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1. Introduction
In RAN2#60bis meeting, the multiple patterns for persistent scheduling in uplink have been discussed, but it’s still open. This contribution gives the simulation results on multiple patterns for some resolutions. The simulations and analysis prove that multiple patterns support more VOIP than single pattern when the grant is not enough.

2. Discussion
The motivation to introduce multiple patterns is to avoid the collision in uplink semi-persistent scheduling due to the 10ms HARQ RTT, especially in TDD. The collision scenario is shown in Fig 1. Since the period of persistent scheduling is two times of the RTT, the second retransmission of previous packet will collide with the initial transmission of next packet. This means that the collision probability in TDD is great higher than in FDD.
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Fig 1 The collision scenario when RTT is 10ms
There are two possible solutions to solve this problem. 

Alt1:

Alt1 is also the current agreements in RAN2#60bis meeting.

PDCCH is never ignored by the UE (so if it asks for a retransmission, the UE will perform a retransmission unless it has an empty buffer).

Abort non-adaptive HARQ retransmissions that collides with a resource pre-allocated for an initial transmission.
With these agreements, if there are no other following subframes available, the eNB/UE should stop the process whose retransmission will collide with an initial transmission, although the packet is not decoded successfully yet, if there are other following subframes available, the eNB should schedule the retransmission in current subframe, and schedule the initial transmission that was supposed to take place on the persistent resources in following subframe.

Alt2:

In RAN2#60bis meeting, CATT proposed a multiple patterns solution to avoid this collision[1]. A resource pattern with two periods as T1, T2, T1, T2…., are used to avoid the main collision between the second retransmission of previous packet and the initial transmission of next packet. The procedure is presented in Fig 2, in which T1 is unequal to T2 and the summary of T1 and T2 is always 40ms. The difference between T1 and T2 is a few subframes. Residual collisions will be solved by the procedure like Alt1. 
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Fig 2 The multiple patterns to solve the collisions

Alt3:

From RAN2#61bis meeting, Ericsson proposed the third alternative [4]: the periodicity of a semi persistent pattern is expressed in downlink subframes for TDD and configure the semi persistent periodicity to 1 more UL subframe than UL subframes in 20ms packet inter-arrival time for VoIP.
Alt3 has some shortages:

(1) Increases the jitter and more importantly the air interface delay: 20 ms extra delay implies that max 2 or 3 retransmissions are possible for TDD VoIP with 50 ms delay bound.
(2) Increase the overhead of UL grant: one scheduling grant for new transmission is needed every 6 packets.
(3) Increase the complexity for implementation: the UE should count the periodicity in UL subframe.
For above shortages, we don’t consider the Alt3 as an acceptable method in UL SPS configuration for TDD. So simulations don’t include the results for Alt3.
3. Requirement for UL Grant

In Alt1, the collisions are solved by dynamic scheduling or just terminate the retransmission. Frequently terminating the retransmission seems not a good way since the packet loss rate will increase, especially when the collision probability is high. And the dynamic scheduling will increase the control overhead. Two additional UL grant are needed for dynamic scheduling in each collision case, and one is for retransmission of previous packet and another for the initial transmission of next packet. So the overhead of control channels need to be considered when the collision probability is high.

In Alt2, the main collision are avoided by multiple patterns at first, the control overhead is less than Alt1 greatly.

4. Simulation and discussion

The basic simulation assumption can be found in Appendix. 

4.1 VOIP Capacity

Table 1 shows the VOIP capacity when different number of grants are for VOIP scheduling. And Table 2 shows the resource utilization and IoT at capacity point.

Table1 UL VoIP Capacity (UEs/sector) 
	Grants/DL subframe
	4
	6
	8

	Alt1
	140
	167
	175

	Alt2
	151
	175
	175

	Gain
	7.86%
	4.79%
	0


Table2 Resource utilization and IoT at capacity point

	Grants/DL subframe
	4
	6
	8

	
	Resource utilization(%)
	Average IoT(dB)
	Resource utilization(%)
	Average IoT(dB)
	Resource utilization(%)
	Average IoT(dB)

	Alt1
	52.8
	12.325
	64.3
	13.584
	67.0
	13.364

	Alt2
	58.0
	12.785
	68.5
	13.516
	67.9
	13.564


When the grants for VOIP are 4 or 6, more VOIP can be supported by Alt2. About 7.86% gain at 4 grants and 4.79% at 6 grants. These data is consistent with the analysis in section 3. When the available grants are 8, Alt1 achieves the same capacity with Alt2. This means in case of 8, grants is not a bottleneck for Alt1 anymore. 

Conclusion1: Alt2 is less grant-dependent than Alt1. More gain can be obtained with Alt2 when the available grants are limited.

4.2 Resource utilization and average IoT

The resource utilization, average IoT and successful transmission rate are given in table 3. And table 3 is based on Alt1 with 8 grants. The successful transmission rate refers to the success ratio of all TBs transmitted on air interface after HARQ combining.

Table 3 Resource utilization and IoT, Alt1, 8 grants/DL subframe

	User number/sector
	Resource utilization(%)
	Average IoT(dB)
	Successful transmission rate(%)

	135
	50.3
	12.138
	99.6

	150
	56.6
	12.574
	99.5

	165
	62.8
	13.405
	99.4

	180
	68.9
	13.346
	99.2

	195
	74.5
	13.659
	99.2

	210
	81.0
	14.081
	98.5


From the table 3, it can be seen that with the overload increasing (when the user number exceeds the capacity point, i.e. 175, more users will not be satisfied with their QoS), the resource utilization increases quickly, but the average IoT increases slowly. However, it can be found that the successful transmission rate keeps constant basically, and always maintains a very high level. The same tendency exists for Alt2 with 8 grants. So the main factor to limit the capacity is not the IoT but the TB discarding due to delay requirement or no available resource.

Conclusion2: The negative impact to VOIP capacity caused by increasing of IoT is very limited. 

4.3 Dynamic scheduling and semi-persistent scheduling coexisting

If dynamic scheduling coexists with semi-persistent scheduling, part of the grants will be consumed by dynamic scheduling. In this case, according to the conclusion 1 and 2 above, the lack of grants will become the bottleneck of the VOIP capacity, especially for Alt1. In other word, Alt2 will support more VOIP than Alt1 while dynamic scheduling exists.

Conclusion3: Alt2 will support more VOIP compared with Alt1 when dynamic scheduling exists.

5. Conclusion

With above discussion, Alt2 need less grants to resolve the collisions in UL semi-persistent scheduling, and will support more VOIP users than Alt1 when the grants is not enough. This is outstanding when dynamic scheduling and semi-persistent scheduling coexist. So we propose RAN2 to discuss and agree the multiple patterns in LTE. Additionally, the configuration for multiple patterns is discussed in [3].
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Appendix

A.1 VOIP traffic Model

Complying with the agreed simulation conditions in [2], we employ the 2-state voice activity model shown in Figure. 1. In the model, the probability for transition from State 1 (the active speech state, i.e., talk spurt) to State 0 (the inactive state, i.e., silence period) is 0.01, and the probability for transition from State 0 to State 1 is also 0.01. The status is updated every 20 msec. Table 1 lists the parameters for the 2-state voice activity model. We assume that a packet is discarded when the transmission delay becomes longer than the maximum allowable delay. We set the maximum allowable delay of each packet to 50 msec.
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Figure 1 2-state voice activity model

Table 1 – Parameters for 2-state voice activity model
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A.2 Basic simulation configuration
The basic simulation configuration complies with the agreed conditions for E-UTRA performance verification [2]. The basic simulation scenario is shown in Table 2, and basic simulation parameters are shown in Table 3.
Table 2 Basic simulation scenario
	Simulation
	CF
	ISD
	BW
	PLoss
	Speed

	Cases
	(GHz)
	(meters)
	(MHz)
	(dB)
	(km/h)

	1
	2.0
	500
	10
	20
	3


Table 3 Basic simulation parameters

	Parameter
	Assumption

	Cellular Layout
	Hexagonal grid, 19 cell sites, 3 sectors per site

	Inter-site distance
	500 m

	Distance-dependent path loss
	L=128.1 + 37.6log10(.R), R in kilometers

	Lognormal Shadowing
	Similar to UMTS 30.03, B 1.4.1.4

	Shadowing standard deviation
	8 dB

	Correlation distance of Shadowing
	50 m

	Shadowing correlation
	Between cells
	0.5

	
	Between sectors
	1.0

	Penetration Loss  
	20 dB

	Antenna pattern [4] (horizontal)

(For 3-sector cell sites with fixed antenna patterns)
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	Carrier Frequency / Bandwidth
	2.0GHz / 10MHz

	Channel model
	SCME

	UE speeds of interest
	3km/h

	Total BS TX power (Ptotal)
	46dBm (40W)

	UE power class
	24dBm (250mW)

	Inter-cell Interference Modeling
	UL: Explicit modeling (all cells occupied by UEs), 

DL: Explicit modeling else cell power = Ptotal

Reuse 1

	Antenna Bore-sight points toward flat side of cell (for 3-sector sites with fixed antenna patterns)
	


	Users dropped uniformly in entire cell
	


	Minimum distance between UE and cell
	35 meters

	Antenna number
	Uplink:1*2(Noise Figure = 7dB)

	Power control
	FPC


A.3 UL Grant number

It is assumed that 3 OFDM symbols in one DL Subframe are used for DL control channel. Then there are 36 CCEs in 10MHz. About 24 CCE are for PDCCH minus the occupancy by PCFICH and PHICH. Then the maximum PDCCH number is 24. We assume half of the PDCCHs, i.e. 12, are for UL Grants. The adaptivity for PDCCHs should also be taken into account, so at most 8 PDCCHs can be used for UL Grant in a DL subframe.

A.4 Scheduling algorithms
This simulation focused on semi-persistent scheduling in uplink with synchronous handling. The Maximum HARQ number is 4, and RTT is 10ms. All same and fixed MCS and resource number are configured for voice packets and SID packets respectively (2 PRBs for one voice packet and 1 PRB for one SID packet).

Semi-persistent scheduling is for the packets in talk spurt, and the persistent resource for initial transmission is always available. But for retransmission, due to the overload, the persistent resource is not always available. When there is no available persistent resource for retransmission, the eNB will do its best to allocate other resource in current UL subframe. The retransmission will be terminated if the scheduler can’t find any free resource for it.

The SID packets are transmitted by dynamic scheduling.

A.5 Frame structure and control overhead

Type 2 frame structure for TDD like Figure 2 is adopted, in which Subframe 1 and Subframe 2 are uplink.
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Figure 2 Frame Structure
2 OFDM symbols are used for pilot in each UL subframe. There are 42 PRBs for PUSCH, i.e. 8 PRBs are used for PUCCH.
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