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RTTI and FANR - preliminary results for VoIP
1. Simulation assumptions
This contribution shows some simulation results regarding a VoIP service among two wireless clients realized over a GERAN network that implements the RTTI and FANR features, according to most of the Working Assumptions outlined in [1] and [2]. 
More specifically:

· “10 ms TTI” radio blocks are considered.
· A constant-size (20-bit), independently coded, ack/nack bitmap is included in RLC data blocks in an event-driven manner, i.e. whenever an out-of-sequence condition is detected at the receiving RLC endpoint.
· When the ack/nack bitmap is inserted in the radio block, the number of payload bits to be encoded remains the same, while the code rate changes. (This would imply the definition of additional Puncturing Schemes for each MCS, as described in [3]. The discrimination between legacy and modified Puncturing Schemes – when an ack/nack bitmap is inserted - will be based on a flag in the header indicating the presence of a bitmap).
· For FANR in the UL, a SSN-based approach is used to fill in the ack/nack bitmap. 
· For FANR in the DL, both a SSN-based approach and the time-based approach are considered. The time-based approach is adopted when it is assumed that the DL ack/nack bitmap is filled in directly at the BTS, to further reduce the RLC RTT.
Furthermore:
· TBFs are operated in RLC Non-persistent mode. The Window Size is set to 16, leading to a Sequence Number Space of 32. 5 bits are therefore needed for the SSN. Assuming additional 3 bits to signal the DL TFI (this is needed in case of multiple DL TBFs), 12 useful bits are considered for the ack/nack bitmap, in case of the SSN-based approach (in the time-based approach all the 20 bits can be used).
· It is assumed that a MS needs 10 ms:
· to realize that an ack/nack bitmap needs to be sent in the UL, when an out-of-sequence condition is detected

· and to perform a retransmission in the UL when receiving an ack/nack bitmap from the network.
With the assumptions above, Table 1 briefly summarizes the expected transmission delay (in ms) of an RLC block transmitted 1, 2 and 3 times (when the option of inserting the DL ack/nack bitmap directly at the BTS is not used!): 
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Table 1: Delay budget for a RLC block transmitted 1, 2 and 3 times 10 ms TTI TBFs
Considering a Mouth-to-Ear delay requirement for VoIP lower than 300 ms, RLC non-persistent mode needs to be configured in order not to exceed a transmission delay of ~150 ms for each RLC block on each wireless link. 
Two values have been simulated for the NPM Transfer Time: 120 ms (to try to minimize delays) and 150 ms (maximum allowed delay on each link). The first value implies that no more than one retransmission per RLC block is expected to take place during the simulations, the second value allows up to two retransmissions per RLC block.
It is assumed that the VoIP client puts a single 7.95 kbps AMR frame per IP packet, corresponding to 20ms of speech per IP packet. It is also assumed that ROHC is used (leading to an average IP headers compression size estimated in 4 bytes) therefore leading to 264 (176 payload + 32 IP headers+ 56 SNDCP/LLC headers, see [4]) bits of RLC/MAC payload, that fit in a single RTTI MCS-3 RLC data block (296 bits payload). Alternatively, in case of good radio conditions, 2 IP packets are put in a single RTTI MCS-6 RLC data block in order to reduce the channel utilization.
The coding parameters for RTTI MCS-3 and RTTI MCS-6, with and without an ack/nack bitmap included, are outlined in the Table 2 below. Corresponding link level performance is shown in Annex A
.
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	0.4760
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	· The Header coding is kept unchanged
· The bitmap is independently coded (with a 6 bit CRC)
· Data has 12 bit CRC
· USF bits are included in the header (the coding of USF is unchanged)
· Over head refers to stealing flags (and extra stealing flags in case of MCS 1-4)
· The coding of the data for RTTI coding schemes with bitmap is less robust than that without bitmap


Table 2: RTTI coding schemes with constant payload.
Only one transmission direction is simulated so far (i.e. MS1 ( network ( MS2, and not MS1 ( network ( MS2). Therefore, while the ack/nack bitmaps in the reverse direction (MS1 ( network ( MS2) are actually sent in an event driven manner, the decision whether to consider an ack/nack bitmap included or not in the forward direction (MS1 ( network ( MS2), and consequently a weaker/stronger coding for the payload, has been based on an input variable pbitmap, indicating the probability that an event driven ack/nack bitmap is inserted in the RLC data blocks
. 
Two different scenarios are considered, corresponding to two different C/I conditions (on both wireless links): 10 dB (in this case RTTI MCS-3 are used in the simulations) and 15 dB (in this case RTTI MCS-6 are adopted). In both cases, the assumed channel profile is TU3iFH @ 900MHz. 
	
	C/I (on both wireless links)
	Channel profile
	Used MCS

	Scenario A 
	10 dB
	TU3iFH 
@ 900MHz
	RTTI MCS-3

	Scenario B
	15 dB
	TU3iFH 
@ 900MHz
	RTTI MCS-6


Table 3: Simulated scenarios
2. Simulation results
The simulation results for the considered scenarios are reported in the following, in terms of Mouth-to–Ear delay (including the packetization delay), IP packet loss (on the 2 wireless links) and channel utilization. Results are given for two different values of NPM Transfer Time (120 and 150 ms), and also for different values for pbitmap (1/3, value higher than any other values observed on the reverse direction, and ½).
2.1 NPM Transfer Time = 120 ms, pbitmap = 1/3

	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%) UL & DL

	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	191
	245
	265
	2.64%
	5.29%
	1.33

	Scenario B
	113
	176
	205
	0.17%
	0.45%
	0.547


Table 4: Simulation results. NPM Transfer Time = 120 ms
Table 4 shows that at C/I=10 dB the situation is very close to the limit of user’s satisfaction, in terms of delay, and definitely not acceptable in terms of IP packet loss. It has to be noted that the IP packet loss is strictly related to residual BLER after first retransmission, which is anyway higher than 2% for RTTI MCS-3 @ C/I=10 dB (see Annex A). 

Things are different at C/I=15 dB, where results are very good both in terms of delay and IP packet loss.

A channel utilization of 1.33 in Scenarios A means that the 2 timeslots used for the RTTI TBF are characterized by an individual utilization of 67%. This also means that reserving 2 timeslots only to VoIP service it would probably not be possible to allocate more than 1 VoIP call at a time. On the other hand, with 4 timeslots it would be possible to handle at least 3 VoIP calls, assuming the pessimistic scenario where all the users experience a C/I=10 dB and no DTX functionalities are exploited. If all users were characterized by a C/I=15 dB, with 2 timeslots it would be possible to handle 3 VoIP calls, with 4 timeslots 7 VoIP calls (without exploiting DTX).
2.2 NPM Transfer Time = 150 ms, pbitmap = 1/3

To reduce the IP packet loss in Scenario A, it is necessary to allow more than one retransmission per RLC block. This can be done by setting the NPM Transfer Time to 150 ms. Corresponding results are given in Table 5 below.
	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%) UL & DL
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	197
	265
	285
	0.33%
	1.81%
	1.38

	Scenario B
	113
	186
	205
	0.12%
	0.18%
	0.549


Table 5: Simulation results. NPM Transfer Time = 150 ms
The packet loss in Scenario A decreases noticeably, but the (98%-ile) delay further increases – as expected - getting very close to the limit of 300 ms.
2.3 NPM Transfer Time = 150 ms, DL bitmap inserted at the BTS, pbitmap = 1/3
One possibility to limit the E2E delay is to further reduce the RLC RTT for UL TBFs, by inserting the DL ack/nack bitmap directly at the BTS. Simulations for Scenarios A were run again considering this option (in this case the time-based approach is adopted), providing the results shown in Table 6 below.
	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%) UL & DL
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	150
	215
	229
	0.01%
	0.83%
	1.38


Table 6: Simulation results. NPM Transfer Time = 150 ms, DL bitmap @ BTS
A further reduced RLC RTT for UL TBFs would allow more and faster retransmissions in the UL in the same time period, dramatically decreasing the IP packet loss (at least on one of the two wireless links) and significantly improving the E2E delay.
2.4 NPM Transfer Time = 150 ms, DL bitmap inserted at the BTS, pbitmap = 1/2

To simulate a sort of worst-case scenario, simulations for Scenarios A were run also considering a value for pbitmap = 1/2 (i.e. every other RLC data block contains a bitmap). Results in Table 7 below only show a slight increase in the channel utilization, but no significant changes to the E2E delay and IP packet loss statistics.
	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%) UL & DL
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	158
	216
	235
	0.01%
	0.99%
	1.43


Table 7: Simulation results. NPM Transfer Time = 150 ms, DL bitmap @ BTS, pbitmap =1/2
3. Conclusions
Some simulation results have been presented, showing that implementing the RTTI and FANR features, according to the Working Assumptions outlined in [1] and [2], it is possible to support services otherwise not feasible in GERAN, i.e. PS Conversational Services (like VoIP).
Based on these results, Siemens’ opinion on some of the remaining open issues for RTTI/FANR is as follows:
1. There is no need to reduce the number of payload bits (i.e. to define new coding schemes) to allow the insertion of an ack/nack bitmap in RLC data blocks. Only new Puncturing Schemes should be defined for each MCS. In this way we could minimize changes to the RLC protocol, e.g. avoid any impact on the RLC segmentation/reassembly procedures. The discrimination between legacy and modified Puncturing Schemes – when an ack/nack bitmap is inserted – can be based on a single bit in the header, indicating the presence of a bitmap.
2. A constant-size ack/nack bitmap seems to be sufficient and much easier to specify/implement than a variable-size one (that would require the redefinition of the headers). A suitable size could be 20 bits.
3. The time-based approach to fill the ack/nack bitmap needs to be possible at least for UL TBFs, in order to allow the option of inserting the DL ack/nack bitmap directly at the BTS, with the goal of reducing the RLC RTT as much as possible.
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ANNEX A
RTTI MCS 3 – TU 3 idFH
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RTTI MCS 6 – TU 3 idFH

[image: image2.emf]0.01%

0.10%

1.00%

10.00%

100.00%

0 2 4 6 8 10 12 14 16 18 20 22 24 26

C/I

FER

1 Transmission with bitmap 1 Transmission without bitmap

2 Transmissions with bitmap 2 Transmissions with and without bitmap

2 Transmissions without bitmap Header Error Rate

Bitmap Error Rate


� Link Level results for other RTTI MCSs will be shown at GERAN#32.


� The suitable value for pbitmap can be determined by iterating simulations, until the imposed pbitmap in the forward direction converges to the calculated value in the reverse direction.


� The IP packet loss is always higher “in the DL” (i.e. in the second wireless link: network ( MS) because:


while, in the simulation model, “in the UL” (i.e. in the first wireless link: MS ( network) there is a 1:1 mapping between IP packets and RLC blocks (( IP packet loss = RLC block loss), “in the DL” one RLC block contains more than one IP packet (( IP packet loss > RLC block loss)


IP packets, originally sent at a constant pace by the MS on the first wireless link, are then grouped in bunches by the RLC in-sequence delivery function and then sent at a variable pace on the second wireless link.








