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Discussion
Following the decision at the WG1#46 meeting in Tallinn regarding the TTI size of 1 ms as well as the PRB size of 12 sub-carriers, we want to re-evaluate some of the statements given in [4]. Given the decisions in [5], we will present an evaluation of the needed minimum scheduling unit needed for proper operation of LTE. 
1 Introduction

For this contribution, we will redo the assessment in [4] conducted for a PRB size of 12 sub-carriers and an allocation of only sub-frame within a TTI to one UE. Here, some modification is conducted to take into account the new TTI structure for scheduled transmissions in [5]. The typical packets discussed in [1] as well as RRC messages discussed here are summarized in Table 1. The packets are related to certain services:
· VoIP (uplink and downlink): In addition to the traditionally assumed VoIP pattern, we consider silence indicators (SIDs) which are sent to improve the “comfort noise” during voice inactivity periods. We assume that the VoIP (and streaming) service does not benefit from any TCP ACK operation (due to delay budget and packet error tolerance).
· TCP/IP in uplink (e.g. ftp upload or email): We assume that TCP sends 1 ACK per 1500 byte MSS in the downlink (to maintain the worst-case thinking, we don’t consider the option of delayed acknowledgement; e.g. using 1 ACK per 2 MSSs). Knowing the effective UL user data rate we can calculate the ratio of TCP ACK in downlink per user (the example given in the ta.ble).
· TCP/IP in downlink (e.g. http, email, ftp): As For the downlink direction, we also assume 1 ACK sent per MSS in uplink. The rate can be calculated from the downlink user throughput.
Further, during TCP inactivity (no transfer, but TCP connection is not terminated) we assume that "keep-alive-messages" (KAMs) are transmitted. The transmission rate is taken from an application example (yahoo messenger).
For a single VoIP user, approximately 39 small packets (VoIP, SID, RRC) are assumed transmitted in each direction per second, given that there is a voice activity of 50%. For a TCP/IP service, around 21 small packets (TCP ACK, RRC) are assumed per second in both links. As can be seen from Table 1, the KAM traffic can be neglected (the inactive/active ratio has to be in the order of 200-300 for KAM to be significant). In addition to the packet sizes listed in Table 1, we assume a 32 bit header (e.g. from MAC) which also needs be transmitted over the physical layer. The exact header overhead is for further study.
Table 1 - Overview of the considered small packets and default assumptions.

	Packet type
	Size (bits)
	Rate (#/s/user)
	Comments

	VoIP data
	200-296
	50
	Only sent during activity periods.

	SID
	96
	7-8
	ROHC assumed. Only transmitted during voice inactivity periods). See [3].

	TCP ACK
	56
	11
	ROHC assumed. MSS=1500 bytes. Exemplified here by 128kbit/s TCP/IP user. ACK assumed for every MSS. Only during activity period.

	TCP KAM
	56
	0.03
	Example from yahoo messenger. ROHC assumed. Only during inactivity periods.

	RRC message
	250
	10
	Used for e.g. HO reports, service profile negotiation, DRX, etc. Size includes MAC header size etc (as opposed to other packets listed).


2 PRB size and link quality
We here consider the impact of going from 0.5 ms TTI to a 1 ms TTI. As similar aspect was discussed in [4] going from 25 sub-carrier PRB to 12 sub-carrier PRB and as no significant performance difference was found, the same findings are expected here. For the 1 ms TTI to cause losses, a fundamental assumption is that the abovementioned packets can fit into the smaller 12 sub-carrier RB and one sub-frame. Using optimistic link and system assumptions
, we have achieved the cell-level probabilities for supporting the packet sizes listed in Table 1 within a single 12 sub-carrier PRB and a single 0.5 ms sub-frame. The simulation approach is given as follows:

· Dynamic link adaptation simulations using Round Robin packet scheduling are conducted to obtain a probability distribution for the modulation and coding schemes for the given propagation scenario. With longlived or semi-static allocation, opportunistic scheduling is not possible.
· Knowing the number of available data symbols per PRB and the packet size for a given traffic type, we can estimate the probability that we can fit such a packet within the PRB.

· We assume that 3 OFDM symbols are allocated for control signalling and that remaining OFDM symbols over 2 successive sub-frames are divided to two data packets (e.g. 5.5 OFDM symbols per data TTI).

These probabilities are listed in Table 2 assuming a 5.5 OFDM symbol TTI (aka 0.5 ms) with 12 sub-carrier PRB. A 200 bit VoIP packet can with high modulation order fit within a single PRB12 with 8% and 23% in macrocell and microcell respectively. It should be noted that these results are generated using fast link adaptation, which would not be feasible in the case of persistent scheduling.
Table 2 – Cell-level probability of supporting the small packets within a single 12 sub-carrier PRB with 5.5 OFDM symbols.
	Packet type (including MAC header overhead of 32 bits)
	Required MCS to fit packet and headers into 12 subcarrier PRB with a TTI size of 0.5 ms
	Macrocell
	Microcell

	VoIP data (232 bit)
	64-QAM, rate 0.60
	12%
	45%

	VoIP data (328 bit)
	64-QAM, rate 0.80
	3%
	31%

	SID (128 bit)
	16-QAM, rate 0.50
	35%
	78%

	TCP ACK (88 bit)
	QPSK, rate 0.65
	65%
	89%

	RRC message (282 bit)
	64-QAM, rate 0.70
	8%
	37%


3 Impact of PRB size on system performance
To map the above findings to system level, some simple simulations have been conducted. We assume worst-case that all abovementioned packets are sent individually; e.g. no packets are multiplexed to increase the packet efficiency for the same user (this also applies to VoIP packets, which are sent separately). For services like e.g. VoIP, packet bundling can be effectively used provided that information about the service is known at the eNode-B. However, this is not investigated in this contribution. We further assume that all persistently scheduled PRBs are shared by two UEs at the same time. Again, we assume the same link and system assumptions mentioned in the past section.
We assume both microcell and macrocell environment and consider both a pure TCP/IP and a pure VoIP environment. We investigate the freed capacity of going to a sub-frame level allocation (e.g. 5.5 OFDM symbols per TTI) and view it in terms of capacity gain (in equivalent data capacity for TCP/IP traffic assuming advanced scheduling). The environments and results are given in Table 3.

Table 3 – Downlink simulation results comparing 0.5 ms and 1 ms TTI.
	
	Macrocell
	Microcell

	VoIP case:
	
	

	# VoIP users (assumed for exemplification)
	300
	400

	Equivalent cell capacity gain of 0.5 ms TTI (%)
	3.1%
	2.3%

	TCP/IP case (DL/UL):
	
	

	# TCP/IP users (assumed for exemplification)
	50
	100

	Equivalent cell capacity gain of 0.5 ms TTI (%)
	0.9%
	1.9%


Even with the worst-case assumptions taken here, there is limited gain on the order of 1-3%. If we assume per user multiplexing of smaller packets and more intelligent packet scheduling, the gains will be smaller. Further, gains are smaller provided that a 296 bit VoIP packet size is assumed (in which case the available gain will be less than 2% in microcell).
4 Conclusions

We have shown from simple link and system simulations that the potential gain of introducing a persistently scheduled resource unit of one PRB with duration of 0.5 ms will be very limited, and we suggest that this option is not included as it would involve larger considerations of TTI division etc.
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� 2x2 antenna setup, SFC, TU, 3 km/h, with ideal channel estimation. Link adaptation is conducted according to BLEP target of 10% for 1st transmission.





