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USF Granularity 1 allocation schemes evaluation
1 Introduction

The behavior when using USF granularity 1, i.e. allocating four RTTI radio blocks, for the case where BTTI USF mode is used in RTTI configurations has been agreed and introduced in the specification [1].

During GERAN #34bis meeting different suggestions regarding the allocation of the four RTTI radio blocks for the case when USF granularity 1 in conjunction with the usage of the RTTI USF mode in RTTI configurations has been made.

This paper evaluates the simulation results of three different RTTI radio blocks allocation schemes for this case with respect to the requirements on VoIP performance assuming that this will be one of the typical services utilizing RTTI configurations.

2 RLC non-persistent mode 

The VoIP service is operating in RLC-non-persistent mode, which is achieved by having a timer at both sending and receiving side. The timer is started at the transmitting side upon the first transmission of a given RLC block with a certain block sequence number, BSN. When the timer expires, the block is discarded whether it may have been positively acknowledged or not. Similarly, on the receiving side, any RLC block that has not been successfully received before the timer expires will be considered lost and any related LLC-PDU will be delivered as erroneous to higher layers. The RLC window size will be dependent on the number of re-transmissions possible (given the latency requirements of the service), the number of TS allocated to the user and the RTT of the system. The RLC window size used is 64.
3 VoIP
The VoIP service is run in RLC non-persistent mode, where the non-persistent timer value is chosen so that an end-2-end delay for the speech frames remains below a maximum of 300 ms. 
The requirements of the VoIP service are: end-2-end speech frame delay of maximum 300 ms and frame erasure rate, FER, of ≤ 2 %.
Only 10 ms TTI has been considered in the simulations since BTTI will not be able to fulfill the VoIP requirements at radio conditions close to the cell border (if not blind retransmissions are used, which will consume excessive bandwidth) as shown in ‎[2]. The reduced TTI is achieved by dual timeslot both for the DL the UL.
The simulations have been conducted in a single-user scenario. Single-user means, in this context, that there is only one mobile assigned per packet channel, i.e. although there are two users (for e2e); they have not been allowed to interfere with each other.  Thus, more users can be served by one base station or cell (and even TRX) and the results in this section are still applicable. The mobile is assigned with 4 timeslots downlink and 4 timeslots uplink in all scenarios. 
It is assumed that the LLC frames (IP-packets) are delivered in sequence from the receiver in each link. E.g. in the UL the frames are put in-sequence at the BSC before delivered to the CN, thus they will be delivered in-sequence from the BSC on the DL.
3.1 Evaluation

The VoIP service is evaluated by:
1. Speech frame delays

2. FER (e2e) of VoIP-packets, which is equivalent to the FER of speech frames.

Four different RTTI radio blocks allocation policies have been evaluated, which are illustrated in Table 1 below, where each frame correspond to one radio block period/ TTI (10ms) and the X’s mark RTTI radio block allocated instants.
Table 1 - Illustration of the four different allocation variants.
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4 About the Simulations
The latency performance evaluations have been done using a protocol simulator that implements and models all higher level protocols such as ROHC, UDP, RTP and IP as well as the full (E)GRPS protocol stack  The simulator allows e.g. for control of RLC/MAC related functionality such as scheduling, polling procedures, MCS selection, etc. It is also possible to control timeslot assignment and allocation as well as how the mapping of individual radio bursts is done onto the physical carrier plus more.

 A collection of the more important simulation parameters used is given in ‎Annex A
VoIP has been simulated in C/I=10dB and MCS-2. 
The speech coding used in the VoIP simulations is summarized in Table 2 below.

Table 2 - Speech coding assumptions for VoIP

	Parameter
	Value

	Speech coding
	AMR 7.95

	Speech frames / IP packet
	2

	Total AMR Data
	42 bytes

	Total RTP+UDP+IP Headers
	12 byte RTP + 8 byte UDP + 20 byte IP = in total 40 bytes.

	ROHC
	Yes. Compresses the total RTP+UDP+IP Headers down to at best 3 bytes in its optimal compression state.


The simulations have been carried out both with and without receiver diversity in the UL. The scenario simulated was interference limited, thus IRC has been used as receiver algorithm.
5 Results
5.1 FER

Table 3 below summarizes FER values from the VoIP sessions. 
Table 3 - average FER

	USF Scheduling
	MCS-2, C/I=10dB

	
	No IRC
	IRC

	Normal
	0.5%
	0.3%

	Every other
	1.1%
	0.3%

	Two in a row
	1.0%
	0.3%

	Four in a row
	1.6%
	0.3%


5.2 Successfull calls

Table 4 shows how many calls that was successful.
Table 4 – Percentage of the calls that was a success, i.e. FER<2%
	USF Scheduling
	MCS-2, C/I=10dB

	
	No IRC
	IRC

	Normal
	100%
	100%

	Every other
	100%
	100%

	Two in a row
	100%
	100%

	Four in a row
	80%
	100%


5.3 Speech frame delay (ms)

To see some delay information all voice frames from all calls has been summarized and values of interest is shown in table 5. Also the cdfs can be seen in figure 1 and 2.
Table 5 – All voice frames from all calls collected in ms

	UsfScheduling
	MCS-2, C/I=10dB

	
	No IRC
	IRC

	
	min
	med
	aver*
	98th
	stdev*
	min
	med
	aver*
	98th
	stdev*

	Normal
	138
	149
	164
	246
	29
	138
	145
	158
	218
	26

	Every other
	138
	173
	182
	281
	38
	138
	152
	163
	223
	26

	2 in a row
	138
	170
	181
	277
	36
	138
	158
	166
	230
	27

	4 in a row
	138
	180
	187
	290
	37
	138
	167
	173
	247
	29


*of the frames that actually was received
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Figure 1 - Voice frame delays for IRC on, C/I=10dB and MCS-2
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Figure 2 - Voice frame delays for IRC off, C/I=10dB and MCS-2


6 Conclusions
In the non-IRC cases, there is clearly not much difference between the ‘every-other’ and the ‘two-in-a-row’ schemes. The ‘four-in-a-row’ scheme shows a higher FER, even though it still lies below 2% in average. However, this scheme only shows an 80% success rate for the VoIP calls, whereas the other configurations were 100% successful. The frame delays are similar, but a little worse for the ‘four-in-a-row’ case than for the other two.

In the IRC cases on the other hand, there is no major difference between the three schemes with respect to FER, since every simulated setup lie well below the 2% FER limit. From the frame delays shown in Table 5 as well as the CDF plots of Figure 1 however, it can be clearly seen that the ‘every-other’ scheme gives lower delays than the both other schemes. The ‘four-in-a-row’ is definitely the worst candidate.

The conclusion, based on the results evaluated above, is therefore that out of the three investigated schemes the ‘every-other’ scheme shows the best overall performance and therefore should be adopted in the specification.
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Annex A Simulation Assumptions
	Simulation time
	200s


	C/I
	10 dB

	Receive diversity
	Both yes and no. When yes, receive diversity on the UL, utilized with IRC.

	MCS
	MCS-2

	Multipath Channel Profile
	Typical Urban

	Terminal speed
	3 km/h

	Frequency hopping
	Ideal

	Frequency Band
	900Mhz


	Speech coding
	AMR 7.95

	Speech frames / IP packet
	2 which equals 40ms speech framing

	ROHC
	Yes. Compresses the total RTP+UDP+IP Headers down to at best 3 bytes in its optimal compression state

	AMR encoding/decoding delay
	15ms

	Total AMR Data
	42 bytes

	Total RTP+UDP+IP Headers
	12 byte RTP + 8 byte UDP + 20 byte IP = in total 40 bytes.


	RLC non-persistent
	Yes. Timer set to 125ms

	Pre-Emptive transmissions
	UL=on, DL=off

	RLC window size
	64

	RLC timer retransmit prohibit
	40ms

	Reporting strategy
	FANR, as specified in e.g.  

	RRBP (for legacy reporting)
	10ms TTI: 6/7 . These values correspond to 20ms reaction time in the mobile for an RRBP poll (after reception of the RRBP poll block). 


	Abis delay, UL/DL
	10ms /10ms

	TTI
	10ms applicable both to data and RLC/MAC control signaling.
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