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1 Introduction

Scheduling of real time (RT) services such as VoIP and gaming pose challenges in the uplink, due to the fact that the latency sensitive data arrives unpredictably in the UE buffer while the resource allocation is done by the eNode-B scheduler. For example, with an application like VoIP, while the voice packet arrival rate is known in advance during a talk spurt (i.e. 20ms frame arrival rate for AMR), the beginning of a talk spurt is of course not predictable by the eNode-B scheduler. In Release 6, the problem of quickly allocating resources for VoIP was avoided by using non-scheduled transmissions with E-DCH, which was possible with a CDMA air interface. While the orthogonal air interface in LTE allows for higher spectral efficiencies, it makes efficient scheduling of RT services more challenging as time-frequency resources must be explicitly allocated prior to data transmission on the UL-SCH. In this contribution we discuss the applicability of contention based vs. dedicated mechanism for uplink scheduling requests to support dynamic scheduling of RT services. 

2 Uplink Scheduling of RT Services

Many options exist for scheduling real time services in uplink. While both VoIP and gaming are of interest, we focus on VoIP in this contribution. 

2.1 Static Allocation of Uplink Resources for RT Services

A simple method to schedule an application like VoIP would be to statically pre-allocate time-frequency resources to each user (i.e. operate the system in a “circuit”-like mode).  Table 1 indicates the VoIP packet size for AMR 12.2kbps, and Table 2 illustrates the maximum number of UEs that can be frequency multiplexed into a single 1 ms TTI as a function of the selected MCS. We use the current numerology in [1] for a 5 MHz operating bandwidth, where there are 12 subcarriers per resource unit and hence 25 resource units total (note that we assume that only 11 LB are available for traffic, one LB is reserved for UL L1/L2 control signaling, and all 4 SBs are used for uplink reference signals). Finally, Table 3 indicates the maximum number of VoIP users that can be multiplexed into a 20ms superframe, using the results from Table 2, for different assumptions on the maximum number of HARQ transmissions. Note that as more aggressive MCS levels are chosen, a larger number of VoIP users can be multiplexed into a 20ms superframe.  

The simplest scheme would be to assign the same MCS for all VoIP users, and we must ensure that the selected MCS could be supported even by cell edge UEs. In [2] QPSK R=2/3 was seen to be an appropriate choice of MCS for VoIP, which would result in a maximum of 120 supportable VoIP UEs. Unfortunately this is not a significant gain in UL VoIP capacity compared to that achieved by the techniques considered under the Continuous Packet Connectivity work item in Release 7 [3][4].

A more efficient scheme would be to assign MCS levels based on the UEs achievable uplink SINR. UEs close to the cell would be assigned a more aggressive MCS to allow more efficient packing of UEs in the time frequency plane. 

	AMR 12.2 kbps
	No aggregation

	Packet size (bits)
	244

	RTP TOC+CMR (bits)
	10

	octet alignment (bits)
	2

	RoHC header (bits)
	32

	MAC header (bits)
	18

	CRC size (bits)
	24

	Total (bits)
	330


Table 1: VoIP packet size for AMR 12.2kbps

	AMR 12.2kbps with no frame aggregation
	QPSK R=1/3
	QPSK R=1/2
	QPSK R=2/3
	16 QAM R=1/2

	Num coded symbols per speech frame
	495
	330
	248
	124

	coded symbols per OFDM symbol
	45
	30
	23
	12

	Num required resource units
	4
	3
	2
	1

	Max num FDM users per 1ms TTI
	6
	8
	12
	25


Table 2: Analysis of the maximum number of VoIP UEs that can be multiplexed into a single 1 ms TTI in a 5 MHz bandwidth. Assumes resource unit bandwidth of 180 kHz (12 subcarriers), and that 1 LB is reserved for UL control signaling, and 11 LBs available for data.

	Max number of connected UEs with AMR 12.2kbps (no frame aggregation)
	Max Num HARQ Tx

	Max Num HARQ Tx
	2
	3
	4

	QPSK, R=1/3
	60
	40
	30

	QPSK, R=1/2
	80
	53
	40

	QPSK, R=2/3
	120
	80
	60

	16-QAM, R=1/2
	250
	167
	125


Table 3: Breakdown of the maximum number of VoIP UEs that can be multiplexed into a 20ms superframe. 

2.2 Dynamic Allocation of Uplink Resources for RT Services

The problem with static allocation of resources for an application like VoIP is that such a scheme is very inefficient, as it does not capitalize on the statistical multiplexing offered by the voice activity factor (VAF) and HARQ early termination. That is, the VoIP traffic will in general use less than 50% of the resources that have been statically allocated to it. The most efficient method of scheduling VoIP in UL would be to allocate the appropriate amount of uplink resource only when the UE has a talk spurt, and to allocate minimal resources when the user is not speaking in the uplink (i.e. only SID frame transmission). In this way the eNode-B scheduler would allocate and de-allocate resources to VoIP users depending on the traffic activity and HARQ early termination. The main obstacle faced by this type of dynamic resource allocation for latency sensitive applications is the fact that there may be significant delay between the time that data packets arrive in the UE buffer to the time when the eNode-B scheduler allocated uplink resources for the UE to transmit the buffered data packets. Hence the mechanism by which the UE requests uplink resources needs to be examined closely in the context of supporting RT services.

2.2.1 Using Reduced Scheduling Request Messages for RT Services
Before discussing contention based vs. dedicated channels for sending UL scheduling requests, we point out that RT services do not necessarily need the same level of detail in the scheduling information as that used for best effort types of services. UL scheduling information typically contains information on the UE buffer occupancy, priority of data in the buffer, and UE power (or power spectral density) headroom; the total information can be conveyed in ~20 bits. Now for an application like VoIP, the scheduling information can be significantly reduced and the eNode-B scheduler would still be able to efficiently schedule this service. For example, at the most extreme it would be sufficient for the eNode-B scheduler to simply know that a new voice packet has arrived in the UE buffer at the beginning of a talk spurt, which could be conveyed with one bit; information on the amount of data in the buffer could be known in advance via the apriori knowledge of the VoIP traffic parameters (vocoder rate, aggregation level, etc.). Therefore, it would make sense to define a Reduced Scheduling Request Message (R-SRM) for RT services, which in indicates the minimal amount of information to the eNode-B scheduler. For VoIP a single bit may be sufficient, which will be used to indicate the arrival of a new data packet in the UE buffer when the UE does not have any valid resource to transmit the data on the UL-SCH. 

2.2.2 Contention Based UL Scheduling Request

UL scheduling requests for users in LTE_ACTIVE state can be sent via the synchronized RACH, which is expected to be able to support the transmission of ~20 bits of information. Unfortunately, even if synchronized RACH attempts are provided as frequently as 5ms, the access delay standard deviation is ~30ms for a RACH loading of 0.2 [5]. Note that the desired air interface latency for the VoIP packet transmission itself is expected to be ~40ms [1, Table 8.1.1-1]; hence the use of contention based access for RT services with tight latency constraints is not recommended due to the unpredictable delays and dependence on unpredictable loading conditions.

2.2.3 Dedicated UL Scheduling Requests

An alternative to sending UL scheduling requests via a contention based channel is to use a dedicated channel. The dedicated channel can be provided in several ways:

1. Polling: eNode-B can periodically assign a small UL resource (i.e., the R-SRM described earlier) to each UE in which it can transmit its scheduling request. This will lead to deterministic timing between the time the UE requests uplink resources to the time it receives a scheduling grant. Unfortunately the resource consumption can be high, especially when supporting a large number of VoIP UEs (e.g. ~200 UEs in 5 MHz)

2. Merging Scheduling Request with Existing UL Dedicated Channel: The scheduling request (or R-SRM) could be combined with an already existing dedicated channel in the UL, such as an L1/L2 control channel. A good choice would be the channel used to carry CQI information to support downlink scheduling, as it is expected that the CQI will be transmitted on the order of 10ms for an application like VoIP (based on experience with HSDPA). The other advantage would be that intra-cell power control techniques are likely to be used to tightly control the error rate on the CQI channel. The use of the CQI channel for carrying uplink scheduling requests has also been suggested in [6][7]. The combination of the scheduling request message and the CQI could be done via joint-coding as illustrate in Figure 1, or the use of superposition coding as described in [1] for ACK/NACK and CQI. Figure 1(b) illustrates the partition of the codeword space in the case where a R-SRM of 1 bit is used. This addition of a single-bit fast-scheduling request to the CQI can be seen to be analogous in some ways to the “happy bit” in the Release 6 specification of E-DCH. 
Note also that if the R-SRM has a larger number of bits, say ~5 bits (still significantly less than a full scheduling request message), it can still be combined with the CQI through joint coding. In fact, for an application like VoIP, we typically do not need that same level of detail in CQI reports to support the downlink as needed by best effort applications which rely more heavily than VoIP on channel sensitive scheduling; therefore we could consider a separate mode for VoIP (and other symmetric RT services) in which the number of bits on the CQI channel is reduced, and a R-SRM is combined with a reduced CQI channel in the uplink. Note that the regular scheduling information can still be sent via the synchronized RACH and/or piggybacked on the UL-SCH with user data in the case the UE also needs to transmit best effort data.
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Figure 1: (a) Jointly coding a reduced scheduling request message (R-SRM) together with CQI information in UL. (b) visualization of codeword space for decoding R-SRM and CQI

The pros and cons of dedicated scheduling requests compared to contention based scheduling requests are:

Pros: 

· Predictable latency

· Can be power controlled for tight control on error rate [8]

· Can be designed to carry a larger number of bits (compared to contention based access) because of the orthogonal resource allocation (i.e. can operate at a lower C/I compared to contention based access). 

Cons: Requires dedicated, pre-allocated bandwidth for each user in LTE_ACTIVE state (although this can be done efficiently with option 2 above)

3 Conclusions

· Static allocation of resources for RT services avoids the need for fast UL scheduling requests, but is ultimately limited in terms of the number of supportable users, and makes inefficient use of the air-link resources. Dynamic UL scheduling of RT services makes much more efficient use of the air-link resources.

· Dynamic UL scheduling of RT services requires a fast uplink resource request mechanism

· Contention-based access for UL scheduling requests may not be appropriate for dynamic scheduling of RT services due to unpredictable access times

· Dedicated channels for UL scheduling requests for RT services can be realized through merging scheduling information with pre-existing UL dedicated channels (i.e. data-non-associated control channels like the CQI channel)
· Scheduling request messages for RT services can be reduced compared to scheduling request messages for best effort services

· For symmetric RT services (such as VoIP), the required CQI feedback granularity can be reduced on DL, and the extra bits can be used to include a reduced scheduling request message for UL scheduling.

· Even with the use of reduced scheduling request messages, regular scheduling information can be sent via contention-based access (i.e. the synchronized RACH) or be combined with user data on the UL-SCH.
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