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1
Introduction

RAN WG2 has made the following decision for DL scheduling during RAN2 #57bis:


“decide on persistent (no L1/L2 control message for first transmission aka HS-SCCH less) Async adaptive” [1]
The motivation of this “persistent async adaptive” scheduling (more precise description can be found in the CR that has been made ready for the E-UTRA Stage 2 TS 36.300 section 11.1.1 [2]) is to reduce L1/L2 control channel overhead especially for VoIP scheduling.
RAN WG2 has discussed similar techniques for UL scheduling also during RAN2 #57bis [1], but did not reach any conclusion. Instead RAN WG2 has sent a LS to RAN WG1 asking for the possibility to have a L1/L2 control channel (intended for a single UE, i.e. not multiple UEs) optimized for dynamic UL VoIP scheduling [3].
In this document, we present simulation results on the capacity of L1/L2 control channels, and investigate whether or not VoIP capacity will be degraded compared to “persistent scheduling” if UL dynamic scheduling addressed to single UEs is used.
2
Discussion
2.1 Background
RAN WG2 has decided on the following way forward with regards to UL scheduling for VoIP during RAN2#57bis [1]:

“We ask RAN1 to study if they can provide more L1/L2 control channels for VoIP UL dynamic (individual L1/L2, no group) scheduling (RAN2 should indicate how many bits are needed so that they can make the study)

We re-think whether we are control channel limited for VoIP if we apply the DL decision


- Use operator simulation assumptions

At next meeting, look at results; if we still want to optimise UL for VoIP, we follow simple majority between sync group and Persistent (first trans non-scheduled) sync adaptive”
As stated above, RAN WG2 is looking into the option of relying solely on normal UL dynamic scheduling (possibly with optimised L1/L2 control channel, i.e. UL grant, formats) to handle VoIP. However, we have concerns that the VoIP capacity will be degraded if only normal UL dynamic scheduling is supported to handle VoIP compared to the case “persistent scheduling” is applied. Therefore, we study this in the following subsections.
2.2 UL VoIP capacity with “persistent scheduling”
In [4], we have presented simulation results for the UL VoIP capacity assuming the “persistent sync adaptive” scheduling to be 260 simultaneous VoIP sessions in a 5 MHz bandwidth cell. The simulation assumptions in [4] follow the operator simulation assumption requirement, i.e. Case 2[5]. The simulation assumptions are copied in the Annex for convenience.

2.3 Required UL grants for VoIP UL dynamic scheduling

If we decide to apply normal UL dynamic scheduling (with possibly optimized UL grant format) by means of L1/L2 control channel to handle UL VoIP traffic, it should be so that the UL grant capacity is not limited to the extent that VoIP capacity that can be provided by UL dynamic scheduling falls short compared to that provided by “persistent scheduling”. Here, we assume UL VoIP capacity that can be provided by “persistent scheduling” is 260 simultaneous VoIP sessions as demonstrated in [4].

The number of UL grants needed per TTI to handle X simultaneous VoIP sessions can be estimated as follows:

· The number of required UL grants per TTI is the sum of :

· X * VAF * HARQ operation pt. / (RTP packet inter-arrival time * Concat. factor), and

· X * (1 – VAF) * HARQ operation pt. / (SID packet inter-arrival time * Concat. factor)

· In order to find out the required number of UL grants that ensures the VoIP capacity provided by UL dynamic scheduling is equal to that provided by “persistent scheduling”, 260 is substituted for X

· In addition, the following parameters are assumed
· X = 260 VoIP sessions per cell

· Voice activity factor(VAF) = 0.5

· HARQ operation point = 1.3 (i.e. 1.3 HARQ transmissions per packet on average)

· RTP packet inter-arrival time = 20 TTIs

· SID packet inter-arrival time = 160 TTIs

· Concatenation factor = 1 (no concatenation)

From the above calculations, it is determined that L1/L2 control channel should have the capacity to accommodate 9.5 UL grants per TTI if UL VoIP traffic is to be handled by normal dynamic scheduling. In sections 2.4 and 2.5, it is investigated through simulations whether or not L1/L2 control channel actual has this level of capacity.
2.4 Simulation assumptions

Link level simulations were performed in order to obtain the performance of UL grants with payload sizes of 40bit, 30bit and 20bit. Assumptions for the L1/L2 control channel  are provided in Table 1. These assumptions are in line with the agreed starting point for the L1/L2 control channel design [6, 7]. As for other relevant parameters, the values were set equal to those assumed in [4], which are provided in the Annex of this document, in order to perform a fair comparison. Furthermore, practical channel estimation was simulated.
Table 1 – Assumptions regarding UL grant and L1/L2 control channel
	Parameter
	Value

	DL reference signal
	Inserted every 6th sub-carrier of the 1st, 5th, 8th and 12th OFDM symbol in a TTI

3dB power boosting compared to uniform sub-carrier power setting

	UL grant payload size

(including CRC)
	40bits, 30bits and 20bits

	CCE size
	36 Res

	Supported CCE

Aggregation
	1CCE, 2CCE, 4CCE and 8CCE

	UL grant coding
	Convolutional coding, K = 7, Tail biting

Modulation = QPSK

Rate matching into 72, 144, 288 or 576 physical bits depending on CCE aggregation


The link level results were then used to obtain the average number of UL grants that can be provided per TTI assuming a uniform user distribution under the Geometry distribution that results from the system setup assumed in [4], again in order to perform a fair comparison.
2.5 Simulation results
The required Geometry to satisfy 1% BLER for a 40bit UL grant transmission with various CCE aggregation were obtained from link level simulations (assuming uniform sub-carrier power distribution). Figure 1 shows the Geometry distribution with required Geometory for the various CCE aggregation. Similar results were also obtained for a 30bit and a 20bit UL grant.
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Figure 1 – Geometry distribution with required Geometry to satisfy 1% BLER (40bit UL grant)
Simulation results on the number of UL grants that can be supported in a TTI are presented in Figures 2-4 for UL grant payload sizes of 40bits, 30bits and 20bits, respectively. Note that here, non-uniform sub-carrier power distribution has been assumed in order to maximize the number of UL grants that can be supported.
In Figures 2-4, the horizontal axis shows the number of Resource Elements (REs) that are made available for UL grants per TTI, and the vertical axis shows the number of UL grants that can be supported per TTI on average with the respective number of REs that were made available for UL grants per TTI. The red dotted line shows the number of UL grants per TTI that is needed in order to support UL VoIP capacity that can be provided by “persistent scheduling” (i.e. 9.5).
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Figure 2 – Number of UL grants that can be supported in a TTI for a 5 MHz bandwidth (40bit UL grant)

[image: image3.emf]Number of UL grants (30bit) that can be provided per TTI

0

1

2

3

4

5

6

7

8

9

10

11

12

13

14

15

360 468 576 684 792

Number of resource elements that are available for UL grants per TTI

1CCE

2CCE

4CCE

8CCE


Figure 3 – Number of UL grants that can be supported in a TTI for a 5 MHz bandwidth (30bit UL grant)
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Figure 4 – Number of UL grants that can be supported in a TTI for a 5 MHz bandwidth (20bit UL grant)

2.6 Discussion on the simulation results
From the results in Figures 2-4, the required 9.5 UL grants per TTI are obtained only when:

· 792 REs are made available per TTI for UL grants with a 40bit UL grant
· 684 REs are made available per TTI for UL grants with a 30bit UL grant

· 576 REs are made available per TTI for UL grants with a 20bit UL grant

Then, the question is, “How may REs can be made available for UL grants per TTI?” Since in this study, a 5 MHz bandwidth (i.e. 300 sub-carriers) and 3 OFDM symbols per TTI for L1/L2 control channels were assumed, there are a total of 900 REs per TTI for L1/L2 control channels. These 900 REs need to be shared between DL reference signal, DL resource assignments and HARQ-ACK for UL-SCH in addition to UL grants. Table 2 provides an estimate of the amount of REs that would be required for each L1/L2 control channels per TTI, and what is expected to be remaining for UL grants.

Table 2 – Estimated use of REs by various DL L1/L2 control channels

	REs for L1/L2 control channel per TTI
	900

	REs for DL reference signal per TTI
	100

	REs for DL resource assignments per TTI
	150-300

	REs for HARQ-ACKs for UL-SCH per TTI
	50-100

	REs remaining for UL grants per TTI
	400-600


Assuming that DL reference signals are inserted every 6th sub-carrier of the 1st OFDM symbol and applying 3dB power boosting for the DL reference signals compared to uniform sub-carrier power distribution, DL reference signals will require 100 REs out of the 900 REs available for L1/L2 control channels per TTI. As for DL resource assignments, considering that most DL traffic would be VoIP traffic (when we consider operation at UL VoIP capacity) that are handled by the “persistent async adaptive” DL scheduling, DL resource assignments might not consume that many REs since they are only needed for HARQ retransmissions. However, it is noted that traffic other than VoIP requiring dynamic scheduling may exist in the DL direction as DL VoIP capacity is higher than UL VoIP capacity [4], and the required REs for DL assignments per TTI on average is estimated to be somewhere between 150 and 300. As for the HARQ-Acks for UL-SCH, the same number of HARQ-Ack as the number of UL grants will be needed (i.e. at least 9.5), and the required REs for HARQ-Acks per TTI on average is estimated to be somewhere between 50 and 100. With these rough estimations, REs remaining for UL grants per TTI is expected to be between 400 and 600.

Considering the above, it is concluded that the UL VoIP capacity that can be obtained with “persistent scheduling” can only be achieved with normal dynamic scheduling only when the UL grant payload size is 20bits. However, it is noted that an UL grant payload size of 20bits is unrealistic if the 16bit UE ID is to be used for the UL grants. Furthermore, it is noted that the UL VoIP capacity simulations in [4] with “persistent scheduling” assumed a 12.2kbps AMR. If an operator really wants to increase VoIP capacity, the operator can use a lower code rate for VoIP (e.g. 7.95kbps), in which case the UL VoIP capacity would increase if “persistent scheduling” is performed, but not with dynamic scheduling since the UL grant capacity will stays the same. Another point to note is that in [4], 3 OFDM symbols per TTI have been reserved for L1/L2 control channels. If the number of OFDM symbols per TTI reserved for L1/L2 control channel is reduced to 2, UL VoIP capacity would increase in case “persistent scheduling” is applied. But not for the case of dynamic scheduling since the UL grant capacity would then decrease.
Considering the above, handling UL VoIP traffic by normal UL grants (even with optimized UL grant payload size) addressed to single UEs is not efficient, and an optimized scheduling method (e.g. “persistent scheduling”) is required to handle UL VoIP traffic efficiently.
3
Conclusion

Taking into account the study that was performed in the document, it is suggest for RAN WG1 to recommend RAN WG2 to study optimized UL scheduling schemes to handle VoIP from the performance point of view when replying to the RAN2 LS [3]..
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Annex – Simulation assumptions in [4]
	Parameter
	Value

	System bandwidth
	5 MHz

	Sub-frame length (=TTI length)
	1.0 msec

	Cellular layout
	Hexagonal grid, 19cell sites, 3 cells per site

	Inter-site distance (ISD)
	500 m

	Minimum distance between UE and cell site
	35 m

	Distance dependent path loss
	128.1 + 37.6log(r)

	Penetration loss
	10 dB

	Shadowing correlation
	0.5 (inter-site) / 1.0 (intra-site)

	Channel model
	6-ray Typical Urban

	Maximum Doppler frequency
	55.5 Hz

	Maximum Node B transmission power
	43 dBm

	Maximum UE transmission power
	24 dBm

	Number of Node B transmitter antennas
	1

	Number of UE transmitter antennas
	1

	Number of Node B receiver antennas
	2

	Number of UE receiver antennas
	2

	Node B antenna pattern (antenna gain)
	0 dBi

	Node B noise figure
	5 dB

	UE noise figure
	9 dB

	Control delay (AMC, scheduling)
	4.0 msec

	HARQ
	Combining scheme
	Chase combining

	
	Round trip delay
	6.0 msec

	
	Maximum number of retransmissions
	8

	Number of OFDM symbols used for L1/L2 control channel
	3

	Codec
	RTP AMR 12.2, Source rate 12.2kbps

	Encoder frame length
	20 msec

	Voice activity factor
	50% (c = 0.01, d = 0.99)

	SID payload
	Modelled

15 bytes (5bytes + header)

SID packet every 160 msec during silence period

	Protocol overhead with compressed header
	10 bit + padding (RTP-pre-header)

4 byte (RTP/UDP/IP)

2 byte (RLC/security)

16 bits (CRC)

	Total voice payload on air interface
	40 bytes (AMR 12.2)
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