
  

 

Chapter 3 

INTRODUCTION TO TRAFFIC ENGINEERING 
 

3. INTRODUCTION 

In second-generation cellular network, any user can enjoy at most on the 
average about 10–40 Kbps bandwidth. 3G networks are designed to provide 
a higher bit rate for any user. Higher bit rates facilitate some new services, 
e.g., video telephony and quick downloading of data.  Compared to 2G 
networks such as GSM, 3G networks allow a user to negotiate the properties 
of a radio bearer. Attributes that define the characteristics of the radio bearer 
service may include throughput, transfer delay, and data packet error rate.  

 
In Sections 3.1–3.3, we use UMTS as an example to show how Quality 

of Service (QoS) features are provided in 3G networks and how QoS 
engineering is used to support multimedia applications. UMTS allows a user 
to negotiate bearer characteristics that are most appropriate for an 
application. It also allows the bearer properties to be renegotiated during an 
active session. Bearer negotiation is initiated by a user while bearer 
renegotiation can be triggered either by a user or by the network. 

 
The layered architecture of a UMTS bearer service [23.107] is depicted in 
Figure 3-1. Each bearer service on a specific layer offers its individual 
services using those provided by the layers below. The end-to-end service 
comprises three components: the Terminal Equipment (TE)/Mobile 
Terminal (MT) local bearer service, the UMTS bearer service, as well as the 
external bearer service. The UMTS bearer service consists of two parts: the 
Radio Access bearer service that provides transport of signaling or user data 
between a MT and a Serving GPRS Support Node (SGSN), and the Core 
Network (CN) bearer service that provides transport of signaling or user data 
between a SGSN and a Gateway GPRS Support Node (GGSN). The radio 
access bearer service is further realized by the radio bearer service (between 
a MT and an RNC) and the Iu bearer service (between an RNC and a 
SGSN).  The radio bearer service makes use of the UTRA FDD/TDD 
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physical layer services. The Iu Bearer Service is mapped into the physical 
transport bearer service within the radio access network, e.g., an ATM 
bearer service (for an ATM-based radio access network) or IP over ATM 
bearer service (for an IP-based radio access network). The IETF 
Differentiated Service (DS) feature can be used to provide QoS at the Core 
Network (CN) Bearer Service. 

3.1 QoS Requirements of Internet Applications 

There are several popular Internet applications, e.g., WWW-browsing, 
emails, streaming video and audio, etc. These applications have different 
QoS requirements. Some are tolerant to packet errors and packet losses 
while others are not. In addition, some applications are tolerant to delay 
while others are not. Table 3-1 shows qualitatively how different UMTS 
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Figure 3-1 UMTS Bearer Service Architecture 
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QoS classes can be used to meet the QoS requirements of these different 
applications. Conversational voice and video can tolerate some packet errors 
but have stringent delay requirements. Applications such as online games 
and telnet sessions cannot tolerate packet errors and also have small delay 
requirements. E-commerce and WWW-browsing applications can tolerate 
slighter higher delay but are also not tolerant to packet errors. Email and 
FTP are applications that can tolerate even more delay than WWW-
browsing. 

3.2 UMTS QoS Classes 

In UMTS, four traffic classes have been defined: 
1. Conversational 
2. Streaming 
3. Interactive 
4. Background classes 

 
    Each UMTS QoS class can be described using the QoS attributes that 
have certain ranges. The defined UMTS QoS attributes can be classified into 
three groups: 
 

1. Delay attributes: transfer delay 
2. Bandwidth attributes: maximum bit rate, guaranteed bit rate 
3. Reliability attributes: delivery order, traffic handling 

priority, allocation/retention priority, etc. 
 

The main distinguishing factor among these classes is the delay 
sensitivity required by each traffic class. Conversational class is very delay 
sensitive while background class is delay insensitive. Examples of the 
attributes and value ranges for different UMTS bearer services [23.107] are 
shown in Tables 3-2 and 3-3. The values for residual Bit Error Rate (BER) 
and SDU error ratio are derived from different CRC lengths on layer 1. 

Table 3-1. Qualitative QoS Requirements for Different Applications 

Error 
tolerant 

Conversational 
voice and video 

Voice messaging Streaming audio 
and video 

Fax 

Error 
intolerant 

Telnet, interactive 
games 

E-commerce, WWW 
browsing, 

FTP, still image, 
paging 

Email arrival 
notification 

 
Conversational 
(delay << 1 sec) 

Interactive 
(delay approx. 1 sec) 

Streaming 
(delay <10 sec) 

Background 
(delay >10 sec) 
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Table 3-2. UMTS QoS Requirements 

Medium Application Degree of 
symmetry 

Data rate Key performance parameters and 
target values 

    End-to-end one 
way delay 

Delay 
variation 

within a call 

Informatio
n loss 

Audio Conversational 
voice 

Two-way 4-25 Kb/s <150 ms 
preferred <400 

ms limit 

<1 ms <3%FER 

Video Video phone Two-way 32-384 
kb/s 

<150 ms 
preferred <400 

ms limit. 
Lip-synch. 
<100ms 

 <1%FER 

Data Telemetry-two-
way control 

Two-way <28.8 Kb/s <250 ms N/A Zero 

Data Interactive games Two-way < 1Kbps <250 ms N/A Zero 
Data Telnet Two-way 

(asymmetric) 
<1 Kbps <250 ms N/A Zero 

Table 3-3. UMTS Bearer Service Attributes and Value Range [23.107] 

Traffic class Conversational 
class 

Streaming 
class 

Interactive 
class 

Background 
class 

Maximum bit rate 
(Kbps) 

< 2048 < 2048 < 2048 < 2048 

Delivery order Yes/No Yes/No Yes/No Yes/No 

Maximum SDU size 
(octets) 

£ 1500 or 1502 £ 1500 or 1502 £ 1500 or 1502 £1500 or 1502 

Delivery of  
erroneous SDUs 

Yes/No Yes/No Yes/No Yes/No 

Residual BER 5�10-2, 10-2, 
5�10-3, 10-3, 
10-5, 10-6 

5�10-2, 10-2, 5�10-3, 10--

3, 10-4, 10-5, 10-6 
4�10-3, 10-5, 

6�10-8 
4�10-3,10-5, 6�10-8

SDU error ratio 10-2, 7�10-3, 10-3,  
10-4, 10-5 

10-1, 10-2, 7�10-3 
 10-3, 10-4, 10-5 

10-3, 10-4, 10-6 10-3, 10-4, 10-6 

Transfer delay (ms) 100 – maximum  
value 

250 – maximum  
value 

  

Guaranteed bit 
rate (Kbps) 

< 2048 < 2048   

Traffic handling 
priority 

  1, 2, 3  

Allocation/Retention 
priority 

1, 2, 3 1, 2, 3 1, 2, 3 1, 2, 3 
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3.2.1 Conversational Class 

Conversational class is defined for real-time conversation that requires 
low end-to-end delay. The best-known example is speech service over 
circuit-switched bearers. With the popularity of the Internet and emerging 
needs for multimedia communications, a number of new applications also 
require this class of service, e.g., Voice over IP and video telephony. 
Subjective evaluations have shown that the end-to-end delay has to be less 
than 400 ms for video and audio conversation. 

 
In UMTS, the speech codec used will be the Adaptive Multi-Rate (AMR) 

codec. Eight source rates are defined for this multi-rate speech codec: 12.2, 
10.2, 7.95, 7.40, 6.70, 5.9, 5.15, and 4.75 Kbps. The AMR rates are 
controlled by the radio access network. The 12.2 Kbps AMR speech codec is 
the GSM EFR codec, the 7.4 Kbps codec is the US-TDMA speech codec, 
and the 6.7-Kbps codec is  the Japanese PDC codec.  The AMR specification 
provides error concealment. Thus, the AMR speech codec can tolerate about 
1% Frame Error Rate (FER) of class A bits without any deterioration of 
speech quality.  For Class B and C bits, a higher FER is allowed. 

 
Video telephony is another application that will use conversational class 

for UMTS transport. The Bit Error Rate requirement for video telephony is 
more stringent than that of speech. In UMTS, H.324M has been chosen to be 
used for video telephony in circuit-switched connections [26.110]. 

3.2.2 Streaming Class 

Multimedia streaming allows data to be transferred such that they can be 
processed as a steady and continuous stream. With streaming, the client 
browser can start displaying the data before the entire file has been 
transmitted. Streaming applications are very asymmetric and therefore 
typically can withstand more delay and jitter than conversational services.  

3.2.3 Interactive Class 

Interactive class can be used for applications where an end-user (either a 
machine or a human) is online requesting data from remote equipment. 
Examples of such applications are web browsing, server access and database 
retrieval. In addition, emerging m-commerce applications, e.g., wireless 
auction and online games, also require interactive class service. 
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3.2.4 Background Class 

Data applications such as emails, Short Message Service (SMS), and 
downloading of databases can be delivered in the background or during off-
peak hours since such applications do not require immediate action. The 
delay may be seconds, tens of seconds, or even minutes. Traffic from such 
applications can be transported using UMTS background class service. 

3.3  QoS Engineer ing 

To support multimedia applications on a common packet-based network, 
QoS engineering is required. All service providers are interested in 
maximizing their revenue via offerings of high-value services while 
maintaining high utilization of their installed infrastructure. QoS engineering 
is an end-to-end issue. It must take into account the user terminal, the air 
interface, the radio access network, the core network, and external networks. 
QoS engineering involves all layers, namely physical, MAC, radio link, 
ATM-based or IP-based backhaul network, backbone network, and 
application layers. 

 
The following are common techniques used for QoS engineering: 
·  Traffic characterization 
 

Before any QoS engineering work can be performed, the traffic 
engineer needs to understand the different applications that will be used 
by the subscribers, the traffic arrival patterns of such applications, and 
the packet sizes/volume generated/received by such applications during 
a typical active session. 
 
·  Admission control and network resource allocation 

 
In the network, there are limited resources, e.g., available power, 

airlink capacity, buffers, CPU processing power within network 
elements. Therefore, admission control modules exist within different 
network elements to grant permission for different users to use different 
segments of the network resources. Normally, users are admitted based 
on their average QoS requirements. Once admitted, network resource 
management algorithms are used to allocate resources to the admitted 
users, attempting to smooth out any transient congestion. 

 
·  Server/link scheduling and traffic policing/shaping 
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Service providers would like to offer different grades of services to 
the users so that traffic from users that pay more can get better 
treatment, e.g., they can enjoy smaller transfer delay or others’  traffic 
will be discarded to make room for their traffic. Thus, server/link 
scheduling algorithms exist in different network elements within the 3G 
network. In addition, the network elements may negotiate for different 
QoS requirements with their transport networks, e.g., average and peak 
bandwidth and maximum traffic burst size. Thus, traffic from different 
network elements may need to be policed/shaped before it is fed to 
another downstream network element. 

 
·  QoS mapping between networks and different layers 

 
Airlink packets are transported to upstream network elements via the 

transport networks, which may be Frame-relay based, ATM-based, or 
IP-based. To meet end-to-end QoS requirements, there must be proper 
QoS mapping between one layer and the next and between networks. As 
an example, the conversational traffic needs to be transported using 
Constant Bit Rate (CBR) traffic within the ATM-based radio access 
network. Such traffic may be transported using Internet Engineering 
Task Force (IETF) Expedited Forwarding (EF)-style QoS class [Jac99] 
across the IP-based core network before it arrives at its destinations. 

 
·  Service level agreements (SLA) and policy management 

 
Users may negotiate for SLA with the carriers. Thus, the network 

elements need to have the capability to monitor the users’  perceived 
service level to ensure that their negotiated SLA can be met. Many 
value-added services, e.g., corporate access, broadcast/multicast services 
from third parties, etc. will be provided by the carriers to attract more 
subscribers. Thus, policies exist in different network elements to 
authorize the users as well as the network elements in the usage of 
network resources. For example, each enterprise may have a list of 
forbidden web sites that their employees are not supposed to access via 
their corporate networks. Thus, access control polices need to be 
installed and managed at the edge routers or VPN gateways within the 
Point of Presence of the extended 3G networks. 

 
·  Radio channel selection and bandwidth allocation 

 
Different 3G channels are available to cater to different needs. For 

example, dedicated channels (DCH) and common packet channels such 
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as Fast access channels (FACH) and downlink shared channels are 
provided in UMTS. Many users can share an FACH channel while a 
dedicated channel is tied up by a user once it is allocated. Since there is 
a limit on the number of available dedicated channels, a service provider 
may arrange to have the users share a common packet channel when 
their traffic is small and switch them to a dedicated channel when their 
traffic builds up. Intelligent radio channel selection and bandwidth 
allocation strategies allow the service providers to cater to more users’  
data needs using the same resources. 

 
·  RF power control and rate control among users 

 
Typically, CDMA technology is used in 3G network because of its 

high spectral efficiency. Users experience different fading conditions 
from time to time. Power control algorithms are used to ensure that the 
users can enjoy consistent airlink performance (in terms of packet error 
rates). Sometimes, the users’  allocated rates are adjusted based on the 
fading conditions.  

 
·  RF resource setup and teardown strategies 

 
Airlink resources are limited. Thus, it is normal practice to release 

precious airlink resources during the idle times of  packet data sessions 
where users pause to digest the information they obtain before their next 
action. RF resource teardown procedures are performed to release airlink 
resources. When new packets of the same sessions arrive, RF resource 
set up procedures need to be performed so that such packets can be 
delivered without too much delay. Such a resource management scheme 
enables more users to share the airlink bandwidth, but it creates 
additional signaling messages. Thus, good RF resource setup/teardown 
strategies need to be designed to optimize the overall network 
performance. 

 
·  Network design based on traffic engineering rules 

 
Designing a new 3G network or enhancing an existing 2/2.5G 

network to a 3G network is a complex process. The service providers 
need to have a reasonably good forecast of the needs of their current and 
prospective customers. Then, the service providers can estimate the 
potential traffic that will be generated by such subscribers and design 
their new network or evolve their current network to meet emerging 
demand. Traffic engineering rules will be used during the network 
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design process to ensure that an appropriate number of network elements 
are chosen and placed intelligently in suitable geographical locations to 
meet subscribers’  demands. For example, the base stations and base 
station controllers should be located appropriately such that the voice 
and data traffic generated by the subscribers can be carried within the 
radio access network using minimum network resources. 

3.4 Traffic Modeling 

Performance analysis tools can be built using a general and consistent 
traffic model. The generic traffic model framework should be able to evolve 
easily with the emergence of new data applications and services. A good 
understanding of the traffic patterns generated by potential subscribers 
allows the service providers to design a 3G network efficiently. Realistic 
traffic models are required to size various network elements within a 3G 
network. For example, if we assume that only the 12.2–Kbps rate will be 
used by the AMR codec and that no silent detection is used in a 3G voice 
network, then the total traffic generated by a voice user will be 13.3 Kbps 
(taking into consideration the ATM transport overhead). Similarly, a good 
traffic model also enables us to estimate the end-to-end user perceived 
throughput.  

 
Using a WWW-browsing session as a specific example, we illustrate why 

good traffic modeling is important to help us understand the difference 
between the user-perceived throughput and the allocated airlink bandwidth. 
It also provides clues for us to design a more efficient radio resource 
management scheme. 
 

Figures 3-2 and 3-3 show the traces of TCP connections for a simple 
(Net-Adobe-1) and a sophisticated (Net-CNN-1) Web page download over a 
3G1x network. The x-axis plots the increasing session time (in seconds) 
while the y-axis plots the TCP port numbers observed during the session. 
The simple Web page download results in 12 TCP connections and has a 
size of 190 Kbytes. The average downlink and uplink bandwidth used is 62 
Kbps and 8 Kbps respectively for the simple Web page. The peak downlink 
bandwidth observed within a second period is about 270 Kbps. The average 
downlink latency is about 120 ms while the average uplink latency is about 
160 ms. The simple Web page download time is 24.5 seconds. The 
sophisticated Web page download results in 30 TCP connections and has a 
page size of 205 Kbytes. 
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Net-Adobe-1 
·  Average downlink bandwidth: 62 Kbps 
·  Average uplink bandwidth: 8 Kbps 
·  Page download time: 24.5 s 
·  Average downlink packet latency: 120 ms 
·  Average uplink packet latency: 160 ms 
·  12 TCP connections 
·  Total download bytes = 190,000 bytes 

·  Peak one-second downlink bandwidth: 270 Kbps 
 

Figure 3-2  Simple Web Page Download1 
 
The average downlink and uplink bandwidth is 125 Kbps and 17 Kbps, 

respectively. The peak downlink bandwidth observed within a 1-s period is 
about 250 Kbps. The average downlink latency is about 73 ms while the 
average uplink latency is 145 ms. The Web page download time is 13 s. 

 
Without a good understanding of the interactions between the Web page 

size distribution, TCP, and the 3G1x network, one cannot explain the above 
observable performance. In a 3G1x network, a data user is given a 9.6 Kbps 
fundamental channel and an additional supplemental channel of varying 
bandwidth will be allocated based on the data burst size that arrives at the 
buffer within the base station controller. The peak airlink bandwidth that can 
be allocated is 153.6 Kbps. When TCP compression is used, one can 
typically see a compression ratio of 1.6–1.75:1. So, it is reasonable to see an 
observable peak bandwidth in the range of 250–270 Kbps. 

 
1 The plot in Figure 3-2 was provided by Lucent Technologies colleague Joe Courtier. 
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Net-CNN-1 

·  Average downlink bandwidth: 125 Kbps 
·  Average uplink bandwidth: 17 Kbps 

·  Page download time: 13 s 
·  Average downlink packet latency: 73 ms 
·  Average uplink packet latency: 145 ms 

·  30 TCP connections 

·  Total download bytes = 205,000 bytes 
·  Peak one-second downlink bandwidth: 250 Kbps 

 
Figure 3-3 Sophisticated Web Page Download2 

 
A typical Web page has several hidden objects that spawn new TCP 

connections. There are a few large objects and many small objects on the 
Net-CNN-1 Web page. When the main object size is large, the window size 
of the relevant TCP connection has an opportunity to grow and hence results 
in better TCP throughput. Thus, even though there are 30 TCP connections, 
the average downlink bandwidth observed is larger for the Net-CNN-1 Web 
page. 

 
The above example illustrates the importance of understanding traffic 

patterns generated by different Web pages so that one can explain the 
observed end-to-end throughput. By understanding the interactions between 
TCP applications and the lower layers, e.g., RLC/MAC, and physical layer, 

 
2 The plot in Figure 3-3 was provided by Lucent Technologies colleague Joe Courtier. 
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one can devise mechanisms to improve the user perceived performance over 
the wireless systems. 

3.4.1 Traffic Model Framework 

There are two types of services: (a) circuit switched services and (b) 
packet switched services. A traffic model framework that allows us to model 
both types of services as well as a mixture of these two services needs to be 
developed.  

3.4.1.1  Circuit Switched Services 
 
Two major circuit switched services are voice and video services. For 

voice calls, we need to make an assumption on the voice busy hour call 
attempt (BHCA) per subscriber and the average call holding time (ACHT). 
We also need to know the percentage distribution of different types of calls, 
e.g., mobile to PSTN calls, PSTN to mobile calls, and mobile-to-mobile 
calls. We need to understand whether the multi-rate AMR codec will be used 
or only the 12.2–Kbps AMR codec will be used. Similar statistics are 
required for video calls. For example, one can assume that the average bit 
rate that a video call used is 48 Kbps. In addition, we need to know the 
percentage of Public Switched Telephone Network (PSTN) calls that are 
answered, the percentage of call originations, pre-paid calls, etc. 

3.4.1.2  Packet Switched Sessions 
 
For packet switched sessions, we have a notion similar to busy call hour 

attempt that we term busy hour data session attempt (BHDSA). It gives us 
the number of session attempts per user during the busy hour. We also need 
to have the session duration statistics and session arrival distribution. Within 
a data session, we need to have statistics on the average number of 
transactions and its distribution, the mean user thinking time (idle time 
between transactions) and its distribution, and the average “ON” time (which 
includes the transaction time as well as inter-transaction time) and its 
distribution. In addition, we need to know the number of downlink/uplink 
packets within a data session, the packet size distributions, and the 
distribution for the packet inter-arrival times. Figure 3-4 shows the generic 
traffic model framework that we have described. One can determine the 
applicable traffic parameters for each application using this generic traffic 
model framework. 
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Some examples of the traffic parameter values of some popular Internet 
applications using the generic traffic model framework shown in Figure 3-4 
are given below: 

 
a) WWW-browsing 

(i) Session interarrival time can be assumed to be exponentially 
distributed. 

(ii) Number of transactions can be assumed to be normally 
distributed with a mean of 20. 

(iii) User think time can be assumed to be gamma distributed 
with a mean of 40 s. 

(iv) Number of downlink packets can be geometrically 
distributed with a mean of 40. 

(v) Downlink packet size can be assumed to have discrete 
distribution with a mean of 820 bytes.  

(vi) Number of uplink packets can be geometrically distributed 
with a mean of 40. 

(vii) Uplink packet size can be assumed to have discrete 
distribution with a mean of 88 bytes. 
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Figure 3-4 Generic Traffic Model 
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(viii) One-way delay (between mobile and RNC) can be assumed 
to be exponentially distributed with a mean of 100 ms. 

   
      From these values, one can compute the average ON period, OFF 
period, and the session duration assuming that a 64–Kbps airlink 
bandwidth is allocated to the WWW-browsing user. 

 
b) Email 

(i) Session inter-arrival time can be assumed to be exponentially 
distributed 

(ii) Each email session is assumed to consist of 10 email 
downloads, 7 reads, and 8 writes. 

(iii) User think time is assumed to follow Pareto distribution with 
an average of  200 s for email writing or 80 s for email reading 

(iv) The number of downlink packets is assumed to be 
geometrically distributed with a mean of 30 

(v) Downlink packet size is assumed to have a discrete 
distribution with a mean of 1400 bytes. 

(vi) The number of uplink packets is assumed to be 
geometrically distributed with a mean of 100. 

(vii) Uplink packet size is assumed to follow a discrete 
distribution with a mean of 400 bytes. 

(viii) One-way delay between the mobile and RNC is assumed to 
be exponentially distributed with a mean of 100 ms. 

 
Again, assuming that a 64–Kbps airlink bandwidth is allocated, one can 

compute the average ON period, OFF period, and the session duration time. 

3.4.2 Methodology for Traffic Character ization 

In an operating network, traffic traces can be collected periodically for 
offline analysis. However, in a new network, fully integrated network 
elements may not be available for such traffic collection. Under such 
circumstances, normally an emulated system that mimics the real network 
will be built so that traffic traces can be collected.  Here, we describe a 
methodology for traffic characterization using an emulated network with 
WAP application as an example.  
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Figure 3-6. WAP Protocol Message Exchanges Between WAP Client/Gateway/Server 
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Figure 3-5 An Emulated WAP System 
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The WAP standard specifies a layered end-to-end communication 
protocol that allows users to receive news updates, stock updates, etc. A 
typical WAP system (as shown in Figure 3-5) consists of a WAP client that 
runs in a mobile mobile phone, a WAP gateway within a wireless network 
and a WAP Server  in the Internet. The WAP client is connected to the WAP 
gateway via the wireless network.  The  bandwidth  between the  WAP client 
and the WAP gateway is artificially constrained to be the same airlink 
bandwidth in a typical 3G network, e.g., 9.6 Kbps, 19.2 Kbps, etc in 3G1x 
networks or 64 Kbps in UMTS networks. Figure 3-6 shows the protocol 
exchange between a WAP client, WAP gateway and a WAP server. 

 
The WAP applications we used were: (a) BBC News trial service that 

gives headline, sports, show-biz, science technology news, etc; (b) weather 
updates; (c) sports news where scores and schedules of all kinds of matches, 
soccer, cricket, tennis can be found. Traces were collected from the emulated 
system. The collected traces were then analyzed to determine the packet size 
distribution for both downlink/uplink data packets, the user think time 
distribution, etc.  
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In Figures 3-7 and 3-8, the x-axis is the packet size while the y-axis is the 
packet counts. The histogram for uplink packet size shown in Figure 3-7 
indicates that the uplink packet size ranges from 57 to 76 bytes. Similarly, 
the histogram for downlink packet size shown in Figure 3-8 indicates that 
most of the downlink packet size ranges from 600 to 1100 bytes. Figure 3-9 
shows the histogram for the user think time. 
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Figure 3-7 Uplink Packet Size Distribution for BBC News 
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Figure 3-8 Downlink Packet Size Distribution for BBC News 
 

 

 
Figure 3-9 User Think Time Distribution 
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Once the traffic traces are collected, histograms are built. In addition, we 
fit an empirical distribution to each of the metrics we are interested in, e.g., 
packet size distribution. To fit an empirical distribution, we select a few 
reference distributions. We initialize the N distribution parameters by 
looking into the first N moments of the sampled data. Then, we tune the 
parameters. We check the fitness of the chosen empirical distribution using 
Quantile-to-Quantile (Q–Q) Plot and Complimentary Distribution Function 
(CDF) comparison. 

 
For example, given the empirical distribution, F(x) and a chosen 

reference distribution G(x), we generate the Q–Q plot. The Q–Q plot is 
generated by choosing a few qi such that 0 < qi < 1 and plotting { (xi , yi) such 
that F(xi) = G(yi) = qi}  (refer to Figure 3-10). If there is a good match 
between the two distributions, then the Q–Q plot is almost a straight line. 
Using this method and the information we collected for the downlink packet 
size (shown in Figure 3-11), we determined that a normal distribution with 
an average of 775 bytes and standard deviation of 180 bytes fits well with 
the empirical data. 
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Figure 3-11. CDF Comparison for Downlink Packet Size Distribution 

 
 

3.5 Review Exercises 

1. Assume that the average downlink packet inter-arrival time is 50 ms. 
Compute the average ON period (which is defined as the average 
time it takes for all downlink packets within a transaction to arrive) 
using the parameters given for the Web application in Section 
3.5.1.2. Then compute the session duration. 

 
2. Repeat the above exercise using the parameters given for the email 

application. 
 

3. Install ethereal on your PC or laptop and collect packet traces while 
you are surfing the web. Post-process the packet traces you have 
collected to extract information on packet size and packet inter-

 

Figure 3-10. Q–Q Plot for Exponential Random Number Generator 
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arrival times. Then use the Q-Q plot technique to fit a distribution to 
the packet size and the packet inter-arrival time. 
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