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GERAN evolution – service gains using reduced TTI and Ack/Nack enhancements 
1 Introduction

There has been some discussion if there are any real gains of having lower TTIs. This document aims to show that there are a lot to gain in the delay budgets in GERAN when using shorter TTI (in combination with multi-carrier and/or time slots) as well as enhanced Ack/Nack. 

Typically latency (RTT) reductions will not show any significant gains for large FTP files as we are talking about maybe tens of minutes for a big file. The RTT delay will not play any role unless the bandwidth delay product is larger than the TCP window size (RWIN). There are however a lot of applications that are using a lot of client – server inter actions where high latencies will affect time to complete a transaction. Such services are e-mail applications like Outlook and web-browsing where a web page is divided into several objects. Another class of services that are impacted by latency are the real-time, conversational services. Those have a rather stringent delay requirement (e.g. ear-to-mouth delay for speech).

Web-browsing has been analysed in section 2. Section 3 shows the possible latency reductions, comparing the TTI reductions with what is achievable today for BSS to/from MS. The chapter shortly discusses the conversational VoIP case; see [2] for a more complete view of required VoIP support in GERAN.

2 Web-browsing

Tests have been performed using a “frozen” CNN-test page of a size 137 kB built by 37 objects. Results of “time to download” the web page have been obtained as a function of different latency and bit rate combinations. The values are based on measured results in lab with interpolation of values in-between. 

Figure 1 shows the download time as a function of throughput that are based on measurements with throughput 40 kbps (web download time 51 s; not shown in Figure 1) and 200 kbps (web download time 25 s).
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Figure 1. Web download time depending on throughput with fixed latency/RTT of 400 ms as measured by PING.

At higher throughputs the gain is reduced since the latency becomes the limiting factor.
Figure 2 shows results for download time versus latency/RTT. The result is based on lab measurements with latency 400 ms (web download time 25 s) and 150 ms (web download time 12.5 s). The latency was measured by PING command.
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Figure 2. Web download time depending on latency with fixed throughput of 200 kbps. 

Figure 2 shows that the download time is substantially decreased when latency is decreased. When latency reaches zero the download time will be limited by the throughput.

Figure 3 shows download time versus throughput. The RTT/latency have been fixed to 100 ms and the values are based on results from Figures 1 and 2.
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Figure 3. Web download time depending on throughput with fixed latency/RTT of 100 ms.

3 Delay estimations

Figure 4 shows a sequence chart containing GERAN interfaces identifying the interfaces for possible delay reductions in GERAN, namely Abis and Um. The Abis interface is typically not a matter of standardisation but have an important role. Delay estimations for a few cases are shown below for different cases including a VoIP case end-to-end, i.e. mouth-to-ear. The latter case can be found in Table 4.
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Figure 4. Indicative delays in GERAN network for a time slot. Note that it is assumed that the Abis delay is the same as the TTI value.

Table 1 shows a delay scenario of typical existing deployments including assumed node delays. It is calculated from when a BSC/PCU has received a packet starting to send it to the MS assuming the RLC block included a poll with RRBP=13, and ending when an answer has been received. 

Table 1. Round trip time existing specifications assuming an Abis of equal transmission time as on the radio interface. Node processing time is included (all values in [ms])

	Direction
	BSC/PCU 
	Abis
	BTS
	Um
	MS
	SUM [ms]

	BSC/PCU(
	
	20
	<5
	20
	
	40-45

	(MS
	
	20
	<5
	20
	40
	80-85

	SUM
	
	40
	<10
	40
	40
	120-130


With up to 5 ms BTS delay the RTT becomes 130 ms. It differs with 10 ms from the 120 ms value contained in 3GPP TS 44.060 [3].

Table 2 contains the same basic assumptions as in Table 1, but shows instead the delay of transmitting a packet from the BSC/PCU to the MS when the first packet was received in error and a retransmission was needed.

Table 2. Round trip time with one retransmission (20 ms TTI in Um and Abis) (all values in [ms])

	Direction
	BSC/PCU
	Abis
	BTS 
	Um
	MS
	SUM [ms]

	BSC(
	
	20
	<5
	20
	
	40-45

	(MS
	
	20
	<5
	20
	40
	80-85

	BSC/PCU(
	<10
	20
	<5
	20
	
	40-55

	SUM
	<10
	60
	<15
	60
	40
	160-185


The resulting RTT is in the range 160-185 ms. 

Table 3 determines the delay for the same scenario as in Table 2 but using the latency enhancements in [1], i.e. a reduced TTI of 10 ms and also including an Abis delay reduction to the same level as the TTI. The reaction time of MS is one TTI period (similar to RRBP=8/9).  

Table 3. Latency enhancements of 10 ms TTI including reduced Abis delay with one retransmission and event-based Ack/Nack 
(all values in [ms])

	Direction
	BSC/PCU
	Abis
	BTS 
	Um
	MS
	SUM [ms]

	BSC(
	
	10
	<5
	10
	
	20-25

	(MS
	
	10
	<5
	10
	10
	30-35

	BSC/PCU(
	<10
	10
	<5
	10
	
	20-35

	SUM
	<10
	30
	<15
	30
	20
	70-95


The resulting RTT (BSC->MS->BSC) is in the range 50-60 ms and assuming one retransmission the total transmission time is in the range of 70-95 ms. 

Table 4 shows a end-to-end delay, mouth-to-ear, for a VoIP service that utilises the latency enhancements and if these are not used (legacy case). Note that it is assumed that one retransmission is enough, as incremental redundancy would enable feasible frame error rates for speech. The use of the IR functionality allows for a better radio resource usage than using a pure un-acknowledgement mode. 

Table 4. Delay budget for end-to-end conversational delay (VoIP) for shorter TTI case and the legacy case.

	Leg
	Delay 
(shorter TTI etc.)
	Delay
(normal TTI etc.)

	A-party MS/GERAN
	95 ms
	185 ms

	CN/Transit including Gb
	50 ms
	50 ms

	B-Party MS/GERAN
	95 ms
	185 ms

	SUM
	240 ms
	420 ms


The result is in the order of 240 ms. The required value for satisfied users is around 200 to 300 ms according to ITU-T G.114 [4]. The result in Table 4 is within that range. 

4 Summary

Reducing latency would result in better time to complete various client/server-based interactions like web-browsing and other transaction heavy services. More efficient radio resource usage would be possible as less time is spent on waiting. The possible RTTs would also facilitate VoIP services requiring end-to-end delays in the range of 200 to 300 ms.

Parts of this contribution, i.e. Sections 2 and 3, are suggested to become part of chapter 10.1.3 of chapter 10.3 of the feasibility report [1] (note that the chapter numbering is not correct in [1]), to show the possible gains in latency for various services and packet sizes.
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