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GERAN Evolution – Application Gains from Reduced TTI and Shorter RRBP
1 Introduction

There are continuous discussions whether Reduced TTI (RTTI) would give gains to different end-user services or not. This document intends to bring this discussion forward by analysing three traffic cases with use of a simulator:

1. End-to-end latency with Ping

2. Conversational service over packet data (VoIP)

3. E-mail receiving and sending

Even though low-delay services, such as a conversational service or real-time multi-player gaming, over packet data in GERAN may be the drivers for a Reduced TTI, it is still of significant interest to analyse whether other services would gain from a Reduced TTI or not. Earlier contributions have analysed a web service, and this document analyses e-mail sending and receiving. The Ping analysis could be seen as a background to any further discussions whether a Reduced TTI has any potential to give gains to end-user services or not.

The analysis is made for single-user cases as well as for multiplexing of users in multiple-user cases. The analysis for the RTTI cases is only done for 10ms TTI, where 5ms TTI most likely will give larger end-user performance gains and could be further studied. The RTT mode used is ”active RTT”, which means that TBF setup procedures are not considered.
2 Single-user cases

2.1 Introduction

Single-user cases have been analysed with simulations for Ping, VoIP and e-mail sending and receiving. Single-user means, in this context, that there is only one mobile reserved per packet channel. 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 reserved with 4 timeslots downlink and 4 timeslots uplink in all scenarios for a fair comparison. For the VoIP cases, this is applicable to both the talker and the listener. For the RTTI cases, Dual-carrier is used in the downlink, whereas Dual-timeslot is used in the uplink to achieve the 10ms TTI. The only used Ack/Nack enhancement is a shorter RRBP. Neither event based Ack/Nack nor piggy-backing of Ack/Nacks are included in the simulations. RLC/MAC control signalling is transmitted with the same TTI as the data blocks.
2.2 Ping

End-to-end latency is typically benchmarked with a Ping traffic case. The default Ping size is 32 bytes which typically ends up with 70 bytes of RLC data: 32 bytes ICMP payload, 8 bytes ICMP header, 20 bytes IP header and 10 bytes LLC/SNDCP header. 70 bytes is valid both for request and response. The simulations performed uses 70 bytes as RLC data payload in uplink as well as downlink, and the Pings are sent back-to-back. For more details about typical RLC flow-graphs for the Ping case (single-user), see [3].
The simulation parameters used in the Ping simulations are listed in table 11.
The results from the simulations are summarized in table 1.
Table 1: Results for the single-user Ping simulations (milliseconds)
	
	MCS-5 
	MCS-6
	MCS-7

	
	Min
	Med-ian
	Ave
	95th 
	Min
	Med-ian
	Ave
	95th  
	Min
	Med-ian
	Ave
	95th

	C/I
 9dB
	20msTTI
	129
	164
	208
	387
	129
	264
	225
	386
	
	
	
	

	
	10msTTI
	81
	125
	133
	223
	72
	144
	124
	216
	
	
	
	

	
	Gain [%]
	37%
	24%
	37%
	42%
	45%
	46%
	45%
	44%
	
	
	
	

	C/I
15dB
	20msTTI
	
	
	
	
	
	
	
	
	130
	263
	213
	270

	
	10msTTI
	
	
	
	
	
	
	
	
	72
	143
	119
	166

	
	Gain [%]
	
	
	
	
	
	
	
	
	45%
	46%
	44%
	39%


A detailed study of every sample in the simulation results shows that approximately 40% of the RTTI samples give Ping times below 100ms. The same figure for legacy 20ms TTI is 0%. This is applicable to both C/I 9dB and 15dB for the given MCSs. It is expected that the number of samples below 100ms will be higher (for the RTTI case) when a more robust MCS is chosen. This shows that the 100ms objective (ref [4]) is reached for at least 40% of the samples, even with an aggressive MCS, in non-ideal radio conditions.
2.3 PS Conversation Service, VoIP
A conversational service over GERAN packet data is analysed in this section. The scenario analysed is a mobile to mobile conversation, and the results are presented in mouth-to-ear delay for the different scenarios. 
The VoIP scenarios assume 2 AMR 7.95 frames per IP packet, which correspond to 40ms of speech per IP packet. It also assumes in-order-delivery of LLC packets and TCP/IP header compression, which makes one LLC fit into an MCS-5 (or higher) RLC data block.
The simulation parameters used in the VoIP simulations are listed in table 11.
The results, expressed as mouth-to-ear delay, from the simulations are summarized in tables 2 and 3.

Table 2: Results for the single-user VoIP simulations (milliseconds), C/I 9dB
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Table 3: Results for the single-user VoIP simulations (milliseconds), C/I 15dB
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The highlighted values in tables 2 and 3 are further discussed in Conclusions. 

2.4 E-mail

An e-mail service is analysed in this section. The scenarios analysed are sending of an e-mail using the SMTP protocol and reception of an e-mail using the POP3 protocol.
The simulation parameters used in the e-mail simulations are listed in table 11.
2.4.1 E-mail sending, SMTP

The scenario analysed is sending of an e-mail using the SMTP protocol.  A flow-graph of a typical SMTP scenario is described in Annex B.
The results, expressed as session time, from the simulations are summarized in tables 4 and 5.
Table 4: Result for the single-user SMTP simulations (milliseconds). E-mail of 5kbytes plain text.
	
	MCS-5 
	MCS-6
	MCS-7

	
	Min
	Med-ian
	Ave
	95th 
	Min
	Med-ian
	Ave
	95th  
	Min
	Med-ian
	Ave
	95th

	C/I
9dB
	20msTTI
	3240
	4090
	4100
	4600
	3740
	4600
	4600
	5110
	
	
	
	

	
	10msTTI
	2410
	2880
	2900
	3240
	2480
	3030
	3050
	3450
	
	
	
	

	
	Gain [%]
	26%
	30%
	29%
	30%
	34%
	34%
	34%
	32%
	
	
	
	

	C/I
15dB
	20msTTI
	
	
	
	
	
	
	
	
	3090
	3790
	3820
	4300

	
	10msTTI
	
	
	
	
	
	
	
	
	1880
	2310
	2310
	2590

	
	Gain [%]
	
	
	
	
	
	
	
	
	39%
	39%
	40%
	40%


Table 5: Result for the single-user SMTP simulations (seconds). E-mail of 5kbytes plain text plus 100kbytes attachment.
	
	MCS-5 
	MCS-6
	MCS-7

	
	Min
	Med-ian
	Ave
	95th 
	Min
	Med-ian
	Ave
	95th  
	Min
	Med-ian
	Ave
	95th

	C/I
9dB
	20msTTI
	19.5
	20.3
	20.3
	21.2
	19.2
	20.7
	20.7
	21.6
	
	
	
	

	
	10msTTI
	18.7
	19.5
	19.4
	19.9
	17.9
	18.7
	18.7
	19.3
	
	
	
	

	
	Gain [%]
	4%
	4%
	4%
	6%
	9%
	9%
	10%
	11%
	
	
	
	

	C/I
15dB
	20msTTI
	
	
	
	
	
	
	
	
	13.1
	13.9
	13.9
	14.7

	
	10msTTI
	
	
	
	
	
	
	
	
	10.7
	11.4
	11.4
	11.8

	
	Gain [%]
	
	
	
	
	
	
	
	
	18%
	18%
	18%
	20%


2.4.2 E-mail receiving, POP3

The scenario analysed is a reception of an e-mail using the POP3 protocol. A flow-graph of a typical POP3 scenario is described in Annex B.
The results, expressed as session time, from the simulations are summarized in tables 6 and 7.
Table 6: Result for the single-user POP3 simulations (milliseconds). E-mail of 5kbytes plain text.
	
	MCS-5 
	MCS-6
	MCS-7

	
	Min
	Med-ian
	Ave
	95th 
	Min
	Med-ian
	Ave
	95th  
	Min
	Med-ian
	Ave
	95th

	C/I
9dB
	20msTTI
	3500
	4080
	4130
	4680
	3970
	4650
	4660
	5210
	
	
	
	

	
	10msTTI
	2480
	2870
	2900
	3220
	2490
	3000
	3000
	3270
	
	
	
	

	
	Gain [%]
	29%
	30%
	30%
	31%
	36%
	36%
	36%
	37%
	
	
	
	

	C/I
15dB
	20msTTI
	
	
	
	
	
	
	
	
	3020
	3610
	3600
	3910

	
	10msTTI
	
	
	
	
	
	
	
	
	1870
	2240
	2230
	2460

	
	Gain [%]
	
	
	
	
	
	
	
	
	38%
	38%
	38%
	37%


Table 7: Result for the single-user POP3 simulations (seconds). E-mail of 5kbytes plain text plus 100kbytes attachment.
	
	MCS-5 
	MCS-6
	MCS-7

	
	Min
	Med-ian
	Ave
	95th 
	Min
	Med-ian
	Ave
	95th  
	Min
	Med-ian
	Ave
	95th

	C/I
9dB
	20msTTI
	26.1
	27.4
	27.4
	28.6
	27.3
	28.9
	28.8
	29.6
	
	
	
	

	
	10msTTI
	20.6
	21.8
	21.7
	22.2
	21.0
	22.6
	22.5
	23.1
	
	
	
	

	
	Gain [%]
	21%
	20%
	21%
	22%
	23%
	22%
	22%
	22%
	
	
	
	

	C/I
15dB
	20msTTI
	
	
	
	
	
	
	
	
	18.6
	19.3
	19.3
	19.9

	
	10msTTI
	
	
	
	
	
	
	
	
	14.2
	14.7
	14.7
	15.0

	
	Gain [%]
	
	
	
	
	
	
	
	
	24%
	24%
	24%
	25%


2.5 Web service
Some web service scenarios were analysed in ref [2]. The used end-to-end roundtrips in that document where not justified, only assumed. However, the end-to-end roundtrip results from the simulation of Pings in this document (chapter 2.2) confirm similar figures to what was assumed in ref [2] (note that a shorter RRBP is used in the simulations in this document). The gains presented in ref [2] are thus applicable, at least in a single-user scenario. 
3 Multiple-user cases

3.1 Introduction

Multiple-user cases have been analysed with simulations for Ping and VoIP. Multiple-user means, in this context, that there is more than one mobile reserved per packet channel. Thus, the results in this section are applicable when packet channel sharing applies. The purposes with the multi-user cases are to analyse the multiplexing delays introduced from scheduling and the possible resource segregation from multiplexing different users on the same packet channels.
Time-slot reservation in the multiple-user cases are done so that there are two mobiles reserved on each packet channel, where one of them is the reference mobile. The reference mobile(s) is the mobile(s) for which end-user performance is measured and presented. Thus, a packet channel sharing of 2 applies for all used packet channels throughout the sessions. The reference mobile(s) has a 4+4 reservation, as in the single user cases. For the VoIP cases, there are two reference mobiles, since the results are presented in mouth-to-ear delay for a mobile-to-mobile conversation. The same time-slot reservation principle apply, i.e. two mobiles reserved on each packet channel, where one of them is the reference mobile. The two reference mobiles are not multiplexed on the same packet channels.
For the RTTI cases, Dual-carrier is used in the downlink, whereas Dual-timeslot is used in the uplink to achieve the 10ms TTI. The only used Ack/Nack enhancement is a shorter RRBP. Neither event based Ack/Nack nor piggy-backing of Ack/Nacks are included in the simulations. RLC/MAC control signalling is transmitted with the same TTI as the data blocks.
MAC scheduling principles applied are of course important and might differ between implementations. In this context two scheduling principles are applicable: “round-robin” and “QoS-based”. “Round-robin” means that the mobiles get an equal share of the packet channels’ bandwidth. “QoS-based” means that the priority (relative or absolute) between mobiles are applied in MAC scheduling, which means, higher priority mobiles will get a higher share of the packet channels’ bandwidth than lower priority mobiles. For simplicity, only one packet flow per mobile is applied. 
Three different multiple-user cases are analysed:

a) Reference mobile(s): 10ms TTI, Other mobiles: 20ms TTI

b) Reference mobile(s): 10ms TTI, Other mobiles: 10ms TTI

c) Reference mobile(s): 20ms TTI, Other mobiles: 20ms TTI
Case c) is considered the reference case, where case a) and b) shall be compared to.
Note: all the multiplexed users use the same Abis transmission time, for a fair comparison. I.e. 10ms Abis is used for case a and b and 20ms Abis is used for case c.
Multiplexing loss, used in the following chapters, is defined as how much of the timeslots that can not be utilised due to scheduling constraints, even though any transmitter has data buffered for transmitting.  

3.2 Ping

The same Ping case is used as described in chapter 2.2. The reference mobile is performing Pings, whereas the other mobiles perform a constant UDP flow in both UL and DL. A “round-robin” MAC scheduling is applied to all mobiles, which means that all mobiles have the same priority.

The simulation parameters used in the Ping simulations are listed in table 11. Note that table 11 only shows the single-user delays. Any additional delay from multiplexing and USF scheduling is fully considered in the simulator. 

The results from the simulations are summarized in table 8.

Table 8: Results for the multiple-user Ping simulations (milliseconds)

	
	MCS-5 
	MCS-6
	MCS-7

	
	Min
	Median
	Ave
	95th 
	Multiplexing
Loss 
	Min
	Median
	Ave
	95th 
	Multiplexing
Loss DL
	Min
	Median
	Ave
	95th 
	Multiplexing

Loss DL

	C/I
9dB
	A
	102
	189
	180
	274
	5.2 %
	81
	156
	151
	249
	8.1 %
	
	
	
	
	

	
	B
	91
	179
	181
	218
	0 %
	73
	156
	151
	255
	0 %
	
	
	
	
	

	
	C
	161
	283
	279
	407
	0 %
	119
	229
	225
	369
	0 %
	
	
	
	
	

	
	Gain

A vs. C

 [%]  
	37%
	33%
	35%
	33%
	
	32%
	32%
	33%
	33%
	
	
	
	
	
	

	C/I

15dB
	A
	
	
	
	
	
	
	
	
	
	
	81
	154
	142
	216
	4.5 %

	
	B
	
	
	
	
	
	
	
	
	
	
	75
	155
	146
	216
	0 %

	
	C
	
	
	
	
	
	
	
	
	
	
	119
	226
	215
	310
	0 %

	
	Gain

A vs. C

 [%]  
	
	
	
	
	
	
	
	
	
	
	32%
	32%
	34%
	30%
	


3.3 PS Conversation Service, VoIP

The same VoIP case is used as described in chapter 2.3. There are two reference mobiles performing a mobile-to-mobile VoIP conversation, whereas the other mobiles perform a constant UDP flow in both UL and DL. A “QoS-based” MAC scheduling is applied to all mobiles. The reference mobiles have an absolute priority (for example QoS Conversational) over the other mobiles (for example QoS Interactive). The scenario analysed is a mobile to mobile conversation, and the results are presented in mouth-to-ear delay for the different scenarios. 
The simulation parameters used in the VoIP simulations are listed in table 11. Note that table 11 only shows the single-user delays. Any additional delay from multiplexing and USF scheduling is fully considered in the simulator. 

The results from the simulations are summarized in tables 9 and 10.
Table 9: Results for the multiple-user VoIP simulations (milliseconds), C/I 9dB
	
	MCS1
	MCS2
	MCS5
	MCS6

	C/I [dB]
	Scenario
	Min
	Med
	98th
	Multiplexing loss  [%]
	Min
	Med
	98th
	Multiplexing loss [%]
	Min
	Med
	98th
	Multiplexing loss [%]
	Min
	Med
	98th
	Multiplexing loss [%]

	9
	A
	136
	188
	348
	3.3
	120
	177
	326
	4.6
	118
	180
	298
	11.0
	118
	217
	369
	10.2

	
	B
	137
	195
	372
	0
	123
	213
	395
	0
	118
	179
	302
	0
	118
	218
	366
	0

	
	C
	193
	315
	580
	0
	166
	313
	601
	0
	146
	254
	427
	0
	157
	321
	540
	0

	
	Gain A vs. C [%]
	30
	40
	40
	
	28
	43
	46
	
	19
	29
	30
	
	25
	32
	32
	


Table 10: Results for the multiple-user VoIP simulations (milliseconds), C/I 15dB
	
	MCS5
	MCS6
	MCS7
	MCS8
	MCS9

	C/I [dB]
	Scenario
	Min
	Med
	98th
	Multiplexing loss [%]
	Min
	Med
	98th
	Multiplexing loss [%]
	Min
	Med
	98th
	Multiplexing loss [%]
	Min
	Med
	98th
	Multiplexing loss [%]
	Min
	Med
	98th
	Multiplexing loss [%]

	15
	A
	117
	131
	185
	13.1
	117
	135
	214
	12.6
	117
	194
	239
	12.2
	118
	208
	294
	12.4
	117
	212
	292
	12.1

	
	B
	117
	132
	197
	0
	117
	136
	219
	0
	118
	199
	242
	0
	118
	212
	295
	0
	122
	216
	296
	0

	
	C
	146
	167
	254
	0
	146
	170
	277
	0
	147
	252
	334
	0
	151
	274
	398
	0
	166
	281
	404
	0

	
	Gain A vs. C [%]
	20
	22
	27
	
	20
	21
	23
	
	20
	23
	28
	
	22
	24
	26
	
	30
	25
	28
	


The highlighted values in tables 9 and 10 are further discussed in Conclusions. 

4 Conclusions
4.1 General

Even though capacity gains have not been explicitly evaluated, it is clear that a shorter session time gives a capacity gain, since any pooled resources may be re-used earlier, for other sessions, from the pool.
The simulator has used a Reduced TTI, related Abis improvements (product implementation) and a shorter RRBP. The latency gains from Abis improvements are 20ms per round-trip, and the shorter RRBP improves every downlink re-transmission by 20ms. The rest of the improvements, which is thus the major part, come from the Reduced TTI.
4.2 Single-user cases

Reduced TTI, shorter RRBP and related Abis improvement give an end-to-end latency gain of around 40% in the single-user cases. Approximately 40% of the RTTI Ping samples meet the objective in ref [4] of a round-trip below 100ms in non-ideal radio conditions with the given MCSs.
The improvement in roundtrip gives a significant gain to an e-mail service, both for uploading e-mail with SMTP and downloading with POP3. This is especially true for small e-mails, where the relative gains decrease for larger e-mails. The gains are:

· SMTP: 29-40% for small e-mails (5kbyte) and 4-18% for large e-mails (5+100kbytes)
· POP3:  30-38% for small e-mails and 21-24% for large e-mails. 

Conversational VoIP targets are assumed as:

· Mouth-to-ear delay target of  £ 300ms (ref [1])

· FER target of  £ 1% per link => £ 2% end-to-end (ref [5] for speech channels) 

The legacy case does not meet the targets of 300ms@2% FER at all at C/I 9dB. The RTTI case meets these targets with MCS-5. At C/I 15dB the legacy case meets the targets with MCS-5 whereas the RTTI case meets the targets using MCS-9. This implies that RTTI is needed to meet the conversational targets at lower C/I, and that the RTTI cases gives significant capacity increase potential, since a higher MCS can be used and still meet the targets. 
4.3 Multiple-user cases

Reduced TTI, shorter RRBP and related Abis improvement give an end-to-end latency gain of around 35% in the multiple-user cases. Note that the same Abis transmission time is used for all multiplexed mobiles, for a fair comparison. 
The legacy case does not meet the targets of 300ms@2% FER at all at C/I 9dB. The RTTI cases meets these targets with MCS-5. At C/I 15dB the legacy case meets the targets with MCS-6 whereas the RTTI case meets the targets using MCS-9. This implies that RTTI is needed to meet the conversational targets at lower C/I, and that the RTTI cases gives significant capacity increase potential, since a higher MCS can be used and still meet the targets. 
There could be an implementation choice whether to multiplex RTTI and legacy mobiles on the same packet channels or not. However, in the case of multiplexing the multiplexing loss, or resource segregation, for the Ping cases are 5-8% and for the VoIP cases 3-13%. The loss is due to that the Ping and VoIP cases implies many starts and stops of data transfer (short bursts of payload), and could therefore be seen as worst case scenarios. Note also that the analysis considers only one RTTI mobile per packet channel. Modulation segregation (i.e. the same modulation needs to be used on both 10ms sub-slots to be able to USF schedule other mobiles) is not considered in this analysis, since fixed MCSs are used. Possible techniques to handle modulation segregation are discussed in ref [3].
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Appendix A: Simulation parameters

Table 11: Simulation parameters used in the VoIP simulations

	Type
	Value
	Comment

	Radio Conditions
	TU3iFH, C/I 9dB and 15dB
	-

	RLC re-transmission scheme
	RLC acknowledged mode
	Unlimited number of re-transmissions.

	RRBP
	20ms TTI: 

8/9

10ms TTI: 

6/7
	These two values correspond to 20ms reaction time in the mobile for an RRBP poll (after reception of the RRBP poll block). Thus 20ms reaction time is valid for both 20ms and 10ms TTI, for a fair comparison. Note that this implies a reduced RRBP compared to the legacy case (which is 40ms).

	AMR encoding delay
	40+15 = 55ms
	Only applicable to the VoIP cases.

40ms speech (2*AMR frames) packed into one IP packet plus 15ms processing time. 

	AMR decoding delay
	15ms
	Only applicable to the VoIP cases.

Processing time.

	MS delay, UL/DL
	Both cases: 

5/5 = 10ms
	Processing time.

	Abis, UL/DL
	10ms TTI: 

10/10 = 20ms

20ms TTI: 

20/20 = 40ms
	Product implementation. 20ms reduction from product improvement, for a round-trip.

	TTI
	10ms and 20ms
	Applicable both to data and RLC/MAC control signaling.

	Core Network + server delay, UL/DL
	Both cases:

5/5 = 10ms
	Processing and transport time.

	BSS buffers, UL/DL
	10ms TTI: 

0/10 = 10ms

20ms TTI: 

0/20 = 20ms
	Product implementation. Processing time rounded up to the nearest TTI.

	Application data to Um synchronization, UL/DL
	10ms TTI: 

0..10/0..10 = 0..20ms

20ms TTI: 

0..20/0..20 = 0..40ms
	Um slot waiting time UL and DL in a single-user case. In multi-user cases scheduling principles apply as well.


Appendix B: Flow-graphs of SMTP and POP3 scenarios
Figure 1 and 2 shows typical flow-graphs for the SMTP and POP3 scenarios respectively. All packet sizes are the IP packet lengths. TCP ACK/NACKs are left out for simplicity.

[image: image3]
Figure 1: Message flow-graph for e-mail sending using SMTP


[image: image4]
Figure 2: Message flow-graph for e-mail reception using POP3
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