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A Study of PAPR for OFDM Systems Using a
Digital Framework

Student : Shiang-Tze Liou Advisor : Yuan-Pei Lin

Department of Electrical and Control Engineering

National Chiao Tung University

Abstract

The peak to average power ratio (PAPR) is an important issue in OFDM systems.
The quantity is typically analyzed using an analeg representation of the OFDM trans-
mitter. To obtain an estimate of the PAPR. of transmitter output, the continuous-time
transmitted signal is usually oversampled,based on which PAPR is computed. It has
been shown earlier that an oversampling factor of 4.gives a good estimate of the actual
PAPR. Modern OFDM systems are invariably implemented using an inverse discrete
Fourier transform and a digital-to-analog converter for the transmitter, and a discrete
Fourier transform and an analog-to-digital converter for the receiver. In this thesis, we
consider the PAPR of OFDM transmitter outputs using the digital framework. The
simulation results show that an oversampling factor of more than 4 may be needed to
obtain a good estimate of the continuous-time PAPR value. Furthermore, the transmit-
ting filter embedded in the digital-to-analog converter and the receiving filter embedded
in the analog-to-digital converter also affect PAPR, bit error rate, and the required

oversampling factor.
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Chapter 1

Introduction

The present communications systems are primarily designed for one specific applica-
tion, such as speech on mobile telephone or high-rate data in wireless local area networks
(LANs). The orthogonal frequency division modulation (OFDM)[1][2] is the most pop-
ular modulation operated on the high-rate datéstransmission system.There are many
international standard established for using:OFDM system on high-rate data wireless
communication, such as IEEE 802.11aand IEEES02.1lm. The basic principle of OFDM
is to split a high-rate data stream intora number of lower rate data streams that are
transmitted simultaneously over a number of subcarriers.

There are two kinds of the OFDM system models. One is analog framework OFDM
system model, and the other is digital framework OFDM system model. The main
difference between these two kinds of OFDM system models is described as following.
Based on the analog framework OFDM system model, the data stream passes through
a shaping pulse filter to produce the continuous-time signal at the transmitter site.
The transmitter of the analog representation framework OFDM system model works
at continuous-time. For digital representation framework OFDM system model, the
continuous-time signal is produced by passing data stream through a inverse discrete
Fourier transform (IDFT) matrix and a digital-to-analog (D/C) converter. Not the

same as the transmitter of analog representation framework OFDM system model, the



transmitter is operated digitally. Because of the convenience, many existing results
on the analysis of OFDM system [3], e.g. PAPR problem, the spectral roll-off of the
outputs of OFDM transmitter, the effect of carrier frequency offset, and crest factor
of the transmitter outputs, are based on the analog representation framework of the
OFDM system. In fact, the OFDM system is implemented digitally. We know that
the outputs of the transmitter of these two models have considerable difference [4].
Therefore, analyzing the OFDM system using the digital framework OFDM system
model is more useful than the analog one.

Different from the common analyzing model, in this thesis, we will take digital frame-
work OFDM system model to analyze some behaviors of OFDM system. In addition
to the system model, we know that when we discuss the digital representation frame-
work OFDM system model, we usually ignore the effect of the transmitting pulse and
receiving pulse and take them as ideal lowpass filters. Otherwise, the transmitting pulse
and receiving pulse are not ideal lowpass filters in. practice. Under the restriction of the
IEEE 802.11a standard, we try to give four realizable filter design cases to design the
transmitting and receiving pulses. Then do some gitulations to observe some behaviors
of digital representation framework OFDM"system model.

When the digital representation framework OFDM system model is implemented, the
transmitted continuous-time signals needs passing through the power amplifier between
the D/C converter and the physical channel. Because we expect the power amplifier
operated on the high efficiency linear region [5] that often operating at the average
power levels, the peak power of transmitted signal does not exceed the average power
too much. Therefore, the peak to average power ratio (PAPR) value is needed to know
for system designer. The peak to average power ratio is high when the numbers of the
subcarriers is large. The OFDM system uses a lot of subcarriers, e.g. 2048, that would
result in high PAPR. Owing to high PAPR, the PAPR problem becomes the popular

issue for OFDM system. Therefore, there are many PAPR reduction methods proposed



to solve the PAPR problem, for example, clipping [6], selective mapping (SLM) [7], and
partial transmit sequence (PTS) [8]. The PAPR performance is the main point that we
want to observe in this thesis. Usually, we compute the PAPR value based on the analog
representation framework system model. The oversampling factor is 4 for computing the
continuous-time PAPR value. In this thesis, we use the digital representation framework
OFDM system model and realizable transmitting and receiving pulses to simulate the
PAPR performance in practice. We also observe if the oversampling factor used 4 enough
for analyzing the PAPR problem. The bit error rate (BER) performance is observed, too.
There are two kinds of environments that we use to discuss the BER performance. The
continuous-time channel is set for additive white Gaussian noise (AWGN) and Rayleigh
fading respectively for simulating.

Observing the simulation results in this thesis, we can see that some properties of
PAPR are different from the existing'results, such-as the oversampling factor may more
than 4 to get closer the continuous-time PAPR walue. We can also find out that the
PAPR value is changed with the different transmitting pulse designs. The better PAPR
performance occurs when the useful band bandwidth of the transmitting reconstruction
filter is smaller. The transmitting pulse design could be use to reduce the PAPR. The
BER performance is affected by the transmitting and receiving pulses, too. The wider
useful band bandwidth results in larger equivalent discrete-time channel response, and
that makes the BER performance better.

From this thesis, we can conclude that the transmitting pulse and receiving pulse
indeed affect some behaviors of OFDM system, such as PAPR and BER performance.
The filter design might a trade-off problem when we want to have both better PAPR
and BER performance, which design is the best choice just depends on what advantage

we request for.



1.1

Outline

. Chapter 1: Introduction.

. Chapter 2: We will introduce two kinds of OFDM system models that are analog

framework and digital framework system models. The analog framework system
model is an ideal system model, and we use such a system model to analysis the
behavior of OFDM system. But we use the digital framework system model in
practice. In this chapter, we also show the difference between these two system

models.

Chapter 3: We will introduce the definition of peak to average power ratio (PAPR)
and bit error rate (BER). The,Continuotis;time fading channel [fadl] [fad2] and
its equivalent discrete-time channel would be mmentioned, too. In this chapter, we

also explain how to generate the discréte-time noise for our simulation.

Chapter 4: In this chapter, we use five casés'to simulate the behavior of OFDM
system based on digital framework system model. To observe what difference
between analog framework and digital framework OFDM system model for PAPR

performance and BER performance.

Chapter 5: Conclusion is given in this chapter.

1.2 Notations

1.

Bold face upper case letters represent matrices, and bold face lower case letters

represent vectors. Ap denotes transpose of A, and A" denotes conjugate transpose

of A.



. The function E[x] denotes the average value or expected value of x.
. * denotes the linear convolution.

. M is the DFT size, v is the CP length, N is the numbers of subcarriers, T is the

sampling period, and m is the taps of the continuous-time channel ¢, (t).

. The notation W notes the normalized M x M DFT matrix, it is given by

(Wlin, = \/Lﬁeﬂﬁﬁk", where 0 < k,n < M — 1.

. wy is the passband edge, w; is the stopband edge, R, is the passband ripple, R; is

the stopband attenuation, and fs is sampling frequency.



Chapter 2

Review of OFDM System

In this chapter, we will review analog framework representation model and digi-
tal framework representation model of OFDM systems. The distinct components of the
transmitter site between these two kinds of OFDM system models are that digital frame-
work model has IDFT matrix and digital-to-analeg (D/C) converter at the transmitter
and the analog framework model has pulse shaping filter. Because of the IDFT matrix,
the digital framework model is easier to be implemented than the analog framework
one. Therefore, we use the digital framework representation OFDM systems model for
communication systems in practice. Opposite, there are many existing results on the
analysis of OFDM system are based on a convenient analog framework representation
model of OFDM system. But these two kinds of OFDM system models are not equiva-
lent except for the special case. There, we also show what the difference between these

two OFDM system models.

2.1 Analog Framework OFDM System Model

The analog framework OFDM system model is a conceptually ideal model. In
practice, the digital framework OFDM system model is implemented. The structure of
an analog framework baseband model of the OFDM system is shown in Figure 2.1

The transmitter consists of M subcarriers, and the subcarrier spacing is €2y .The
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Transmitter Receiver

Figure 2.1: The analog framework baseband model of OFDM system.

pulse shaping filter g(t) is usually a.téetangular pulse of length Ty = 27 /€y The pulse
shaping filter ¢(t) is given,

——, 0L < T,
g(t) = {*/T_ ! (2.1)

0 ;otherwise

Where T} is the data interval, T, = 27 M/y. Tall is the duration of an OFDM

symbol and it contains T, and guard interval (GI). Assuming the number of subcarriers,

M, is even and the output of the transmitter is given by,

M _
=5 1

()= > sg(t)e (2:2)

Y
k= 2

Assume the length of the impulse response of the channel is short than the length
of the guard interval T}, and it is static within a OFDM symbol interval. Then passing

the continuous-time signal through the physical channel to generate r(t). The received

signal r(t) is,



r(t) = calt) *ya(t) +g(t)

= /OO ca(T)Ya(t — 7)dT + q(t)

o0

— /O ’ Ca(T)Ya(t — T)dT + q(2). (2.3)

2

Where ¢(t) is white Gaussian noise with zeros mean and variance o;,.

At the receiver site, the filter u(t) is the match filter to the part [T,, T,l] of g(%).
u(t) is given as,

*Tan —T,), ,0<t<Ty—T,
'Lb(t) _ {g< i g) 1l g (24>

0 , otherwise

Since the length of the impulse response of the channel is shorter than the guard
interval (GI) and the length of the receiving filter u(t) is T, the received signal of this
block will not be contaminated by the-pervious block. In other word, the system is
interblock interference free (IBI-free).

Then the output of the receiver filter ofithe kth /subchannel is expression as,

Sp = r(t)e_ijO(t_Tg) s u(t)|i=1,,
_ / r(7)e 00Ty (T — 7). (2.5)

The whole section introduces the structure of analog framework representation model
of the OFDM system. These expressions that denote the outputs of each component are

also shown above.

2.2 Digital Framework OFDM System Model

Because the transmitter and the receiver are easily implemented by an inverse dis-
crete Fourier transform (IDFT) and a discrete time Fourier transform (DFT) respec-

tively. Therefore, in practice, we use the digital framework representation OFDM system

8



model and the OFDM transceivers are implemented digitally. The transmitter performs
M-point IDFT, and M-point DFT for receiver. M means the numbers of subchannels
there. The P/S (parallel to series) converts parallel data samples into series ones. Every
block contains M data samples. Following the P/S converter is cyclic prefix (CP) of
length v. The CP is added in front of data block, and CP is the last v samples of the
transmitted data block. In order to avoid interblock interference (IBI), the length of CP
is chosen no smaller than the order of the channel.

In order to transmit the data pass through physical channel, , we need D/C and C/D
converters to work before transmitting data samples into the physical channel and CP
removal operation respectively. Different from the transmitter, CP removal, S/P (series
to parallel), and M-point DFT are performed in order at the receiver side. Finally, the
DFT outputs are multiplexing a set of scalars, frequency domain equalizers (FEQs), to
remove the gain resulted from channel. The block diagram of the digital framework

representation OFDM system model is shown in Figure 2.2.

noise

f
’ M-pt ' Cyclic Wl é o prefix M-pt
IDFT P/S prefix b/c ihannel ‘\_C/D‘ removal S/p DFT FEQ

Figure 2.2: The digital framework baseband model of OFDM system.

2.3 Analog Framework System Model Versus Digi-
tal Framework System Model

Many studies on OFDM systems are carried out from (2.2). That is the output of
the transmitter of the analog framework OFDM system model. The pulse shaping filter
g(t) is usually a rectangular pulse as mentioned in section 2.1.

And we know that the analog framework model of the OFDM system is only useful

for analysis, in practice, the OFDM system implemented in the discrete-time. We want

9



to show the there is the considerable difference between the outputs of the transmitter
of these two OFDM system models. For convenience of derivation, we redraw the Figure
2.2 as Figure 2.3 to focus on the transmitter of the digital framework representation

OFDM system model.

ejw(](’M /2)n

So == w[n]

ejwo(fM/ZJrl)n

Dp— W[n] —%

ZS(t—nT)
x(n) x, (1)
a%—» p,(0) —>

D/C converter
Jwy (M /2-1)n

e
Su-i—»{  win] —»é—

Figure 2.3: The transmitter of .the digital framework modl of the OFDM system.

Where, the sampling period L. = Ty/N7and the discrete sequence is typically a
rectangular window of length M. Theh'we write down the output x,(t) of the transmitter

in Figure 2.3.

M
M_y

zq(t) = X0 xn|p(t — nT),where, x[n] = win| Z sped (T kn, (2.6)
=t

n=—oo

Our purpose is to show that given a discrete window w[n]and reconstruction filter ,
and there may not exist a corresponding pulse shaping filter. Therefore, it is impossible
to analyze the outputs of the transmitter of the digital framework OFDM system model
using the outputs of the transmitter of analog framework OFDM system model. Analyses
of OFDM system directly using the digital framework OFDM system model are more

useful than the analog schematic.

10



We use the commonly used case of a rectangular window w[n] and an ideal lowpass re-
construction filter for derivation. The window of the OFDM transmitter is a rectangular

window wn],

1, ,0<n<M-1
wln] = (2.7)
0 ,otherwise

And the reconstruction filter of the transmitter is an ideal lowpass filter,

: L Q<%
G = 4 bolRs 28)
0 ,otherwise
Taking the expressions of w[n| and to rewrite z,(t) as
M—1
7 (22 kn
To(t) =X 25 g ¢S )" (t — nT). (2.9)
2
n=0

Comparing the expressions (2:2) and (2.9),and we conclude that z,(t) and y,(t) are

equal for an arbitrary sequence s, “ifand only if thetre exists g(t)such that

M-1
. < 2m M M M

g(t)eF ot = E ej(i_f)k"pl(t —nT), fork = —o Ty = 1., — —1. (2.10)

n=0

When k = 0, we have g(t) = 224:_011?1(?5 —nT). When k = 1, we have g(t)e/%! =

224;01 ej(%)”pl (t —nT). Let fi(t) = eI %tp, (t), and using the definition y = %, we

can rewrite the equality expression as
g(t) = X5 A1t —nT). (2.11)

Then we can get the relationship between p;(t) and f;(t).

Fi(t) = e it p,(b). (2.12)

11



, and we can verify that XM p, (t — nT) # M f1(t — nT). And the solution of g(t)
obtained for £ = 1 contradicts that for £ = 0.

Therefore, we can conclude that there may not exist a pulse shaping filterg(t) for
given wn] and reconstruction filter . The outputs of the transmitter in these two kinds of
OFDM system models are different. Because we implement the OFDM system digitally,
the better way to analyze OFDM system is using the digital framework representation

OFDM system model.

12



Chapter 3

System Model

Wireless local area networks (LANs) transmit data through orthogonal frequency
division multiplexing (OFDM) systems. Because of the large number of subcarriers,
OFDM system has high peak to average power ratio (PAPR). Therefore, the PAPR
reduction is the important issue for QFDM system. We will introduce the PAPR concept
in this chapter and the reason that makes OEDM system has high PAPR. When we
implement OFDM system for communication, the continuous-time channel is a fading
channel. We will introduce the fading channel that' used for simulation in this thesis.
The continuous-time channel and the infinite impulse response (IIR) transmitting and
receiving pulses that makes the simulation hard to operate. In order to make simulation
easier for operating, we will also transfer the part that includes transmitting pulse,
continuous-time channel, and receiving pulse, to its equivalent discrete-time channel in
this chapter. For the same reason, we introduce the discrete-time form of the continuous-
time noise. The bit error rate (BER) performance is affected by the transmitting and

receiving pulses design, so the BER is introduced there, too.

3.1 Peak to Average Power Ratio (PAPR)

Before the signal transmitted into the physical channel, it needs to pass through a

power amplifier. Because the orthogonal frequency division modulation (OFDM) is one

13



kind of multitone modulation system, the power of each subcarrier changes at different
time. The phenomenon results in the power amplifier operated in large linear region. In
order to operate the power amplifier in high efficient region, the transmitted signals are
clipped to make errors.

Therefore, In practice, the transmitted system is peak power restrict. We expect the
system operated in the perfect linear region that often means the average power level
below the maximum power available. If the gap between the peak and average power
values of transmitted signals is large, the power amplifier works on the low efficiency zone.
In order to operate the power amplifier with higher efficiency, we expect to decrease the
gap between the peak and average power values of the transmitted signals. The PAPR
of the discrete-time signal is defined as,

max,, | z(n) |?

PAPR = W

(3.1)

The x is obtained by unblocking the IDET output vector and adding a cyclic prefix.
Therefore, the transmitter output+has the same peak power and average power as the
IDFT outputs x,, and we can consider the ratio

max, | z(n) |?

B[ =(n) |2 (3.2)

Instead of the PAPR of x. The output vector of the IDFT matrix x, = W + s, and

its autocorrelation matrix R, is given by

Ry = E[xx'] = WIR,W = ¢,Iy (3.3)

Because the input vector s is uncorrelated, x,, is also uncorrelated and their variances

are the same, equal to 5. That can be express as

14



E[max | z(n) |*] = e,n=0,1,..., M. (3.4)

1 2nkn 1
| z, |=]| Zsk e < — | sk |< \/Mmgx|sk| : (3.5)

So we have max,, | z, |= V' M maxy, sp..

The maximum value can be attained. For example, when all input symbols have
the same value, we can obtain the maximum value v/M max;, | s, |. And the value of
inputs are set as | s, |= maxy | sx |. Then turning to compute the PAPR value by the
expression above,

maxy | s(k) |”

PARE =)

(3.6)

The PAPR of OFDM system is"#M .times the PAPR of the input modulation symbol.
For some applications of OFDM system, the IDF'T matrix size M is large, for instance,
M can be as larger as 2048 for fixed broadband wireless access systems. Because M
is usually large for the OFDM systems, the PAPR value is large. That is why the
PAPR reduction is the popular issue for the OFDM systems. There are many methods
proposed to reduce PAPR, e.g. partial transmitted sequence (PTS) method, selective
mapping (SLM), Clipping, and so on.

In fact, when we discuss the PAPR problem, we use the more precise PAPR mea-
surement in practice. That is done with continuous-time transmitted signal, that is

max; | z4(t) |?

PAPR = R a1

(3.7)

15



Where the subscript ¢ denotes the PAPR value is computed from continuous-time
transmitted signals.

But we can not get the through the continuous-time transmitted signals directly. We
can only predict the PAPR; by PAPR;. The PAPR;, value is come from the discrete-
time signal x. The subscript L means the oversampling rate. When L is 2, the sampling
period is one half of the original sampling period. Then the sampling rate is twice. By
the way, oversampling factor L is 1 means there is no oversampling, and the sampling
rate is the same as the Niquist rate. Define PAPR;, the as

max, | zr(n) |?

PAPRL = s 1)

(3.8)

xy, is produced by sampling the continuous-time z,(t) transmitted signal .The sam-

pling period is T. The expression of:Xy, is given as

zr(n) = xa(n%)

- ' x(k)pl(n% — kT). (3.9)

k=—o00

The process from discrete-time signal to is shown in Figure 3.1.

X, (l‘) ><Z =T/L
x(n)—> D/C » be(n)
Oversampling(L)

Figure 3.1: The Process of producing z(n)

The data stream x(n) is the form +1+j. Therefore, from (3.8), we can view as linear
combinations of sampled points of transmitting pulse p;(¢) with unit gain. Then the im-

pulse response of transmitting pulse affects the PAPR performance. If the combination
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of the sampled points of transmitting pulse has large peak to average power ratio, the
PAPR performance is worse.

Pay attention that the part of producing x(n) by oversampling the continuous-time
signal x,(t) is only for computing the PAPR value. The oversampling component is not
really a part of our system model.

As increasing the oversampling factor, the PAP R value is more and more close to
the PAPR;, value. Then we use this method the get the approximate PAPR; value.
The trade-off is the larger oversampling factor waste computation. We expect the use the
least oversampling factor to use the lower computation to get the desired information.

By definition, z,(t)is produced from the D/C converter reconstruction filter p;(t),
so the PAPR value depends on the reconstruction filter p;(t) of the D/C converter at
the transmitter, too. Therefore, choosing different reconstruction filter p;(t), result in
some difference of the PAPR values:

Generally speaking, the pulses at the transmitter and the receiver sides would be
taken ideal lowpass filters for analyzing OFDM systéms. Therefore, the affect coming
from transmitting and receiving pulses‘is ignored‘as computing the PAPR value. The
oversampling factor L is taken 4 for most PAPR analysis papers. But, from the definition
of the , we know the choice of the D/C' reconstruction filter affects the value. But general
PAPR analysis paper set the reconstruction filter p;(t) as ideal low-pass, and ignoring
the effect comes from the transmitting pulse.

Besides, we usually compute the PAPR value based on the analog OFDM system
which introduced in chapter 2. But the practical implemented OFDM system is digital
ODFM system. These two kinds of OFDM systems result in different continuous-time
signal x,(t) that is mentioned in chapter 2. Owing to the distinct continuous-time signal
z4(t), the PAPR/ value is also different. There must be some error when we using the
analog OFDM system to compute the PAPR; value. In order to get the more precise

PAPRvalue in the practical environment, we will use the digital OFDM system and
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some cases of realizable analog filter to simulate the transmitting and receiving pulses
in the thesis.

The complementary cumulative distribution function (CCDF) is the most used method
for measuring the performance of PAPR. The CCDF of the PAPR denotes that the prob-
ability that the PAPR of a data stream exceeds a given threshold (PAPRy). The CCDF

is defined as,

CCDF(PAPRy) = prob(PAPR > PAPRy). (3.10)

Under the same threshold PAPR,, the smaller value of CCDF means the PAPR

performance is better.

3.2 Continuous-Time Fading Channel

Wireless systems are usually nsed operated.inside.the building, and it is known that
the indoor radio channels are characterized by the presence of fading channel. Where,
we investigate the performance of TEEE 802.11a wireless LANs operated on Rayleigh

fading channels to model the indoor radio channels. The channel impulse is given,

co(t) = ialejel5(t —ITy). (3.11)

1=0

Where « is the [th fading path gain, and it is a Rayleigh distributed random variable
with a variance, oZZQ The means the [th faded path phase that is uniform distributed
random variable over [0,27). m is the number of taps of the continuous time channel

model and 7T is the sampling time. The channel dispersion is modeled by an exponential

function and assumed the channel has unit gain,

wmea? =1 (3.12)
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We can set the variable m larger than the cyclic prefix (CP) length to simulate the
environment without inter block interference (IBI), or smaller than CP length for the
inter block interference free (IBI-free) environment. The CP can remove the effect of
inert block interference (IBI) only when the length of CP is longer than the length of
equivalent discrete-time channel. The number of taps of the continuous-time channel
affects the length of equivalent discrete time channel. The larger the number of the
taps of the continuous-time channel is, the longer the length of the equivalent discrete-
time channel is. In the thesis, m set to 2 to simulate the environment with inter block

interference free (IBI-free).

3.3 Equivalent Discrete-Time Channel

It is more convenient for us to work, en asdiscrete-time system. Therefore, we want
to find out the equivalent discretestime chammel:of the OFDM system. Then we need to
transfer the part from transmitting pulse to-teceiving pulse to its equivalent discrete-
time channel. The diagram from.x to:rissshewn in Figure 3.2. The desired equivalent

discrete-time channel is shown in Figure 3.3.

D 8(t-nT) q.(1) t=nT
x(n) | J} > | r(n)
(1) » ¢, (1) —>D > P, (1) > 7
w, ()
x, (1) r, (1)
D/C converter C/D converter

Figure 3.2: The part from x(n) to r(n)

Suppose the data samples x are spaced apart by T seconds and D/C converter
produces a continuous-time signal z,(t) by passing x through a transmitting pulse p; (¢).

That is
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x(n) —— c(n) "$—> r(n)

Figure 3.3: The equivalent discrete-time channel

za(t) = S22 __a(k)pi(t — kT). (3.13)

Then the received signals after the channel is

ro(t) = (Ta*ca)(t)+ qalt)

= 372 _2x(k)(p1 *ed)(t — kT) + qa(t). (3.14)

The w,(t) is obtained by passing:r (¢) throughthe receiving pulse po(t),

wa(t) = (raxp2)(t)

= 372 x(k)(p1xcaxp2)(t — kET) + qa(t). (3.15)

Sampling every T seconds to get discrete-time output, r(n), Define the equivalent

channel and noise as follows,

r(n) = w(nT)

= Y2 w(k)(p1*cqxp2)(nT — kT) + (qq * p2)(nT). (3.16)

Define the equivalent channel and noise as follows,

Ce(t) = (p1 * cq * p2)(t). (3.17)
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and

qe(t) = (¢a * p2)(t). (3.18)

The received signal r(n) can be rewritten as

r(n) =332 _x(k)e(n — k) 4+ q(n). (3.19)

Discrete-time equivalent channel and noise are given by

c(n) = (p1 * ca % P2)(t) |t=n1" - (3.20)

q(n) =(da * p2)(t). [e=az - (3.21)

Where ¢(n) is the equivalent diserete-time channel, and c,(t) is the continuous-time
channel, p;(t)and ps(t) represent B/C converterand .C/D converter analog filter respec-
tively. ¢(n) is produced by sampling the eutput of continuous-time convolution of p;(t),
ca(t), and po(t). In (3.11), ¢(n) is the equivalent discrete-time noise.

Choosing different transmitting and receiving pulses, p;(t) and po(t), will produce
different discrete-time equivalent channels. And the length of the equivalent discrete-
time channel is inverse proportional to the sampling period T. Changing the sampling
period to twice than the original one will reduce the length of ¢(n) to one half.

When we already have the continuous-time channel, and the next step is to find
out the equivalent discrete-time channel. The equivalent discrete-time channel model is
shown in Figure 3.3, and its expression is also shown as (3.10)

Owing to the infinite impulse response (IIR) filters, p;(t) and ps(t), the length of
the result of the convolution is infinite, we need to truncate the result to be finite for

our simulation. In order to do truncation, we sum the power of elements of the result
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at first. We know almost 99 percentage power are concentrate on the former elements
of the sampled points. Therefore, we just need to take the former elements to represent

the behavior of OFDM system channel.

3.4 Noise Generation

After the channel noise ¢, (t) passes through the receiving pulse ps(t), it is no longer

white noise. The block diagram is in Figure. 3.4.

q,(t)—> p,(?) —>>Q>q(n)

Figure 3.4: Channel noise of the digital framework OFDM system model

Because we can not directly produce eontinuous-time noise ¢,(t) for our simulation,
we expect to design a filter f(n). Setting a series discrete-time white noise ny, through the
f(n), and we can obtain another discrete-time-color noise ' that has the same statistic

characteristics as q. The system block‘diagram-is shown in Figure 3.5.

n,(n) —— f(n) —> ¢ (n)

Figure 3.5: The equivalent discrete-time channel

First, the autocorrelation function of q, Rq(k), is the information we can easily
compute in advance if we know the properties of the receiving pulse ps(t). Then just go

to computer the autocorrelation of q , that is,

Rq(k) = Ela(n)q'(n + k). (3.22)
On the other hand, the autocorrelation function of n,(t) is shown as follows,
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R, (7) = E[ng(t)nl(t + 7)]. (3.23)

By Figure 3.5, the noise q is produced by sampling the noise n,(t), and it can be

expressed as

a(n) = na(nT), (3.24)

where T is the sampling period.
From the above expression, we expect the autocorrelation functions between qand
nq(t) must has some relationship. Therefore, we can take the above expression into these

two autocorrelation functions, that is,

Rq(k) = Efalmal k)l

= En,(nT)n:((n+ %)) = Ry, (k7). (3.25)

The autocorrelation function Rg(k) could beviewed as the autocorrelation function

of ny(t) which sampled by every T seconds.

Rq (k) = R, (KT). (3.26)

Look at the first part of the block diagram of channel noise. The continuous time color
noise n,(t) is given by passing continuous-time white noise ¢,(t) through the receiver

pulse po(t). On this option, the also shown as,

R, (k) = Nopa(T) * p5(7). (3.27)

Where Nj is the autocorrelation of white noise g,(¢). Then we can obtain the power

spectrum of n,(t) by taking the Fourier transform of the above expression,

23



Sna (72) = No | P2(j9) 7 - (3.28)

Because Rq(k) = Ry, (kT), we can sample the S, (j€2) by every T seconds to obtain

the power spectrum of q , that is

Sy(e™) = ?kz Sna (17 = =57))
1 — Lwo 2rk L,
- 73 NIRGG DR (329)

Finally, we come to design the filter f(n). Then we can input discrete-time white
noise q’ into f(n) to obtain discrete-time color noise which has the same power spectrum

as that of q ,

sie) =S5 S WG - 275 1
k=—o00
= Ny W4 (3.30)

When we get the F(e/*), then taking inverse Fourier transform to obtain the desired

filter f(n), this is

f(n) = IDFT(F(e' % k)). (3.31)

Take this processes, we can easily generate the discrete-time colored noise q’' by
putting discrete-time white noise ny, through the filter f(n). The discrete-time colored

noise q' has the same statistic properties with the discrete-time noise q.

3.5 Bit Error Rate

In order to analyze the effect of the channel noise, we only draw the noise path at

the receiver side in Figure. 3.6. The elements of the continuous-time white noise g,(t)
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series are uncorrelated with variance Ny. After ¢,(t) passed through the D/C converter,
the discard prefix, and the S/P, the elements of the blocked color noise q are correlated.
Of course, the variance of q is not the same as ¢,(t). The autocorrelation matrix of q

is denoted as Ryg.

90 Vo

q,(t) discard S/P |4 5| DFT fdeppy ¢,

LT i [ M (M) e

qM—L Vo

Figure 3.6: The equivalent discrete-time channel.

The noise vector v at the output of the DFT matrix is produced by q. Then the

noise vector v has autocorrelation matrix

R, = E[v'] = EWaq'W' = WR,W'. (3.32)

The kth subchannel error e, = g—’; Owing to the effect of FEQs, there are different

variances for each subchannel error. The variance of e, is

R (3.33)

2
Vi

The SNR of the kth subchannel B(k) = ==? which is dependent on the channel
€k

where, o is the variance of vy.

response C%. The denotes signal power over noise power ratio. The noise is the discrete-
time noise q in the equivalent discrete-time channel shown in Figure.3.3. The SNR

defined in the thesis is given,
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SNR = % (3.34)

q
where £, is the signal power and 02 is the noise variance of noise q.
For QPSK modulation with power , and the symbol has the form +,/5 4 /5. In

this case the BER can be computed by Q-function. The BER of the kth subchannel is

BER(k) = Q(+/ (k). (3.35)

The average BER of the OFDM system is given by BER,, = ﬁ fy:f)l BER(E).
From (3.30) and (3.32), we can know that the average BER of OFDM system is
affected by the channel response Cj,. When the channel response Cj is larger, the

average BER is smaller. In other wotds, the systém has better BER performance.
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Chapter 4

Numerical Simulation

In this chapter, we will give four cases of elliptic analog filter design that based on
the IEEE 802.11a wireless LANs. We observe these examples to show how the filter
design affects the peak to average power ratio (PAPR), oversampling factor L, and bit
error rate (BER) performance.

In case 1, we use different stopband edge to produce distinct the useful band band-
widths. In case 2, we adjust the passhand’and stopband edge to have different useful
band bandwidths, and their have the"same transition band bandwidths that center at
sampling frequency (fs). In case 3, we use different passband edge to produce distinct
useful band bandwidths. In case 4, we change passsband and stopband edge to get the
same transition band bandwidth, and their useful band bandwidths are the same. The
detail parameters of designing elliptic analog filter are introduced in each case.

In these simulations, we use two kinds of the continuous-time channels: Rayleigh
fading channel and additive white Gaussian noise (AWGN) channel. The data stream
use quadrature phase-shift keying (QPSK) modulation, and the mapped signals have
the form 41 + j. All these cases are simulated under inter block interference (IBI-free)
environment. In other words, the length of the equivalent discrete-time channel is longer
than the cyclic prefix (CP) in all cases.

The IEEE 802.11a wireless LANs use the inverse fast Fourier transform (IFFT) to
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substitute for the inverse discrete Fourier transform (IDFT) at the transmitter site. The
IEEE 802.11a standard restricts the power of the transmitted signal and the transmit
form of transmitted signal before passing trough the IFFT matrix. The restriction about

the power of transmitted signal is given in Figure 4.1,

Power Spectral Densuty (dB) y

- Transmut Spectrum Mask

30

Frequency (MHz)

Figure 4.1: The transmit spectrum mask under IEEE 802.11a

The transmit form in front of the, inverse fast Fourier transform (IFFT) matrix is

given in Figure 4.2,

Nul — | 0 0O |
41 —1 1 1 4
o | 2 g1
4 — 26 [pT 26 ——
Nl —.2 o
Null —— - —
Null — 37 37—
#2726 — 38 38 ——
#2 — 62 62 —
#1 — 63 63 —

Figure 4.2: The form of inputs for IFF'T matrix

The coefficients from 1 to 26 are mapped to the same numbered IFFT inputs, while

the coefficients from -26 to -1 are copied into IFFT inputs 38 to 63. The rest of the
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Subcarrier (N) 52

IDFT size (M) 64
CP length (v) 16
Sampling time (T) 10~7 second
Modulation QPSK
Symbol blocks 108
Numbers of taps of ¢,(t) 2
Numbers of random channel ¢,(t) 10°

Table 4.1: Parameters of digital framework OFDM system

case 1 Order | w,(fs) | R,(dB) | Rs(dB)
ws 0.7 (fs) 3 0.5 1.0 -40
ws 1.0 (fs) 3 0.5 0.5 -40
ws 1.2 (fs) 3 0.5 0.01 -40

Table 4.2: Parameters.of case 1

inputs, 27 to 37 and the 0 (dc) input, are set to zero.

Then paramters of our digital framework OFDM:system model is given,

4.1 Case 1

The analog filters taken for simulation are elliptic analog filters. We want to see if the
useful band bandwidth affects the PAPR performance and the BER performance. Fix
the passband edge, passband ripple, and stopband attenuation. Then we change stop-
band edge to produce distinct useful band bandwidths. The transmitting and receiving
pulses, p1(t) and pa(t), are chosen the same when we simulate the BER performance. In
other words, we have three kinds of analog filters, and we have three BER performance
curves in this case. The parameters of filter design are given in table 4.2. The magnitude
response of each filter in frequency domain and the impulse response of each filter in

time domain are shown in Figure 4.3(a) and Figure 4.3(b).
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Wp 0.5 fs-Ws 0.7 fs
Wp 0.5fs-Ws 1.0fs | |
- Wp0.5fs-Ws 1.2fs

magnitude response(dB)

-90 : :
0 0.5 1
frequency (rad/sec) x 10"
1
x 10° (b)
10 T
Wp 0.5 fs-Ws 0.7 fs
Wp 0.5 fs-Ws 1.0 fs
sl ®& - Wp0.5fs-Ws1.2fs | |

Impulse response

-4 ! !

Time(second) x 10"

Figure 4.3: (a)The magnitude responses (b)The impulse responses of elliptic analog
filters with distinct stopband edges.
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4.1.1 Peak to Average Power Ratio

There we will take (3.8) to compute the peak to average power ratio (PAPR) value,
and the PAPR performance curves are shown in Figure 4.4. We use oversampling factors
(L) =1, 2, 4, 8 16, and 32 respectively to simulate the PAPR performance for each
filter. Then we also focus on which factor is the least oversampling factor that we need

to use for computing the PAPR value.

4.1.2 Bit Error Rate

The bit error rate (BER) performance comes from the average of 10° random chan-
nels. In this section, we show the average BER performance of Rayleigh fading channel
and additive white Gaussian noise channel.

At first, we deal with the Rayleigh fading channel. We take one of the 10° random
continuous-time fading channels for example.te show impulse response, magnitude re-
sponse, and the BER performance ofiits equivalent-discrete-time channel ¢;(n) in Figure
4.5. (01 : 5.6165,0, : 1.2512; a1 : 1.3951,605+-0.6319):

When the continuous-time channel is AWGN channel, its equivalent discrete-time
channel is cp(n). The impulse response, magnitude response, and the BER performance
of ca(n) is shown in Figure 4.6.

From these simulation results, we can know that:

1. Oversampling factor: We need to take oversampling factor L = 16 to get the PAPR

closer to the continuous-time PAPR. L = 4 is not enough for used.

2. PAPR performance: When the stopband edge of filer is large (ws = 1.2fs), it has

large useful band bandwidth. Its PAPR performance is worse.

3. BER performance: When the useful band bandwidth is large, the filter has better

BER performance.
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10° &—B—B—p
L=1
L=2
—— L=4
- L=8
—— L=16
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°
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o
<
a
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Figure 4.4: The PAPR curves of elliptic analog filters with distinct stopband edges w;.
(a) ws is 0.7 fs. (b)ws is 1.0 fs. (¢) ws is 1.2 fs. (d) The PAPR curves of these three

filters and the oversampling factor is 32.
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0 (c)
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Figure 4.5: (a) The impulse response (b) The magnitude response (¢) BER performance

of ¢1(n)
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case 2 | Order | wy(fs) | R,(dB) | Rs(dB)
w, 0.2(fs) | 2 1.8 1.0 40
w, 0.5(fs) | 2 1.5 1.0 40
w, 0.8(fs) | 3 1.2 1.0 40

Table 4.3: Parameters of case 2

4.2 Case 2

The analog filters taken for simulation are elliptic analog filters. We want to see if
the useful band bandwidth affects the PAPR performance and the BER performance.
Fix the passband ripple and stop attenuation, then using different passband edge and
stopband edge to produce distinct useful band bandwidths. The transition bands center
at 1.0 sampling frequency (fs). The transmitting and receiving pulses, pi(t) and py(t),
are chosen the same when we simulate the BER performance. In other words, we have
three kinds of analog filters, and“we have:three BER performance curves in this case.
The parameters of filter design are given in table 4.3: The magnitude response of each
filter in frequency domain and the imptilse Tésponse of each filter in time domain are

shown in Figure 4.7.

4.2.1 Peak to Average Power Ratio

There we will take (3.8) to compute the peak to average power ratio (PAPR) value,
and the PAPR performance curves are shown in Figure 4.8. We use oversampling factors
(L) =1, 2, 4, 8 16, and 32 respectively to simulate the PAPR performance for each
filter. Then we also focus on which factor is the least oversampling factor that we need

to use for computing the PAPR value.
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Figure 4.7: (a)The magnitude responses (b)The impulse responses of elliptic analog

filters with distinct transition band bandwidths which center at 1.0 fs.
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4.2.2 Bit Error Rate

The bit error rate (BER) performance comes from the average of 10° random chan-
nels. In this section, we show the average BER. performance of Rayleigh fading channel
and additive white Gaussian noige channel.

At first, we deal with the Rayleigh fading chaniiel. We take one of the 10% random
continuous-time fading channels fot:example to-show impulse response, magnitude re-
sponse, and the BER performance of its equivalent discrete-time channel ¢3(n) in Figure
4.9. (01 : 0.36374, 05 : 2.21710; a1 : 1.5683, cv : 0.8305).

When the continuous-time channel is AWGN channel, its equivalent discrete-time
channel is ¢4(n). The impulse response, magnitude response, and the BER performance
of ¢4(n) is shown in Figure 4.10.

From these simulation results, we can know that:

1. Oversampling factor: We need to take oversampling factor L = 16 to get the PAPR

closer to the continuous-time PAPR. L = 4 is not enough for used.

2. PAPR performance: When the filter has large useful band bandwidth (w, =

0.8fs,ws = 1.2fs), its PAPR performance is better. The one has smaller use-
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Figure 4.8: The PAPR curves of elliptic analog filters with distinct transition band
bandwidths. (a) w, is 0.2 fs and w; is 0.8 fs.. (b)w, is 0.5 fs and w; is 1.5 fs. (c) w, is
0.8 fs and wy is 1.2 fs. (d) The PARR curves of these three filters and the oversampling

factor is 32.
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Figure 4.9: (a) The impulse response (b) The magnitude

of c3(n)
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Figure 4.10: (a) The impulse response (b) The magnitude response (¢) BER performance

of ¢c4(n)

ful band bandwidth, and its PAPR performance is better.

3. BER performance: When the ‘useful band bandwidth is large, the filter has better

BER performance.

4.3 Case 3

The analog filters taken for simulation are elliptic analog filters. We want to see if the
useful band bandwidth affects the PAPR performance and the BER performance. Fix
the stopband edge, passband ripple, and stopband attenuation. Then change passband
edge to produce distinct useful band bandwidths. The transmitting and receiving pulses,
p1(t) and po(t), are chosen the same when we simulate the BER performance. In other
words, we have three kinds of analog filters, and we have three BER performance curves
in this case. The parameters of filter design are given in table 4.4. The magnitude
response of each filter in frequency domain and the impulse response of each filter in

time domain are shown in Figure 4.11.
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case 3 Order | wy(fs) | R,(dB) | Rs(dB)
w, 0.2 (fs) | 2 15 | 1.0 40
w, 0.5 (fs) | 3 15 | 1.0 40
w, 0.8 (fs) | 4 15 | 01 40

Table 4.4: Parameters of case 3
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Figure 4.11: (a)The magnitude responses (b)The impulse responses of elliptic analog

filters with distinct passband edges.
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4.3.1 Peak to Average Power Ratio

There we will take (3.8) to compute the peak to average power ratio (PAPR) value,
and the PAPR performance curves are shown in Figure 4.12. We use oversampling
factors (L) = 1, 2, 4, 8, 16, and 32 respectively to simulate the PAPR performance for
each filter. Then we also focus on which factor is the least oversampling factor that we

need to use for computing the PAPR value.
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4.3.2 Bit Error Rate

The bit error rate (BER) performance comes from the average of 10° random chan-
nels. In this section, we show the average BER. performance of Rayleigh fading channel
and additive white Gaussian noige channel.

At first, we deal with the Rayleigh fading chaniiel. We take one of the 10% random
continuous-time fading channels fot:example to-show impulse response, magnitude re-
sponse, and the BER performance of its equivalent discrete-time channel ¢5(n) in Figure
4.13. (01 : 4.994, 05 : 6.012; o1 : 0.38437, v : 0.6352).

When the continuous-time channel is AWGN channel, its equivalent discrete-time
channel is ¢g(n). The impulse response, magnitude response, and the BER performance
of ¢g(n) is shown in Figure 4.14.

From these simulation results, we can know that:

1. Oversampling factor: We need to take oversampling factor L = 4 to get the PAPR

closer to the continuous-time PAPR.

2. PAPR performance: When the passband edge of filer is large (w, = 0.8fs), it has

large useful band bandwidth. Its PAPR performance is worse.
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Figure 4.12: The PAPR curves of elliptic analog filters with distinct passband edges w,,.
(a) wp is 0.2 fs. (b)wy is 0.5 fs. (c) wyyis0:8,fs. (d) The PAPR curves of these three

filters and the oversampling factor,is 32.
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Figure 4.14: (a) The impulse response (b) The magnitude response (¢) BER performance

of cg(n)

3. BER performance: When the useful band bandwidth is large, the filter has better

BER performance.

4.4 Case 4

The analog filters taken for simulation are elliptic analog filters. We want to see if
the useful band bandwidth affects the PAPR performance and the BER performance.
Fix the transition band bandwidth, passband ripple, and stopband attenuation. Then
change passband edge and stopband edge to produce distinct useful band bandwidths.
The transmitting and receiving pulses, pi(t) and py(t), are chosen the same when we
simulate the BER performance. In other words, we have three kinds of analog filters,
and we have three BER performance curves in this case. The parameters of filter design
are given in table 4.5. The magnitude response of each filter in frequency domain and

the impulse response of each filter in time domain are shown in Figure 4.15.
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case 4 | Order | wy(fs) | R,(dB) | Rs(dB)
w, 02 (fs)| 4 | 09 | 001 | -40
w, 0.5 (fs) 4 1.2 0.01 -40
w, 0.8 (fs) | 4 15 | o.01 40

Table 4.5: Parameters of case 4
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Figure 4.15: (a)The magnitude responses (b)The impulse responses of elliptic analog

filters with the same transition band bandwidth.
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4.4.1 Peak to Average Power Ratio

There we will take (3.8) to compute the peak to average power ratio (PAPR) value,
and the PAPR performance curves are shown in Figure 4.12. We use oversampling
factors (L) = 1, 2, 4, 8, 16, and 32 respectively to simulate the PAPR performance for
each filter. Then we also focus on which factor is the least oversampling factor that we

need to use for computing the PAPR value.

4.4.2 Bit Error Rate

The bit error rate (BER) performance comes from the average of 10° random chan-
nels. In this section, we show the average BER performance of Rayleigh fading channel
and additive white Gaussian noise channel.

At first, we deal with the Rayleigh fading channel. We take one of the 10° random
continuous-time fading channels for example.te show impulse response, magnitude re-
sponse, and the BER performance ofiits equivalent-discrete-time channel ¢7(n) in Figure
4.17. (0y : 2.3274, 05 : 4.41541; = 0.70429, ¢v9--0.69466 ).

When the continuous-time channel is AWGN channel, its equivalent discrete-time
channel is cg(n). The impulse response, magnitude response, and the BER performance
of cg(n) is shown in Figure 4.18.

From these simulation results, we can know that:

1. Oversampling factor: We need to take oversampling factor L = 4 to get the PAPR

closer to the continuous-time PAPR.

2. PAPR performance: When the filer has large useful band bandwidth (w, =

0.8fsandws = 1.5fs), its PAPR performance is worse.

3. BER performance: When the useful band bandwidth is large, the filter has better

BER performance.
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Figure 4.16: The PAPR curves of elliptic analog filters with the same transition band
bandwidth and distinct useful band bandwidths. (a)w, is 0.2 fs and wy is 0.9 fs. (b)w,
is 0.5 fs and wy is 1.2 fs. (c) w, is 0.8 fs and w; is 1.5 fs. (d) The PAPR curves of these

three filters and the oversampling factor is 32.
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4.5 Summary

These simulations are done to see if the transmitting and receiving pulses design
affects the oversampling factor, peak to average power ratio (PAPR), and bit error rate
(BER) performance. The results show that these quantities are indeed affected by the

filter design.

1. Oversampling factor: The earlier studies that use analog framework OFDM system
shown an oversampling factor of 4 gives a good estimate of continuous-time PAPR
value. But the results of case 1 and case 2 show oversampling factor of 16 is needed
to obtain the good estimate of actual PAPR value when we use such transmitting

pulses.

2. PAPR performance: We estimate the PAPR value from xp,, which can be viewed as
linear combination of the sampled points of ttansmitting pulse impulse response.
The power is linear proportional to the absclute value. For convenience, we can
sum all the absolute sampled. points-wales, Vi, to observe the tendency of peak
power. For case 1, the filter withilarge useful band bandwidth (w, is 0.5 fs, w; is
1.2 fs) has the large V; than other two, and its PAPR performance is worse. The
phenomenon can be observed in the rest cases. (case 2: w, is 0.8 fs, and w, is 1.2
fs; case 3: w, is 0.8 fs, and wy is 1.5 fs; case 4: w, is 0.8 fs, and w, is 1.5 fs.) The
ratio of % is noted as . We can use 7 to estimate the PAPR performance
tendency. ~ of the four cases are given in Table 4.6, Table 4.7, Table 4.8, and Table
4.8. In Table 4.6, we can find out that v of filter with w, = 0.7fs is larger than
that of filter with ws = 1.0fs by roughly 0.6 dB. v of the filter with w, = 1.2fs
is larger than that of filter with w, = 1.0fs by roughly 7 dB. The result and
Figure 4.4(d) are matched. Furthermore, the result of Table 4.7 and Figure 4.8(d),
Table 4.8 and Figure 4.12(d), and Table 4.9 and Figure 4.16(d) are respectively

matched. Therefore, we can use the ratio v to estimate the peak-to-average power
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case 1

wy :0.5fs —ws : 0.7fs

wy : 0.5fs —ws : 1.0fs

wy :0.5fs —ws : 1.2fs

1.99

2.32

2.75

Table 4.6: v of case 1

case 2

wy: 0.2fs —w, : 1.8fs

wy: 0.5fs —ws :1.5fs

wy : 0.8fs —ws 1 1.2fs

2.04

2.15

3.27

Table 4.7: v of case 2

ratio (PAPR) performance.

3. BER performance: When the useful band bandwidth is large, the BER perfor-

mance is better as expected.

case 3

wy:0.2fs —ws : 1.5fs

wy: 0.5fs —ws : 1.5fs

wy : 0.8fs —ws : 1.5fs

3.53

4.02

411

Table 4.8: v of case 3
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case 4

1.69
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Chapter 5

Conclusion

In this thesis, we use the digital framework representation OFDM system model
to analyze the oversampling factor L, peak to average power ratio (PAPR), and bit
error rate (BER) performance. Usually, we ignore the transmitting pulse and receiving
pulse of the digital framework OFDM:system meodel. There, we consider the effect of
transmitting and receiving filters: We give -four. realizable elliptic analog filter design
cases that based on IEEE 802.11a wireless"lLANs standard for simulation. Simulation
results show that the oversampling: factor, PAPR, -and BER performance affected by
transmitting and receiving the filter design.

For the oversammling factor, we can find out that oversampling factor of 4 is not
always giving a good estimate of the actual PAPR. In case 1 and case 2, the oversapmling
factor of 16 is needed to obtain a good estimate of the continuous-time PAPR value.

For the peak to average power ratio (PAPR), the simulation results show that
the transmitting pulse design affects the PAPR performance. When the useful band
bandwidth of the transmitting pulse is large, its PAPR performance is worse. We can
see that from Figure 4.4(d) of case 1, Figure 4.8(d) of case 2, Figure 4.12(d) of case 3,
and Figure 4.16 of case 4.

For the bit error rate (BER) performance, we can also find out that it affected

by transmitting and receiving pulses. The different filter design will result in distinct
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equivalent discrete-time channel responses. When the analog filters have large useful
band bandwidth, the equivalent discrete-time channel has large magnitude response.

And large magnitude response results in better BER performance.
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