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Abstract

In present day telecommunication systems, simulations become more and more important.
New concepts are simulated first to obtain the best performance before the systems are
actually built. Models are used to simulate the real-life situation. Models based on
measurements can be very accurate. In this work, an indoor radio channel model was
built, based on measurements. The measurements were performed in one room and a
frequency band of2.0-2.4 GHz, which covers many present day telecommunication systems
like DECT, UMTS and Bluetooth. The measurements, however, can be performed in
arbitrary indoor environments and arbitrary frequency bands.

A database with the measurement data can be converted into a system simulator. The
advantage is that the type ofsystem simulator is independent of the database and therefore
any kind of system simulator can be obtained from the measurement database.

In this report the transformation from the (measured) frequency domain to the time
domain is described in detail. The processing of the measured data is performed with
MATLAB. Several aspects such as aliasing and windowing are elaborated. It is shown that
aliasing can be neglected and that a Gaussian window with characteristics comparable to
the Hamming window can be used.

Simulations performed with three different radio channel models are presented and com
pared with the theory. These three models are the additive white Gaussian noise channel
(AWGN) , the Rayleigh flat fading channel and the two-ray model. The theoretical bit
error rate of these three models is derived and compared with the results from the sim
ulations. The simulation results for all three models agree with the theoretical bit error
rate.

Subsequently a measurement-based model is obtained. Simulations were performed with
this model and the bit error rate of a single carrier system for various bit rates were
obtained. The simulation results show an irreducible error floor whic11 agrees with the
theory. Furthermore the simulation results show a higher bit error rate for higher bit
rates, which also agrees with the theory. The model can be extended with for example
multi carrier techniques like OFDM or space-time coding and the performance of these
techniques can be obtained.

Finally, Gaussian pulse shaping and Raised Cosine pulse shaping are described. The pulse
shape is provided by a transmit and a receive filter. The system performs best if the
transfer function is equally divided between the transmit and the receive filter. In this
report the impulse response of the transmit and the receive filter is derived.
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Chapter 1

Introduction

1.1 General introduction

One of the major obstacles to overcome when designing high bit rate data systems for
indoor environments is multipath fading. Even when increasing the transmit power, the
performance will be limited to the irreducible bit-error-rate. Given the extremely varied
nature of the indoor environment, the characteristics of the indoor radio channel can only
be determined accurately from actual propagation measurements. Therefore a measure
ment setup is built and the radio channel is measured with this measurement setup.

The aim of this research is to build a channel model based on measurements of the radio
channel [2, 12, 13, 14, 18, 20, 21]. Since the model is based on the measurements it can
be used at any frequency depending on the measured frequency band, for example 17
GHz [1, 15, 16, 17] or 60 GHz [4, 8, 10, 15, 17]. In this report a frequency band centred
around 2.2 GHz is used for the measurements. With this simulation tool the performance
at a particular frequency can be obtained with simulations. Multi-carrier transmission
techniques like orthogonal frequency division multiplexing (OFDM) can be implemented
in the model and its performance can be simulated. The measurement setup is movable
and the measurement can be performed 'anywhere'. A measurement can be performed at
a particular location and a model for that specific environment can easily be made.

1.2 Overview of report

In Chapter 2 the measurement setup is described. This setup consists of an XY-table with
an antenna attached to it, a Network Analyzer and a personal computer with dedicated
software. The data are measured in the frequency domain at different positions in the
xy-plane and are saved in a file.

In Chapter 3 is explained how the measured data can be processed in order to obtain
the characteristics of the indoor radio channel in the time domain. MATLAB is used to
transfer the data from the frequency domain to the time domain. Furthermore, the effect
of windowing and aliasing on the impulse response is described.

In Chapter 4 various theoretical issues concerning the radio channel are discussed. The
mathematical description of the impulse response is presented and the implementation of
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Page 10 1. INTRODUCTION

the impulse response in a tapped delay line (TDL) is described. The coefficients of the
tapped delay line are stochastic variables with for example a Rayleigh or Rician distribu
tion. These distributions as well as the determination of the coefficients are described in
detail in this chapter. Finally, some time dispersion parameters are presented.

In Chapter 5 simulations performed with three different radio channel models are presented
and compared with the theory. These three models are the additive white Gaussian noise
channel (AWGN), the Rayleigh fiat fading channel and the two-ray model. The theoretical
bit error rate of these three models is derived and compared with the results from the
simulations.

In Chapter 6 the measurement based model is obtained. First the binwidth and the
number of bins are determined and then the coefficients of the tapped delay line are
derived. Simulations are performed with this model and the bit error rate of a single
carrier system for various bit rates is obtained.

Chapter 7 deals with different pulse shapes. The Gaussian pulse shape and the Raised
Cosine pulse shape are described. The pulse shape is provided by a transmit and a receive
filter. The system performs best if the transfer function is equally divided between the
transmit and the receive filter. In this chapter the impulse response of the transmit and
the receive filter is derived.

Finally, conclusions are drawn and recommendations are presented in Chapter 8.

1.3 MATLAB

The simulations described in this report are performed with MATLAB Simulink J • MATLAB
is a high-performance language for technical computing. It integrates computation, visual
isation, and programming in an environment where problems and solutions are expressed
in familiar mathematical notation. Typical uses include:

• Math and computation

• Algorithm development

• Modelling, simulation, and prototyping

• Data analysis, exploration, and visualisation

• Scientific and engineering graphics

• Application development, including Graphical User Interface building

MATLAB is an interactive system which basic data element is an array that does not
require dimensioning. MATLAB has evolved over a period of years with input from many
users. In university environments, it is the standard instructional tool for introductory and
advanced courses in mathematics, engineering, and science. MATLAB features a family
of application specific solutions called toolboxes. Toolboxes are comprehensive collections
of MATLAB functions (M-files) that extend the MATLAB environment to solve partic
ular classes of problems. Areas in which toolboxes are available include communication
systems, signal processing, wavelets, simulation, etc.

1MATLAB and Simulink are registered trademarks of The MathWorks, Inc.
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Simulink, a companion program to MATLAB, is an interactive system for simulating non
linear dynamic systems. It is a graphical mouse driven program that allows modelling of a
system by drawing a block diagram on the screen and manipulating it dynamically. It can
work with linear, non-linear, continuous-time, discrete-time, multi-variable, and multi-rate
systems. Blocksets are add-ins to Simulink that provide additional libraries of blocks for
specialised applications like communications, signal processing, and power systems.

Both MATLAB and Simulink are created by The MathWorks, Inc. and are available
in different versions for the MS Windows, UNIX and Macintosh operating systems. The
work in this report is performed with a UNIX operating system (HP 11.0), using MATLAB
version 5.3.1 and Simulink version 3.0.1. For the simulations, several blocks from the Com
munications toolbox (version 1.4) are used. More information on MATLAB and Simulink
can be found in their respective reference manuals or at: http://www.mathworks.com.



Chapter 2

Indoor Radio Channel
Measurements

2.1 Introduction

Measurements were performed earlier [3]. However, these measurements were performed
in the frequency band 1.8-2.2 GHz, which is not a 'clean' frequency band, because GSM
1800 and DECT frequencies are also in this frequency band. Therefore, I had to perform
the measurements again, and in a clean frequency band.

The measurement of the indoor radio channel is performed with the aid of an XV-table,
a Network Analyzer and a Personal Computer with special software. The XV-table is
used to perform measurements in a plane of approximately 1 m2 • The Network Analyzer
sweeps through the adjusted frequency band and measures the transfer function of the
radio channel. The computer controls the XV-table and saves the measured data in a file
yielding a two-dimensional array of complex row vectors. Detailed information about the
measurement setup can be found in [3].

2.2 XY-Table

100cm
<11----------_[>

x

1
2

3

Y

Figure 2.1: XY-table.
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Page 14 2. INDOOR RADIO CHANNEL MEASUREMENTS

The XY-table is shown in Figure 2.1. The XY-table is a rectangular table of 80 em in the x
direction and 100 em in the y-direction. The measurement setup is shown in Figure 2.2 and
in Appendix C. The XY-table works as follows: A beam that can move in the x-direction
is mounted on the XY-table. A small table is attached to the beam and is able to move
over the beam in the Y-direction. A non-conducting bar with a length of approximately
1 meter is fixed on the small table (in vertical position). One of the antennas (transmit
/ receive) can be fixed on top of this bar. The XY-table can be controlled by means of a
XY-table controller and a computer with special software. The number of points in the
X- and Y-direction can be chosen as well as the number of frequency steps per frequency
sweep.

receive antenna radio channel transmit antenna

network analyser

personal computer

Figure 2.2: Measurement setup.

2.3 Network Analyzer

A Network Analyzer is used to measure the transfer function of the radio channel in the
frequency domain. The start frequency, stop frequency and the frequency steps can be
adjusted. The analyzer sweeps through the adjusted frequency domain and determines the
transfer function at each point on the XY-table. The analyzer is able to obtain the actual
transfer function without the cable characteristics and the connections. The network
analyzer is a HP 8753E and is a high performance vector network analyzer. A picture of
the network analyzer is shown in Appendix C.

2.4 Automation of the Measurement Setup

Hewlett-Packard Visual Engineering Environment (HP VEE) is a graphic programming
language, which is designed especially to control measurement instruments. Using this
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software the XY-table can be controlled [3]. The different parameters that can be adjusted
for the measurement are:

• Number of points per (frequency) sweep (K).

• Number of points on the XY-table (N).

• Start- and stop frequency.

• Usage of a power amplifier? (YES/NO)

• Names and locations of the data files.

2.5 Data File

The measured data are saved in a file. These data are complex values. The meaning of
these complex values will be explained later. The data are saved in a file in the form

(

paint! point2 pointN )
~~ ~

fI,fz,··· ,fK,fJ,fz,··· ,fK, .. · ...... ,fI,fz, .. · ,fK (2.1 )

where the first point in the array is the complex transfer value at the first point in the
XY-plane at the start frequency. The last point in the array is the complex transfer value
at the last point in the XY-plane at the stop frequency. The measurement is finished now
and the data can be processed with computer programs, for example MATLAB.

NOTE:
The data are saved with a DOS format. If a UNIX system is used to process the data, the
data have to be transformed to UNIX format before processing.

2.6 Measurements

Measurement 1:
This measurement is performed in the large measure room at the fifth floor of building
WAY of Philips NATLAB. The measurement is a line of sight (LOS) measurement and
the measured frequency band is 2.0-2.4 GHz. The specifications of this measurement are
shown in the second column of Table 2.1.

Measurement 2:
This measurement is performed in room 5.76 at the fifth floor of building WAY of Philips
NATLAB. The measurement is a non line of sight (NLOS) measurement and measured
frequency band is 2.18-2.22 GHz. The specifications of this measurement are shown in the
third column of Table 2.1.

Measurement 3:
This measurement is performed at the same location as measurement 2, but with a larger
bandwidth (400 MHz instead of 40 MHz). The specifications of this measurement are
shown in the fourth column of Table 2.1.
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Figure 2.3: Measurement 1 at one position in the xy-plane.

Table 2.1: Specifications of the measurements.

Parameter Measurement 1 Measurement 2 Measurement 3
Place Measure Room, WAY5 WAY 5.76 WAY 5.76
Type Line Of Sight Non Line Of Sight Non Line Of Sight
Distance Tx-Rx 12 m 2-3 m 2-3 m
Frequency 2.0 - 2.4 GHz 2.18 - 2.22 GHz 2.0 - 2.4 GHz
Points/Frequency sweep 1601 1601 1601
Wavelengths in x-direction 3 3 3
Wavelengths in y-direction 3 3 3
Points / wavelength 16 16 16
Points in xy-plane 2401 2401 2401
Source Power 10 dBm 10 dBm 10 dBm
Calibration file jap1 jap2 jap1
Date of measurement 4-2-2000 9-2-2000 10-2-2000
Data file meting5b.dat meting10.dat meting11.dat
Position Rx east side of the room WAY 5.76 WAY 5.76
Position Tx west side of the room WAY 5.74 WAY 5.74
Height Rx and Tx 2m 2m 2m
Polarisation Rx and Tx Vertical Vertical Vertical
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An example of measurement 1 at a certain position in the xy-plane is shown in Figure 2.3.
In the figure it can be seen that the difference between the maximum and the minimum
transmission loss is approximately 35 dB. The indoor radio channel is frequency selective
within the measured bandwidth.

2.7 Conclusions

Measurements are performed and the transfer function of the indoor radio channel is known
at each (measured) position in the xy-plane. It has been found that the difference between
the minimum and maximum transmission loss is approximately 35 dB (Figure 2.3). The
measured data can be used to model the indoor radio channel.



Chapter 3

Post Processing of the Measured
Data

3.1 Introduction

In the previous chapter it is described how the measurement is performed and the data are
saved in a data file. In this chapter it is described how the measured data are post processed
in such a way that they become suitable for implementation in a system simulator.

First, the transform from frequency domain to time domain in general is explained (sec
tion 3.2). After that, differences between discrete Fourier transforms (DFT) in MATLAB
and continuous Fourier transforms (FT) are shown (section 3.3). In section 3.4 the effect
of aliasing is explained in detail. Finally, the use of windows is discussed (section 3.5).

3.2 Power Delay Profile

An indoor radio channel can be described in the frequency domain and in the time domain.
Fourier transforms are used to transform from one domain into the other. The Fourier
transforms are defined below:

Fourier Transforms

1
+00

h(t) = -00 H(J). ej21ift df

1 1+00

h(t) = - H(w) . ejwt dw
21l' -00

1
+00

H(J) = -00 h(t)· e-j21ift dt

1
+00

H(w) = -00 h(t)e- jwt dt

(3.1)

(3.2)

Time ====}

Frequency ====}

Frequency
Time

Fourier Transform (FT)
Inverse Fourier Transform (1FT)

The transfer function H(f) is determined by measuring the received power as a function of
frequency as explained in the previous chapter. The impulse response h(t) can be obtained
by means of the inverse Fourier transform (1FT). From the impulse response, the power

19
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delay profile (PDP) in dB can be calculated as

PDP = 20 . log Ih(t) I

3.3 Discrete Fourier 'Transforms using MATLAB

(3.3)

A computer program, MATLAB in our case, is used to calculate the Fourier transforms.
The differences between the continuous Fourier transform and the discrete Fourier trans
form in MATLAB are described in this section. The scaling factors are derived and verified
with simulations.

3.3.1 Theory

The discrete Fourier transforms are described as:

Discrete Fourier Transform (DFT)

N-l

[ ] _ 1 '" [] j ( 2" ) knhp n - N ~ H p k . e N

k=O

Discrete Inverse Fourier Transform (DIFT)

N-l

Hp[k] = l: hp[n] . e- j ( 2;; )kn

n=O

where

• k = 0,1,2, ... ,oo.N-1

• n = 0,1,2, ... ,oo.N-1

and N is the total number of points.

In MATLAB the transforms are defined as

l,'

hp[n] = ~ l:Hp[k]. eJ(:;V)(k-l)(n-l)

k=l

N

Hp[k] = l: hp[n] . e-j (2; )(k-l)(n-l)

n=l

(3.4)

(3.5)

(3.6)

(3.7)

with k = 1,2,3, ... ,... N and n = 1,2,3,00' .. , ,N.

The only difference between the discrete Fourier transforms and the transforms in MATLAB
is that 'k' and 'n' start at '1' in MATLAB instead of '0'. This is because the first point
in an array in MATLAB has number 1; for example .RI1] and not .RIO]. From now on
(3.4) and (3.5) are used as the Fourier transforms in MATLAB. Now we have to find out
what the difference between the (continuous) Fourier transforms and the discrete Fourier
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Table 3.1: Parameters for discrete Fourier Transforms.

Frequency Time
k=0,1,2, ... ,N-1 n=0,1,2, ... ,N-1
Frequency steps = l:!.f Time steps = l:!.t
Bandwidth (BW) = (N-1) ·l:!.f Total time (T) = (N-1) ·l:!.t
fk = k· l:!.f tn = n· l:!.t

Page 21

P [dB]

(a) Frequency Domain

P [dB]

(b) Time domain

Figure 3.1: Time and Frequency Domain figures for discrete Fourier Transforms.

transforms is. The parameters for the discrete Fourier transforms and the corresponding
figures are shown in Table 3.1 and Figure 3.1.

Analysis:
We start this analysis with the (continuous) Fourier transform of (3.1)

j
+oc

h(t) = -00 H(J)· ej27r
!t df

With the Trapezium Rule we can calculate the (discrete) integral of H(f} as

(3.8)

, (3.9)

with 1.:=1,2,3, ... ,N-2.

We use a window (for example a Gaussian window) to suppress the edges and therefore
H(O} and HUN-i} .~J} can be neglected and thus

N-l

L ~f . H(k . l:!.1)
k=O

(3.10)

and the impulse response is defined as

N-l

h(t) = L l:!.f . H(k . l:!.1) . ej27rkb.!t

k=O

(3.11)
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With a discrete time (t = n . .6.t), the impulse response becomes

N-l

h(n . .6.t) = L .6.1· H(k . .6.1) . ej2trkt::.fnt::.t

k=O

If we choose liN = .6.t . .6.1 the impulse response becomes

N-l

h(n· .6.t) = L .6.1· H(k . .6.1) . d21r~n
k=O

In MATLAB the DIFT is defined in (3.4) as

N-l

hp[n] = ~ L Hp[k] . ej (:'; )kn
k=O

(3.12)

(3.13)

(3.14)

The MATLAB DIFT (3.14) has to be multiplied by N·.6.1 in order to obtain (3.13). The
scaling factor for the MATLAB DFT can be found in the same way and is .6.t.

Conclusion:
MATLAB can be used to perform Fourier Transforms if we multiply the results with the
scaling factors shown in Table 3.2.

Table 3.2: Scaling Factors for Fourier Transforms.

Transform Scaling Factor
MATLAB DIFT N· .6.1
MATLAB DFT .6.t
~

3.3.2 Verification of the scaling factors with a Gaussian function

In this section the scaling factors obtained by the analysis in the previous section are
verified by simulations in MATLAB. A function for which the transformation can analyt
ically be derived in both domains is used to perform the Fourier transforms with. In this
case the Gaussian function is used. The Gaussian function is described in the frequency
domain as shown in (3.15) and in the time domain as shown in (3.16).

'yn ((":'..=..":.0.)2 (~)2) .V (w) = - J 2a e- 2a - e- 2a • e- JWT (3.15)

(3.16)

where R denotes the real part, wo is the centre frequency in radians of the pulse in the
frequency domain and T is centre time of the pulse in the time domain. Parameter 'a' is
defined as

.6.1-60dB = 1.67· a (3.17)
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and

5.26
b.L60dB = -

a

Page 23

(3.18)

where b.f-60dB is the filter bandwidth were the amplitude is 60 dB lower than the maxi
mum, and b.L6odB is the pulse width, were the amplitude is 60 dB lower than the maxi
mum. The pulses are cut off at the -60 dB points to obtain a finite time and frequency in
order to implement it in a computer.

In MATLAB only positive frequencies are used. In that case the Gaussian filter V(w)
becomes

V(w) = _if: (e_("';:0f) .e-jwT (3.19)

Taking the inverse Fourier transform of this function will result in a complex time signal.
The real time signal, v(t), is the envelope of this complex signal and is

(3.20)

where VR(t) is the real part and VI(t) is the imaginary part of the complex time signal.

The parameters and its values are shown in Table 3.3. Fo is the centre frequency in Hz.
In Figure 3.3.3 the Fourier Transforms performed with MATLAB are plotted. In Figure a

Table 3.3: Parameters Gaussian function.

Parameters Value Unity
T 4 x 10- 1 [s]
tlf-60dB 400 [MHz]
Fo 1.8 [GHz]
wo 11.3 x 109 [rad]
a 2.395 x 108

tlL60dB 2.196 X 10-8 [s]
Amplitude in time 1
Amplitude in frequency 7.4 x 10-9

the analytical Gaussian function in the frequency domain is plotted. In Figure b the
DIFT from Figure a with the scaling factor is shown. In Figure c the analytical Gaussian
fUllction in the time domain is plotted. In Figure d the DFT from Figure c with the
scaling factor is shown. In the figure it can be seen that figure a and figure c are equal and
also figure band d are the same. The analytical functions are the same as the functions
obtained by Fourier transformations in MATLAB. Therefore the scaling factors obtained
earlier are verified here.

3.3.3 Conclusion

In this section is shown that MATLAB can be used to perform Fourier transformations
with. The only adjustment that has to be done is scaling of the amplitude. The scal
ing factors are obtained by analysis and numerically verified by means of simulations in
MATLAB and are correct.
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d: DFT from Figure cX 10-9
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b: DIFT from Figure a
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c: Analytical Gaussian function
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Figure 3.2: Verification of the scaling factors for DFT and DIFT in MATLAB.
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3.4 Aliasing

Page 25

The data in the frequency domain are measured at discrete frequencies with fixed frequency
steps. This so called sampling in the frequency domain results in a repetition of the impulse
response in the time domain [7]. The repeti tion time is 1/f:J.j. Aliasing occurs if the signal
is not small enough near the edges of the repetition time interval. The signal from the
next and the previous interval are added to the original signal, and as a consequence the
signal is distorted.

In Figure 3.3a a Gaussian function is plotted in the frequency domain. The frequency step
f:J.j is 10 MHz. This results in a repetition time in the time domain of 1/f:J.j = 1 X 10-7 s.
An example of three repetition periods is shown in Figure 3.3b. In the figure it can be
seen that the signal is small near the edges of the repetition interval and therefore the
effect of aliasing is negligible. The inverse Fourier transform of Figure 3.3a is plotted in
Figure 3.3c.

In Figure 3.4a a Gaussian function is plotted in the frequency domain. The frequency step
(f:J.f) is 100 MHz. This results in a repetition time in the time domain of: 1/f:J.j = 1 X 10-8

s. An example of three repetition periods is shown in Figure 3.4b. These curves are derived
analytically in order to explain figure c. In the figure it can be seen that the signals overlap.
Aliasing occurs and the inverse Fourier transform of Figure 3.4a is the summation of the
signals in Figure 3.4b and is shown in Figure 3.4c.

A window can be used to suppress the power at the edges of the interval and reduces the
effect of aliasing. The use of windows is described in the next section.

Another way of reducing the effect of aliasing is increasing the repetition time and thus
decreasing the signal near the edges of the interval. This can be done by decreasing the
frequency step. However, this results in a longer measurement time and larger data files
which reduces the speed of the measurement and the simulations.

In this report the frequency step of the measurement is 250 kHz resulting in a repetition
time of 4 MS. At 4 ps the amplitude of the impulse response is small enough [3] to neglect
the effect of aliasing.
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In this section the necessity of windowing is explained and different windows are compared
with each other.

The bandwidth we measure with the network analyzer is finite. The Fourier transformation
performed on these data assumes an infinite spectrum. We can obtain an infinite spectrum
by multiplying the measured data with a rectangular window of infinite length. This so
called multiplying in the frequency domain results in a convolution in the time domain. As
a result side lobes occur in the time domain. The height of the side lobe level is determined
by the selected windows [24].

A rectangular window has a highest side lobe level of -13 dB (Figure 3.5). Better windows,
which have lower side lobes and a lower suppression of the values at the edges of the
interval, are available. However, the suppression of the values near the edges results in
a loss of the information at the edges, this is called processing loss. There is a trade-off
between processing loss and highest side lobe level.

One type of window is the Gaussian window. The parameter ex defines the highest side lobe
level and the processing loss of a Gaussian window. The smaller the processing loss, the
higher the side lobe level (Table 3.4). The performance of a Gaussian window with an ex of
2.5 is comparable with a Hamming window (Table 3.4). Simulations were performed with

Table 3.4: Window parameters.

Window Type Highest Side Worst Case Figure
lobe level [dB] Process Loss [dB]

Rectangular -13 3.92 3.5
Triangle -27 3.07 -
Gaussian ex = 2.5 -42 3.14 3.6

ex = 3.0 -55 3.40 3.7
ex = 3.5 -69 3.73 3.8
ex = 3.71 -77 > 3.73 3.9

Hamming -43 3.10 -

MATLAB to verify these parameters [24]. The number of points to define the windows
(N)is 50. On both sides of the windows enough zeros (approximately 1000) were added to
make sure the Fourier Transforms are performed well. Without the zeros MATLAB the
window is repeated after 50 points and aliasing can occur. The zeros are shown only in
Figure 3.5.

Relation between a and ex

In [24] the Gaussian window is defined as

(3.21)

where N = 50, ex defines the pulse width and n = 1,2,3, ...N is a particular point. The
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formula we use for the Gaussian window is (3.19)

v (w) = _ j {: (e-(w ;:0)2) .e-jWT

Except from the amplitude and the delay time, (3.21) and (3.22) are equal if

or

BW[rad· 8-1Ja = _---=----=__...0-

2y'2·a

(3.22)

(3.23)

(3.24)

The relation between a and a for various values of a is shown in Table 3.5. In figures

Table 3.5: Relation between a and a.

a a
2.50 3.55 x 1011
3.00 2.96 X 108

3.50 2.54 x 108

3.71 2.40 x 108

3.5-3.9 different windows and their Fourier transform are plotted. From these figures
the highest side lobe levels can be determined. These levels correspond to the values in 
Table 3.4.

In the past [3J the Gaussian window with an a of 3.71 (Figure 3.9) was used. The side
lobes are much smaller than the side-lobes of the a the Gaussian function with an a of
2.5. However the processing loss is much larger. If we use a Gaussian window with an
a of 2.5 the side lobes are small enough ( -43 dB) compared to the signal to noise ratio
of the measurement. The process loss is also smaller thus a better resolution is obtained.
This Gaussian window is comparable with a Hamming window (Table 3.4).

Conclusions:
'vVe will use Gaussian windows, for several reasons:

• The mathematical formula is analytically manipulable, and can easily be imple
mented in a computer program.

• The parameter 'a' or a can easily be adjusted for the trade-off between processing
loss and highest side lobe level.
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b: Fourier Transform
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Figure 3.9: Fourier Transform Gaussian Window with 0: = 3.71 (=BW60dB).

Example of impulse responses with different windows

In the past [1, 3] a Gaussian window with a 60 dB suppression of the edges was used.
Or in other words a Gaussian window with 0: = 3.71. This results in a highest side lobe
level of -77 dB (see Table 3.4). However, this suppression is too stringent and a highest
side lobe level of -42 dB or an 0: of 2.5 is a better choice. Using this window results
in a smaller process loss and a better resolution. The resolution is determined by the
reciprocal of the bandwidth. Sharper filters decrease the bandwidth and this results in a
worseI' resolution. In Figures 3.10 and 3.11 impulse responses of the radio channel around
2.2 GHz are plotted. In Figure 3.10 a Gaussian window with 0: = 3.71 is used while in
Figure 3.11 a Gaussian window with 0: = 2.5 is used. It is obvious that Figure 3.11 has a
better resolution. The Gaussian window with 0: = 2.5 will be used in this report.

3.6 Conclusions

We now know the impulse responses at each (measured) position in the xy-plane. These
impulse response can be used to model the indoor radio channel or to determine typical
radio channel parameters like rms delay spread.
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Chapter 4

Channel Modelling

4.1 Introduction

In this chapter the theory which is necessary for the channel modelling is described. First
the theory of the radio channel is described (Section 4.2). The impulse response of the radio
channel can be implemented in a tapped delay line (TDL) as is described in section 4.3.
The coefficients of the TDL can have fixed values or stochastic values. The Rayleigh
and Rician distribution are examples of stochastic distributions often used to describe
the indoor radio channel and are presented in section 4.4. The way the coefficients are
updated depends on the Doppler spread (Section 4.5). In section 4.6 is described how
the coefficients are updated in this report. The chapter ends with some time dispersion
parameters (Section 4.7).

4.2 The Radio Channel

The indoor radio channel can be modelled as a linear time-varying filter at each point in
space. The impulse response can be written as [19J

N(T)-l

h(t, T) = L ak(t)· o{T - Tk(t)} . eJfh(t)

k=O

with:

T = observation time
t = application time
N(T) = number of multipath components
adt) = random time-varying amplitude sequence
Tdt) = random time-varying arrival-time sequence
(h(t) = random time-varying phase sequence
o = delta function

(4.1 )

The channel is completely characterised by these parameters. The mathematical descrip
tion of the signal is shown in Figure 4.1.

33
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net)

Linear Time-varying Filter 1
x(t) --------.. h(t, T) = L:~~)-l ak(t) . O[T - Tk(t)] . ej(Jk(t) f-------.-~ yet)

y(t) = J~: X(T)' h(t,T)' dT + n(t)

Figure 4.1: Mathematical model of the signal

The output y(t) can be calculated by convolution of the input signal x(t) with the impulse
response in (4.1). In most applications the impulse response can be considered as constant
during several bit periods. In that case the impulse response from (4.1) becomes

N-1

h(t) = L ak . b{t - td . ejBk

k==O

The output y(t) of the radio channel due to a transmitted signal s(t) becomes

(+00
y(t) = } -00 S(T)' h(t - T) . dT + n(t)

where n(t) is the base-band complex-valued additive Gaussian noise.

If the input signal

x(t) = R{s(t) . ejwot }

is transmitted through the channel the output y(t) becomes:

y(t) = R{p(t) . ejwot }

where

iV -1

p(t) = L ak . s(t - tk) . ejBk + n(t)
k==O

4.3 Tapped Delay Line (TDL)

(4.2)

(4.3)

(4.4)

(4.5)

(4.6)

The impulse response derived in the previous section can be implemented as a tapped delay
line (Figure 4.2). The number of taps determines the resolution of the model. The more
taps the more accurate the model is. However, increasing the number of taps decreases the
speed of the simulations and a compromise has to be found. The values of the weighting
coefficients (Wn ) can be complex and represent a phase and an amplitude. It is also
possible to update the coefficients after a certain time, which makes it possible to model
a time varying impulse response (see (4.1)). A more detailed description of the TDL is
presented later on in this report when the TDL is actually used in the model (Section 6.5).
In Figure 4.2 an example of a tapped delay line is shown.
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+ ~y(t)
------------------------------'

Figure 4.2: Tapped Delay Line

4.4 Distributions

Well-known distributions of the magnitude of a narrowband received signal for the indoor
radio channel are the Rayleigh distribution for the non-line-of-sight (NLOS) and Rician
distribution for the line-of-sight (LOS) distribution (see Figure 4.3).

4.4.1 Rayleigh distribution

The probability density function (PDF) of the Rayleigh distribution can be written as

(0:::;':::;00)
(, < 0)

(4.7)

where a is the rms value of the magnitude (the most probable value).

In the Rayleigh distribution the in-phase (I) and quadrature (Q) components are inde
pendent. The Gaussian distributed random variables result in a joint distribution of the
magnitude (x) of

x = JJ2 + Q2 (4.8)

The cumulative distribution function (CDF) of the Rayleigh distribution is

(4.9)

4.4.2 Rician distribution

(4.10)(A 2: 0, ' 2: 0)
(, < 0)

If a dominant pulse (LOS) is present the Rician distribution is a better distribution than
the Rayleigh distribution. The Rician probability function consists of a deterministic part,
e.a. the dominant pulse, and a Rayleigh distributed part which results in the following
distribution

{

r2+A2
r -~ Ar

P . - 2" . e 2" - . 10 (2)r (ak==r) - (J" (J"o
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where

• 10 is the zero-order modified Bessel-function of the first kind.

• The Rician factor K describes the ratio between the power of the dominant compo
nent and the power of the scattered components.

• A is the magnitude of the deterministic component.

• (j2 is proportional to the power of the Rayleigh component.

The Rician factor K can be calculated with

K(dB) = 10· log (~22 ) (4.11)

Figure 4.3 shows the Rayleigh and Rician distribution functions. In the figure it can be seen
that for K >> 1 the Rician distribution function is approximately Gaussian distributed
about the mean.
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Figure 4.3: Rayleigh and Rician probability density functions
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4.5 Doppler Spread
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The Doppler spread is a measure of the spectral broadening caused by motion of the
receiver and/or transmitter, or the motion of objects and/or people in the environment.
The coherence time Te is the time domain dual of the Doppler spread and is used to
characterise the time varying nature of the frequency dispersion of the channel in the time
domain [6]. The Doppler spread and the coherence time are inversely proportional to one
another. A popular rule of thumb for modern digital communications posed by [6] is

Tc=~ =0.423
y~ 1m

where 1m is the maximum Doppler shift. The maximum Doppler shift is given by

v 1 ·v1m = >: . cos(t9) = ~ . cos(t9)

(4.12)

(4.13)

where>' is the wavelength of the carrier frequency Ie, c is the velocity of light, v is the
velocity of the portable station, and e is the angle between the direction of the motion of
the portable station and the direction of the arrival of the wave at the base station.

The maximum Doppler shift in a typical indoor environment for a carrier frequency of
Ie = 2.2 GHz and a moving object having a velocity of 5 km/h (1.4 m/s) is 10.3 Hz. This
results in a coherence time greater than 41.2 ms. As long as the symbol rate is greater
than 1/Tc=24 bps, the channel will not cause distortion due to motion. Mobile systems
about 2 GHz for example DECT have symbol rates in the order of 1 Mbps which is much
larger than 24 bps.

Conclusion
Systems like DECT are not distorted due to Doppler spread. They are distorted due
to frequency selective fading. The rate of change of the frequency selective fading is
determined by the Doppler spread.



Page 38 4. CHANNEL MODELLING

4.6 Determination of the weighting coefficients of the TDL
as a function of time

As a result of multipath, different rays arrive at the same time at the receiver and are
added. The rays have different phases and amplitudes and may cause destructive and
constructive interference. In literature [11, 22, 23] is shown that a good approximation of
the amplitude is the Rayleigh distribution while the phase is uniformly distributed within
[0, 27f].

The transmission loss in dB in the xy-plane at 2.2 GHz can be obtained from the mea
surement and is plotted in Figure 4.4a. An example of the transmission loss along a
straight line in the xy-plane is plotted in Figure 4.4b. In Chapter 6 will be explained how
the parameter a from the Rayleigh distribution (Section 4.4) can be obtained from the
measurements.
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Figure 4.4: Transmission Loss at 2.2 GHz.

In section 4.7.2 of [6] is explained how a Rayleigh fading simulator can be built. With
this Rayleigh fading simulator a typical Rayleigh fading channel at a particular receiver
speed can be imitated. The Doppler frequency 1rn presented in the previous section is
used to implement the speed of the receiver in the fading simulator. Examples of typical
envelopes of Rayleigh fading simulations at a speed v of 50 km/h Urn = 100 Hz) and v=5
km/h Urn = 10 Hz) at 2.2 GHz are shown in Figure 4.5 and Figure 4.6.

However if a fading simulator is used, simulations will take to much time. If for example
the bit rate R b = 2 Mbit/s, the symbol time T s = 1p,s for QPSK modulation. In this
case, simulations at a receiver speed of 5 km/h and a duration of 1 s, which corresponds
with a distance of 1.4 m (Figure 4.6), would last 50 hours. In this simulation the BER is
obtained for only one value of E b/ No and at one bit rate. These simulations will take too
much time and therefore the fading simulator is not implemented in the model.

Instead of the fading generator, a random Rayleigh generator is used to simulate the
amplitude. Every 100 symbols the generator generates a Rayleigh distributed amplitude



4. CHANNEL MODELLING Page 39

10r--------r--------,--I\----.-------,------=-f\--------,

Cil
E
:; -10
o
.0

'"III
8-15
Q;

~
(ij -20
c
0>en

.. f\

\.

.. (l,

-25

-30

-35

0.250.20.1 0.15
Elapsed Time (s)

0.05

-40 L- --l- -----L L- ---"--- ---'

o

Figure 4.5: Fading simulator with v=50 km/h, Ie = 2.2 GHz and 1m = 100 Hz.

10r------,----,---.------,----r----,----.-----,------.-------,

0.90.80.70.4 0.5 0.6
Elapsed Time (s)

0.30.20.1
-30 L-_----'--__--l-__L-_-----l__----L__-"---__'-----_-----'-__---"---_-----.J

o

o

-25

-20

5

Cil
E -5
:;
o
.0

'"III
8-10
Q;

~
(ij
§, -15
en

Figure 4.6: Fading simulator with v=5 km/h, Ie = 2.2 GHz and 1m = 10 Hz.
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and the amplitudes within these 100 symbols are linearly interpolated as is shown in
Figure 4.7.

The phase is simulated with a uniform generator which generates an uniformly distributed
phase from [0, 27f] every 100 symbols and the phases within these 100 symbols are linearly
interpolated in the same way as the amplitude.

The amplitudes and phases are constant during one symbol.

Simulations performed with this technique are approximately 100 times as fast as the
simulations with the Rayleigh fading simulator.

o 100 500 1000 1500
symbols

2000

Figure 4.7: Randomly chosen values from a Rayleigh distribution.

4.7 Time Dispersion Parameters

In order to compare the time dispersion of different indoor radio channels various quantities
can be used. The mean excess delay, rms delay spread, and maximum excess delay are
multipath channel quantities that can be determined from the power delay profile. The
mean excess delay is the first moment of the power delay profile and is defined to be

(4.14)

(4.15)

The rms delay spread is the square root of the second central moment of the power delay
profile and is defined to be

CTT = VT2 - (T)2

where

Lk P(Tk) . T;

Lk P(Tk)
(4.16)

These delays are measured relative to the first detectable signal arriving at the receiver at
TO = O. These equations do not rely on the absolute power within P(T), but only on the
relative amplitudes of the multipath components within P(T).
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The maximum excess delay (X dB) of the power delay profile is defined to be the time
delay during which multipath energy falls to X dB below the maximum.

The rms delay spread (YT is ab often used time dispersion parameter used to describe the
(indoor) radio channel, because of its relation with the bit error rate.

4.8 Conclusions

In this chapter is shown that the impulse response of the indoor radio channel can be
described as a linear time-varying filter and can be implemented in a tapped delay line.

From this chapter can also be concluded that systems like DECT, UMTS and Bluetooth
are not distorted due to Doppler spread but they are distorted due to frequency selective
fading. The rate of change of the frequency selective fading is determined by the Doppler
spread.

The coefficients of the tapped delay line are Rayleigh distributed values.

Finally, it can be concluded that the Rayleigh fading simulator is a good simulation tool,
but needs long simulation time. A Rayleigh random generator is used instead, which
results in shorter simulations.



Chapter 5

Simulations with Radio Channel
Models

5.1 Introduction

In this chapter the simulations performed with three different radio channel models are
presented. The simulations performed with these three models are used to verify the
correctness of the simulations by means of comparing the simulation results with the
theoretical bit error rates.

The first radio channel model is the additive white Gaussian noise (AWGN) channel (sec
tion 5.2). This model is simulated with the following modulation techniques, binary phase
shift keying (BPSK), quadrature phase shift keying (QPSK) and 7f / 4 differential quadra
ture phase shift keying (7f/4 DQPSK). In section 5.3 the flat fading channel is described.
Finally the two-ray Rayleigh fading model is presented in section 5.4.

5.2 Additive White Gaussian Noise (AWGN) channel

In this section simulations performed with different linear modulation techniques in an
additive white Gaussian noise (AWGN) channel are described. In a linear modulation
scheme, the amplitude of the transmitted signal s( t) varies linearly with the modulating
signal m(t). In a linear modulation scheme, the transmitted signal s(t) can be expressed
as [6]

s(t) Re (A. m(t) . ej21r fc- t )

A· [mR(t) . cos(27ffe· t) - m/(t)· sin(27ffe· t)]

(5.1)

(5.2)

where A is the amplitude, fe is the carrier frequency and m(t) is a complex envelope
representation of the modulated signal,

(5.3)

The linear modulation techniques described in this section are binary phase shift keying
(BPSK), quadrature phase shift keying (QPSK) and 7f/4 differential quadrature phase
shift keying (7f/4 DQPSK).

43
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5.2.1 Binary Phase Shift Keying (BPSK)

In BPSK the information is contained in the phase of the carrier. The amplitude of the
carrier is constant. A binary 1 corresponds to a phase of zero degrees while a binary 0
corresponds to a phase of 180 degrees. The binary values can be plotted in a so called
constellation diagram as shown in Figure 5.1. In this figure Eb is the energy per bit, I is
the in-phase and Q is the quadrature term of the signal. The two possible signals sdt)

Q

--_-------+------..--- I

Figure 5.1: BPSK constellation diagram.

and S2(t) for the binary 1 and 0 respectively for BPSK modulation are

(5.4)

(5.5)

(5.6)

where the energy per bit E b = ~A~Tb and A c is the amplitude of the carrier.

In an additive white Gaussian noise (AWGN) channel, the error probability depends on
the distance between the points in the constellation diagram, 2VEb in this case, and the
noise spectral density No. The error probability in an AWGN channel for BPSK is derived
in [6] as

Pe,BPSK ~ Q (l~b)

where Q(x) is the Q-function (see Appendix B).

The error probability function from (5.6) is plotted in Figure 5.10 (dashed line).
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5.2.2 Quadrature Phase Shift Keying (QPSK)

Page 45

The principle of quadrature phase shift keying (QPSK) is the same as that of BPSK,
with the only difference that the phase has 4 different values. Two possible constellation
diagrams are shown in Figure 5.2. If the constellation diagram on the left-hand side of

I
I

I
: ,........•

/'

Q

~t-----f------"'- I

Q

/' ",f! '.,
I . \

I \

I \

_...!.,_.;--__+-__--;.----;.I_ I
I .

\ : !2E\ : V £-DS

\ :.........

Figure 5.2: QPSK constellation diagrams.

Figure 5.2 is used, the four possible signals sdt), S2(t), S3(t) and S4(t) for the bit-pairs
00, 01, 11 and 10 respectively for QPSK modulation can be written as

(5.7)

(5.8)

(5.9)

(5.10)

where the symbol time Ts = 2n and E s is the energy per symbol.

In the figure can be seen that the distance between adjacent points is ../2Es . Each symbol
corresponds with two bits and therefore E s = 2Eb , and thus the distance between adjacent
symbols is 2Eb . This is the same distance as for BPSK modulation and therefore the error
probability for QPSK is the same as the error probability for BPSK (see Figure 5.10)

P -Q( fiE;)e,QPS J( -. V---;;;;;; (5.11)

However, twice as much data can be sent in the same bandwidth for QPSK modulation.
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5.2.3 7f/4 Differential Quadrature Phase Shift Keying (7f/4 DQPSK)

1f /4 differential quadrature phase shift keying (1f /4 DQPSK) is a modulation technique
where the symbols are chosen from the two constellation plots in Figure 5.2. The symbols
are chosen alternately from the left and the right figure. All possible states and possible
transitions are shown in Figure 5.3. The transitions or phase shifts cPk are chosen according

Q

- I

Figure 5.3: All possible states and transitions in a 1f /4 QPSK constellation
diagram.

to the phase shifts in Table 5.1. The in-phase term h and the quadrature term Qk can
be determined with

(5.12)

(5.13)

where

(5.14)

and fh is the phase of the k th symbol and ek - 1 is the phase of the k - 1 st symbol (the
previous symbol) and eo is assumed to be O.

Table 5.1: Phase shifts corresponding with various input bit pairs.

Input bits Phase shift cPk
11 l1f

01 17f
4

00 !i1f

10 *J1f

The signal is demodulated using baseband differential detection. The demodulation is
performed as is shown in Figure 5.4. The theoretical error probability function is given in
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hE1hh-1+ QkQk-l
~IXk > 0---71 ~h,outXk < a ---7 a

Qk _____ ~ __>IQkh-l -hQk-l ~I Yk > a ---7 1 ~Qk,outYk < 0 ---7 0

Figure 5.4: 1r /4 DQPSK baseband demodulator.

[28] as

P,,, Q (J~: 4 sin' G)) (5.15)

and plotted in Figure 5.10 (solid line).

5.2.4 Simulations

BPSK
In Figure 5.5 the simulink model for BPSK modulation in a AWGN channel is shown.
The Random bit generator block produces random zeros and ones with equal chance of
occurrence. The pulse shape is rectangular and the bit time Tb can be adjusted. A seed
can be chosen and the sequence is repeatable for a given seed.

[Q][]

o:=J
[JQQJ
Display

~T' Error
Rx vector

Error Rate
Calculation

~I AWGN ~I BPSK
Demod

-----'

I BPSK
Mod

Random
bit
generator

Figure 5.5: Simulink model BPSK modulation.

The BPSK mod block maps the input bits in the complex plane as is shown in table 5.2.

Table 5.2: Mapping Gray-coded BPSK in the complex plane.

Bit Complex value
0 -1+0i
1 +1+0i

The modulated values are applied to an A WGN block which adds (complex) white Gaus
sian noise to the signal. The parameter Eb/No can be adjusted in the AWGN block. In
[25] is shown that the optimum receive filter for BPSK demodulation takes the form of a
matched filter when the noise is white. The matched filter (for rectangular pulses) can be
implemented as an integrate and dump correlation receiver. The BPSK Demod block is
a correlation receiver as shown in Figure 5.6, where R denotes the real part. The Error
Rate Calculation block compares the input bits with the output bits. The error vector is
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T0-GJ1 foTb

~[X ©-+tJ >0-+1
~ . ~<O-+O

C?81
,.-------, -~ Sample

X In f
o
n J every Tb

:n . J ( seconds

d=
Figure 5.6: Correlation Receiver.

1 when an error occurs and a zero when the bits are equal. The number of bits sent, the
number of errors as well as the error rate are shown on the display block.

The BER is simulated for different values of E b/ No (the ratio of energy per bit to noise
spectral density). The number of errors is always much larger than 100 and the number
of bits sent is always larger than 10000, in order to provide a reliable BER. The number
of samples per bit is 100. The results of the simulations are shown in Figure 5.10. In
the figure can be seen that the simulations match well with the theoretical results in
section 5.2.1.

QPSK
In Figure 5.7 the simulink model for QSPK modulation in a AWGN channel is shown.
The Gray coded QPSK Mod block maps the input bits in the complex plane as is shown in
table 5.3. The Gray coded QPSK Demod block has the same principle as the correlation

Tx
Error

Rx vector

Error Rate
Calculation

I 0.02 I
o:=J
[JQ2J
Display

Figure 5.7: Simulink model QPSK modulation.

Table 5.3: Mapping Gray coded QPSK in the complex plane.

Bits Complex value Complex conjugated values
(for modulation) (for demodulation)

00 1 1
01 1 -1

10 -1 i
11 -1 -1

receiver from Figure 5.6. The QPSK demodulator is shown in Figure 5.8. The input
signal is multiplied by the complex conjugated values from Table 5.3. Multiplying the
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complex value with its complex conjugated value gives 1. At the sample moment the
decision circuit chooses the highest of the 4 inputs and sends the bits corresponding with
this input to the output.

1------, (00)

Input
~

1------1 (01)

---I ~eci~ion
~ CIrcUIt

Sample
every Ts
seconds

1------1 (l0)

1-------' (11)

Figure 5.8: QPSK demodulator.

The results of the simulations are shown in Figure 5.10. In the figure can be seen that the
simulations match well with the theoretical results in section 5.2.2.

1r/4 DQPSK
In Figure 5.9 the simulink model used for simulations with 1r/4 DQPSK modulation in
an AWGN channel is shown. The 1r/4 DQPSK Mod block maps the input bits in the
complex plane as explained in section 5.2.3. The 1r/ 4 DQPSK Demod block operates as
shown in Figure 5.4. Simulations were performed with 1r/ 4 DQPSK and the results of

7r/4
DQPSK
Mod IAWGN~~

Tx
Error

Rx vector

Error rate
Calculation

[]][]

o::=J
[JQQJ
Display

Figure 5.9: Simulink model1r /4 DQPSK modulation.

the simulations as well as the theoretical curve from (5.15) are shown in Figure 5.10. In
the figure it can be seen that the simulations match well with the theoretical results in
section 5.2.3.
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Figure 5.10: BER versus Eb/No in an AWGN channel.

5.3 Flat fading channel

If the coherence bandwidth of the channel is greater than the bandwidth of the transmitted
signal the signal undergoes flat fading. In a flat fading channel the frequency characteristics
are preserved but the strength of the received channel changes with time. This is due to
the fluctuations in gain caused by multipath.

In a slow flat fading channel the gain O'(t) can be considered constant during one symbol
period. The received signal r(t) can be described as

r(t) = O'(t)e-jO(tls(t) + n(t) (5.16)

where s(t) is the transmitted signal, e(t) is the phase shift of the channel and n(t) is the
additive white Gaussian noise. For coherent detection the phase shift is known and the
flat fading channel can be modelled as is shown in Figure 5.11. In this model a Rayleigh
fading channel is assumed. The bit error rate for coherent binary phase shift keying in a
Rayleigh slow flat fading channel is derived in [6] and is

P P S K = ~ [1 - If]
e, 2 Vr+i (5.17)

where r = ~0'2 is the average value of the signal-to-noise ratio.

Simulations where performed with BPSK modulation and the slow Rayleigh fading chan- .
nel. The simulations were performed with 0'2 = 1. This corresponds to Rayleigh distribu-
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s(t) r(t)

a(t)

Rayleigh

Figure 5.11: Model of a Rayleigh flat fading channel.

tions with a = ~, because

(5.18)

where r represents the Rayleigh distributed amplitude and E[e] is the expectation opera
tor.

The model in Figure 5.12 is used for the simulations. The results of the simulation together

I BPSK
Mod

Tx
Error

Rx vector

Error Rate
Calculation

[];Q[]

o:=J
[JQQJ
Display

Figure 5.12: Simulink model flat-fading channel with BPSK modulation.

with the theoretical bit error rate from (5.17) are plotted in Figure 5.13. In this figure can
be seen that the simulations match well with the theoretical curve. Also plotted in the
figure is the theoretical bit error rate curve for BPSK modulation in an AWGN channel.
Comparing the theoretical curve for the fiat-fading channel with the theoretical curve for
the AWGN channel shows the degradation of the performance caused by fiat fading.
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Figure 5.13: BER versus Eb/No in a Rayleigh flat fading channel with BPSK.

5.4 Two-ray Rayleigh fading model

Frequency selective fading occurs if the bandwidth of the transmitted signal is much larger
than the coherence bandwidth of the radio channel. Different frequencies have different
fading characteristics. The two-ray Rayleigh fading model is one of the methods to model
frequency selective fading. The two-ray Rayleigh fading model consists of two delta pulses
separated in time. The amplitudes vary corresponding to a Rayleigh distribution and the
phases are uniformly distributed within [0, 21T]. Mathematically this can be formulated as
[26]

(5.19)

where (.1:1 and (.1:2 are independent and Rayleigh distributed, e1and e2 are independent
and uniformly distributed over [0,21T], T is the delay time between the pulses and T is the
sample period which is 1/100 of the symbol time in this report. A scheme of the two-ray
model is shown in Figure 5.14.

In the simulations the main ray and the delayed ray have the same power

(5.20)

where E[e] is the expectation operator. Since the sample period is 1/100 of the symbol
time, the delay time T is

T = 0.01 . k . Ts (5.21)
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Figure 5.14: Scheme of the two-ray Rayleigh fading model.

where Ts is the symbol time and k is an integer.

The amplitudes and phases of both rays are independent, fixed during one symbol period,
updated every 100 symbols and interpolated in between as was explained in Section 4.6.

The simulations were performed with ITI4 DQPSK modulation for various values of TITs.
The results of these simulations are shown in Figure 5.17. These results match very well
with the results obtained in [26J.

Tx
Error

Rx vector

[Q]IJ

o:=J
[JQQJ
Display

Figure 5.15: Simulink model two-ray Rayleigh fading model.

Input

Figure 5.16: Two-ray model.
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Figure 5.17: BER versus TITs in the two-ray Rayleigh fading model

5.5 Conclusions

The simulations performed with an AWGN channel for three modulation techniques,
BPSK, QPSK and 7rI4 DQPSK, are compared with analytically derived bit error rate
curves. From the results can be concluded that the simulation results agree with the the
oretical curves. Therefore it can be concluded that the AWGN channel and the different
modulatioll techniques are correctly implemented in Simulink.

The system is extended with Rayleigh fiat fading. Simulation are performed with BPSK
modulation and the results are compared with the analytically derived error rate function
for Rayleigh fiat fading with BPSK modulation. From this comparison it can be COll
cluded that the simulation results agree with the theoretical curve and therefore it can
be concluded that the fiat fading channel is correctly implemented in Simulink. Further
more it can be concluded that the fiat fading channel causes a considerable degradation
in performance compared to the performance of an AWGN channel.

Finally, frequency selectivity is added to the system by means of a two-ray model. The
simulation results are compared with simulations in literature [26] and match well. From
this it can be conclude that the frequency selectivity is implemented well in the system.

The Simulink models described in this chapter can be used as a base for the measurement
based model.



Chapter 6

Measurement Based Il1.door Radio
Channel Model

6.1 Introduction

In the previous chapter, simulations were performed with different radio channel models.
First the simplest form of a radio channel model, the AWGN channel, was implemented in
Simulink. After that the model was extended with multipath and frequency selectivity. In
this chapter the model is extended with the results of measurements and a measurement
based indoor radio channel model is obtained. The measurements were performed in an
indoor environment, i.e. a room in one of the buildings of Philips Natlab (see section 2.6).

Section 6.2 starts with the presentation of some measurement parameters. After that the
distance between the taps (or bins) is obtained (section 6.3). The distance between the
taps (bins) is also called the binwidth. The binwidth is determined and 8 bins are used for
the tapped delay line (section 6.4) and simulations are performed with the 8-bins model
(section 6.5). Finally, conclusions are drawn in section 6.6.

6.2 Measurement parameters

The model of the indoor radio channel is based on the measurement named "Measure
ment 1" which is described in section 2.6 and Table 2.1. The bandwidth, BW, of the
measurement is 400 MHz. The resolution in the time domain Tres is the reciprocal of the
bandwidth and is 2.5 ns. The number of point per frequency step N = 1601, resulting in
frequency steps !If = 250 kHz. The total time of the impulse response is

Ttot = (N - 1) . Tres = 4JL3 (6.1 )

The measurement is performed at 2401 points in the xy-plane, i.e. 3 wavelengths in the
x- and 3 wavelengths in the y-direction with 16 points per wavelength.

55
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6.3 Determination of the binwidth

The impulse response can be implemented in a tapped delay line (TDL). The number of
tap, also called bins, and the distance between the taps (=the binwidth), can be adjusted.
In this section the number of bins and the binwidth of the measurement based model are
determined. A maximum bit rate of 8 Mbit/s is assumed. This is high enough because
communication systems at approximately 2 GHz, like DECT, UMTS and Bluetooth have
maximum bit rates of a few Mbit/s. The symbol time of QPSK modulation at 8 Mbit/s
is 250 ns. In the simulations one symbol consists of 100 samples, which means a sample
time of 2.5 ns for 8 Mbit/s. 2.5 ns is also the resolution of the impulse response.

6.3.1 Rectangular pulse shape

In Figure 6.1 an example of a normalised impulse response is shown together with a
rectangular pulse with a bit rate of 8 Mbit/s. The received signal is obtained by convolution
of the input pulse and the impulse response of the radio channel. Convolving the pulse
from Figure 6.1 with the impulse response from Figure 6.1 results in the signal shown in
Figure 6.2. The resolution of the impulse response in this case is 2.5 ns as mentioned
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Figure 6.1: Normalised impulse response, solid line, and a rectangular pulse,
dashed line.

earlier. At approximately 300 ns after the maximum value, the impulse response is drown
in noise. A model with a resolution of 2.5 ns and 300 ns duration would require 120
bins. This results in large simulation times. A smaller number of bins results in faster
simulations, however the smaller the number of bins, the more inaccurate the model. The
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Figure 6.2: Convolution of the impulse response and rectangular pulse.

bins are determined with

1 n·N

N L h~
k=(n-l)·N+l

(6.2)

where B n denotes the amplitude of the n th bin, N is the number of points within the bin
interval and hk is the amplitude of the k th point of the impulse response.

Now the bins for three different models are derived. Modell has 16 bins and a binwidth
of 8 points (N = 8), model 2 has 8 bins and a binwidth of 16 points (N = 16) and model
3 has 5 bins and a binwidth of 32 points (N = 32).

Modell
The bins for a binwidth of 8 corresponding with a binwidth of 8 x 2.5 ns = 20 ns and a
total number of 16 bins, corresponding with a length of 300 ns are calculated with (6.2)
and shown in Figure 6.3. Also shown in the figure is the convolution of these bins with
the rectangular pulse from Figure 6.1 and the convolution from Figure 6.2.

Model 2
The bins for a binwidth of 16 corresponding with a binwidth of 16 x 2.5 ns = 40 ns and a
total number of 8 bins, corresponding with a length of 280 ns are determined and shown in
Figure 6.4. Also shown in the figure is the convolution of these bins with the rectangular
pulse from Figure 6.1 and the convolution from Figure 6.2.

Model 3
The bins for a binwidth of 32 corresponding with a binwidth of 32 x 2.5 ns = 80 ns and a
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Model 1 Convolution with rectangular pulse
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Figure 6.3: The convolution of model 1 with a recto pulse with Rb=8 Mbit/s.

Model 2 Convolution with rectangular pulse
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total number of 5 bins, corresponding with a length of 320 ns are determined and shown in
Figure 6.5. Also shown in the figure is the convolution of these bins with the rectangular
pulse from Figure 6.1 and the convolution from Figure 6.2.

Model 3 Convolution with rectangular pulse
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Figure 6.5: The convolution of model 3 with a recto pulse with Rb=8 Mbitjs.

Discrepancy
The discrepancy D between modell, model 2, model 3 and the impulse response can be
calculated with

D= (6.3)

where M is the number of points in the time domain (120 in this case), X n is the amplitude
of the impulse response at the n th position and Yn is the amplitude of the bin if the bin
is present at that position or else Yn = O. The discrepancy for various binwidths is shown
in Table 6.1.

A compromise has to be found between the discrepancy and the speed of the simulations.
In this report model 2 is used. This means the discrepancy is less than 5 % and the
number of bins is 8.
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Table 6.1: Discrepancy between the measured impulse response and the models
for rectangular pulses.

Model Binwidth bw [ns] Number of bins Discrepancy [%]
1 8 x 2.5 = 20 ns 16 2.21 %
2 16 x 2.5 = 40 ns 8 4.34 %
3 32 x 2.5 = 80 ns 5 8.08 %

6.3.2 Gaussian pulse shape

In this section the pulse shape is Gaussian instead of rectangular. The received signal is
obtained by convolution of the input pulse and the impulse response of the radio channel.
Convolving the Gaussian pulse from Figure 6.6 with the impulse response from Figure 6.6
results in the signal shown in Figure 6.7. The results of the convolutions are shown in
Table 6.2. In the table it can be seen that for a discrepancy smaller than 5% a model with
5 bins with a binwidth of 32 can be used.

Table 6.2: Discrepancy between the measured impulse response and the models
for Gaussian pulses.

Model Binwidth bw [ns] Number of bins Discrepancy [%]
1 8 x 2.5 = 20 ns 16 0.58 %
2 16 x 2.5 = 40 ns 8 1.28 %
3 32 x 2.5 = 80 ns 5 3.79 %
4 50 x 2.5 = 125 ns 4 6.22 %

6.3.3 Conclusions

Different models are determined and convoluted with rectangular pulses and Gaussian
pulses. It can be concluded that the performance is better if Gaussian pulses are used
instead of rectangular pulses. Furthermore it is shown that for the 8-bins model with
rectangular pulses the discrepancy is less than 5%.
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6.4 8-bins model

Rectangular pulses can easily be implemented in Simulink and are therefore used for the
simulations. In this case 8 bins are used to model the measurement. The width of each
bin is 40 ns which corresponds to 16 points in time and the total length of the model is
280 ns.

Before the bins can be determined, each impulse response has to be scaled to provide the
maximum value is positioned in the middle of the first interval. This is shown in Figure 6.12
A tapped delay line is used for the model. The amplitudes of the coefficients are Rayleigh
distributed, while the phases are uniformly distributed within [0, 2n]. The only parameter
in the Rayleigh distribution is (j and the power of the Rayleigh distribution is (j2. The
energy of an impulse response in a bin interval at a certain position in the xy-plane is
determined as

n·N

1 " 2En(x, y) = N L hk(x,y)

k=(n-l)·N+l

(6.4)

where En(x, y) is the energy of the n th bin at position (x,y) in the xy-plane, N is the
number of points in the bin interval and hk(x,y) is the amplitude of k th point of the
impulse response at position (x,y) in the xy-plane.
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7 8,
1 I
I 1

I I
1 1
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Figure 6.12: 8-bins model

First the bins for each position in the xy-plane are determined, then the bins of the whole
xy-plane are determined by averaging over the xy-plane.
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The values of the 8-bins are shown in Table 6.3 and Figure 6.13.

Table 6.3: Coefficients of the measurement based 8-bins model.

Bin Phase Amplitude (J

1 Uniform [0,21T] Rayleigh 1.00 x IOu

2 Uniform [0,21T] Rayleigh 4.96 x 10- 1

3 Uniform [0,21T] Rayleigh 2.56 x 10- 1

4 Uniform [0,21T] Rayleigh 1.67 x 10- 1

5 Uniform [0,21T] Rayleigh 9.22 x 10-2

6 Uniform [0,21T] Rayleigh 5.70 x 10-2

7 Uniform [0,21T] Rayleigh 3.06 x 10-2

8 Uniform [0,21T] Rayleigh 1.87 x 10-2
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Delay spread
The rms delay spread for this model can be calculated with (4.15) in Section 4.7 and is
31.3 ns.
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6.5 Simulations

The coefficients of the bins are determined in the previous section and can be implemented
in the model. The simulations with the measurement based 8-bins model are performed in
the same way as the simulations with the two-ray model from Section 5.4. The total system
used for the simulations is shown in Figure 6.14 and the 8-bins model in Figure 6.15. 1f/4
DQPSK modulation is used in the simulations. The advantage of 1f / 4 DQPSK modulation
is that it can be non coherently detected, which greatly simplifies the receiver design.
Furthermore, 1f / 4 DQPSK has a good performance in a multipath environment. The
disadvantage of 1f/ 4 DQPSK is that it needs approximately 2-3 dB extra E b/ No for the
same BER (Figure 5.10).

Tx
Error

Rx vector

[Q;Q[]

rr=J
[JQQJ
Display

input

Figure 6.14: Simulink model total system 8-bins model.
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Figure 6.15: 8-bins model.

The simulations are performed for different bit rates and the BER is determined as a
function of the ratio Eb/No . The results of the simulations are shown in Figure 6.16. The
bit-error-rate curve for 1f/4 DQPSK modulation in an AWGN channel is also plotted in
the figure. In the figure it can be seen that the BER increases for increasing bit rates. This
is in agreement with the theory. Furthermore it can be seen that for large Eb/ No an error
floor occurs. This error floor or irreducible error floor is caused by the time dispersion of
the indoor radio channel.
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6.6 Conclusions

In this chapter it is shown that for the 8-bins model with rectangular pulses the discrepancy
is less than 5%.

The indoor radio channel is implemented in a tapped delay line with 8 bins. Simulations
are performed with this so called measurement based indoor radio channel model. The
bit error rate is obtained for different bit rates as a function of Eb/No. From these
simulations (Figure 6.16) can be concluded that the shape of the curves corresponds with
our expectations, i.e. an irreducible error floor occurs and the BER is larger for higher bit
rates.



Chapter 7

Pulse Shaping

7.1 Introduction

In the simulations rectangular pulses have been used. However 1 rectangular pulses have
an infinite bandwidth and can not physically be built. In practise other pulse shapes are
used. For example the Gaussian and the raised cosine pulse shape. Both pulse shapes are
described in this chapter.

7.2 Nyquist criterion

As a result of the band limited radio channel rectangular pulses will spread in time. The
pulse for each symbol will smear into the time interval of succeeding symbols. This results
in inter symbol interference (lSI) which decreases the performance of the system. One way
to overcome the problem of lSI is to make sure the effect of lSI is zero at the sampling
time. In formula form this condition is defined as

(7.1 )

where n is an integer and T s is the symbol time. This condition is called the Nyquist
criterion for lSI cancellation.

7.3 The Gaussian Filter

7.3.1 Definitions

The Gaussian low-pass filter has a transfer function given by [6]

(7.2)

and is plotted in Figure 7.1.

The 3-dB bandwidth is defined as the frequency at which the power decrease is 3-dB or
a factor 2. In that case the amplitude decreases with a factor V2. The parameter a is
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related to B, the 3-dB bandwidth of the baseband Gaussian shaping filter,

Vln2 0.5887
a- -----.j2.B- B (7.3)

As a increases, the spectral occupancy of the Gaussian filter decreases and time dispersion
of the applied signal increases. The impulse response of the Gaussian filter is given by

(7.4)

and is plotted in Figure 7.2.
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Figure 7.1: Gaussian filter in the frequency domain.

The Gaussian pulse-shaping filter does not satisfy the Nyquist criterion for lSI cancellation
and therefore lSI occurs. Thus, a trade-off is made between the desired RF bandwidth
and the irreducible error due to lSI of adjacent symbols.

The Gaussian pulse is completely described by its BTs-product, where B is defined in
(7.3) and Ts is the symbol period which is the inverse of the symbol rate.

7.3.2 Transmit and Receive Filter

In a communication system the pulse-shaping is provided by a transmit and a receive filter.
In [25] is derived that the performance of the system is optimum if the pulse-shaping is
equally divided between the transmit and the receive filter, which means that the receive
filter HT(J) and the transmit filter HR(J) have the same transfer function

(7.5)

This equation can be written as

(7.6)
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The impulse response of these filters can be derived from (7.4) by replacing a by J;. and
becomes

(7.7)

and is shown in Figure 7.3.

7.4 The Raised Cosine Rolloff Filter

7.4.1 Definitions

The raised cosine belongs to the class of filters which satisfy the Nyquist criterion (see
section 7.2). The transfer function of the raised cosine filter is given by

o~ If I ~ (1 - a)j2Ts

(1 - a)j2Ts ~ If I ~ (1 + a)j2Ts

If I> (1 + a)j2Ts
(7.8)

where a is the rolloff factor which ranges between 0 and 1. The raised cosine transfer
function is plotted in Figure 7.4 for different values of a. For a = 0 the filter is a
rectangular filter of minimum bandwidth.

The impulse response is given by

h (t) = (sin(1ft jTs )) . ( cos(1fatjTs ) )
RC 1ft 1 - [4atj(2Ts )j2

(7.9)

The impulse response of the raised cosine filter can be seen in Figure 7.5.

In the figures it can be seen that increasing the bandwidth results in a decrease in sidelobe
level of the impulse response. Thus, there is a tradeoff between the bandwidth and the
sidelobe-Ievel. An additional advantage of the raised cosine filter with a = 1 is the
occurrence of extra zero-crossings at ~Ts, ~Ts, etc.

From (7.8) the symbol rate can be derived as

B
R s =-

l+a

From this formula the BTs-product can be derived as

BTs = 1 + a

and ranges between 1 and 2.

(7.10)

(7.11)
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7.4.2 Transmit and Receive Filter

The transmit and receive filter can be derived from (7.8) with

(7.12)

The impulse response of the transmit and receive filter can be obtained by taking the
inverse Fourier Transform. The impulse responses for various values of a are presented
below.

Transmit and receive filter with a = 0
For a = 0 the transfer function becomes

(7.13)

for -2h :S I :S 2h and zero elsewhere. With (7.12) the transmit and receive filter for
a = 0 is equal to H RC (J) and therefore the impulse response is the same as the impulse
response in (7.9) with a = 0

h () (
sin(1ft/Ts))

TRC t =, 1ft
(7.14)

Transmit and receive filter with a = 0.5
The impulse response of the transmit and receive filter for the Raised Cosine pulse shaping
with a = 0.5 is derived in Appendix A and is

Transmit and receive filter with a = 1
For a = 1 the transfer function (7.8) becomes

(7.15)

1 [ ( 1f [(2Ts . If /) - 1 + a] ) ]- 1 + cos
2 2'a
1'2 [1 + cos (1f . T s . III)]
1'2 [1 + cos (1f . T, . J)]

cos2 (~ . T s . I)

(7.16)

(7.17)

(7.18)

(7.19)

(7.20)

for -A :S f :S Aand zero elsewhere. With (7.12) the transmit and receive filter for a = 1
becomes

HT,RC(J) = y'HRC = cos (~TsI)

for - /, :S I :S Aand zero elsewhere. With the aid of formula (5.26) and (5.27) in [25]
the impulse response can be derived and becomes

(7.21)
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7.5 Conclusions

Page 75

The impulse responses of the transmit and receive filter for the Gaussian pulse shape as well
as the raised cosine pulse shape are derived in this chapter and implemented in Simulink.
Because of the limited amount of time, the simulations of the BER are performed with
rectangular pulses.

In GSM for example, Gaussian pulse shaping is used. If GSM has to be modelled it
is recommended to implement the Gaussian pulse shaping in the model. The impulse
responses of the transmit and receive filter derived in this chapter can then be used.



Ch.apter 8

Conclusions and
Recommendations

8.1 Conclusions

In this report the foundation of a measurement based indoor radio channel model has been
laid.

• Earlier measurements were performed in the frequency band 1.8-2;2 GHz. These
measurements were not accurate, because of the interference of GSM 1800 and DECT
in this frequency band. Therefore, I performed measurements in a clean frequency
band from 2.0-2.4 GHz.

• The processing of the measured data is described in detail. Accurate impulse re
sponses can be derived from the (frequency domain) measurements.

• The simulation results for the radio channel models, such as the AWGN channel,
the Rayleigh flat fading channel and the two-ray model correspond with the theory,
i.e. the simulated bit error rate corresponds with the analytically derived bit error
rate function. Therefore it can be concluded that these models are implemented
correctly.

• The 8-bins model gives a good approximation of the indoor radio channel.

• It is now possible to simulate the BER with 1r / 4 DQPSK modulation based on a
measurement.

• The simulations performed with the measurement-based indoor radio channel model
correspond with the expectations, i.e. an irreducible error floor occurs and the BER
is larger for higher bit rates.

8.2 Recommendations

To start with, measurements can be performed at different locations. The measurement
based indoor radio channel model can be obtained for this specific location, and simulations
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can be done to obtain the performance of the system. The performance of the system for
different locations, with different rms delay spread, can be compared with each other and
conclusion can be drawn.

With the simulation tool described in Chapter 5 various modulation techniques can be
simulated for channels of which the BER is known, for example the AWGN channel, and
compared with the theory. If the simulated bit error rate agrees with the theoretical bit
error rate function, the modulation technique can be implemented in the measurement
based model and the performance of the system for that specific modulation technique
can be obtained.

QPSK modulation can be implemented in the model. The kind of detector needed for this
modulation technique and the optimum detection moment can be investigated.

In this report only rectangular pulses are used for simulations. Different pulse shapes
(see Chapter 7) can be implemented in the model and the effect of pulse shaping can be
investigated.

Multi-carrier techniques like OFDM and space-time coding can be implemented in the
model. Simulations can be performed with different parameter values and the parameter
setting that gives the best performance can be obtained.

Finally, all the work described in this report is based on the frequency band 2.0-2.4 GHz,
however all the work is also applicable for other frequencies. Measurements can be per
formed at other frequencies and the model for this frequency can be obtained.
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Appendix A

Impulse response of a Raised
Cosine filter with a == 0.5

The transmit filter for raised cosine pulse shaping in the frequency domain is

-~R < j < _lR
4 - - 4

_lR < j < lR
4 - - 4

lR < j < ~R4 - - 4

(A.I)

-R -3R/4 -R/2 -R/4 0 R/4 R/2 3R/4 R

Figure A.I: Transmit Filter Raised Cosine with a = 0.5.

hT,RC(t) 1:00

HT,Rc(f)ej27fjtdj

= 1:00

[HI(J) + H2(J) + H3(J)] ej27fjtdj

= hI (t) + h2 (t) + h3 (t)
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(A.2)

(A.3)

(A.4)
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Derivation of hI (t)

A. IMPULSE RESPONSE OF A RAISED COSINE FILTER WITH a = 0.5

where A = *-27rt, B = *+ 27rt and C = [} ].2j (]D _(21rt)2

h1(t) = C. [Ae-jt1rtR - Be-jt1rtR - Aej(-t1r-~1rtR) + Be-j(-t1r+~1rtR)]

= C [-47rte- j (t1rtR) + 2j ~e-j07ftR)]

and thus

Derivation of h 2 (t)

h (t) _ R sin(7rtR/2) _ R. (~ )
2 - 2 7rtR/2 - 2 smc 2tR

(A.6)

(A.7)

(A.8)



A. IMPULSE RESPONSE OF A RAISED COSINE FILTER WITH a = 0.5

Derivation of h 3 (t)

Page 87

h3 (t) = {~R cos (27r j _ ~7r) . ej21rftdj
hR 2R 4

4

3R

= ~: ~ (e j(W-i 1r ) + e-j(W-i 1r )) . ej21rftdj
4

3R
= ~ (4 ej(!]f-~1r+21rft)+ e-j(!]f-i1r-21rft)dj

2hR
4

J.R

1 [ 1 J·(ti_!1r+ 21r ft) 1 _j(ti_11r-21rft)] 4=- e R 4 + e R 4

2 j (Il + 27rt) -j (Il- 27rt) lR (A.9)
4

= C [Aej(!]f-i1r+21rft) _ Be-j(!]f-~1r-21rft)]::
4

= C. [Aej(7i:·~R-i1r+21rt.~R)_ Be-j(7i:·~R-i1r-21rt.~R)]

- C. [Aej(7i:·iR-i1r+21rt·iR) _ Be-j(7i:·iR-i1r-21rt·iR)]

= C. [jAei~1rtR+ jBej~1rtR + 47rtei0 1rtR)]

= C [47rtej01rtR) + 2j ~ej(~1rtR)]

and thus

(A.10)

Conclusion

(A.H)

hT,Rc(t) = R sine (~tR) + 2 1 [27r cos (~7rtR) + 47rt sin (~7rtR)]
2 2 (Il) - (27rt)2 R 2 2

(A.12)

or

(A.13)

This corresponds to formula 7 in [27] if the normalisation is taken into account and a = 0.5.



Appendix B

Q-function

The Q-function is defined as

100 1 x 2

Q (x) = -- . e- 2"" . dx
x V27f

(B.l)

and plotted in Figure B.l.

o

54.543.532.5
x

21.50.5
10-7 L--_--'----_-----"-__--'-----_-----"--__-'-----_---l-__L--_--'----_-----"-_------'

o

Figure B.1: Plot of the Q-function
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Appendix C

Pictures of the Measurement
Setup

~ HEWLETT 8753E 30kHz - 3GHz
PACKERD NETWOR ANALYZER ACTIVE CHA~NEL 0°'000·00·

0 RESPONSE 00000 000

I( I)
0 000 00 0000
0 0 0 000000

0
STI~IULUS INSTRUMENT STATE

[:J0 0 000 ©0 0 0 000
Ir~j~

0
0 0 C~-'--I-~J ©

~
0 HP·IB ST.-\,TUS

PORT I PORT 2
RCHANNEL

IN cg;;. i:2)[® TR,NS FWD - +-- TRANS REV ® Jo REFL FWD ----.:J c:::;:-- REFL REV 0

+:!6 "IBm RF 30 \ DC !'.IAX ·\\,OID STATIC DISCHARGE

Figure C.l: Network Analyzer.
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Page 92 C. PICTURES OF THE MEASUREMENT SETUP

Figure C.2: Photo of the xy-table.

Figure C.3: Photo of the measurement setup.



Appendix D

Abbreviations

AWGN
BER
BPSK
CDF
DECT
DFT
DIFT
7r/4 DQPSK
FT
GSM
HP VEE
1FT
lSI
LOS
NLOS
OFDM
PDF
PDP
QPSK
RF
RMS
TDL
UMTS

Additive White Gaussian Noise
Bit Error Rate
Binary Phase Shift Keying
Cumulative Distribution Function
Digital Enhanced Cordless Telephone
Discrete Fourier Transform
Discrete Inverse Fourier Transform
7r /4 Differential Phase Shift Keying
Fourier Transform
Global System Mobile Communications
Hewlett-Packard Visual Engineering Environment
Inverse Fourier Transform
Inter Symbol Interference
Line Of Sight
Non Line Of Sight
Orthogonal Frequency Division Multiplexing
Probability Density Function
Power Delay Profile
Quadrature Phase Shift Keying
Radio Frequency
Root Mean Square
Tapped Delay Line
Universal Mobile Telephone System
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