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1 Introduction
At the RAN1#68 meeting, the following way forward was agreed [1]:

· The coverage improvements for medium data rate PUSCH and UL VoIP should be investigated.

· The minimum gain for consideration of specifying the potential solution is 1 dB for both medium data rate PUSCH and UL VoIP.

· Potential solutions are

· TTI bundling enhancements for medium data rate and VoIP

· Both L1/Higher layer protocols overhead and latency should be considered

· Coverage enhancements are evaluated further based on above listed potential solutions. 
In this contribution, we share our views on UL VoIP and medium data rate PUSCH according to the further evaluation and analysis.
2 Motivation of increasing the number of TTIs used for a UL VoIP packet

As VoIP packets arrive every 20 ms, one VoIP packet can be transmitted for at most n subframes, where n is the number of UL subframes within every 20ms, which assumes that all the UL subframes can be assigned for the VoIP transmission in the link budget evaluation. n equals to 20 for FDD and varies with the UL-DL configurations for TDD.  However, all the transmissions for a single VoIP packet should be finished within the packet delay bound. If less than n subframes can be used within the delay bound, there is room for UL VoIP enhancement by increasing the number of UL subframes used for a single VoIP packet.

The packet delay bound and the equivalent were defined as the following:

Definition1: “…, where a user is defined to have experienced a voice outage if less than 98% of the VoIP packets have been delivered successfully to the user within a permissible VoIP packet delay bound of 50 ms. The VoIP packet delay is the overall latency from the source coding at the transmitter to successful source decoding at the receiver. ”[2]. 
Definition 2: “A VoIP user is in outage (not satisfied) if [98%] radio interface tail latency of the user is greater than [50 ms]. This assumes an end-to-end delay below [200 ms] for mobile-to-mobile communications.” [5]

Definition 3: “The packet delay budget of Conversational Voice is 100ms. A delay of 20 ms for the delay between a PCEF and a radio base station should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface. This delay is the average between the case where the PCEF is located "close" to the radio base station (roughly 10 ms) and the case where the PCEF is located "far" from the radio base station, e.g. in case of roaming with home routed traffic (the one-way packet delay between Europe and the US west coast is roughly 50 ms). The average takes into account that roaming is a less typical scenario. It is expected that subtracting this average delay of 20 ms from a given PDB will lead to desired end-to-end performance in most typical cases. Also, note that the PDB defines an upper bound. Actual packet delays - in particular for GBR traffic - should typically be lower than the PDB specified for a QCI as long as the UE has sufficient radio channel quality.” [6]

According to the above definitions, the VoIP packet delay bound is taken as either 50ms or 80ms. In the following discussion, the case with 50ms delay bound and the case with 80ms delay bound are both analyzed.

3 UL VoIP enhancement for FDD
3.1 50ms packet delay target 

In Rel-8, TTI bundling with four consecutive subframes and 16ms RTT are supported in FDD system. This means that each VoIP packet can be transmitted with up to 12 subframes, resulting in around 38 ms overall delay (36ms transmission latency and around 2 ms latency of source coding and decoding depending on implementation). 

To have more subframes used for a single VoIP packet and improve the VoIP coverage, RLC segmentation is supported in Rel-8. In this way, the PDUs are transmitted on two parallel HARQ processes with a smaller TB size, and additional RLC overhead is introduced (64bit per segment). Additional padding bits are inserted into the transport block because the TBS table was optimized for VoIP transmission but not for VoIP transmission with segmentation. For each segment, the maximum number of subframes that can be used for a single VoIP packet is at most 12. 

To better understand the UL VoIP enhancement schemes, four schemes are defined as following and illustrated in Figure 1 to 4.

Scheme 1: RLC segmentation with TTI bundling (Rel-8 scheme taken as reference).

· The Rel-8 TTI bundling applies.

· 2 RLC segments are used per VoIP packet.
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Figure 1 RLC segmentation with TTI bundling
Scheme 2: TTI bundling enhancement.

· A more efficient way to use 20 UL subframes for a single VoIP packet is to introduce TTI bundling with larger bundling size, so as the delay bound requirement can be satisfied without additional RLC overhead.
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Figure 2  TTI bundling enhancement
Relaxing the delay bound could be a simple way to improve the link budget with scheme3 and scheme 4 to be considered.

Scheme 3: delay bound relaxed to allow using 16 UL subframes. 

· The Rel-8 TTI bundling still applies.

· Around 54ms delay bound to allow using 16 UL subframes.
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Figure 3  delay bound relaxed to allow using 16 UL subframes
Scheme 4: delay bound relaxed to allow using 20 UL subframes
· The Rel-8 TTI bundling still applies.
· Around 70ms delay bound to allow using 20 UL subframes
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Figure 4  delay bound relaxed to allow using 20 UL subframes

In Table 1, the MCL performance of Scheme 1-4 is provided, where both dynamic scheduling and SPS scheduling are simulated. Table 1 provides the combination of UL RB number and MCS configuration with the best MCL performance for each scheme.The other simulation assumptions are the same as in [4]. With the low velocity of UE (3km/h), the same performance can be assumed for scheme 2 and scheme 4.

Table 1 simulation results for UL VoIP and MCL calculation

	VoIP AMR 12.2 kbps
	Qos target
	2%rBLER

	
	Scheme
	Scheme1
	Scheme3
	Scheme 2/4
	Scheme1
	Scheme3
	Scheme 2/4

	
	Dynamic scheduling
	OFF
	OFF
	OFF
	ON
	ON
	ON

	
	Maximum number of occupied UL subframes for a HARQ process
	12
	16
	20
	12
	16
	20

	
	PUSCH hopping
	ON
	ON
	ON
	OFF
	OFF
	OFF

	
	TTI bundling
	ON
	ON
	ON
	ON
	ON
	ON

	
	RLC segmentation
	ON
	OFF
	OFF
	ON
	OFF
	OFF

	
	Number of UL RBs
	2
	1
	1
	2
	1
	1

	
	MCS number
	7
	6
	6
	7
	6
	6

	
	(4) Interference margin(0 dB is mandatory)
	0
	0
	0
	0
	0
	0

	
	(5) Occupied channel bandwidth(dB)
	55.6
	52.6
	52.6
	55.6
	52.6
	52.6

	
	(6) Effective noise power(dBm)
	-113.4
	-116.4
	-116.4
	-113.4
	-116.4
	-116.4

	
	(7) Required SINR(dB)
	-5.3
	-3.0
	-3.5
	-7.5
	-5.3
	-5.9

	
	(8) Received sensitivity(dBm)
	-118.7
	-119.4
	-119.9
	-120.9
	-121.7
	-122.3

	
	MCL(dB) (VoIP AMR 12.2 kbps)
	141.7
	142.4
	142.9
	143.9
	144.7
	145.3

	
	Gain (dB)
	0
	0.7
	1.2
	2.2
	3
	3.6


From the results, we observed that: 

· The dynamic scheduling gain is about 2.2~2.4 dB.

· Scheme 3 has 0.7~0.8dB gain compared to Scheme 1.

· Scheme 2/4 has 0.5~0.6dB gain compared to Scheme 3.

· Scheme 2/4 has 1.2~1.4dB gain compared to Scheme 1.

It can be seen that using dynamic scheduling rather than semi-static scheduling can get obvious performance gain. So it is recommended that dynamic scheduling is used for the coverage limited VoIP transmission.

Scheme 3 can provide 0.7~0.8dB gain compared to scheme 1 while only need a slight relaxation of the VoIP packet delay bound to around 54ms.

On Top of Scheme 3, Scheme 2 and 4 can provide additional 0.6dB gain. Scheme 4 requires the delay bound to be relaxed to around 70ms and Scheme 4 needs additional standard and implementation effort: 

· A larger TTI bundling size needs to be introduced.

· New RTT and new HARQ timing are needed for the larger TTI bundling size.

Observation 1: Using dynamic scheduling for UL VoIP coverage enhancement can acquire obvious performance gain. 

Proposal 1: For FDD, to relax VoIP delay bound to 54ms so that 16 subframes can be used for a VoIP packet with 4 TTI bundling.

Proposal 2: For FDD, the further enhancement to allow using 20 subframes for a VoIP packet relies on the trade-off analysis.

3.2 80ms packet delay target 

It can be seen from scheme 4 that around 70 ms time delay can allow using 20 UL subframes for a single VoIP packet, which reaches the maximum number of the UL subframes that can be used for a single packet as explained in section 2. So when 80ms packet delay bound is assumed, there is no room or need to increase the number of the UL subframes even further.
4 UL VoIP enhancement for TDD

4.1 50ms packet delay target 

For TDD, Table 2 analyses the number of UL subframes that can be used for a single VoIP packet with different uplink downlink configurations.

Table2 TDD analysis with different uplink downlink configurations

	Uplink-downlink configuration 
	Support 4-subframe TTI bundling? 
	The maximum number of UL subframes ideally used for a single VoIP packet (the number of UL subframes in every 20ms)
	The maximum number of UL subframes used for a single VoIP packet within 50ms delay bound
	The approximate delay bound (ms) extended to support the maximum number of UL subframes ideally used for a single VoIP packet 

	0 (1:1:3)
	Yes
	12
	8
	 58

	1 (2:1:2)
	Yes
	8
	8
	_

	2 (3:1:1)
	No
	4
	4
	_

	3 (6:1:3)
	No
	6
	5
	62

	4 (7:1:2)
	No
	4
	4
	_

	5 (8:1:1)
	No
	2
	2
	_

	6(3:2:5)
	Yes
	10
	8
	58


Ideally the maximum number of UL subframes for one VoIP packet to use is equal to the number of uplink subframes in every 20ms, which assumes that all the UL subframes can be assigned for the VoIP transmission in the link budget evaluation, as shown in Table 2.

The maximum number of UL subframes used for a single VoIP packet within 50ms delay bound is also given in table 2, with the consideration that TTI bundling has been supported for some UL-DL configurations. It can be seen that there is no room to increase the number of UL subframes used for a single VoIP packet for uplink-downlink configuration 1/2/4/5, while there is potential room for configuration 0/3/6, 

To enhance the UL VoIP link budget for configuration 0/3/6, one possibility is to introduce TTI bundling to configuration 3 and to enhance the currently supported 4-subframe TTI bundling, which requires additional standard and implementation effort such as new RTT and new HARQ timing. 

Relaxing the delay bound could be a simple alternative. To support the maximum number of UL subframes ideally used for a single VoIP packet, the delay bound needs to be extended to 58ms, 62ms and 58 ms for configuration 0/3/6 respectively.
For TDD UL-DL configuration 0/3/6, whether to increase the number of UL subframes used for a single UL VoIP packet and how to increase it rely on the trade-off analysis.

Proposal 3: For TDD UL-DL configuration 1/2/4/5, there is no room to increase the number of UL subframes used for a single VoIP packet. For TDD UL-DL configuration 0/3/6, whether to increase the number of UL subframes used for a single UL VoIP packet and how to increase it rely on the trade-off analysis.
4.2 80ms packet delay target 

It was discussed in section 4.1 that 58ms, 62ms and 58ms delay bound can support the maximum number of UL subframes ideally used for a single VoIP packet for UL-DL configuration 0/3/6 respectively. So when 80ms packet delay bound is assumed, there is no room or need to increase the number of the UL subframes even further.

5 Medium data rate PUSCH enhancement
TTI bundling was introduced in Rel-8 mainly for delay-sensitive service so that more retransmissions can be finished within the given delay bound.

Medium data rate PUSCH is generally considered to be delay non-sensitive service. Introducing TTI bundling to medium data rate PUSCH does not provide additional gain compared to using HARQ retransmission. On the contrary, HARQ retransmission has the following advantages over TTI bundling:

· Better time-domain diversity because it spans longer in time domain when both occupy the same number of UL subframes for a packet. 

· Better resource utilization because it can stop after any one-subframe transmission instead of bundled transmissions.

Observation 2: Introducing TTI bundling to medium data rate PUSCH cannot enhance the coverage if delay non-sensitive service is considered.
6 Conclusion 
In this contribution, we analyze the possible TTI bundling enhancements for medium data rate PUSCH and UL VoIP. The observations and proposals are listed below:

For UL VoIP enhancement, 

· Using dynamic scheduling for UL VoIP coverage enhancement can acquire obvious performance gain. 

· If VoIP packet delay is taken as 50ms, it is proposed that

- For FDD, to relax VoIP delay bound to 54ms so that 16 subframes can be used for a VoIP packet with 4 TTI bundling.

- For FDD, the further enhancement to allow using 20 subframes for a VoIP packet relies on the trade-off analysis.

- For TDD UL-DL configuration 1/2/4/5, there is no room to increase the number of UL subframes used for a single VoIP packet. For TDD UL-DL configuration 0/3/6, whether to increase the number of UL subframes used for a single UL VoIP packet and how to increase it rely on the trade-off analysis.

· If VoIP packet delay is taken as 80ms, there is no room or need to increase the number of UL subframes what is achievable with existing Rel-8 methods for a single VoIP packet for both TDD and FDD.

For Medium data rate PUSCH enhancement, it is observed that:

· Introducing TTI bundling to medium data rate PUSCH cannot enhance the coverage if delay non-sensitive service is considered.
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