as well as the possibility to implement the new services on low-cost devices and network equipment with limited computational resource. With regard to transmission efficiency, it should exceed that of the pre-Rel-10 3GPP wideband voice service.

Given the insight of the influence of delay on LTE system capacity the source believes that when pursuing the goal of a transmission efficiency that should exceed that of the pre-Rel-10 3GPP wideband voice service, codec delay is a very sensitive parameter. It has been shown in this contribution that increasing codec delay at the expense of reducing delay available on the LTE air interface may severely affect LTE system capacity. In order to ensure meeting the goal the source proposes that the codec should provide a “high-efficiency” operation mode that essentially maintains a delay that is comparable with the delay of the AMR-WB codec. In order to allow some degree of technological freedom in the codec design especially when targeting larger audio bandwidths than WB, it is believed that an additional delay margin of 2ms over the AMR-WB delay is still within the limits to be of comparable delay. The proposal is hence, that the EVS codec for high-efficiency operation over the LTE should operate at a maximum algorithmic delay of 28 ms. This delay constraint should also apply for the AMR-WB interoperable operation mode of the EVS codec.  

4. Summary and Conclusion

The contributions first shows that simulations for the estimation of VoIP capacity of LTE VoIP systems, and LTE air interfaces in particular, not only depends on the allocated codec bit rate but also and even severely on the available delay for the LTE air interface. In order to achieve the goal of providing a highly efficient EVS over the LTE which is more efficient than what is possible with current 3GPP codecs, it would therefore be beneficial to require a high efficiency mode of the EVS codec where the algorithmic delay of the codec is comparable of the AMR-WB codec.

The proposal is hence, that the EVS codec should include an operating mode with the maximum algorithmic delay of 28 ms allowing for high-efficiency operation over the LTE. It is further proposed that this delay constraint also should also apply for the AMR-WB interoperable operation mode of the EVS codec.
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