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1. Introduction
Release 11 Coverage Enhancement Study Item [1] was started with the scope of identifying the coverage issues of LTE and potential solutions for enhancement.  Coverage issue identification should take coverage imbalance into account, that is
· First priority is to identify the limiting channel(s)/direction(s) between the various LTE data and control channels in UL and DL. For data channels, VoIP and medium data rate services are considered.

· The scenarios of second priority are the minimum UL data rate for LTE and UMTS Rel-99 channels

In [2], it was decided to use maximum coupling loss (MCL) methodology for coverage issue identification. MCL is defined as the total long-term channel loss over the link between the UE antenna ports and eNB antenna ports and includes in practical antenna gains, pathloss, shadow fading, body loss, etc. It allows quick clean evaluation and avoids lengthy discussions on simulation parameters and result calibration. MCL is evaluated via link budget analysis, supported by link level simulations. 
MCLs of the following channels are for the evaluation: 

Uplink control: RACH format 2, PUCCH format 1, PUCCH format 1a, PUCCH format 2, Message 3 of TBS 56, Message 3 of TBS 144

Uplink data: VoIP AMR 12.2 kbps, Medium rate PUSCH 384 kbps, Minimum data rate PUSCH

Downlink control: PDCCH format 1A & 2C, PBCH, PHICH, PCFICH, P-SCH, S-SCH
Downlink data: VoIP, medium rate PDSCH 1 Mbps 

Detailed simulation parameters for each channel are agreed in [2].

Evaluation results were submitted by twelve companies and the summary was provided in [3]. The results seem to indicate that:
· In general, uplink is the limiting link of the coverage. Among them, PUSCH medium rate 384 kbps sees significant gap to other channels. 

· RACH message 3 can also be the limiting link if the performance targets are brought to the same level as of PUSCH 384 kbps.
· PUSCH VoIP is also the potential limiting link.

With the above observations, we may narrow down the problem of coverage enhancement and focus only on uplink medium rate for data and uplink VoIP. 
2. Potential Schemes
With a given carrier frequency, the uplink coverage can be improved by a number of techniques:

1. Using more receive antennas at the base station, e.g., 8Rx
2. Interference coordination schemes across the cells and/or sites
3. UE transmitter side enhancement, such as multi-antenna precoding, transmit diversity

4. Pure spectral efficiency improvement for flat single-input-single-output (SISO) configuration 
The first two techniques have limited impact on RAN1 specifications. They are more of implementation nature, although RAN4 may need to specify the performance requirements. At UE transmitter side, several advanced features are already specified in Release 10 UL MIMO, for example, single user MIMO, closed-loop precoding, etc. These advanced features help to improve the spectral efficiency when UEs are equipped with multiple transmit antennas, however, the coverage may not benefit much. There are a couple of reasons. First, rank>=2 SU-MIMO usually operates at high SNR environment, not applicable to users with coverage issues. Second, depending on the RF implementation, supporting simultaneous transmission over multiple antennas may not actually save UE’s transmit power. With the above considerations, we may take a close look on the fourth bullet: pure spectral efficiency improvement for flat SISO channel. 
SISO flat channel capacity is primarily determined by the strength of the channel coding. From the simple block codes with algebraic decoding, to the convolutional codes with Viterbi algorithm, and then to the turbo codes and LDPC codes using iterative decoding, we are getting closer and closer to Shannon’s capacity. On the other hand, it is known that iterative codes, although superb in performance, requires large block size in order to show their benefit. For example, for turbo codes specified in 3GPP, normally, when the turbo interleaver size is less than 300 bits, their performance is comparable to convolutional codes. Significant gain is only seen when the turbo interleaver size is larger than 1000 bits. If we look at PUSCH 384 kbps, the transport block size is less than 400. Therefore, even with turbo encoding, its performance is well below the performance potential of turbo codes. 

Now the question is whether the transport block size can be increased without changing the data rate or the instantaneous transmit power. It seems difficult under the current specification, unless we resort to certain tune-ups in implementation. For instance, we can set the target number of HARQ transmissions very high, e.g., > 8, and use aggressive MCS in the first HARQ transmission. High MCS means high code rate and high modulation order, and therefore large block size, given the fix number of physical resource blocks. With such aggressive MCS, the residual BLER after the first HARQ would be very high. So the packet delay is an issue with this implementation, although the latency requirement may not be stringent for data services. Excessive number of HARQ retransmissions could bring other side effects such as ACK/NACK overhead, channel state information aging with prolonged transmission as UL HARQ often operates in non-adaptive mode.  
If a standard solution is sought, TTI bundling could be a candidate. In Release 8, TTI bundling is mainly used for uplink VoIP, and the configuration is very restricted, i.e., 4 TTI bundling only, applied for #PRB<= 3 and QPSK only. It is understandable: there is little incentive to bundle the data in physical layer, if the coverage is not an issue. TTI bundling requires an assignment of fixed physical resources over multiple consecutive subframes. This not only defeats the purpose of per-subframe frequency selective scheduling, but also poses significant scheduling constraints on other UEs over that period of time, especially when a large number of physical resource blocks are allocated for this UE. 
The situation is different now: the coverage is really the concern. TTI bundling seems to be an effective way to increase the block size, while still maintaining the same instantaneous transmit power. Figure 1 shows an example where four MAC layer packets of PUSCH 384 kbps can be jointly encoded into a larger transport block of size 392*4 = 1568 bits. This transport block is mapped to four consecutive subframes using the same physical resources indicated by PDCCH. Adaptive HARQ retransmission is allowed as depicted in Figure 1 so that different physical resources can be allocated for the second and third transmissions.
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Fig. 1 An example of 4-TTI bundling for PUSCH 384 kbps

For uplink VoIP, the coverage of VoIP still cannot match that of circuit switch voice, even with 4-TTI bundling. The fundamental reason is the discontinuous transmission at physical layer. The TTI of UMTS circuit switch voice is 20 ms, whereas the TTI of VoIP with TTI bundling is 4 ms. The over-the-air transmission should be completed within 20 ms, to avoid buffer build-up at the transmitter and the excessive delays. The round trip time (RTT) in the case of 4 TTI bundling is 16 ms. That means the entire physical layer transmission should be finished with two HARQ transmissions. So effectively, about 8 ms are spent on a VoIP packet transmission, which is significantly shorter than 20 ms TTI of UMTS circuit switch voice.
To improve the transmission continuity of VoIP service, we may consider assigning multiple HARQ processes simultaneously for one VoIP user during a talk spurt. Although the MAC layer packet queuing would bring some air-interface delay, e.g., 20 ms, it is not hard to comprehend its benefit to the coverage. An example is shown in Figure 2 where two HARQ processes are assigned for a VoIP user. Upon two VoIP packets arriving from the upper layer, each VoIP packet is assigned with an HARQ process, i.e., VoIP packet 1 is assigned HARQ proc_id = 0, colored in lighter gray. VoIP packet 2 is assigned HARQ proc_id = 1, colored in darker gray. Packet 2 is transmitted 4 ms after Packet 1 is transmitted. 4-TTI bundling (over 4 consecutive subframes) is applied to each HARQ process. Different HARQ processes can use different physical resources as seen in Figure 2. Semi-persistent scheduling is shown where the physical resources for each HARQ process remain the same for both initial transmissions (1st HARQ) and retransmissions (2nd HARQ) during the entire talk spurt. The round trip time is 16 ms. By assigning two HARQ processes simultaneously (but staggered by 4 ms in time), there is only 4 ms gap when there is no transmission at all, which is significantly smaller than that of assigning only one HARQ process for the VoIP user. 
The reduced transmission gap effectively allows more HARQ retransmissions that would not be allowed with only one HARQ process assigned. Therefore, MCS can be lowered down, and the coverage can be improved.
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Figure 2. An example of assigning multiple HARQ processes simultaneously for a VoIP user.
3. Conclusions
We in this contribution propose two schemes for consideration to improve the uplink coverage of medium rate data and VoIP services
· To extend the configurations of Release 8 TTI bundling including for data services, with the purpose of increasing the transport block size
· To allow assigning multiple HARQ processes for a VoIP user, to improve the transmission continuity at physical layer
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