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1
Introduction
It was shown during Rel-11 studies [1] that enhancements to TTI bundling can improve coverage of VoIP users by roughly 1dB, when a UE transmits continuously at maximum power during a TTI bundling interval. From our previous contributions [2][3], we can summarize our observations: 
-
As VoIP coverage should be robust for slowly moving or static UEs, 24 ms maximum transmission per VoIP packet does not seem to be feasible; packet accumulation in UE transmit buffer can happen [2] as inter-packet arrival is 20ms with VoIP users;

-
The coverage gain remains below 1 dB with 20 subframe maximum transmission per VoIP packet [3]: 0.9dB  over Rel-8 baseline that uses a 16ms maximum transmission time;
In this contribution, we discuss respectively in Section 2 and 3 two solutions that would improve the coverage of VoIP users:
-
mechanism offering 20 subframe maximum transmission time to VoIP users in FDD mode, with reasonable impact on 3GPP standards matching with the relatively modest gain of  1dB;
-
when looking at system-level intercell interference mitigation possibilities, PUCCH Format 3 based CDMA can optionally be combined with the longer 20 subframe maximum transmission time;
2
TTI bundling for VoIP users with optimal reuse of HARQ process resources
The subframe bundling operation is configured by higher layers (see [4] §8). The corresponding higher layer specification ([5] §5.4.2.1) defines that within a bundle HARQ retransmissions are non-adaptive and triggered without waiting for feedback from previous transmissions according to the TTI bundle size parameter TTI_BUNDLE_SIZE which has a constant value 4 ([5] §7.5). A comparison of parameters between Rel. 8 and our proposal for Rel. 12 is listed in Table 1. 
Table 1: Comparison of parameters Rel. 8 versus proposal for Rel. 12
	
	Bundle size
	# of HARQ processes
	Max # of HARQ transmissions
	Maximum transmission time
	Maximum latency

	Release 8
	4 ms
	4
	4
	16 ms
	52 ms

	Proposal for Release12
	4 ms
	4
	4+1
	20 ms
	52 ms


It can be seen that the maximum transmission time would be increased from 16 ms (Rel. 8 or Rel. 11) to 20 ms in the proposal, thus avoiding packet accumulation in UE transmit buffer mentioned in [2]. On the other hand, it can be seen that the current number of HARQ processes is kept. 
In this contribution, it is proposed that replicas of the same transport block (TB) from a certain HARQ process would be transmitted on the resource of another already existing and available HARQ process. This is illustrated in Figure 1 where the resources of next HARQ process are borrowed. However, the transmissions of a transport block remain as part of a single HARQ process. The dynamic resource borrowing can provide attractive benefits:

-
Number of HARQ processes as well as the bundle size of 4 subframes remains unchanged. The timing of retransmissions for UEs with TTI bundling and without TTI bundling do not “slide” with respect to each other. This does not present new challenges to the joint scheduling of UEs with and without TTI bundling;
-
Opportunistically, i.e., in occasions when other HARQ processes do not have on-going transmissions, the maximum transmission time can significantly exceed the 20ms limit;
-
The proposed mechanism is flexible. It allows e.g. for various scheduling strategies for the additional 4 ms bundle; the bundle may be schedule immediately after first transmission, or e.g. after the 2nd retransmission;
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Figure 1: Example for a replica of a transport block sent via parellel HARQ processes

Such borrowing of a resource can be dynamically scheduled with PDCCH grant by using existing DCI format 0.  Essentially a new interpretation of a codepoint in DCI format 0 would need to be specified. The codepoint would indicate that for a transport block corresponding to a specific HARQ process, another than normal HARQ process is to be used – e.g. HARQ process preceeding (or following) the normal HARQ process. Otherwise, the scheduling would follow normal scheduling mechanisms, e.g. timing between PDCCH grant and start of PUSCH transmission.

Subframe bundling operation is restricted to QPSK. Additionally, a single subframe bundle contains all available redundancy versions for the transport block. Hence, MCS field contains more codepoints than needed for the subframe bundling, and an excess codepoint can be reserved for indicating “HARQ resource borrowing” – or some codepoints, if flexibility in the HARQ process indication is desired.  Obviously, the retransmission on “borrowed resources” would be restricted to be a non-adaptive retransmission in terms of MCS. 
As the previous PUSCH transmission overlaps in time with the PDCCH grant for the bundled retransmission on “borrowed resources”, retransmission occurs even if transport block decoding would succeed after the previous transmission. Clearly this can degrade spectral efficiency. However, the degrading impact can be kept minimal by scheduling the additional retransmission bundle according to channel state. If the successful decoding of TB likely requires over 10 ms transmission time, it is wise to schedule the additional retransmission bundle right after the first transmission of the TB. If the channel state is good and TB is likely successfully decoded after the 1st retransmission, the use of the additional retransmission bundle can be minimized by scheduling it just before the last (3rd) retransmission.
3
Coverage enhancements for VoIP users with PUCCH format 3 based CDMA
The motivation to use PUCCH format 3 based CDMA channelization is to mitigate intercell interference by applying different OCC in different cells (eNB sectors) and scheduling Rel-12 VoIP users on the same PRBs on the different sectors. The use of OCC is reasonably robust against additional timing errors between sectors. The CDMA channelization can be embedded into 4 subframe bundles, so the channelization provides additional gain mechanism on top of various subframe bundling schemes, enhancing VoIP coverage further in realistic intercell interference conditions.
Release 10 PUCCH Format 3 forms a good base for CDMA channelization for VoIP. The format can be extended to 2 PRBs carrying 96 coded bits in a subframe, 384 coded bits in a 4 subframe bundle, and 768 coded bits in 8 subframes. For a VoIP packet of 328 bits, this approach provides below ½ coding rate (+ processing gain of 6) after 8 subframe transmission and below 1/3 coding rate (+ processing gain of 6) after 12 subframe transmission.
4
Conclusion
In this contribution, we discuss two solutions for VoIP users in FDD mode so that they would get approximately 1dB coverage gain with minimal standard impact. The following proposals are made: 
Proposal 1: For UE configured with TTI bundling, eNB is allowed to schedule TB corresponding to another HARQ process than the HARQ process associated with current TTI. 
Proposal 2: For VoIP users, PUCCH format 3 based CDMA channelization is studied further.
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