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1. Introduction
With the enhancements already agreed in the Latency Reduction WI it shall be possible to heavily decrease the RLC RTT in GERAN:

1. The definition of RTTI blocks will allow having a transmission time of 10 ms over the Um interface. In typical BSS implementations this will also imply a 10 ms transmission time over the Abis interface.
2. The introduction of FANR will allow more frequent and even “continuous” feedback reporting, so that the effective RLC RTT will not be negatively impacted for instance by the polling period to receive feedback from the MS in a PDAN message.
3. The definition of a reduced MS reaction time will mandate the MS to perform the first needed retransmission 20 ms after a DL PAN is received, and transmit an UL PAN 20 ms after an error is detected. See sub-clause 6.11.5 of TS 45.010v7.1.0:
A mobile station that detects a missing/erroneous RLC data block for a downlink TBF operating in RL-EGPRS TBF mode shall be ready to send an uplink RLC data block with a PAN reflecting the missing/erroneous block in the TDMA frame indicated in Table 6.11.5.2 where N = the last TDMA frame of the downlink block in which the MS detected the problem. 

Table 6.11.5.2: Reaction Time for detecting a downlink problem


	Downlink TBF block format
	Full-rate PDCH uplink block with TDMA frame number

	BTTI
	(N+5 or N+6) mod 2715648

	RTTI
	(N+5 or N+6) mod 2715648


With such improvements it is possible to realistically achieve an RLC RTT of 80 ms for RL-EGPRS TBFs, as described in Figure 1 below (compared to a RLC RTT for EGPRS that of could go from 160 ms to ~400 ms depending on the polling period).
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Figure 1. RLC RTT for RL-EGPRS TBFs: 80 ms
2. Simulation results for VoIP over GERAN  
Simulation results for VoIP over GERAN were already presented in [3] and [4]. At that time an MS reaction time of 10 ms was assumed. Simulation assumptions are briefly summarized in section 2.1, previous simulation results (with 10 ms reaction time) are outlined in section 2.2, while new results for 20 ms reaction time are reported in section 2.3. Finally, section 2.4 shows simulation results in case the network could implement the “time-based approach” for DL FANR described in [1] and [2].
2.1 Simulation assumptions

Simulations consider a VoIP service among two wireless clients realized over a GERAN network supporting RL-EGPRS. More specifically:

· RTTI configurations are considered
· FANR is used in both UL (event-based) and DL. A 20 bit PAN is assumed: 12 useful bits are considered for the ack/nack bitmap (in the SSN-based approach)
· MS reaction time: either 10 or 20 ms
· RLC NPM is assumed

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 288 (176 payload + 32 IP headers+ 80 SNDCP/LLC headers) 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.

Note: the likely scenario where IP packets containing two AMR frames are generated every 40 ms has not been simulated yet. But it is expected that while this might have a positive effect on channel utilization (because of the reduced IP header/payload ratio) this will also introduce higher delays (20 ms at least) in the end-to-end transmission.
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. No implementation margin is considered.
	
	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 1: Simulated scenarios
2.2 MS reaction time: 10 ms

Simulation results contained in [4] are summarized in Table 2 below.
	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%)
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	197
	265
	285
	2.1%
	1.38

	Scenario B
	113
	186
	205
	0.29%
	0.54


Table 2: Simulation results. MS reaction time: 10 ms
The figures in the table suggest that VoIP over GERAN is feasible, although in Scenario A the (98%-ile) delay is already getting very close to the limit of 300 ms.

2.3 MS reaction time: 20 ms

The same simulations as in section 2.2. were run considering an MS reaction time of 20 ms.
	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%)
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	211
	286
	306
	4.2 %
	1.38

	Scenario B
	125
	205
	225
	0.29%
	0.54


Table 3: Simulation results. MS reaction time: 20 ms
With an MS reaction time of 20 ms the delay requirement of 300 ms cannot be fulfilled in the 10dB C/I scenario (e.g. when users are expected to be at the cell edge)

2.4 Simulations with time-based approach for DL FANR

As discussed in several contributions in the past (e.g. in [2]), if a time-based approach were used to encode the PAN in the DL, it would be possible to easily encode the PAN directly at the BTS instead of involving the PCU – which would still terminate the RLC protocol – in the definition of the PAN. In fact the BTS needs not keep track of the BSN of received radio blocks, but certainly knows if radio blocks were correctly received in the previous radio block periods and therefore can fill in the DL PAN accordingly, without the intervention of the PCU. As shown in Figure 2, with this solution it would be possible to achieve a minimum retransmission time of the 20 ms (in case of RTTI configurations), for fast MSs able to respond immediately, and a maximum retransmission time of 40 ms, for MSs characterized by the maximum MS reaction time defined in TS 45.010. 

Note: The time-based approach for DL FANR puts additional requirements on the mobile station side to keep track of the starting TDMA frame at which a radio block was sent, but given the proposal doesn’t go too far in time this is considered as a relatively minor addition for it to work. In fact the time-based DL PAN wouldn’t span over the entire Tx window anyway, and would only address a given number of timeslots for a definite small number of radio block periods (linked by the product of radio block periods x the number of timeslots used x number of bits(2) per entry in the bitmap = size of the bitmap, i.e. at most 10 block periods). 
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Figure 2: Retransmission time in the UL

Another benefit of the time-based DL PAN (regardless of where it is encoded) is that it could be read and provide feedback information simultaneously for all the mobile stations (in RL-EGPRS TBF mode) receiving the radio block containing the PAN. This also means that PAN fields could be sent less frequently.  

Note: To fully exploit this option (but this is also valid for FANR in general), we need to make sure that mobile stations can actually decode a PAN (be it time-based or not) in a given radio block sent in the downlink. This is also related to the discussion about simultaneous/independent support of REDHOT/HUGE/Latency Reduction features in mobile stations, e.g. in what radio blocks a HUGE A/B MS can read the DL PAN…
Simulation results for the scenario where the network encodes the time-based DL PAN at the BTS are shown in Table 4.

	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%) 
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	160
	225
	249
	0.01 (UL) + 0.83 (DL) 
	1.38

	Scenario B
	FFS
	FFS
	FFS
	FFS
	FFS


Table 4: Simulation results. MS reaction time: 20 ms. DL PAN @ BTS
It is quite clear that in this case the requirements of a VoIP service, e.g. the 300 ms Mouth-to-Ear delay, can be more easily fulfilled, also considering possible sub-optimal implementations (in different elements of the end-to-end transmission) in a live network. For instance, with this approach, it would be possible to effectively guarantee the support of this kind of services also at the cell edge. 
An obvious remark is that the time-based DL PAN approach would only reduce the RTT for UL TBFs. The lack of a similar solution for DL TBFs is not seen as critical though. As an implementation option, in severe radio conditions, the network can always decide to perform pre-emptive retransmissions in the DL. For instance, when a given RLC data block is nacked the first time by the MS, the network might decide to retransmit it twice in a row. This increases the likelihood of final correct reception of the RLC data block without needing a possible additional RTT to receive further feedback from the MS. The disadvantage would be increased channel utilization, as shown in Table 5 below where pre-emptive retransmission is assumed at the network side.
	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%) 
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A 
	160
	211
	222
	0.01 (UL) + 0.02 (DL) 
	1.58

	Scenario B
	FFS
	FFS
	FFS
	FFS
	FFS


Table 5: Simulation results. MS reaction time: 20 ms. DL PAN @ BTS, pre-emptive retx in DL
3. Conclusions

It is confirmed that Latency Reduction features introduced in the specifications so far would allow the support of VoIP (or similar) services over GERAN, in average/good radio conditions. If such services need to be provided also in worse radio conditions (e.g. to guarantee the service also at the cell edge) a further improvement of the FANR procedure is needed. Another aspect not fully considered in simulations so far is the impact of multiplexing of other TBFs on the same resources (in the simulations run so far all the assigned resources were available for one single user only): it is expected that if multiple mobile stations (also with different services) are handled on the same resources at the same time, additional delays would have to be considered. Also this consideration suggests that a further reduced RLC RTT, enabled by the time-based approach for DL FANR, would provide significant benefits in satisfying the QoS requirements.

It is further stressed that the proposed improvement has no impact on L1 specification and only implies changes to TS 44.060. A corresponding CR is provided in [5]. 
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