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Latency Reduction - Further results for VoIP
1. Simulation assumptions
In this contributions some simulation results are shown regarding a VoIP service among two wireless clients realized over a GERAN network that implements the following “latency reduction” features:
1. “10 ms TTI” radio blocks, as described for instance in [1]. Link level results as shown in [3] have been used. 
2. A Fast Ack/Nack Reporting scheme, as described in [2].
3. A shorter MS reaction time: It is assumed that a MS needs 10 ms:

· to realize that a short Ack/Nack bitmap needs to be sent in the UL, 

· and to perform a retransmission in the UL when receiving an Ack/Nack bitmap from the network.

4. TBFs operated in RLC Non-persistent mode. 
5. SNDCP/LLC headers reduced to 7 bytes, as suggested in [4].

With the assumptions above (mainly 1 and 3), Table 1 briefly summarizes the expected transmission delay (in ms) of an RLC block transmitted 1, 2 and 3 times:
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Table 1: Delay budget for an 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 is configured in order not to exceed a transmission delay of 125 ms for each RLC block on each wireless link. This implies that no more than one retransmission per RLC block is expected to take place during the simulations. 

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 + 88 IP+SNDCP/LLC headers) bits of RLC/MAC payload, that could fit in a single RTTI MCS-3 RLC data block, even when a short Ack/Nack bitmap is included in the block (see [1,3]). Alternatively, in case of good radio conditions, 2 IP packets could be put in a single RTTI MCS-6 RLC data block (even when a short Ack/Nack bitmap is included) in order to reduce the channel utilization.
Two different C/I conditions (on both wireless links) are considered: 10 dB (in this case RTTI MCS-3 are used in the simulations) and 15 dB (in this case RTTI MCS-6 are adopted), and two different channel profiles: TU3iFH @ 900MHz and TU50iFH @ 1800MHz, leading to 4 simulated scenarios, as shown in Table 2.
	
	C/I (on both wireless links)
	Channel profile
	Used MCS

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

	Scenario B
	10 dB
	TU50iFH 
@ 1800MHz
	RTTI MCS-3

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

	Scenario D
	15 dB
	TU50iFH 
@ 1800MHz
	RTTI MCS-6


Table 2: Simulated scenarios
2. Simulation results
The simulation results for the considered scenarios are reported in Table 3, in terms of Mouth-to–Ear delay (including the packetization delay), IP packet loss (on the 2 wireless links) and channel utilization.

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

	
	Mean
	95%
	98%
	
	

	Scenario A 
	209
	265
	285
	2.2+2.4
	1.34

	Scenario B
	208 
	266
	280 
	2.2+2.5
	1.34

	Scenario C
	127 
	177
	206
	.20+.12
	0.55

	Scenario D
	129
	175
	205
	.21+.12
	0.55


Table 3: Simulation results
The table shows that at C/I=10 dB the situation is very close to the limit of user’s satisfaction, both in terms of delay and IP packet loss. It has to be noted that the IP packet loss is strictly related to residual BLER after first retransmission, which is around 2% for RTTI MCS-3 @ C/I=10 dB (see [3]).
On the other hand it seems that simulation results are largely independent on users’ speed (results for Scenarios A and B are very similar).

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 1.34 in Scenarios A/B 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).
One possibility to improve performance at low C/I values is to further reduce the RLC RTT for UL TBFs, by using the “High Speed H-ARQ” solution for UL transmission described in [2], where the DL bitmap is filled in at the BTS. Simulations for Scenarios A/B were run again considering this option, providing the results shown in Table 4.
	
	Mouth-to-Ear Delay (ms)
	IP packet loss (%)
	Channel utilization

	
	Mean
	95%
	98%
	
	

	Scenario A/B 
	160
	215
	235
	.02+1.81
	1.34


Table 4: Simulation results with “High Speed H-ARQ” solution in the UL
A further reduced RLC RTT for UL TBFs would allow more retransmissions in the UL in the same time period, dramatically decreasing the IP packet loss at least on one of the two wireless links. Performance would also improve in terms of Mouth-to-Ear delay.
3. Conclusions
Some further simulation results have been presented, showing that implementing a number of “latency reduction” features, it is possible to support services otherwise not feasible in GERAN, i.e. PS Conversational Services (like VoIP).
It is therefore suggested to approve a WI on Latency Reduction [5] aiming at standardizing the following features:

· “10 ms TTI” radio blocks
· Fast Ack/Nack Reporting, both in the DL and in the UL (in this case considering also the “High Speed H-ARQ” option)
· Shorter MS reaction time, possibly not higher than 1 TTI (10 ms)
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