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Abstract— Third-generation (3G) cellular systems are often 
considered as a promising strategy for high-speed internet 
deployment in rural areas. However, bandwidth in 3G 
systems is a limited resource and can be quite different from 
the advertised bandwidth. In addition, in wireless 
applications such as voice over IP, video-conference, remote 
monitoring and telemetry (e.g., for healthcare applications) 
the Quality of Service (QoS) is critical. It is therefore 
important to understand how different factors affect the 
QoS requirements of real-time applications. Focusing on the 
reverse link (or uplink), we performed an assessment of the 
bandwidth and packet loss rate in a real network 
environment, using test data collected with two wireless data 
cards from different providers, in both rural and urban 
locations. The main contribution of this paper is the 
presentation of a formal statistical method – a Design of 
Experiments (DOE) analysis - that can be used to analyze 
the interactions between different variables, such as packet 
size, location, buffer size, and wireless provider.  With a 
better understanding of the impact of such factors and their 
interactions, the end-user may be able to make the best 
selection of certain controllable parameters, in an effort to 
improve the QoS of the 3G connection. This is especially 
important for users located in rural areas, where cellular 
coverage is limited.  
 
Index Terms—statistical analysis, design of experiments, 
broadband wireless, 3G, QoS, real-time traffic.  
 

I.  INTRODUCTION 

Third-generation (3G) cellular systems are often 
considered as a promising way of rapidly deploying high 
speed data services to stationary users in rural and remote 
areas [1]. For example, stationary users can be mobile 
clinics, internet kiosks, or residential users.  

There are two main 3G technologies that provide 
dedicated data services: High Speed Packet Access 
(HSPA) and 1xEV-DO. HSPA is the high speed data 
services of the Universal Mobile Telecommunication 
Systems (UMTS) standard which uses Wideband-CDMA 
technology. 1xEV-DO is based on CDMA/High Data 
Rate technology [2], which is a packet standard used with 
IS-95 and cdma2000 networks. This technology is also 
known as an evolutionary advancement for CDMA, and 
when used for “data only” is called EV-DO. Sometimes 
these technologies are referred to as 3.5G.    

In packet data cellular systems, such as 1x-EV-DO, the 

peak (and typically advertised) bandwidth is 2.4Mbps. 
However, the actual bandwidth experienced by the end-
user depends on several factors: (i) the location of the 
user or subscriber, which impacts the signal quality at the 
wireless device, (ii) the wireless equipment and its 
“adaptive” techniques (modulation and encoding 
schemes), (iii) the number of users in the wireless 
network, (iv) the overall congestion and latency in the 
wired backbone.  From the end-user viewpoint, these 
factors are unknown or cannot be directly measured. In 
fact, typical performance is in the lower hundreds of 
kbps.  

Moreover, these 3G wireless systems were designed 
for client-server Internet applications, such as web 
browsing and file transfer. Thus, the forward and reverse 
links were designed to provide asymmetric data rates, 
with the bandwidth in the forward (i.e., downlink) higher 
than in the reverse links (i.e., uplink). According to [2], 
one can expect the downlink capacity to be three or four 
times greater than the uplink capacity for data only 
applications. 

How would real-time applications (such as voice over 
IP, video conference, remote monitoring and telemetry) 
perform in this dynamically changing and often 
unreliable broadband wireless network? Is the 
performance of the reverse link satisfactory?  What is the 
impact of variables such as packet size, buffer size, data 
streaming rate, location of the end-user, weather 
condition, and time of the day?  

The main contribution of this paper is to present a 
formal statistical method – a Design of Experiments 
(DOE) analysis [3] - that can be used to analyze the 
interactions between different variables to help us 
understand their impact on the performance, or Quality of 
Service (QoS), of a 3G service. This is especially 
important for users located in rural areas, where the 
cellular coverage may be poor. Thus, the understanding 
of how a few factors (usually under the user control) can 
improve the performance is crucial.   

We focus on real-time communications and the flow of 
data originating from the wireless user. The QoS 
parameters are throughput and packet loss rate. The 
variables tested are: wireless provider, location, packet 
size, and receiver’s buffer size.  

DOE analysis was first used in [4] to analyze the 
impact of relevant variables on QoS of the end-user’s 
applications. In this paper, we conduct more extensive 
research, based on additional variables and a larger set of 
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test data. For instance, we have extended our experiments 
to different locations, using two different wireless service 
providers, and covering a more comprehensive range of 
packet sizes.   

The remainder of the paper is organized as follows. In 
the next section, we provide a background on 
performance studies of real-time applications using 3G 
cellular networks. In section III, the experimental setup is 
described. Section IV discusses the DOE setup and test 
results. Analysis of the results is presented in Section V, 
followed by conclusions in Section VI. 

II.  BACKGROUND 

For any given wireless communication system, there 
are many factors that have impact on the performance of 
the uplink transmission, such as packet size, buffer size, 
data streaming rate, location of the end-user, weather 
condition, and time of day. These variables can all be 
viewed as inputs to the communication system. However, 
based on the nature of the parameters they can be divided 
into two groups: one is the control parameters and the 
other is the noise parameters. A control parameter is one 
that can be set to certain value by the end-user. A noise 
parameter is one that the end-user has no control. The 
optimization of QoS is to select the control parameters 
such that for any values of the noise parameters certain 
objective function involving the uplink throughput and 
the packet loss rate is maximized. 

Our approach to better understand these factors is to 
use the DOE method, in which certain combinations of 
extreme cases of each variable are targeted for testing, 
with each experiment repeated several times. The 
resulting reverse link throughput and packet loss rate are 
used to identify the impact of each variable on the uplink 
transmissions. Furthermore, the DOE method allows us to 
analyze the interactions between variables.  

There are several studies on the performance of real-
time applications over 3G systems. However, they 
covered different aspects, such as downlink transmissions 
[5, 7], older wireless technologies [5, 6, 7], TCP traffic 
[8], simulation, or test bed results [9, 10]. Some of the 
ideas in those papers such as performance evaluation may 
be similar to what we are trying to do, but there are 
significant differences. For the uplink transmission of the 
User Datagram Protocol (UDP), the end-user does not 
have access to all the information about the network. In 
our case, the network is like a black box with limited 
amount of feedback to the end-user. The production 
network based on CDMA/HDR (High Data Rate) [2] 
used for the experiments also may have different 
characteristics compared to other system or simulation 
models. Finally, our approach allows the evaluation and 
comparison of simultaneous wireless connections [24]. 

Mobile Health Systems 

In the last decade, Mobile Health systems have 
attracted increasing attention of researchers and 
commercial developers [11-18]. For instance, the 
DREAMs ambulances [19] exchange high-quality video, 

vital signs, voice and text communications in real-time 
with the emergency room using the UDP transport 
protocol. By taking advantage of the widespread cellular 
coverage in rural and urban areas, when the patient needs 
immediate care from a doctor, the ambulance needs to get 
connectivity on its way to the hospital. The doctor can 
communicate in audio and video with the emergency 
medical technicians (EMTs) and has immediate access to 
the vital signs of the patient. 

In wireless applications such as Mobile Health 
systems, the QoS is critical. It is therefore important to 
understand how different factors affect QoS (e.g., 
reliability and delays), which is determined mainly by the 
uplink transmission characteristics [4]. The performance 
of an uplink 3G system for Mobile Health application is 
studied in [14] using the OPNET simulation tool.  The 
impact of buffer size on QoS metrics including jitter and 
packet loss rate are studied in [17] with real test setup 
using UMTS. In [20], the problem of optimally selecting 
the best channel among a pool of channels available to 
the communication system in the DREAMs ambulance 
was discussed using modeling and simulation tools. 
There are other wireless applications such as a mobile 
clinic [21] and mobile communication systems used by 
the military [22]. Some of these systems can be stationary 
or semi-stationary but the location can be different. Given 
its importance and complexity, the current understanding 
of the QoS optimization problem for wireless 
communication systems is far from sufficient. 

III.  EXPERIMENTAL SETUP 

In our DOE analysis, the network is considered as a 
“black box”. The only known factor from the network is 
the coverage maps provided by the network provider, as 
shown in Fig. 1 and Fig. 2. Two different locations and 
two network providers were used for the DOE testing: 

- The first location is in Steep Hollow, Texas. This is a 
sparsely populated area. This location has poor coverage 
by Provider 2 and good coverage by Provider 1. Fig. 1 
illustrates the coverage map for Provider 2. Table 1 is 
Provider 2’s the description of service and the average 
speed for the gray area, where Steep Hollow is located, is 
between 50 and 70 kbps.   

 
Figure 1. Provider 2’s coverage in Steep Hollow, TX. 
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Figure 2. Provider 2's coverage in Fermier Hall, (Texas A&M College 

Station campus). 

TABLE 1. PROVIDER 2’S COVERAGE DETAILS 

Coverage Download Average 
Speeds

Upload Average 
Speeds

Mobile broadband 
network

600 kbps – 1.4 Mbps 350kbps – 500 kbps

Mobile broadband 
roaming

400kbps – 700kbps 50kbps – 70kbps

Nationwide network 50kbps-70kbps 50kbps-70kbps

Data roaming 50kbps-70kbps 50kbps-70kbps
 

 
- The second location is in a good/excellent coverage 

area for both providers: Fermier Hall on the campus of 
Texas A&M University. But the tests were conducted in 
the basement, where wireless access is poor. 

The cards used in our tests are a Sierra Wireless 
AirCard 597A and a KPC680 ExpressCard, both based on 
CDMA/HDR [4] or EV-DO. The EV-DO systems 
employ adaptive techniques (such as modulation 
schemes, forward error correction codes, and packet 
sizes), thus providing different bandwidth and delays 
depending on the signal-to-noise ratio (SNR) measured at 
the mobile user.  

The tests were conducted using a network performance 
tool Iperf [23]. This program runs as a client/server 
application, over either TCP or UDP transport protocol. 
To emulate real-time traffic, the experiments are 
conducted using UDP traffic, at a constant bit rate. 
Several parameters can be configured when running Iperf 
over UDP mode: the client can create UDP streams of 
specified bandwidth, packet length, and the server can be 
configured with different buffer sizes. The reason for 
assuming constant bit rate is that we are mainly interested 
in voice and remote monitoring traffic. In the 
communication system studied in [20], voice and vital 
signs monitoring were considered as the highest priority 
traffic.  

As shown in Fig. 3, using the mobile station as the 
client and a fixed Internet node as the server, the actual 
bandwidth over a period of 10 minutes was measured in 
each experiment. Every second, the effective bandwidth 
the application received and the packet loss rate, 
calculated as the ratio between the lost packets and the 
total number of packets sent, were recorded. 

Iperf

3G
Data Card

Client (mobile station)

Server
(fixed node)

Iperf
3G Core
Network

Reverse channel 
(uplink)

Internet

UDP packets

 
Figure 3. Experimental setup for the assessment of uplink bandwidth 

and packet loss rate. 

IV.  DESIGN OF EXPERIMENTS 

The initial focus of the experiments was to evaluate the 
bandwidth and reliability of mobile users, such as the 
DREAMS ambulance [19]. However, it was found that 
the results for moving mobile units were very random and 
difficult to analyze. Fig. 4 shows the throughput (in kbps) 
and packet loss rate (in percent) results of an experiment 
conducted on a mobile test unit while traveling at 40 mph 
speed. It is clear that as the mobile test unit moves along 
the route, the QoS changes considerably. Additional tests 
on a mobile unit with different route and speed suggested 
that tests with the mobile unit moving have dependency 
on the route and speed and the results are highly 
unpredictable. In order to perform the DOE analysis 
effectively, the location of the mobile unit will be fixed. 
Same DOE tests will be repeated at different locations. 

Another relevant but difficult to control variable is the 
weather condition. Raining, overcast, and clear are the 
basic types of weather. But only the clear weather is a 
consistent test condition. All experiments will be 
conducted under clear weather and similar temperature 
and humidity conditions to minimize the impact of the 
uncontrollable weather condition on the test results. 
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Figure 4. Sample throughput and packet loss rate for a mobile user. 
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The same test equipment is used to avoid the 
contribution of equipment and its interaction with other 
variables to the test results. 

The initial research in [4] included data streaming rate 
as an independent variable in the DOE matrix. This is 
correct but the comparison of the bandwidths for different 
data streaming rates would not be fair since the lower 
bandwidth could be a result of the user requesting less 
data to be transferred instead of what the system is 
capable of doing. Therefore, in this paper the DOE will 
not include data streaming rate as a variable in the DOE 
matrix. Instead, a constant value of 500 kbps will be used 
for data streaming rate. The DOE analysis in [4] also 
concluded that the impact of time of the day is 
insignificant. During the test conducted in preparation for 
the publication of [4], we also noticed that the 
relationship between QoS and the packet size may be 
highly nonlinear. Therefore, more than two levels for this 
variable were tested to reveal more information. 

Based on the above considerations, the DOE analysis is 
limited to two variables: packet size (3 levels) and buffer 
size (2 levels) with the bandwidth and packet loss rate 
used as the metrics for QoS. The resulting full factorial 
DOE is defined by Table 2, where test results are shown 
for the Steep Hollow location using the wireless cards 
from Provider 2. Each experiment is repeated three times 
to reduce the effect of randomness, which leads to a total 
of 18 experiments per network provider.  Since we have 
access to two network providers, we ran a total of 36 
experiments.  

Note from Table 2 that small packet sizes were chosen 
in the experiments. For instance, for voice 
communications, the packet sizes can range from less 
than 100 bytes for G.723.1 codecs, to close to 500 bytes 
for G.711 codecs. A small buffer size (1 packet) and a 
large one (10 packets) are used. Data streaming rates of 
500 kbps are used for all the experiments.  

TABLE 2. FULL-FACTORIAL DOE EXPERIMENTS (PROVIDER2) 

Test 
No. 

Packet Size
(bytes) 

Buffer Size 
(packets) 

Mean Bandwidth 
(kbps) 

Mean packet 
loss rate  (%) 

1 100 1 88.57 16.48 

2 100 10 106.16 0.11 

3 500 1 132.15 0.24 

4 500 10 131.39 0.14 

5 1000 1 125.75 0.13 

6 1000 10 136.54 0.10 

Test quality 
To help understand the statistical nature of our 

analysis, a typical statistical distribution of the bandwidth 
from an experiment is displayed in Fig. 5.  

104968880726456

Median

Mean

89.088.588.087.587.0

1st Q uartile 84.800
Median 88.000
3rd Q uartile 91.200
Maximum 106.000

86.956 87.958

88.000 88.800

5.866 6.575

A -Squared 11.80
P-V alue < 0.005

Mean 87.457
StDev 6.200
V ariance 38.441
Skewness -1.68608
Kurtosis 6.55679
N 591

Minimum 56.000

A nderson-Darling Normality  Test

95% C onfidence Interv al for Mean

95% C onfidence Interv al for Median

95% C onfidence Interv al for StDev
95% Confidence Intervals

Summary for Bandwidth (kbits/s)

Figure 5. Statistical distribution of bandwidth. 

The p-value is less than 0.005, thus it is not a normal 
distribution. For every test conducted, average values and 
standard deviations are calculated. The ratio between the 
average and the standard deviation is defined as the signal 
to noise ratio (SNR). 

TABLE 3. SNR FOR BANDWIDTH, WHERE L1 IS LOCATION 1 (FERMIER 
BASEMENT), L2 IS LOCATION 2 (STEEP HOLLOW), C1 IS PROVIDER 1, C2 

IS PROVIDER 2. 

Test No. L1/C1 L1/C2 L2/C2 L2/C1

1 4.00 1.96 16.67 14.29 

2 3.33 2.22 25.00 14.29 

3 2.50 2.5 20.00 12.50 

4 1.92 2.33 20.00 12.50 

5 2.33 2.00 14.29 12.50 

6 3.13 1.87 25.00 12.50 

 
    Thus, the SNR is clear indication of quality of the tests. 
From Table 3, it is clear that L2, i.e., Steep Hollow, is the 
more reliable location due to its higher SNR. The 
definition of the SNR may not appropriate for signals that 
have mean values close to zero. For this reason, the SNR 
for packet loss rate is not used. 

V. ANALYSIS OF RESULTS 

In this section, the results of the DOE for each location 
and each wireless card are carefully analyzed using the 
Main Effects and the Interaction Plots for bandwidth and 
packet loss rate. Such plots are obtained from Minitab [3] 
software tool. Then, we combine the different locations 
and wireless cards in one common four-factor DOE, and 
the interaction between the variables are analyzed using 
Pareto Charts of the Effects. Finally, to further analyze 
the effect of packet size on the packet loss rate and 
bandwidth, we show the results of experiments using a 
combination of seven different packet sizes, from 100-
byte to 1400-byte packets.  
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A.  Provider 2, Steep Hollow – Bandwidth and Packet 
Loss Rate 

The Main Effects Plots for bandwidth and packet loss 
rate are shown in Fig. 6. Levels 1, 2, and 3 for packet size 
represent 100, 500, and 1000 bytes respectively. Levels 1 
and 2 for buffer size represent 1 and 10 packets.  

The Main Effects Plot for bandwidth shows that the 
impact of the packet size on the bandwidth is highly 
nonlinear. There is a significant increase in the bandwidth 
when the packet size changes from 100 to 500 bytes. The 
change corresponding to the increase of the packet size 
from 500 to 1000 is very small. The effect of the buffer 
size is not as significant compared to packet size change 
from 100 to 500, but is significant compared to the 
change of packet size from 500 to 1000.  High bandwidth 
is achieved when the packet size is 500 or 1000 bytes. 
High bandwidth is achieved when the buffer size is 10 
packets.  

The Main Effects Plot for packet loss rate shows that 
the impact of the packet size on the packet loss rate is 
also highly nonlinear. There is a significant decrease in 
the packet loss rate when the packet size changes from 
100 to 500 bytes. To support this, let us take a look at the 
particular case of 100-byte packets. Note that in Table 2 
the mean packet loss rate for Test No.1 was much higher 
(16.48%) than the other tests, which all had less than 
0.5% of mean packet loss rate. This difference is indeed 
significant and we need to verify if this is always true 
when we have 100-byte packets and a very small buffer. 
To verify this, we need to analyze the results in other 
locations, and with other wireless cards. The results in 
Table 2 reflect only the performance in Steep Hollow and 
wireless card 2, which as discussed in Section III, has 
poor coverage by Provider 2.  

Notice that at the 500 to 1000-byte range, the change in 
packet loss rate corresponding to the increase in packet 
size is very small. The effect of the buffer size on the 
packet loss rate is significant.  Based on the DOE 
analysis, low packet loss rate is achieved when the packet 
size is 500 or 1000 bytes. Low packet loss rate is 
achieved when the buffer size is 10 packets.  Based on 
these two graphs, one can conclude that for optimal QoS 
in this location and for this wireless provider, the packet 
size should be greater than or equal to 500 bytes and the 
buffer size should be large, i.e., 10-packet size. Of course, 
these conclusions are limited to the ranges between the 
levels specified in Table 1. Also, if the value for the 
buffer size is too large, there may be an issue with delays 
[17]. 

B.  Provider 1, Steep Hollow – Bandwidth and Packet 
Loss Rate 

Similar graphs are plotted in Fig. 7 for the same DOE 
test conducted at the same location (Steep Hollow) using 
Provider 1’s wireless card. It can be seen that the general 
trends for the two wireless cards are similar. One must be 
very careful not to draw a conclusion that this is always 
true since the results may be dependent on the location. 
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Figure 6.  Main Effects Plots (Provider 2, Steep Hollow). 
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Figure 7. Main Effects Plots (Provider 1, Steep Hollow). 
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C.  Provider 2, Fermier basement – Bandwidth and 
Packet Loss Rate 

The dependency on location is illustrated in Fig. 8 by 
the result from the same DOE test conducted at a 
different location (Basement of Fermier Hall on the 
Texas A&M University campus). In this case, one can see 
a significant difference between the bandwidth Main 
Effects Plots in Fig. 8 and the results obtained in the other 
location (Fig. 7). On the other hand, the packet loss rate, 
also shown in Fig. 8, still has similar characteristic as 
those in Fig. 7.  

D. Four-factor full factorial DOE 
The test data from the DOE defined in Table 2 

collected at the two different locations and with two 
different wireless cards can be used to conduct a four-
factor full factorial DOE analysis for packet size, buffer 
size, location, and wireless card. The DOE matrix and the 
test results are given in Table 4. 

There are different graphs that can be used to illustrate 
the DOE analysis results. The Pareto Charts of the Effects 
for bandwidth and packet loss rate are shown in Fig. 9. 
With a confidence level of 95%, which is 1 - Alpha, one 
can conclude that the main factors for bandwidth are the 
wireless card and location, as indicated by the 
corresponding values for these factor over the threshold 
of 2.571.  
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Figure 8.Main Effects Plots (Provider 2, Fermier basement). 
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Figure 9. Pareto charts for four-factor DOE. 
However, it was not possible to determine the most 

significant factor for the packet loss rate. For every 
second, the packet loss rate is calculated, giving us 600 
samples in 10 minutes testing. The packet loss rates are 
typically very low, less than 1%, due to all the error 
encoding and correction capabilities implemented in 3G 
systems. Occasional bursts of packet losses have been 
observed in the experiments. Because our metric is the 
mean packet loss rate, these bursts have been averaged 
leading to the results in the last column in Table 4 as well 
as the conclusions from the Pareto Chart for packet loss 
rate. Although most of the mean packet loss rate values 
are low, we can observe in Table 4 that higher packet loss 
rate rates were obtained for the rural location (Steep 
Hollow) with wireless card 2 (Tests 9 to 12).  

E. Further testing 
As discussed earlier, the impact of the packet size on 

the bandwidth is highly nonlinear. The previous DOE 
tests only had three different values for packet size. In 
order to characterize the nonlinearity in the impact of the 
packet size on QoS, further tests were conducted at the 
Steep Hollow location using the two wireless cards. Since 
buffer size was determined to have insignificant impact 
on the bandwidth results (Fig. 9), the buffer was chosen 
to be of size 10 packet. The packet sizes were selected to 
be 100, 200, 300, 400, 500, 1000, and 1400 bytes. The 
selection of the packet sizes were based on the results 
from the DOE  analysis, which indicate that there was a 
significant change between 100 and 500 bytes but not 
much change between 500 and 1000 bytes. The results 
for bandwidth are summarized in Fig. 10 and Fig. 11, 
with an input data streaming rate of 500 kbps. 
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TABLE 4. FOUR-FACTOR FULL FACTORIAL DOE 

Test No. Packet Size 
(bytes) 

Buffer Size 
(packets) Location Wireless card Mean Bandwidth 

(kbps) 
Mean packet 
loss rate  (%) 

1 100 1 Steep Hollow Card1 385.03 1.28 

2 500 1 Steep Hollow Card1 496.35 0.29 

3 100 10 Steep Hollow Card1 389.44 0.06 

4 500 10 Steep Hollow Card1 497.22 0.04 

5 100 1 Fermier Basement Card1 305.82 1.43 

6 500 1 Fermier Basement Card1 150.50 0.05 

7 100 10 Fermier Basement Card1 416.04 0.84 

8 500 10 Fermier Basement Card1 165.92 0.20 

9 100 1 Steep Hollow Card2 88.57 16.48 

10 500 1 Steep Hollow Card2 132.15 0.24 

11 100 10 Steep Hollow Card2 106.15 0.11 

12 500 10 Steep Hollow Card2 131.39 0.14 

13 100 1 Fermier Basement Card2 65.84 3.95 

14 500 1 Fermier Basement Card2 150.50 0.05 

15 100 10 Fermier Basement Card2 72.44 0 

16 500 10 Fermier Basement Card2 71.21 0 

 

It can be easily seen that the most important factor is 
the coverage. At the test location, the wireless card 1 has 
good coverage and wireless card 2 has poor coverage. 
The bandwidth for card 1 is almost four times higher that 
of card 2. The performance of card 1 is also more 
consistent. It can be concluded that using card 1 at the 
test location, the packet size should be chosen as 200 
bytes or larger. If card 2 is used, then the performance is 
not consistent. There was too much noise in the 
measurements. In general, packet sizes above 500 bytes 
have better results.  

When analyzing mean packet loss rate (Fig. 11), card 1 
has lower packet loss rate due to good coverage and the 
larger packet size has lower packet loss rate in general, 
except for packet size 100 byte. Since both bandwidth 
and packet loss rate are important metric for performance, 
packet sizes greater than or equal to 500 bytes provide 
better overall result. Similar to the bandwidth plot, the 
packet loss rate for card 2 is inconsistent. However, we 
can observe that larger packet sizes have lower packet 
loss rate and are typically more efficiently transmitted. 

 
Figure 10. Bandwidth as a function of packet size (Steep Hollow). 

 

 

 
Figure 11. Packet loss rate as a function of packet size (Steep Hollow). 

VI. CONCLUSIONS 

This paper presents an innovative way to study the 
simultaneous effects of multiple variables on the 
throughput and packet loss rate using the Design of 
Experiment (DOE) method. Real world test data are used 
in this paper. Statistical analysis is conducted with the 
test data that has noise and multiple factors influencing 
the test results. Note that the statistical analysis method 
here presented is certainly not limited to the applications 
of 3G wireless communication systems. Any wireless 
communication system that has specific QoS 
requirements can potentially benefit from similar 
analysis. 
      In our initial DOE experiment, a two-factor multi-
level DOE matrix was presented. It allowed us to study 
the impact of packet size (3 levels) and buffer size (2 
levels) on the bandwidth and packet loss rate. The tests 
were conducted at different locations (a rural and an 
urban location) and with different wireless cards. The 
results show that the impacts of the two factors on the 
effective bandwidth and mean packet loss rate are 
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dependent on the location and the wireless card used, 
whereas the impact of buffer size is less significant. 
Based on the DOE analysis, additional tests were 
conducted in the rural location to study the nonlinearity in 
the bandwidth and packet loss rate as functions of the 
packet size. For the location of Steep Hollow, if Provider 
1 or Provider 2 wireless card is used, better QoS can be 
achieved when the packet size is 500 bytes or greater. 
Additionally, we concluded that very small packet sizes 
such as 100-byte packets and very small buffers should 
be definitely avoided in places of poor coverage. The 
difference in bandwidth from Provider 1 (good coverage) 
and Provider 2 (poor coverage) was almost 400%, for the 
same uplink data streaming rate.  

The results in this paper help one to better understand 
the impact of wireless card, location, packet size, and 
buffer size, for uplink real-time transmission in 3G 
wireless communication systems. The findings from this 
study can be used to calibrate application parameters for 
stationary users that depend upon 3G systems for high-
speed Internet access. Adjusting parameters such as 
packet size, buffer size, location of receiving antenna, 
and, if possible, choice of wireless provider can 
significantly improve QoS. We showed that the selection 
of optimal system parameters is highly dependent on the 
location of the mobile unit and the wireless card used. 

Furthermore, the test data shows that one must be 
careful in using actual experimental data collected from 
areas that do not have good coverage, such as rural areas. 
To achieve better result for wireless communication in 
rural areas, it is best for a mobile unit to be equipped with 
multiple wireless cards since the QoS can vary 
significantly for different locations. Our ultimate goal is 
to develop an easy-to-use software package that can 
automatically perform the DOE analysis within a short 
period of time such that the user can select the best 
communication parameters for their mobile applications.  

Additional DOE experiments will also be conducted to 
analyze the effect of buffer size on jitter, and also to 
identify the impact of occasional packet loss bursts in the 
QoS of real-time applications.  
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