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1
Introduction

The LTE Coverage Enhancements SI [1] aims at identifying potential coverage issues and associated solutions.
It can be said that in general the LTE R8 DL and UL link budgets for control and data channel / signals are fairly well-matched. In a noise-limited environment such as typically represented by a 3GPP Case 3 Macro deployment, the UL usually constitutes the limiting factor. This is both in terms of achievable coverage [2][3] and in terms of system capacity for services such as VoIP. The main reason is the limited UL Tx power of 23 dBm available to UE’s.
When comparing the achievable link budgets in noise-limited environments for PUSCH carrying VoIP NB-AMR 12.2kbps to 3G CS operating at the same AMR codec rate, the MCL for 3G CS is larger by some 4dB than what is achievable using LTE based radio access. Note that the performance numbers obtained for PUSCH already include the possibility to use R8 TTI bundling (bundle size 4) and/or RLC segmentation. In addition, it may be considered that using 3G CS NB-AMR codec rate adaptation would typically result in nominal link improvements of around 1dB when using 7.95kbps, and around 2 dB when passing from 12.2 kbps to the lowest codec rate of 4.75 kbps. These relative gains from codec rate adaptation using 3G CS are not necessarily the same when using PUSCH.
Improving the UL coverage for VoIP using LTE radio access is important due to many deployment considerations.

In this contribution, we first summarize some R8 features that affect UL coverage for VoIP. In the second part, we then present some thoughts on how to improve achievable UL coverage for VoIP services using LTE radio access.
2
Factors affecting R8 LTE VoIP coverage
During talk spurts, a VoIP packet from the speech codec arrives every 20 ms. Given the small payload sizes of such packets, i.e. order 30-40 bytes maximum for NB-AMR and the same packets sizes for frequently used WB-AMR codec rates, every such voice packet can in principle be sent as a single TB in 1 subframe only. Compressed IP headers, addition of L1/L2 headers and CRC attachment result in overhead when this payload is mapped into a given PUSCH TTI.

UL coverage is primarily determined by how much energy the receiver, i.e. eNB can collect for any such transmitted VoIP SDU. Then, the channel characteristics like the amount of time diversity achievable over the duration of allowed UL delay budget, or the probability of loss for individual HARQ transmissions in presence or absence of TTI bundling as a function of the fading channel under consideration are important. Both are heavily dependent on the existing Synchronous HARQ re-transmission timelines of n+8.
Several R8 LTE techniques have an impact onto achievable UL VoIP coverage, i.e. HARQ re-transmissions, TTI bundling, RLC segmentation and allowable UL Uu delays.
No HARQ and no TTI bundling

If no HARQ re-transmissions and no TTI bundling is used, this would only lead to a total of 5% UL transmission activity per VoIP SDU and total per UE, i.e. in absence of HARQ there would be one single VoIP packet channel-coded and mapped in the form of 1 TB to one single subframe once every 20 ms.

Using HARQ without TTI bundling

When HARQ re-transmissions are used in absence of any TTI bundling, UE UL transmission activity per VoIP packet (RLC SDU) is increased. This increases the energy that can be collected by the receiver, i.e. eNB for each voice packet. For example, if the VoIP packet including overhead is transmitted as a single RLC SDU and the allowed UL Uu delay budget is 50 ms, then some 6 re-transmissions could nominally be allowed per RLC SDU. Each transmitted VoIP packet benefits from a total number of up to 7 UL transmissions over the duration of this 50 ms period. In practice however, the number of allowed HARQ re-transmissions would be smaller due to real-life scheduling constraints and somewhat variable packet processing delays. Per delivered VoIP SDU, UL subframe utilization per RLC SDU amounts up to 14%. Given that in average 2 or 3 concurrent VoIP RLC SDU’s need to be transmitted over durations of 50ms each, multiple concurrent UL HARQ processes are active. Total UL transmission activity or UL subframe utilization for the UE is increased to around 28-42% per radio frame. Most of the time, 2, sometimes 3 out of 10 UL subframes in any given radio frame are in use to carry some VoIP packet (or a re-transmission). In principle, UL coverage for each transmitted VoIP codec packet (RLC SDU) in presence of HARQ is nominally improved by a (linear) factor up to 7 when compared to no HARQ. This nominal 8.4dB improvement discounts for performance impacts observed in presence of real-life fading channels.

Using HARQ and R8 TTI bundling (bundle size 4)

R8 LTE introduced TTI bundling to improve UL VoIP coverage. The principle is to maximize the amount of time a UE can transmit continuously at maximum power. A single TB is channel coded and transmitted in a set of 4 consecutive TTI’s. The bundled TTI’s are treated as a single UL resource assignment where only a single UL grant and a single PHICH ACK/NACK are required. TTI bundling in R8 LTE is activated through RRC. For example, observing UE pathloss or PHR can be used by the eNB to activate TTI bundling. When R8 TTI bundling is used, every VoIP packet can now be transmitted using a bundle of 4 consecutive subframes repeating in patterns of period 16 subframes. This is to respect the LTE UL Synchronous HARQ n+8 re-transmission intervals for a given HARQ process. For the same assumed 50 ms example UL Uu delay budget, per VoIP SDU some 12 subframes can now be delivered to the receiver. UL subframe utilization per HARQ process is increased to some 28%. The UE can now use the available Tx power in 28% of all available subframes to deliver that RLC SDU (assuming no RLC segmentation). In average, the total UL subframe utilization ratio for a UE across all concurrently active HARQ processes (concurrent RLC SDU’s being transmitted) can reach as high as 80% for some radio frames. Observed UL subframe utilization ratios are typically higher than 40% during talk spurt periods. Evaluations of R8 TTI bundling (bundle size 4) show that it offers the possibility to boost coverage by some 2-2.5dB.

RLC segmentation

LTE UL coverage can also be improved by using RLC segmentation, i.e. by transmitting each RLC SDU (codec packet including the compressed IP header) into several smaller PDU’s. A stronger MCS can be chosen for each individual RLC PDU when mapped onto the PUSCH as a smaller-size TB. The number of concurrently running UL HARQ processes is increased when compared to the case of no RLC segmentation given that each PDU uses a separate HARQ process. The UL subframe utilization ratio per RLC SDU over the allowable Uu delay budget increases linearly with the number of segments created per RLC SDU. Total UL transmission activity is therefore increased for the UE. For example, using R8 TTI bundling and RLC segmentation of 2, the UE UL subframe utilization ratio could theoretically reach up to 100%, i.e. every UL subframe is in use to (re-)transmit some RLC PDU corresponding to either of 2 the RLC SDU’s being transmitted over the Uu delay window of some 40 ms. The resulting overhead from RLC segmentation will start to significantly impact how much additional gains can be achieved in terms of the observable Eb/No improvement once the number of RLC segments per SDU is increased from 2 to 4. Another aspect to consider is that with FS1 the number of used HARQ processes cannot exceed 8. Therefore, there is a trade-off between the number of RLC segments created per VoIP packet (RLC SDU), the allowable Uu delay budget and the resulting UL subframe utilization per delivered PDU.
Allowable UL Uu delays

Some flexibility exists in terms of allowable UL Uu delays to complete the delivery of any given RLC SDU (or PDU in case of RLC segmentation). Allowing for longer UL Uu delays results in more energy to be collected from each VoIP packet during the lifetime of the HARQ processes, i.e. a higher number of re-transmissions can be used. However, many evaluation results show that UL VoIP coverage is subject to a trade-off when allowing for increased one-way UL delays over the Uu. Mouth-to-ear delay for voice must not exceed some 280 ms to be considered of minimum voice quality and end-to-end delays of the order 200 ms or less are considered good voice quality. The allowable UL Uu delay budget is therefore oftentimes driven by advances in processing times in UE and eNB, as well as those over network internal interfaces. It is noted that performance of R8 TTI bundling is sensitive to different assumed UL Uu delay budgets, i.e. additional combining gains from longer allowable Uu delays can result in better UL coverage.

3
Improving LTE UL coverage for VoIP
We think that improvements to VoIP UL coverage primarily require addressing an increase in effective UL subframe utilization per delivered VoIP packet (RLC SDU) while maximising the total UL subframe utilization ratio. Furthermore, VoIP coverage can benefit from reduced L1/2/3 overhead for any RLC SDU (VoIP packet including compressed headers). 
One of the possibilities already considered during R8 specification work is to use TTI bundle size 8 instead of 4.

As can easily be seen in Figure 1, the use of TTI bundle size 8 will allow a UE to operate using existing LTE UL synchronous HARQ re-transmission timelines (every 8 subframes, or multiples thereof).
Using a TTI bundle size of 8 would allow for transmitting one bundle (1 RLC PDU with RLC segmentation or 1 SDU in case of no segmentation) every 16 subframes as in the case of R8 TTI bundling.
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Figure 1: Increasing TTI bundle size to 8 while preserving re-transmission intervals of every 16 subframes
It is worth noting that the nominal increase in delivered Eb/N0 of 3dB when doubling the TTI bundle size may be expected to result only in some 1-1.5dB link improvement in practice.

Depending on the fading channel under consideration, the probability of losing an entire bundle mapped to 8 consecutive TTI’s can become heavily correlated to those observed for R8 TTI bundle size of 4. While time diversity over the duration of the allowed Uu delay budget is inherent to the HARQ re-transmission process, any bundle of size 4 or 8 is still always mapped to consecutive 4 or 8 ms TTI’s per 16 subframe re-transmission interval.
Improvements to the existing PUSCH mapping and interleaving become necessary to improve the performance of R8 TTI bundling by increasing the bundle size to 8. For example, interlacing and mapping of the individual RV’s for a given TB onto consecutive TTI bundles is one such approach.

Another possibility to improve the performance of R8 TTI bundling is to preserve the bundle size of 4, but instead to shorten the re-transmission intervals (Figure 2).
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Figure 2: Reducing re-transmission intervals with TTI bundle size 4 from every 16 to 8 subframes

Given that R8 TTI bundling can only re-transmit another bundle of 4 TTI’s every 16 subframes, allowing for a re-transmission every 8 subframes would double the UL subframe utilization per RLC SDU (or PDU in case of RLC segmentation). This would result in 50% UL subframe utilization ratio per HARQ process, i.e. 4 TTI’s can be transmitted every 8 subframes.

The nominal increase in delivered Eb/N0 of 3dB is the same as that in the case of an increased TTI bundle size 8 where the R8 principle of a re-transmission every 16 subframes is preserved. Yet, in real-life fading channels, we would expect to observe some performance differences between the approaches in Figure 1 and 2 due different time-domain mappings. The same number of TTI’s per RLC SDU is available over the allowable UL transmission window, i.e. over the lifetime of that HARQ process.
A departure from the R8 HARQ n+4 timelines (UL grant > PUSCH > PHICH reception > PUSCH re-transmission) down to n+2/n+3 is the major design challenge to overcome. While a reduced eNB processing delay can to some extent benefit from the assumption that decoding delays for typical VoIP payloads are small, UE scheduling delays and protocol processing in terms of PUSCH transmissions is not only dependent on the TB size for the PUSCH, but on several other factors as well. It may be considered that a relaxation of the maximum assumed TA value (~0.6ms) itself may be less of an issue in practical deployments.

When shortening the re-transmission intervals of TTI bundle size 4 from every 16 to every 8 subframes, a maximum of 2 concurrent HARQ processes can be employed. This implies a trade-off between the allowable Uu delay budget (or, the lifetime for each HARQ process determining how many TTI’s worth of energy can be collected by the receiver for that TB) and the amount of RLC segmentation employed for each VoIP RLC SDU.
To conclude, it is in principle possible to consider the use of PUSCH allocations that possess an inherently higher allocation density in time-domain than R8 LTE n+8 UL synchronous HARQ re-transmission timelines (Figure 3).
For example, when a VoIP packet (RLC SDU) is transmitted every other subframe on even subframes over a duration of 40 ms, the next following arriving RLC SDU is then interlaced into PUSCH allocations on the odd subframes. The VoIP codec packet arriving at time instant t+40ms is again mapped to the even subframes. 
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Figure 3: Increasing PUSCH allocation densities

For any given RLC SDU, some 20 TTI’s can be transmitted over the 40 ms Uu transmission periods. The total per-UE subframe utilization ratio always reaches 100%.
The use of such high-density PUSCH allocations in time-domain for the duration of VoIP talk spurts is possible both with dynamic grants or SPS. One may consider that a PUSCH operating at much higher allocation densities in time-domain constitutes a special case of SPS where effective SPS allocation periods are less than the current minimum 10ms value. Similar to R8 PUSCH allocations configured to use TTI bundling, RB’s allocated to cell-edge VoIP users need to be accounted for by the eNB scheduler.

While it is possible to operate such high-density PUSCH allocations reusing the R8 HARQ principles like monitoring of DL PHICH/PDCCH in certain subframes to allow for HARQ early-termination gains, it can be said that pursuing such a design approach would result in a major design delta compared to R10.
4
Conclusions and Recommendations

In this contribution, we summarized several R8 LTE techniques have an impact onto achievable UL VoIP coverage, i.e. HARQ re-transmissions, TTI bundling, RLC segmentation and allowable UL Uu delays. We presented some thoughts on how to improve achievable UL coverage for VoIP services during the WI phase of LTE Coverage Enhancements.

We recommend improvements to R8 TTI bundling in order to increase the effective UL subframe utilization ratio by UE’s per delivered VoIP packet (RLC SDU). In addition, we recommend investigating approaches to reduce overhead incurred at L1 and L23 for VoIP transmissions.
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