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1 Introduction 

In the SI phase, TTI enhancement for VoIP was investigated with the following conclusion [1]:

· The coverage benefit is observed from TTI bundling enhancements for UL VoIP. Potential solutions may impact the specifications at least from one of the following aspects

· HARQ timing

· number of TTIs bundled, including fixed or flexible bundle size
· time interleaving of bundled TTIs

· PUCCH format 3 structure type uplink transmission mode
The gain was shown to be on the order of 1 dB for most schemes. Following the approval of the WI [2], an email discussion was started after RAN1#74 to down select the options. In this contribution, we discuss different options and provide our recommendations.
2 Discussion
As summarized in the email discussion [74-16], the options for TTI bundling enhancement for VoIP mainly include:

1. Reduce RTT to 12 ms
2. Increase bundling size to 20 TTIs

3. Increase bundling size to 10 TTIs

4. Increase bundling size to 8 TTIs (change SPS interval to 24 ms)

5. Increase bundling size to 5 TTIs

6. Flexible bundling size

7. Increase bundling size to 20 TTIs with time interleaving

8. PUCCH format 3-like structure
Among these options, 
· Option 2 and 7 are expected to have little or limited gain. Both are resource inefficient because they do not have HARQ and every VoIP packet needs to be transmitted using 20 TTIs.
· Option 3 is also expected to have small gain due to limited time diversity.
· Option 4 has the advantage of having the same RTT as in Rel-8, 

· Option 5 provides good coverage gain. But compared to option 1, it has no advantage but with slightly more specification impact due to the new bundling size.
· Option 8 is a completely new physical layer transmission scheme for VoIP and the investigation has been very limited during the SI phase. The performance would need further evaluation, and it is expected to have much more specification impact and UE/eNB impact compared to other schemes. Due to the time limitation of this WI, we would recommend not pursuing it further within this WI. If this is considered attractive, it should be studied separately.

With these considerations, we can therefore down-select the options and focus on options 1, 4, and 6, all of which are expected to have good and comparable coverage gain.
Option 1: Reduce RTT to 12 ms

By reducing RTT to 12 ms, each VoIP frame has 20 TTIs for transmission within 52 ms. In terms of specification impact, new HARQ timing and a different number of HARQ processes would need to be defined, together with higher layer signaling to indicate the capability.

The main drawback of this option is that different RTTs for new UEs and legacy UEs can cause conflict in retransmissions. The scheduler would need to resolve the conflict. If UL grant is used to resolve the collision for retransmissions, it results in additional control overhead. If separate RBs are allocated to UEs with different RTTs, it would cause resource segmentation and inefficient resource utilization.
Option 4: Increase bundling size to 8 TTIs (possibly change SPS interval to 24 ms)

Increasing bundling size to 8 TTIs provides 24 TTIs for transmitting one VoIP packet within the delay budget of 50 ms. Although there is one VoIP packet every 20 ms, and 24 TTIs are more than that, it does not necessarily cause the UE buffer to build up because most of the VoIP packets would not require 3 HARQ transmissions.

To support it, a new bundling scheme would need to be defined, including new bundling size, new HARQ timing, and a different number of HARQ processes, while RTT can be kept the same.

From the eNB perspective, for all the options here, the eNB scheduler would need to handle the coexistence of new UEs and legacy UEs. Option 4 has the same RTT as in Rel-8 and compatible bundling size, which allows better coexistence of new UEs and legacy UEs with less conflict.

However, changing SPS interval to 24 ms (longer than VoIP packet arrival interval of 20 ms) would cause queue build-up during the active talk spurt and impact the voice quality, which is not acceptable. If SPS interval is kept to the original 20 ms, the retransmission of one VoIP packet would collide with the initial transmission of the next VoIP packet. The collision would have to be solved by additional UL grant for retransmissions. The unfriendly support for SPS is a significant drawback for option 4.
Option 6: Flexible bundling size

Flexible bundling size is a very generic concept, and it can have different flavors.
a) The bundling size for each HARQ (re)transmission can be signaled dynamically

b) The bundling size for each HARQ (re)transmission can be configured by higher layer signaling

c) The bundling size for each HARQ (re)transmission is fixed and pre-defined, but the bundling size can be different for different HARQ (re)transmission.

Among these flavors, a) has the most flexibility and c) has the least flexibility. The first question is whether the flexibility in a) and b) is necessary or not.
· It is general understanding that all these options provide coverage gain of about 1 dB by using a few additional TTIs for transmission. Any flexibility does not bring additional coverage gain. Therefore it does not seem to provide any benefit to define a few different bundling patterns and switch between them.
· The eNB typically does not have the information to dynamically determine for each VoIP packet how many TTIs are needed, and the decision should be based on long-term statistics. Therefore dynamic signaling would not have the basis to perform dynamic adjustment.
With these considerations, we think c) is sufficient, which means one bundling pattern (the bundling sizes for all HARQ transmissions) is defined, and higher layer signaling can be used to enable it. This option also has the least specification impact and the least complexity in UE implementation.
Among the various possibilities for the bundling pattern, [8, 4, 4, 4, …] for the 1st, 2nd, 3rd, and 4th transmissions is considered favorable. It is simple, and provides good compatibility with Rel-8 TTI bundling. It also handles the 20 ms arrival interval efficiently.
Given all these considerations, we propose to adopt a fixed bundling pattern [8, 4, 4, 4, …] for VoIP enhancement.
3 Conclusions
In this contribution, we have analyzed different options for TTI bundling enhancement for VoIP. We propose the following:

Proposal: For TTI bundling enhancement for VoIP, adopt a fixed pattern of [8, 4, 4, 4, …] for the bundling size of HARQ (re)transmissions.
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