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1. Introduction
During the SAIC conference call of 24th April 2003 Motorola was tasked with proposing a traffic model to form the basis for assessment of the system capacity and per-user data rate performance enhancement offered by SAIC in GPRS networks. This document proposes a simple GPRS traffic, applicable to a single time-slot capable GPRS receiver and based on a well-known source model [1], for use in assessing SAIC impact on GPRS performance.

2. Model

A number of different traffic models are applicable to GPRS networks, including low-rate streaming models, models based on WAP service, models applicable to the File Transfer Protocol (FTP) and so on. It may be reasonable to assume however, that a useful working estimate of the performance enhancement offered by SAIC to GPRS networks can be obtained by assessment solely of web-browsing performance. As a further simplification, it is suggested that the TCP/IP layer underlying HTTP – and hence ‘closed-loop’ traffic modeling aspects such as TCP slow start and congestion control – may also be neglected.

One well-known model for the resulting traffic source appears in Section B.1.1.2 of [1]. In this approach, the web traffic is modeled in a hierarchical fashion. That is, each user generates sessions (with a Poisson inter-arrival time) consisting of a geometrically-distributed number 
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 of individual packet calls, where the interval (or ‘read-time’) 
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 between packet calls is also geometrically distributed. Packet calls are themselves partitioned into 
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 packets of size 
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, subject to an inter-packet delay 
[image: image5.wmf]d

D

, where both 
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 are again geometrically distributed, and 
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 is modeled using a truncated Pareto distribution.

Further simplifications of this model were adopted during the 3GPP TSG RAN WG1 work on High Speed Downlink Packet Access (HSDPA) [2] and it may be useful to re-apply those simplifications in the present context. Specifically, the concept of session arrival was discarded (i.e. all users were assumed to be continuously in an active session), and the packet call size rather than the packet size was modeled with a truncated Pareto distribution with the resulting packet size computed deterministically.

The parameters of resulting model appear in Table 1. In more detail (the notation used in [1] is re-applied) the packet call size 
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 (bits) is distributed according to a truncated Pareto distribution, where the density function 
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 is defined over the range 
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The proposed parameters for 
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 appear in Table 1, where it can be seen that the minimum packet call size (
[image: image16.wmf]k

) and maximum packet call size (
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)are 2.8kbits and 100kbits respectively. The resulting mean packet call payload is also specified in Table 1 and has a value of ~11.2kbits.

	Parameter
	Symbol
	Units
	Distribution
	Distribution Parameters

	Packet Call Size
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	kbits
	Truncated Pareto
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	Inter-Packet Call ‘Read Time’
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	seconds
	Geometric
	μ = 5 seconds

	Packet Size
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	bits
	Deterministic
	Determined by GPRS 
RLC packet sizes

	Packets per 
Packet Call
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	packets
	Deterministic
	Determined by packet call size and RLC packet size

	Packet Inter-
Arrival Time
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	seconds
	Deterministic
	Determined by RLC packet size and packet call size


Table 1 – Web browsing traffic model parameters.

3. Conclusions

This contribution has proposed a simple model for GPRS-supported web browsing traffic for use in any SAIC performance assessment studies in the GPRS context.
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� Effectively, all of the bits comprising the packet call are assumed available for transmission at the simulated base station at the same instant. RLC segmentation follows.
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