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1
Introduction

In [1] the default assumption for packet scheduling in E-UTRAN is dynamic allocations, i.e. radio resources are explicitly allocated at each radio sub-frame for both downlink and uplink transmission. The main reason for using dynamic allocations on a sub-frame basis is the possibility to perform fast channel-dependent scheduling both in frequency and in time domain. Also, dynamic radio resource allocation can guarantee adaptability to fast traffic variations. On the other hand, with a fully dynamic scheduling approach radio resource allocations are signalled to the UE once every sub-frame. This can potentially introduce a significant signalling overhead, especially for low data rate services having small, frequent packets with stringent delay requirements like VoIP or real time gaming. The signalling overhead consists of dynamic radio resource allocations, and of information to support channel-dependent scheduling and fast AMC in both downlink (CQI) and uplink (reference signals for channel sounding). In this contribution we try to emphasize the relation between VoIP capacity and related signalling overhead due to scheduling in E-UTRAN. In particular, we focus on the downlink signalling overhead from allocating uplink radio resources to VoIP users. Though this contribution mainly concentrates on uplink radio resource allocation, the signalling overhead from scheduling downlink VoIP traffic has also an impact on the overall VoIP capacity, and should therefore be taken into account [3]. 
2
VoIP capacity and relative signalling overhead
There are several aspects that have an impact on the maximum VoIP capacity and on the corresponding signalling overhead from allocating radio resources on a TTI basis. In the following, some of these issues are addressed.
First of all, the maximum number of users that can be frequency-multiplexed in each sub-frame has an impact on both VoIP capacity and on signalling overhead. The maximum number of simultaneously scheduled users is upper-bounded by the number of frequency resource blocks available in the corresponding frequency spectrum (e.g. there are 24 physical resource blocks – PRB - in 10 MHz bandwidth). A reason for further lowering the number of users that are simultaneously frequency-multiplexed in one sub-frame is indeed to reduce the control signalling overhead.
The VoIP capacity and relative overhead are of course also influenced by the number of VoIP packets that can be transmitted to/from one UE during one TTI. This depends on a number of different factors:

· The delay budget of VoIP packets over the air interface - Since VoIP coders generate one VoIP packet every 20 ms, a scheduling delay budget of e.g. 40 ms allows the transmission of at maximum 2 VoIP packets per TTI. With values given in [4] for preferred end-to-end One way delay requirements for VoIMS, even longer delay budget values for transmitting VoIP packet over the air interface could be considered. 
· The maximum supportable data rate - For instance, with a 0.5 ms TTI a UE can only transmit/receive a VoIP packet of 320 bits if it can support an instantaneous data rate of approximately 320/0.5 = 640 kbps. 

· TTI length - In cases when the UE cannot support such data rate, either segmentation of VoIP packets or the use of TTIs longer than 0.5 ms is required. Both solutions have an impact one the VoIP capacity and/or signalling overhead.
An important role is also played by the HARQ assumptions. Typically, asynchronous adaptive HARQ guarantees a higher scheduling flexibility (hence higher VoIP capacity) than synchronous non-adaptive HARQ, but at the cost of increased signalling overhead (radio resource allocations need also be signalled for retransmissions). Synchronous HARQ is the current working assumption in E-UTRAN uplink [2]. 
Finally, the overhead is of course highly dependent on the number of bits a radio resource allocation consists of. This is determined by whether the allocation of non-adjacent resource blocks to the same UE is allowed
, by the length of the user ID in radio resource allocations, by the robustness of the coding scheme used to transmit radio resource allocations, etc.
3
Some overhead calculations
In this section, we present a few examples of overhead calculations. The underlying assumption for the computations in Table 1 is that half of the users are in DTX. Also, it is assumed that each radio resource allocation consists of 32 bits and is transmitted using QPSK with coding rate 1/3. Note that this assumption does not actually correspond to any specific signalling scheme discussed in RAN1. Rather the scope here is to give a general idea of the different aspects having an impact on the VoIP capacity and on the corresponding control signalling overhead. Therefore, the overhead numbers provided in this contribution should only be considered as indicative. 
The idea is to compute how many data symbols are in average used to schedule VoIP users in uplink. The downlink signalling overhead is defined as the percentage of data symbols used for radio resource allocations (see Figure 1). Note that using this definition, the signalling overhead is automatically increasing with the VoIP capacity. 
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Figure 1: The downlink control signalling overhead is defined
as the percentage of data symbols used for radio resource allocations
· Case 1 - In Table 1, we first considered a coverage-limited scenario where users can only support an instantaneous data rate of 200 kbps (QPSK 1/3 and one PRB). The maximum number of scheduled users per TTI is set to 18. With a TTI as short as the sub-frame length, VoIP packets need to be divided into several segments (4) before being transmitted over the air interface. This of course causes a significant increase in the downlink overhead; ca. 20% of the downlink resources are used for allocating VoIP users in uplink, while the target VoIP capacity (500 users/sector) is far from being fulfilled.

· Case 2 - A way to reduce the amount of downlink signalling is to limit the maximum number of scheduled users per TTI to e.g. 6 (reduction of a facto 3 compared to Case 1). However, this approach has the undesirable effect of reducing the VoIP capacity. Since in this specific case we are considering a coverage-limited scenario, the VoIP capacity also decreases by a factor 3 compared to Case 1.

· Case 3 - A better solution to reduce the downlink signalling overhead in coverage-limited scenarios is to use a longer TTI than 0.5 ms. With a TTI of 2 ms, the amount of downlink signalling is significantly reduced while the same VoIP capacity as in Case 1 is maintained.

Finally, in the last two examples we have considered a non-coverage-limited scenario where users can support a data rate up to 1.8 Mbps (16QAM 1/3 and over two frequency resource blocks).

· Case 4 - The target VoIP capacity can be met with a corresponding overhead of approximately 7%.

· Case 5 - Increasing the maximum delay budget in uplink from 20 ms to 40 ms opens for the possibility to transmit two VoIP packets per 0.5 ms sub-frame (packet bundling), and as a consequence the signalling overhead is reduced.
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VoIP packet size [bits]

320 320 320 320 320

Interarrival time

20 20 20 20 20

Maximum scheduling delay budget [ms] 20 20 20 20 40

Modulation scheme used for data transmission QPSK QPSK QPSK 16 QAM 16 QAM

Coding rate used for data transmission 1/3 1/3 1/3 3/4 3/4

Number of allocated frequency blocks 1 1 1 2 2

Instantaneous L2 data rate [kbps] 200 200 200 1800 1800

TTI [ms] 0,5 0,5 2 0,5 0,5

Number of allocations [#] 4 4 1 1 1

Number of transmitted data packets every [#] allocations 1 1 1 1 2

Asynchronous adaptive HARQ

FALSE FALSE FALSE FALSE FALSE

Average number of allocations per TTI 18,00 6,00 18,00 6,25 3,13

Target VoIP capacity [users/sector]

500 500 500 500 500

Expected VoIP capacity [users/sector] 360 120 360 500 500

System bandwidth [MHz]

10 10 10 10 10

Frequency block size [kHz]

375 375 375 375 375

Maximum number of scheduled users per TTI 18 6 18 18 18

Bits per allocation (including user ID, Modulation Scheme, TBS, etc.)

32 32 32 32 32

Modulation scheme used for Radio Ressource Allocations

QPSK QPSK QPSK QPSK QPSK

Coding rate used for Radio Ressource Allocations

1/3 1/3 1/3 1/3 1/3

Overhead (percentage of data symbols available in one TTI) 20,6% 6,9% 5,1% 7,1% 3,6%


Table 1: Examples of downlink signalling overhead calculations
4
Conclusions

In this contribution we have presented a simple analysis of the required signalling overhead from radio resource allocations due to scheduling for low data rate services having small, frequent packets with stringent delay requirements. In particular, we have considered as an example the overhead from radio resource allocations to support uplink VoIP traffic. 
Notice that this overhead must be added to other types of overhead such as pilot overhead, overhead for CQI signalling, overhead from downlink radio resource allocations, etc. We have shown that there are a number of different aspects having an impact on the VoIP capacity and on the corresponding control signalling overhead:

· The link budget
· The TTI length
· The scheduling delay budget for VoIP packets over the air interface
· The maximum number of scheduled users per TTI
· Etc. 
As the overall impact of the control signalling overhead due to scheduling for low data rate services such as VoIP is highly depending on the system parameterisation such as scheduling delay budget and link budgets, the problematic scenarios should carefully be assessed. If the control signalling overhead is seen as a major issue in these scenarios, service agnostic methods to reduce the overhead should be considered together with their ability to provide improvements also in other scenarios. 
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� Adjacent resource block is the underlying assumption single-carrier transmission in uplink.





