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ABSTRACT

The Orthogonal Frequency Division Multiplexing (OFDM) technique has been received
a lot of attentions especially in the field of wireless communications because of its efficient
usage of frequency bandwidth and robustness to the multi-path fading. From these advantages,
the OFDM technique has already been adopted as the standard transmission technique in the
wireless LAN systems and the terrestrial digital broadcasting systems including the Digital
Audio Broadcasting (DAB) and the Digital Video Broadcastiﬁg (DVB). The OFDM
technique is also employed as the standard transmission technique in the next generation of
mobile communications systems (LTE).

One of the limitations of using OFDM technique is the larger Peak to Averaged Power
Ratio (PAPR) of its time domain signal. The larger PAPR signal would cause the severe
degradation of bit error rate (BER) performance and the undesirablg frequency spectrum re-
growth both due to the non-linear distortion occurring in the non-linear amplifier which is
usually required at the transmitter in the wireless communications systems. The simple
solution to overcome this problem is to operate the non-linear amplifier at the linear region
with taking the enough larger input back-off (IBO). However, this approach leads the
inefficient usage of non-linear power amplifier, and would lead a serious problem on battery
consumption especially for the mobile handheld terminal and portable wireless LAN terminal.
In order to maximize the usage of power efficiency, the non-linear amplifier is usually
required to operate at the near its saturation region. However this approach will lead to the
severe degradation of BER performance and undesirable frequency spectrum re-growth for
the larger PAPR signal due to the occurring of inevitably higher non-linear distortion.

Many PAPR reduction techniques for OFDM signal have been proposed to overcome the
PAPR problem up to today. These techniques can be categorized into two major methods as
the distortion and distortion-less methods. The distortion technique includes the clipping and
filtering method. Although this method can improve the PAPR performance relatively, it
leads the degradation of BER performance and undesirable spectrum re-growth to the
adjacent channel due to the non-linear clipping distortion. The mitigation method of Non-
Linear Distortion is required at the receiver side to improve the BER performance. On the
other hand, the distortion-less techniques include the coding, tone reserva_tion (TR), tone
injection (TI), active constellation extension (ACE), and multiple signal representation
techniques such as partial transmit sequence (PTS) and selected mapping (SLM) methods.
These techniques can achieve better PAPR performance without degradation of BER
performance and undesirable spectrum re-growth. However these methods improve the PAPR
performance at the cost of data rate loss, higher computational complexity, larger memory

size, and requirement of separate channel for informing the side information to the receiver.



In this degree thesis, the following two types of methods are proposed to solve the above
problems.

1) Non-linear distortion compensation method for OFDM signal

2) PAPR reduction methods for OFDM signal with lower computation complexity

As for the first method, this thesis proposes the Improved DAR (IDAR) method, which
can mitigate both the clipping noise and inter-modulation noise. In the proposed IDAR
method, the characteristics of non-linear amplifiers are required to be known at the receiver
for mitigating the inter-modulation noise. This thesis also proposes the estimation method for
AM-AM and AM-PM conversions characteristics of non-linear amplifiers by using low
PAPR (Peak to Averaged Power Ratio) preamble symbols.

This thesis demonstrates the effectiveness of proposed IDAR method when applying the
satellite communication systems. From the computer simulation results, it is concluded that
the proposed IDAR method can achieve the higher transmission data rate and higher efficient
usage of non-linear power amplifier with keeping the better BER performance even in the
non-linear satellite channel.

As for the second method, this thesis proposes PAPR reduction methods based on PTS
technique. The conventional PTS method requires the larger number of clusters and weighting
factors to achieve the better PAPR performance which leads larger computation complexity.
To reduce the computation complexity, DIF-PTS method is proposed which employs the
intermediate signals within the IFFT and used radix-2, radix-4, Split-Radix and Extended
Split-radix for decimation in the frequency domain (DIF) to obtain the PTS sub-blocks.
Multiple IFFTs are then applied to the remaining stages. The PTS sub-blocking is performed
in the middle stages of the N-point radix FFT DIF algorithm. The DIF-PTS method can
~ reduce the computational complexity relatively while it shows almost the same PAPR
reduction performance as that of the conventional PTS method. To improve the PAPR
performance with low computation complexity, this thesis proposes a new weighting factor
technique for the PTS method in conjunction with DIF-PTS sub-blocking based on radix-r,
Split-Radix and Extended Split-Radix IFFT technique which can improve both the PAPR
performance and computation complexity. The proposed method can achieve the better PAPR
reduction performance than that for the DIF-PTS method without any increasing of size of
side information. v

In this thesis, a new PTS method by using the permutation of data sequence in the
frequency domain is also proposed to improve the computation complexity. The proposed
method employs the dummy and parity subcarriers as the embedded side information in the
data subcarriers, which is used for the demodulation of data information at the receiver. The
proposed method includes two types of permutation methods Type I and Type II. Type I is to

perform the permutation only for the first M/2 subcarriers, while Type II is to perform the



permutation both for the first and the last part of M/2 subcarriers. Although the computation
complexity for the Type II is larger than Type I, the improvement of PAPR performance for
the Type II is better than Type I. The feature of proposed method is to detect the rotation
number performed at the transmitter precisely at the receiver by using the very few dummy
subcarriers which corresponds to the embedded side information. The propose method can
achieve the higher transmission efficiency because the size of embedded side information in
the proposed method is much smaller than that for the side information in the conventional
PTS method. From the computer simulation results, this thesis confirmed that the proposed
permutation of data sequence method can achieve the better PAPR performance and better
BER performance in the non-linear channel with lower computation complexity.

In this thesis, the numerous computer simulations are conducted to confirm the
effectiveness of all proposed method. Form the simulation results, it is confirmed that the
proposed methods show the better PAPR performance with lower computation complexity.
As a conclusion of researches in this thesis, the proposed PAPR reduction methods and
mitigation methods of non-linear distortion noise could provide various practical solutions for
the next generation of multimedia wireless communications systems employing the OFDM

technique.
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CHAPTER 1

INTRODUCTION

This chapter presents a basic overview of Orthogonal Frequency Division Multiplexing
-(OFDM) technique, the general structure of an OFDM system and standardized system of
‘ﬁsing the OFDM technique in the wireless communications systems. Section 1.2 explains FFT
and IFFT Algorithm. Section 1.3 explains about definitions of PAPR. Section 1.4 explains the
PAPR problems and several solutions for PAPR problems proposed up to today. Section 1.5
explains about the channel models. Section 1.6 is overview of research background and
motivate on PAPR problems of OFDM signals. Finally, it describes the organization of thesis

contents in Section 1.7.



1.1 Overview of Orthogonal Frequency Division Multiplexing (OFDM)

1.1 Overview of Orthogonal Frequency Division Multiplexing

(OFDM)

Multicarrier transmission is known as the Orthogonal Frequency-Division Multiplexing
(OFDM) or Discrete Multi-tone (DMT). The basic principle of OFDM is to split a high rate
data stream into multiple parallel lower rate data streams, which are block-wise transmitted
simultaneously over, a number of frequency-spaced subcarriers. As the symbol duration for
each of the lower rate subcarriers is increased, the relative dispersion in time caused by
multipath delay spread is decreased. The longer symbol duration and the introduction of a
guard time for every OFDM symbol can eliminate almost completely inter symbol
interference. The cyclic extension of the OFDM symbol into the guard time ensures the
minimization of inter-carrier interference. The process of generating an OFDM signal and the

reasoning behind each step will be described in the following sections.

1.1.1 OFDM Basics

An OFDM signal consists of a sum of subcarriers that are modulated by using phase shift
keying (PSK), Quadrature Amplitude modulation (QAM) and other modulation techniques
could also be used. A multicarrier signal is the sum of many independent signals modulated

onto sub-channels of equal bandwidth. Let us denote the collection of all data symbols,
X ,n=0,1--,N—1, as a vector X =[X,,X,,+-,X,_,]" that will be termed data sub-

carriers. The complex baseband representation of a multicarrier signal consisting of N sub-

carriers is given by
x(t) = \/_ZX e/ 0<t<NT 1.1)

where j =+/—1,Af is the sub-carriers spacing and NT denotes the useful data block period.

In OFDM the sub-carriers are chosen to be orthogonal (i.e., Af =1/ NT'). The Nyquist rate
sampled OFDM signal is given by

lN]
\/—_nO

The OFDM signal has the inter symbol inference (ISI) when passing the signal thought a

Xn .ejZEkn/N ) (1.2)

time dispersive channel, it also makes that orthogonality of the subcarrier is lost, resulting
inter carrier interference (ICI). The cyclic prefix (CP) or guard interval (GI) is used to

-overcome these problems. A cyclic prefix is a copy of the last part of OFDM symbols that is
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shown in figure 1. The CP is removed at the receiver before the demodulation. The cyclic
prefix should be at least as long as the significant part of the impulse response experienced by
the transmitted signal. The cyclic prefix has the two benefits. First, it avoids ISI because it
acts as a guard space between successive symbols. Second, it also converts the linear
convo]utiqn with thé channel impulse response into a cyclic convolution. As a cyclic
convolution in the time domain translated into a scalar multiplication in the frequency domain,
the sub-carriers remain orthogonal and there is no ICI. The length of the cyclic prefix should
be made longer than the experienced impulse to avoid ISI and ICI. However, the transmitted
energy increases with the length of the cyclic prefix. There is loss power due to the insertion
of the CP.

/_\ =" "
Ve

GI OFDM Symbol S ! GI OFDM Symbol
T
£ T Next Symbol
I,=T+T,

Fig. 1.1. OFDM symbol in the time domain.

The sharp phase transition at the symbol boundaries cause the out-of-band spectrum re-
grown. To reduce the spectrum re-grown, the windowing is applied to individual OFDM
symbols. Windowing essentially smooth the phase transition between OFDM symbols. A

commonly used window type is the raised cosine window, which is shown in figure 1.2.

T,=T+T,

OFDM Symbol V////

g

AT,

Fig.1.2. Raised cosine window for OFDM symvbol.

The OFDM signal is multiplied by raised cosine window to where to reduce the power of

out-of-band frequencies. The OFDM symbol is added to the output of the previous OFDM
symbol with a delay of T, such that there is an overlap of BT, S is the roll-off factor of the

raised cosine window. As orthogonallity between sub-carriers require that amplitude and

phase of the sub-carriers stay constant during the FFT integration interval of length T, the
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roll-off region of the window thus decrease the effective guard time by S7,. Therefore, there

is a tradeoff between having a large roll-off factor, which will suppress the out-of-band
spectrum and a decreased delay spread tolerance.

Summary of conventional OFDM transmitter as shown in figure 1.3(a), the modulated
signal is passing to serial-to-parallél (S/P) before input to IFFT processing and passed
pafallel—to-serial (P/S). The time domain sampled OFDM signal after adding the guard
interval (GI) to will be converted to the analogue signal by the digital-analogue converter
(D/A) with the analogue band pass filter (BPF) and then converted to the radio frequency
(RF) by the frequency up-converter (U/C) as shown in figure 1.3(a). Here the analogue filter
is used to reject the aliasing and spectrum re-grown occurring at the output of D/A converter.
The output signal of U/C is inputted to the non-linear amplifier and transmitted to the channel
as shown in figure 1.3(a).

For the receiver path, the receiver receives the received signal »(¢). The received signal .

performs the inverse operations. The received RF signal is first down converted (D/C) to the
base band signal and digitized by A/D converter. The receiver then applies a FFT after
removes the guard interval (GI). Finally, the original data can get from demodulation as

shown in figure 1.3(b).

Input X" & & : 0
o Mod || S |—{ IFFT H P/S '—W /A [{ BPF HU/ Jj/
(a) OFDM transmitter

Output X, r(t)
_DaE—W—{ P/S f— FFT }— sP k- -GI — ap [ D }——j
(b) OFDM receiver

Fig. 1.3.  Structure of conventional OFDM transceiver.

1.1.2 OFDM Standards

OFDM is used as the transmission technique in digital audio and television broadcasting
applications, and in wireless LAN applications. This section describes the main applications

of OFDM in the wireless communications systems.

(A) Digital Audio Broadcasting (DAB)
Digital audio broadcasting (DAB) was specified between 1988 and 1992, with its
introduction in Europe scheduled for the late 1990s. Many DAB field trials were carried out

by broadcasters in. Europe, including DAB single frequency operations in Munich, Germany,
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DAB test operation in trials in L-band, and so on. In addition to these, a lot of DAB
measurements were also carried out, on electromagnetic field strength, channel rate, and so on.

Table 1.1 shows the three modes defined in EUREKA 147 DAB.

(B) Terrestrial Digital Video Broadcasting

In Europe, based on the successful results from DAB field trials and measurements,
terrestrial digital video broadcasting (DVB-T), with use of OFDM, was standardized by the
European Telecommunication Standards Institute (ETSI) in 1996. Table 1.2 shows the two
modes defined in the DVB-T. In 1998, the DVB-T was first adopted in the United Kingdom,

with multi-frequency network (MFN) use, 2k mode, 64QAM, 7usec guard interval R, =2/3

convolutional code and 24.13 Mbps information transmission rate.

(C) Wireless LAN Standards

In 1998, the IEEE 802.11 standardization group decided to select OFDM as a basic for
its new 5GHz wireless LAN standard, which supports data transmission rate from 6 to 56
Mbps. In the DVB-T, OFDM is used in continuous transmission mode for the purpose of
Tbroadcasting. This new standard, called “IEEE 802.11a,” is the first to use OFDM in packet
transmission mode. .

Following the IEEE 802.11 decision, ETSI adopted OFDM in the standard of
HIPERLANY/2, as well as ARIB in the standard of MMAC. Since then, the three bodies have
worked in close cooperating to ensure that differences between the three standards are kept to
a minimum, enabling the manufacturing of equipment that can be used worldwide.

The main differences between IEEE 802.11a and HIPERLAN type 2 are in the medium
" access control (MAC). The IEEE 802.11a uses distributed MAC based on carrier sense
multiple access with collision avoidance (CSMA/CA), whereas the HIPERLAN type 2 uses a
centralized and scheduled MAC based on time division multiple access with dynamic slot
assignment (TDMA/DSA). The MMAC support both of these MACs. In terms of the physical
layer (PHY), there are only a few minor differences among the three standards. Table 1.3
shows the system parameter for the IEEE 802.11a, HIPERLAN type 2 and the MMAC.
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Table 1.1 DAB parameters.

Parameter Mode Mode 1 Mode II Mode III
Bandwidth 1.536 MHz -+ 1.536 MHz 1.536 MHz
Number of sub-carriers 1,546 768 384
Modulation DQPSK
Useful symbol length (Z,) 1 msec 250 psec 125 psec
Sub-carriers separation ( Af ) 3.968 kHz 1.984 kHz 0.992 kHz
t./4 t./4 t, /4
Guard interval length (AG) s s s
(250 psec) (62.5 psec) (31.25 psec)
FEC Convolution code

Information transmission rate

2.4 Mbps

Table 1.2 DVB-T parameters.

Parameter Mode 2k 8k

Bandwidth 7.61 MHz 7.61 MHz

Number of sub-carriers 1,705 6,817

Modulation QPSK 16QAM  64QAM

Useful symbol length

(£) 224 psec 896 psec

Sub-carriers separation

(Af) 4.464 kHz 1.116 kHz

Guard interval length t/4 |t /8 |t /16 |t /32 | ¢t /4 |¢t /8 |t /16 |¢ /32

(AG) 56 28 14 7 224 | 112 56 28 |
psec | psec | psec psec | psec | psec | usec psec -

FEC (inner code) Convolution code (R=1/2, 2/3, 3/4, 5/6, 1/8)

FEC (Outer code) Reed-Solomon code (204, 188)

Interleaving Time-frequency domain bit interleaving

Information

transmission rate

4.98 —31.67 Mbps

Required C/N

3.1dB-20.1dB
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Table 1.3 " 1EEE 802.11a, HIPERLAN/2 and MMAC.

Standard IEEE 802.11a | HIPERLAN/2
Channel spacing 20 MHz
| Bandwidth 16.56 MHz (-3dB)
Numiber of sub-carriers 52
Number of pilot sub-carriers 4
Useful symbol length (Z,) 3.2 psec
Sub-carriers separation ( Af ) 312.5kHz
Guard interval length (AG) 800 nsec

| FEC

Convolution code

Interleaving

Frequency domain bit interleaving (Within on
OFDM symbol)

Information transmission rate

6 Mbps (BPSK, R =1/2)

Modulation/coding rate

9 Mbps (BPSK, R, =3/4)

12 Mbps (QPSK, R, =1/2)
18 Mbps (QPSK, R, =3/4)
24 Mbps (16QAM, R, =1/2)
36 Mbps (16QAM, R, =3/4)
48 Mbps (64QAM, R, =1/2)
54 Mbps (64QAM, R, =3/4)

Multiple access method

CSMA/CA | TDMA/DSA




1.2 Fast Fourier Transform (FFT) Algorithm

1.2 Fast Fourier Transform (FFT) Algorithm

1.2.1 Radix-2 DIT-FFT Algorithm

This algorithm is based on decomposing an N-point sequence (assuming N =2 , 1=
integer) into two N=-2point sequences (one of even samples and another of odd samples) and
obtaining the N-point DFT in terms of the DFTs of these two sequences. This operation by
itself results in some savings of the arithmetic operati(;ns. Further savings can be achieved by
decomposing each of the two N=-2point sequences into two N=-4point sequences (one of
even samples and another of odd samples) and obtaining the N=-2point DFTs in terms of the

corresponding two N=-4point DFTs. This process is repeated till two-point sequences are

obtained.
Xy
(1.3)
LSS A A N A
{X0sXys X450 Xy_y} {2655, X550 X1}
Evensamples Odd samples
G~ Hy
Length N DFT
i N-l
XP (k)= x(mWy*, k=0,1,.,N-1
n=0
(N/2)-1 (N/2)-1
= > xQ@rwt+ Y xQr+1wdrt
r=0 r=0
(N/2)-1 (N/2)-1
= xR +Wy > xQr+D)We)* (1.4)
r=0 r=0
Note that
—j2(27) —j2r
Wy =exp {——N— =exp ﬁ- =W, (1.5)
(N/2)-1 (N/2)-1 '
XF(ky= D, x@rWy, +Wy > xQr+DW,,
r=0 r=0
=G " (k)+WiH" (k), k=0,1,..,%-1 (1.6)

Here X” (k) the N-point DFT of x(77) is expressed in terms of NN/2-point DFTs,

G” (k)and H" (k) which are DFTs of even samples and odd samples of X(77) respectively.
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X7 (k) : periodic with period N, X" (k)= X" (k+N).

G" (k),H" (k) periodic with period £,G" (k) =G" (k+4) and H” (k)= H" (k+ )
X (k)y=G"(k)+WyH" (k), k=0,1,..,4-1 1.7
XF(k+N/2)=G"(k)+Wi ™" H" (k)

WY =exp (:1]5—7[1\2[—) =exp(—jr)=-1
Since W™ = exp {%(k + —gﬂ =Wy W,)? =—Wy | it follows that

X+ =G"(k)-WiH" (k), k=0,1,...,4-1 (1.8)

Equation (1.7( and (1.8) are shown below as a butterfly (Figure.1 .4)

G X" (k) G o X"
Wy —
H" (k) - , X (k+4) H" (k) . . XT(k+4)
44 Wk -1

Fig. 1.4. Butterfly to compute Eq. 1.7 and Eq. 1.8.

For each k in Figure 11.4(a) requires two multiplies and two adds whereas Figure 1.4(b)

requires one multiply and two adds. Repeat these processes iteratively till two-point DFTs are
obtained, i.e, G" (k) the N/2-point DFT of {x,,X,,X,,....Xy_,} can be implemented
using two N/ 4-point DFT. Similarly for H (k)

G"(k) and H"(k) require (N/2)* complex addition and (N/2)* complex
multiplies. X (k) N-point DFT requires N 2 complex addition and multiplies.

Let N =16 Direct computation of a 16-point DFT requires N” =256 adds and multiplies.
Through G” (k) and H” (k), it requires only 128 +16 =144 adds and multiplies, resulting
in saving of 112 adds and multiplies. Additional savings can be achieved by decomposing the
eight-point DFTs into two four-point DFTs and finally into four two-point DFTs. G* (k) and

HY (k) are eight-point DFT Each requires 64 adds and multiplies. The algorithm based on
this technique is called radix- 2DIT-FFT.
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1.2.2 Radix-2 DIF-FFT Algorithm
Similar to radix-2 DIT-FFT radix-2 DIF-FFT can be developed as follows:

N-1
X (k)= x(mW', k=0,1,..,N -1

n=0

here N is an integer power of two.

(N/2)-1 N-1
XF(ky= D x(mW+ Y x(mWyt =I+11
n=0 n=N/2

Equation (1.10) summation changes to (let n=m+ N /2)

(N/2)-1 N o menimk & N o kg nk
S s Ly S s Ly

m=0 m=0

Hence (1.11) becomes

(N/2)-1 (N/2)-1 N
XA(k)= ) x(mWyt+ WM x(n+?)W,{,'k
n=0 n=0
(N/2)-1 N
Xfky= Y [x(n)+(—l)kx(n+?):|WA’,'k
n=0

10

(1.9)

(1.10)

(1.11)

(1.12)

(1.13)

Since W, =1, for k even integer=2r and for k odd integer=2r +1 (1.14) reduces

to

(N/2)-1 N
xXf@n= > l:x(n)'+x(n+7)}W,3”’

n=0

(N/2)-1 N
XF@r+D = Z [x(n) -x(n +E)}W;}’W]3nr

n=0

. —j2m2nr - (=j2mnr
Since W2 =ex —J——j =ex J =W
N p( N p N2 N/2

(N72)-1

Xf@2r) = I:x(n)+x(n+%) R
n=0
and X" (2r)is N /2-point DFT
N —0.L. N
x(n)+x(n+ 2) By r,n=0,1,...,5-1

Similarly X” (2r+1) is N /2 —point DFT of

|:x(n)—x(n+%):|WA',’ when r,n=0,1,...,5-1

(1.14)

(1.15)

(1.16)

(1.17)

(1.18)
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x(n) > p— [x(n)+x(n+ %)]
Wy
x(n+4) > »— [x(n)—x(n+D1Wy
-1
x,(p) - — %,(P)
Wy
xm (Q) - > xm+l (q)

Fig. 1.5. Butterfly to compute Eq.1.18 and Eq.1.19 for 77 = 0, 1,..., % —l'[40].

From Figure 1.8 N —point DET can be executed from the two N/ 2—point DFTs as
described in (1.18) and (1.19). This results in reduction of computational complexity as in the
.case of DIT-FFT algorithm. Further savings can be achieved by successively repeating this
~aecomposition (i.e. first half of the samples and second half of the samples). The DIF-FFT
algorithm is illustrated for N = 8.
For DIF-FFT N =8

DFT
7 .
XP(k) =Y x(mW*,  k=0,1,..7 (1.19)
n=0
IDFT
1 d F —kn
x(n) = §ZX W, n=0,1,..,7 (1.20)
n=0

For N =8, becomes

3
XF(Zr)=Z[x(n)+x(n+%)i|W4”’, r=0,1,2,3 (1.21)
n=0
3 N
XF@r+1)= Z[x(n) —-x(n+ 3)] Wewz", r=0,1,2,3 (1.22)
n=0 .

Equation (1.20) and (1.21) can be explicitly described as follows:
When X7 (2r), r=0,1,2,3 is a four-point DFT
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{x(0) + x(4), x(1) + x(5), x(2) + x(6), x(3) + x(7)}.

X7 (0) =[x(0) + x(D] +[x(1) + x(5)] +[x(2) + x(6)] +[x(3) + x(7)]

X7(2) =[x(0) + x(4)]+[x(1) + x(S) W, +[x(2) + (O, +[x(3) + x(T)W;

X5 (4) =[x(0)+ x(D]+[x(D) + xS, +[x(2) + x(O)W,' +[x(3) + x(T)WF;’

X7 (6) = [x(0) + x(D]+[x() + x(O)W, +[x(2) + x(6)WF, +[x(3) + ()W,
(1.23)

And when X7 (2r+1),r =0,1,2,3 is a four-point DFT of

{x(0) = x(4), [x(1) = x(5)IWy ,[x(2) = (&), [x(3) + x(T)Wy} .

X (1) = (x(0) = x(4)) + (x(1) = x(S)Wy +(x(2) — x(6))Wy’
H(x(3) ~ (D)W W’

X (3) = (x(0) = x(4)) + [(x(D) = ()W W, +[(x(2) = ()W W,
HG) - DT |

X" (5) = (x(0) = x(4)) + [(x(1) - x(S)W, W, +[(x(2) - x(6))5 W’
HG) - (DT |

X (7) = (x(0) = x(4)) +[(x(1) = x(S)W W, +[(x(2) - (€)W W
H(xQ) - x(T)W W, (1.24)

Each of the four-point DFTs it can be implemented by using two-point DFTs. Hence the
eight-point DIF-FFT is obtained in three stages i.e., Figure 1.6 ‘

x(O)C\ - /P — > “v" O X" (0)
x(1) - O O X *0—=—0 X" (1)
N
x(3) O - .A—. XF(3)
\/ ’V 1 W 1 Wy
/N\/\ N : F
x(4) T X°(4)
l N Q;ZO Z
x(5)C - —O0X"(5)
IA\% o
'x(6) 0 v_. oXx"(6)
o NN e

-1 W3 -1 w; -1 Wy -
Fig. 1.6. Butterfly to compute Fast Fourier transform Radix-2 , 8 Points (W), =W;) [40].
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1.3 Peak-to-Average Power Ratio (PAPR) of OFDM signal

OFDM signal is the result of adding up a number of independently modulated
subcarriers, it can have a very large instantaneous power compared to the average power of

the signal.

1.3.1 Over Sampling

The zero padding is usually required in the actual hardware of OFDM system to avoid
the aliasing occurring at the output of D/A converter. The meaning of aliasing occurring at the
output of D/A converter is that the same OFDM signal will be appeared repeatedly at the
outside of allocated frequency bandwidth as shown in the following figure 1.7. The analogue
filter located after D/A converter is usually used to reject these aliasing as shown in figure 1.7.
From figure 1.7, it can be seen that the required number of zero padding is dependent on the
achievable sharpness of employed analogue filter. If the number of zero padding is larger, it is
possible to use the simple and dull analogue filter, which can be realized easily, to reject the
aliasing occurred at the output of D/A converter although the number of /FFT points becomes
". larger.
Amplitude Response

of Analogue Filter

. _ Frequency
s . I

e
e <> »la—al
<+ >« - P>

le—le
I< <

» <
> o

Zero OFDM Zero J Zero OFDM Zero Zero OFDM Zero
Padding  Bandwidth Padding Padding  Bandwidth Padding Padding Bandwidth Padding

» > »
< g »% L

Aliasing OFDM Signal Desired OFDM Signal Aliasing OFDM Signal

Fig. 1.7. OFDM Signal at Output of D/A Converter.

However, the time domain analogue signal at the output of analogue filter always has the
same signal waveform if the over sampling ratio for the time domain signal is higher than the
Nyquist sampling ratio. Here the Nyquist sampling ratio means that the number of IFFT
points is equal to the number of sub-carriers (over sampling ratio is 1) which corresponds to
no usage of zero padding. In other words, the time domain analogue signal in the practical
OFDM system always has the same signal waveform with regardless of the number of zero
padding if the over sampling ratio is higher than the Nyquist sampling ratio, which is obvious
from the Nyquist sampling theory. Here, it should be noted that if assuming the Nyquist
sampling ratio with no zero padding, the analogue filter must be realized by the ideal brick

wall type filter to reject the aliasing perfectly. However it is impossible to realize such ideal
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analogue filter in practical. This is the reason that the zero padding is required in the actual
hardware of OFDM system.

The ratio for the number of IFFT points to the sub-carriers is usually taken by 1.2 to 1.5
in the actual OFDM system. This means that the number of zero padding is 10 to 22 when the
number of sub-carriers is 64. As an example, the radio LAN system standardized by
IEEE802.11a employs the OFDM signal in which the number of IFFT points is 64 and the
number of sub-carriers is 48. This means that the ratio is 1.3 and the number of zero padding
is 16. »

However any PAPR reduction method on the basis of digital processing technique
including our proposed method is required to evaluate the PAPR performance by using the
sampled time domain signal. When using the sampled time domain signal, the accuracy of
evaluated PAPR performance will depend on the number of zero padding which corresponds
to the over sampling ratio of OFDM signal. This is from that the maximum amplitude level in
the sampled time domain OFDM signal would be varied when changing the over sampling
ratio. Figure 1.8 shows' the relationships between the sampled time domain signal of the
Nyquist sampling ratio and its composite signal, which corresponds to the analogue signal
including all impulse responses. From the figure, it is cleared that the amplitude of éomposite
signal (analogue signal) has a possibility to become larger than the level obtained at the

Nyquist sampling points.

Composite Signal

Impulse Response

/
/
/
1
t ! >
\_ / Time
M -~ "Nyquis i
Point ~_.7
Nyquist Samplin
Interval

Fig. 1.8. Relationships between sampled time domain and analogue signals.

From the above fact, the following relations between the sampled and analogue time domain

signals are always satisfied.
Jmax [ [] < max[[x0)] (122

where N is the number of samples in one OFDM symbol, T is the time duration of OFDM

symbol, X, and x(¢) represent the sampled time domain and analogue signals, respectively.



15
1.3 Peak-to-Average Power Ratio (PAPR) of OFDM signal

Since the following relations on the averaged signal power for the sampled and analogue time

domain signals is satisfied,

E[ [ ]= E[jx0f | (1.23)
The relationship of PAPR performance between them is given by,

PAPR(sampfed )< PAPR(analogue) (1.24)

where E/ ] represents the averaged signal power and the PAPR for the sampled signal and

analogue signal are expressed by the following equations, respectively.

2
max
PAPR(sampled) =10log Mi (1.25)
Elff ]
maxlx(t)|2
PAPR(analogue)=10log| *==——1 (1.26)
E[[x(t)f |

where X, and x(¥) represent the sampled time domain and analogue signals, respectively.

Since the following relations on the averaged signal power for the sampled and analogue time

domain signals is satisfied.

1.3.2 Mathematical Definition of PAPR
The mathematically the Peak-to-Average Power Ratio (PAPR) of the transmitted signal

can be defined as ‘following equation.

max |x(t)|2'
PAPR = —0st<M (1.27)

NT

YNT [ |x()f dt

where x(¢) is time domain OFDM signal. In the remaining part of this thesis, an
approximation will be made in that only NL equidistant samples of x(¢) will be considered
where L is an integer that is larger than or equal to 1. These “L-times oversampled” time-

. . T .
domain signal samples are represented as a vector x =[x, X, ...X,; ;] and obtained as,

N-1
x, = x(kT /L) =—= " X e/t k01, ... NL-1 (1.28)

\/]Vn=0 !

It can be seen that the sequence {xk} can be interpreted as the inverse discrete Fourier

transform (IDFT) of data block X with (L—1)N zero padding. It is well known that the
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PAPR of the continuous-time signal cannot be obtained precisely by the use of Nyquist rate
sampling, which corresponds to the case of L = 1. The L = 4 can provide sufficiently accurate
PAPR results. The PAPR computed from the L times oversampled time domain signal
samples is given by,

2
Jmax x|
PAPR = 0sk<NL-1L (1.29)

E{sf

where E [ ] denotes average OFDM signal.

1.3.3 Distribution of PAPR

The cumulative distribution function (CDF) of the PAPR is one of the most frequently
used performance measures for PAPR reduction techniques. The complementary CDF
(CCDF) is commonly used instead of the CDF itself. The CCDF of the PAPR denotes the
probability that the PAPR of a data block exceeds a given threshold. A simple approximate
expression is derived for the CCDF of the PAPR of a multicarrier signal with Nyquist rate
sampling. From the central limit theorem, the real and imaginary parts of the time domain
signal samples follow Gaussian distributions, each with a mean of zero and a variance of 0.5
for a multicarrier signal with a large number of subcarriers. Hence, the amplitude of a~
multicarrier signal has a Rayleigh distribution, while the power distribution becdmes a centrai
chi-square distribution with two degrees of freedom. The CDF of the amplitude of a signal

sample is given by,
F(PAPR,)=1-¢"" (1.30)

The CCDF of the PAPR of a data block with Nyquist rate sampling is derived as

P(PAPR > PAPR,) =1~ P(PAPR < PAPR,)
=1-F(PAPR,)" (1.31)
=1—(1 __e(—PAPRO))N

This expression assumes that the N time domain signal samples are mutually
independent and uncorrelated. This is not true, however, when oversampling is applied. Also,
this expression is not accurate for a small number of subcarriers since a Gaussian assumption
does not hold in this case. Therefore, there have been many attempts to derive more accurate
distribution of PAPR. Refer to [50-52] for more results on this topic. Figure 1.9 shows the
example calculation results of PAPR performance for the conventional OFDM when
chqnging the over sampling ratio. From the figure, it can be observed that the Nyquist

sampling (over sampling ratio is 1) shows the better PAPR performance than that the over
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sampling ratio is higher than 2. It can be also observed that the PAPR performances of the
conventional OFDM become the same when the over sampling ratio is higher than 4. This
means that the over sampling ratios are required by higher than 4 to achieve the accurate

evaluation of PAPR performance which can be considered as the analogue signal.

[y
O,
188

2

[o—y
o

| == Oversampling =1 [
= = Qversampling =2
-|.—=— Oversampling =3
—#— Oversampling = 4

5

CCDF (Prob. PAPR > Abscissa)

'
w

: A

5
-+

7 8
PAPR (dB)
Fig.1.9. PAPR performance when changing over sampling ratio.

The OFDM complex baseband signal for N sub-carriers from equation (1.1) can be rewritten
as,

N-1
x(t)= Z a,coso,t + jb, sinaw,t (1.32)

n=0

The a, and b, are the in-phase and quadrature modulating symbols. If each carrier has

amplitude A4, the maximum PAPR will be given by

max( PAPR ) = L;)Z
[N(A°/2)] (1.33)

=2N

When the number of subcarriers N is small, a PAPR of 2N has reasonable chances of
occurring. However, if N is large enough so that the central limit theorem applies, the
amplitude distribution of the OFDM signal is better approximated by a Rayleigh distribution
since a PAPR of 2N has exceedingly small probability of occurring. In [53], it is shown that
the cumulative distribution function for the peak power per OFDM symbol is shown by

following equation.
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N

F (max“x( t)< z” )=|1 -e(?"_z)‘ (1.34)

The complementary CDF for the peak power per OFDM symbol can write as following

equation.

N~

NN

P(max"x(t)ﬁz”)zl— I-e(- 7) (1.35)
Figure 1.10 shows the PAPR performance of conventional OFDM signal when the

numbers of sub-carriers are increasing. The number of subcarrier is taken by 64, 256 and

1024 sub-carriers, respectively. From figure, its can observed that the PAPR performance is

increasing as increased the number of NV subcarriers.

[
<,
)

—--Qversampling =4-
- —&— Sub-carriers=64

- —#— Sub-carriers=256 3 N
—8~ Sub-carriers=1024 .. P

I 1 ) : W I

4 5 7 8 9
PAPR (dB)

CCDF (Prob. PAPR > Abscissa)

-
O 1
%

Fig. 1.10. PAPR performance when changing the number of sub-carriers.



19
1.4 Solutions for PAPR Problems

1.4 Solutions for PAPR Problems

1.4.1 Clipping and Filtering Method

The simplest technique for PAPR reduction might be amplitude clipping. Amplitude
clipping limits the peak envelope of the input signal to a predetermined value or otherwise
passes the input signal through unperturbed, that is,

X, |x}SAC
C(x)= e |x|sA (1.36)

where C(x) is the phase of x and A,. The distortion caused by amplitude clipping can be

viewed as another source of noise. The noise caused by amplitude clipping falls both in-band
and out-of- band. In-band distortion cannot be reduced by filtering and results error
performance degradation, while out-of-band radiation reduces spectral efficiency. Filtering
after clipping can reduce out-of-band radiation but may also cause some peak regrowth so that
the signal after clipping and filtering will exceed the clipping level at some points. To reduce

overall peak regrowth, a repeated clipping-and-filtering operation can be used. Generally,
_. ‘repeated clipping-and-filtering takes many iterations to reach a desired amplitude level. When
repeated clipping-and-filtering is used in conjunction with other PAPR reduction techniques
described below, the deleterious effects may be significantly reduced.

There are a few techniques proposed to mitigate the harmful effects of the amplitude
clipping. The iteratively reconstruct method the signal before clipping is proposed. This
method is based on the fact that the effect of clipping noise is mitigated when decisions are
made in the frequency domain. When the decisions are converted back to the time domain,
the signal is recovered somewhat from the harmful effects of clipping, although this may not
be perfect. An improvement can be made by repeating the above procedures. Another way to
compensate for the performance degradation from clipping is to reconstruct the clipped
samples based on the other samples in the oversampled signals. In [44] oversampled signal
reconstruction is used to compensate for signal-to-noise ratio (SNR) degradation due to
clipping for low values of clipping threshold. In [45] iterative estimation and cancellation of
clipping noise is proposed. This technique exploits the fact that clipping noise is generated by

a known process that can be recreated at the receiver and subsequently removed.

1.4.2 Partial Transmit Sequence Method (PTS)
In the PTS technique, an input data block of N symbols is partitioned into disjoint sub-
blocks. The subcarriers in each sub-block are weighted by a phase factor for that sub-block.

The phase factors are selected such that the PAPR of the combined signal is minimized.
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Figure 1.11 shows the block diagram of the PTS technique. In the ordinary PTS technique
input data block X is partitioned into ¥ disjoint sub-blocks X" =[X,, X, ..., Xy .1,

v=1,2,...,V such that Zlv;] X" =X and the sub-blocks are combined to minimize the

PAPR in the time domain. The L -times oversampled time domain signal of

X',v=1,2,...,V is denoted by x" =[x,x/, ... ,xy, 1" . x',v=12,...,V is obtained by
taking an IFFT of length NL on X" concatenated with (L—I)N zeros. Complex phase

factors, " =e’* , v=1,2,...,V are introduced to combine the PTSs. The set of phase

factors is denoted as a vector b =[b,,b,,...,b,]" . The time domain signal after combining is

given by
|14
x(b)=)b"-x" (1.37)
v=1

where x'(b) =[x} (b),x/(b),...,x,, ,(b)]" . The objective is to find the set of phase factors

that minimizes the PAPR. Minimization of PAPR is related to the minimization of

max |x,(b)|. (1.38)

0<k<NL-1

In general, the selection of the phase factors is limited to a set with a finite number of

elements to reduce the search complexity. The set of allowed phase factors is written in
14 27i |, : '

e ”,¢=——W—|1=0,1,...,W——1 , where W is the number of allowed phase factors. In

addition, we can set b, =1 without any loss of performance. So, we should perform an

exhaustive search for (M —1) phase factors. Hence, W™ sets of phase factors are searched

to find the optimum set of phase factors. The search complexity increases exponentially with

the number of sub-blocks M . PTS needs M IFFT operations for each data block, and the

number of required side information bits is log, W' . The amount of PAPR reduction

depends on the number of sub-blocks M and the number of allowed phase factors I .
Another factor that may affect the PAPR reduction performance in PTS is the sub-block
partitioning, which is the method of division of the subcarriers into multiple disjoint sub-
blocks. There are three kinds of sub-block partitioning schemes: adjacent, interleaved, and
pseudo-random partitioning. In this thesis, the conventional PTS method is only defined by

using the adjacent sub-block partitioning.
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X0 MO ()
» IFFT | =%

Xn X x® 72 Transmitted

IFFT »(X)—k» | signal

DATA p» MOD »

EEEEEa—

S/P
+

x» x 7

s TFFT =§)_k.

Peak value Side
optimization Information

Fig. 1.11. A block diagram of PTS technique.

1.4.3 Selected Mapping method (SLM)

In the SLM technique, the transmitter generates a set of sufficiently different candidate
data blocks, all representing the same information as the original data block, and selects the
most favorable for transmission. A block diagram of the SLM technique is shown in figure

1.12. Each data block is multiplied by U different phase sequences, each of length N ,

B = by, ...,0% 1", u=1,2,... U, resulting in U modified data blocks. To include
the unmodified data block in the set of modified data blocks, which B™" is the all-one vector
of length N . Let us denote the modified data block for the wu-th phase sequence
X =[x, X b, ..., Xy bi ], u=1,2,...,U . After applying SLM to X , the multi-
carrier signal becomes

1 N-1

XN =—=> X,b,,-¢*" 0<t<NT, u=12,...,U. (1.39)

n=0
Among the modified data blocks X™,u=1,2,...,U, the one with the lowest PAPR is

selected for transmission. Information about the selected phase sequence should be
transmitted to the receiver as side information. At the receiver, the reverse operation is

performed to recover the original data block. For implementation, the SLM technique needs
- U IFFT operations, and the number of required side information bits is log, U for each

data block. This approach is applicable with all types of modulation and any number of
subcarriers. The amount of PAPR reduction for SLM depends on the number of phase

sequences U and the design of the phase sequences.
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Fig. 1.12. A block diagram of SLM technique.

1.4.4 Other Solutions

The mitigation methods of non-linear distortions are described from above mention,
which relate to this research and some proposed methods use the basic concept. There are
various other proposed methods to mitigate the non-linear distortions for OFDM wireless
communications systems. These techniques include coding, tone reservation (TR), tone
injection (TT), active constellation extension (ACE) and etc. However, it’s not given the detail

in this thesis.
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1.5 Channel models

This section presents the mathematical models of communication channels. It initially
describes the basic radio channel. Then this section explains the non-linear amplifier
characteristics and effect of nonlinearity. Finally, satellite communications system and

satellite system channel model.

1.5.1 Radio Channel Model
In the radio channel, the signal quality is not only be distorted by multipath fading but
also corrupted by thermal noise. The radio channel model shows in figure 1.13. The received

signal through the channel can write the following equation. °
r()=[" h(z;0)s(e-1)dz +w(r) (1.40)

where /(z,t) is the impulse response of the channel and, w(¢) is an additive white Gaussian

hoise (AWGN). If the channel impulse response is a time-invariant constant given by
h(t,t)=hdé(7) - (1.41)

‘where /s a complex-valued channel gain, then we can ignore the effect of fading and there
>is only AWGN in the channel. We call “ AWGN Channel”. On the other hand, there is fading
and AWGN in the channel. We call “Fading Channel”. The BER performance of a
modulation/demodulation scheme largely depends on the received signal to noise power

ration (SNR) or carrier to noise ratio (C/N).

Channel

Transmitter Receiver

h(z,t) + >

Impulse response

A

n(t)

Gaussian noise

Fig. 1.13. Radio channel model.

1.5.2 Non-linear Channel

To determine the impact of the PAPR on system performance, power amplifier models
must be defined. Two models commonly used in the research literature are the solid-state
- power amplifier (SSPA) model and the traveling-wave tube amplifier (TWTA) model. The

details of these non-linear amplifier models are explained as following.
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Typically, most the non-linear behavior in the continuous time domain is caused by the
high power amplifier (HPA). For most non-linear HPA, it is convenient to represent the input

signal in polar coordinates as

x =|x|e“rg{x}
o (1.42)
= pe
Here, the complex envelope of the output signal can be expressed by
g(x) =F[p]e /@] (1.43)

where F' [ p] and CI)[ ]represent the AM/AM and AM/PM conversion characteristics of the

memory-less. In the particular, some of the most commonly used models for non-linear
amplifiers are solid-state power amplifier (SSPA) and Traveling-wave tube amplifier

(TWTA). The mathematic models for both models can describe as following.

» Solid State Power Amplifier (SSPA)

In general, modeling nonlinear power amplifiers is complicated. A common
simplification is to assume that the HPA is a memory-less nonlinearity, and therefore has a
frequency-nonselective response.

The Solid State Power Amplifier (SSPA) modeled by Rapp’s. The AM-AM and AM-PM

conversions characteristics of SSPA are given by the following equations, respectively.

: (1.44)
Fyspa(P) = +
[+ (=) )7
4,
4
v
Oyps(P) =0, (f} (1.45)

where, p is the amplitude of input signal, v is the gain factor, 4 is the saturated output level,
p is the parameter to decide the non-linear level and «, is phase displacement.

For example, fhe values for these parameters are assuméd by 4,=1,v=1, p=6and
a, =0.025. Figure 1.14 shows the AM-AM and AM-PM conversion characteristics of SSPA

when assuming the above values for the parameters.

> Traveling Wave Tube Amplifier (TWTA)
The non-linear amplifier located at the satellite station is assumed by the Traveling Wave

Tube Power Amplifier (TWTA), which is modeled by Saleh. The AM-AM and AM-PM
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conversions characteristics of TWTA modeled by Saleh are given by the following equations,

respectively.
ay
E — a 1.46
TWTA (7) (1+ﬁa}/2) ( )
®,, (r)=—2"" _ (1.47)
TWTA (l+ﬂ9}/2)

where, y is the amplitude of input signal, ¢ and g are the parameters to decide the non-

linear level of power amplifier, andar,and g, are phase displacements. The values for these

parameters are assumed by ¢, =2, 8,=1,a,=2and g =1which can approximate the

standard TWTA. For these parameters, figure 1.14 shows the AM-AM and AM-PM

conversion characteristics of TWTA when assuming the above values for the parameters.
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Fig. 1.14. Input and output relationships for SSPA and TWTA.

1.5.3 Satellite Channel

Basic concepts of satellite communications system are illustrated in figure 1.15. Form
figure 1.15, satellite communication system is broadly divided into a space segment
consisting of a space station (satellite) and a ground segment consisting of earth stations. The

earth stations consist of transmitter and receiver earth stations.
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Fig. 1.15. Satellite communications system.

Figure 1.16 shows the typical satellite system model assumed in the following
evaluations in this thesis. The increasing of transmitted signal power, the transmitter uses the
high power amplifier (HPA) for amplifier the signal power. The transmitters at the earth
station and the satellite station have the HPA. Therefore, the satellite communication system

can be modeled as following.
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Fig. 1.16. Satellite system model.

1.5.4 Effect of Non-linear Amplifier

When the transceiver suffers from non-linear distortion, the system experiences two
main problems, namely, PSD degradation and BER increase. To reduce nonlinear distortion
in the amplified OFDM signal, The operation point of non-linear amplifier should operates in
the linear region, which it is required to take enough input power back-off (IBO) The
operation point of non-linear amplifier is defined By the Input Back-Off (IBO), which is given
by the following equation.
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1BO = IOIOg% (1.48)

0

where P, is the average power of input signal to the non-linear amplifier and Py is the input

saturation power.

Figure 1.17(a) and 1.17(b) show the BER performance of conventional OFDM system
for 16QAM and 64QAM modulation. Form the figure, it can be observed that the BER
performance is degraded when the IBO is taken by high IBO or non-linear region. It is also
observed that the 64QAM modulation requires the lower IBO or linear region to achieve the

good BER performance.

10’

o
=
[~-]
107" : : :
10 14 18 22 26
C/N (dB)
(3) 16QAM

&
.'a
=

\

10 14 18 22 26 30 34
C/N (dB)

(b) 64QAM

Fig. 1.17. BER performance versus C/N in non-linear channel.
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1.6 Research Background

The future wireless communications systems including the fixed, mobile and
broadcasting systems are required to support the higher transmission data rate for providing
the multimedia services. In the next generation of wireless communications systems, the
transmission data rate for outdoor users with higher mobility and indoor users with lower
mobility are required up to 100Mbps and 1Gbps, respectively. To realize such  higher
transmission data rate by using the conventional single carrier transmission scheme, it is
requested to employ the efficient modulation method such as multi-level QAM. However, the
single carrier transmission scheme with multi-level QAM would cause the fatal degradation
of signal quality due to the inter-modulation noise incurred at the non-linear channel. ,

The Orthogonal Frequency Division Multiplexing (OFDM) technique has been received
a lot of attentions especially in the field of wireless communications because of its efficient
usage of frequency bandwidth and robustness to the multi-path fading. From these advantages,
the OFDM technique has already been adopted as the standard transmission technique in the
wireless LAN systems and the terrestrial digital broadcasting systems including the Digital
Audio Broadcasting (DAB) and the Digital Video Broadcasting (DVB). The OFDM
techniqhe is also employed as the standard transmission technique in the next generation of
mobile communications systems (LTE). .

One of the limitations of using OFDM technique is the larger Peak to Averaged Powe
Ratio (PAPR) of its time domain signal. The larger PAPR signal would cause the severe
degradation of bit error rate (BER) performance and the undesirable frequency spectrum re-
growth both due to the non-linear distortion occurring in the non-linear amplifier which is
usually required at the transmitter in the wireless communications systems. The simple
solution to overcome this problem is to operate the non-linear amplifier at the linear region
with taking the enough larger input back-off (IBO). However, this approach leads the
inefficient usage of non-linear power amplifier, and would lead a serious problem on battery
consumption especially for the mobile handheld terminal and portable wireless LAN terminal.
In order to maximize the usage of power efficiency, the non-linear amplifier is usually
required to operate at the near its saturation region. However this approach will lead to the
severe degradation of BER performance and undesirable frequency spectrum re-growth for
the larger PAPR signal due to the occurring of inevitably higher non-linear distortion.

In this degree thesis, the following two types of methods are proposed to solve the above
problems.

1) Non-linear distortion compensation method for OFDM signal

2) PAPR reduction methods for OFDM signal with lower computation complexity
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As for the first method, this thesis proposes the Improved DAR (IDAR) method, which
can mitigate both the clipping noise and inter-modulation noise. In the proposed IDAR
method, the characteristics of non-linear amplifiers are required to be known at the receiver
for mitigating the inter-modulation noise. This thesis also proposes the estimation method for
AM-AM and AM-PM conversions characteristics of non-linear amplifiers by using low
PAPR (Peak to Averaged Power Ratio) preamble symbols.

This thesis demonstrates the effectiveness of proposed IDAR method when applying the
satellite communication systems. From the computer simulation results, it is concluded that
the proposed IDAR method can achieve the higher transmission data rate and higher efficient
usage of non-linear power amplifier with keeping the better BER performance even in the
‘non-linear satellite channel.

As for the second method, this thesis proposes PAPR reduction methods based on PTS
technique. The conventional PTS method requires the larger number of clusters and weighting
factors to achieve the better PAPR performance which leads larger computation complexity.
To reduce the computation complexity, DIF-PTS method is proposed which employs the
intermediate signals within the IFFT and used radix-2, radix-4, Split-Radix and Extended
-Split-radix for decimation in the frequency domain (DIF) to obtain the PTS sub-blocks.
‘Multiple IFFTs are then épplied to the remaining stages. The PTS sub-blocking is performed
in the middle stages of the N-point radix FFT DIF algorithm. The DIF-PTS method can
reduce the computational complexity relatively while it shows almost the same PAPR
reduction performance as that of the conventional PTS method. To improve the PAPR
performance with low computation complexity, this thesis proposes a new weighting factor
technique for the PTS method in conjunction with DIF-PTS sub-blocking based on radix-r,
Split-Radix and Extended Split-Radix IFFT technique which can improve both the PAPR
performance and computation complexity. The proposed method can achieve the better PAPR
reduction performance than that for the DIF-PTS method without any increasing of size of
side information.

In this thesis, a new PTS method by using the permutation of data sequence in the
frequency domain is also proposed to improve the computation complexity. The proposed
method employs the dummy-and parity subcarriers as the embedded side information in the
data subcarriers, which is used for the demodulation of data information at the receiver. The
proposed method includes two types of permutation methods Type I and Type II. Type 1 is to
perform the permutation only for the first M/2 subcarriers, while Type II is to perform the
permutation both for the first and the last part of M/2 subcarriers. Although the computation
complexity for the Type II is larger than Type I, the improvement of PAPR performance for
the Type II is better than Type 1. The feature of proposed mefhod is to detect the rotation

number performed at the transmitter precisely at the receiver by using the very few dummy
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subcarriers which corresponds to the embedded side information. The propose method can
achieve the higher transmission efficiency because the size of embedded side information in
the proposed method is much smaller than that for the side information in the conventional
PTS method. From the computer simulation results, this thesis confirmed that the proposed
permutation of data sequence method can achieve the better PAPR performance and better
BER performance in the non-linear channel with lower computation complexity

In this thesis, the numerous computer simulations are conducted to confirm the
effectiveness of all proposed method. Form the simulation results, it is confirmed that the
proposed methods show the better PAPR performance with lower computation complexity.
As a conclusion of researches in this thesis, the proposed PAPR reduction methods and
mitigation methods of non-linear distortion noise could provide various practical solutions for
the next generation of multimedia wireless communications systems employing the OFDM

technique.
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1.7 Thesis Structure

The remainder of this thesis is organized ds follows.

Chapter 2 presets non-linear distortion compensation method. Section 2.1 introduces the
basic background and problemé of conventional method. Section 2.2 presets clipping and
inter-modulation noise mitigation method for OFDM signal in non-linear channel. Section 2.2
explains structure of OFDM transmitter, Improved DAR (IDAR) method, generation of low
PAPR preamble symbol and mitigation of clipping and inter-modulation noise. Section 2.3
presets satellite system model. Section 2.4 presets OFDM-IDAR Method for satellite channel.
Section 2.5 presets estimation method. of non-linear amplifier. Section 2.6 presets QAM-
OFDM system with IDAR method designed for satellite channel. Section 2.7 describes the

evaluation of proposed method. Section 2.6 is conclusions.

Chapter 3 presets a new weighting factor of PTS OFDM with low complexity. Section
3.1 introduces the basic background and problems of computation complexity of conventional
-PTS method. Section 3.2 presets PAPR Distribution and PAPR characteristics of OFDM
‘éignal. Section 3.3 presets conventional weightiﬁg factor of PTS method. Section 3.4
describes proposal of new weighting factor of PTS method. Section 3.5 describes the

evaluation of proposed method. Section 3.6 is conclusions.

Chapter 4 presets a new weighting factor of PTS OFDM with low complexity base on
radix-R IFFT. Section 4.1 introduces the basic background partial transmit sequence (PTS)
and improved partial transmit sequence (IPTS) methods base on radix-R IFFT. Section 4.3
presets proposal of new weighting factor based on radix-R such as Radix-2, Radix-4 and
Extended Split-Radix. Section 4.4"dlescribes the evaluation of proposed method. Section 4.5 is

conclusions.

Chapter 5 presets proposal of new PAPR reduction method for OFDM signal by using
permutation sequences. Section 5.1 introduces the basic background and problems of
conventional non-distortion PAPR reduction method. Section 5.2 describes system model.'
Section 5.3 describes proposal of permutation sequences method including Type I and Type IL
Section 5.4 describes embedded side information at the transmitter side and detection method
for embedded side information at the receiver side. Section 5.5 describes the evaluation of

proposed method. Section 5.6 is conclusions.

Finally, the overall conclusion of this thesis is given in Chapter 6.



CHAPTER 2

NON-LINEAR DISTORTION COMPENSATION
* METHOD

The future satellite communication systems are required to support the higher
transmission data rate for providing muitimedia services by employing the efficient
modulation method such as multi-level QAM. However, the employment of conventional
single carrier transmission method with multi-level QAM which has larger PAPR (Peak t{)
Averaged Power Ratio) would cause the fatal degradation of signal quality due to the non-
linear amplifiers located at the earth station and satellite. To overcome this problem, \this
chapter proposes broadband satellite communication systems by using the multi-level QAM-
OFDM technique with IDAR (Improved Decision Aided Reconstruction) method, which is
designed for satellite channel. In the IDAR method, the characteristics of non-linear
amplifiers are required to be known at the receiver for mitigating the inter-modulation noise.
The chapter also explains the estimation method for AM-AM and AM-PM conversion
characteristics of non-linear amplifiers by using low PAPR preamble symbols. The various
computer simulations are conducted in section 2.5 and 2.6 to verify the effectiveness of

proposed system in the non-linear satellite channel.
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2.1 Introduction

The future satellite communications including the fixed, mobile and broadcasting
systems are required to support the higher transmission data rate for providing the multimedia
services, which are already available in the terrestrial network [57]-[62]. To realize the higher
data rate transmission in the satellite channel, it is requested to employ the efficient
modulation method such as multi-level QAM. However, the employment of conventional
single carrier transmission method with multi-level QAM which has larger PAPR would
cause the fatal degradation of signal quality due to the inter-modulation noise incurred at the
non-linear amplifiers located at the transmit earth station and satellite [13]-[17]. From this
reason, the modulation method used in the current satellite communications is usually limited
by low transmission data rate of using QPSK method, which has the robustness to the non-
linear distortion fairly because of its better PAPR performance as compared with that for the
multi-level QAM modulation method.

On the other hand, the Orthogonal Frequency Division Multiplexing (OFDM) technique

has been received a lot of attentions especially in the field of terrestrial wireless

‘communications because of its efficient usage of frequency bandwidth, robustness to the

Amulti-path fading and enabling the employment of multi-level QAM with less complexity of

receiver[16]-[19]. One of the disadvantages of using the OFDM signal is that its time domain
signal has the larger PAPR, which causes the degradation of BER performance in the non-
linear amplifier. From this reason, the OFDM has been considered as unsuitable transmission
technique for the satellite channel although it has a potential capability to improve the
transmission data rate by employiﬁg the multi-level QAM with less complexity structures of
transmitter and receiver. To solve the problem of performance degradation due to the non-
linear distortion for the OFDM signal, we have already proposed the OFDM technique with
IDAR method designed for terrestrial wireless communication systems, which includes. one
non-linear amplifier at the transmitter such as wireless LAN system [67]. The proposed IDAR
method can mitigate the non-linear distortion by using the decision data at the receiver and
achieve the higher transmission data rate with keeping the better BER performance even in
the non-linear channel. In the IDAR method, however the input and output relationships of
non-linear amplifier characteristics are required atthe receiver. The evaluation of proposed
OFDM-IDAR method in [67] was assumed that the ideal input and output relationships of
amplifier characteristics are known at the receiver.

In this chapter, we propose the broadband satellite communication systems by using
multi-level QAM-OFDM technique with IDAR method designed for the non-linear satellite

channel, which includes two non-linear amplifiers located at the transmit earth station and
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satellite[67]. The proposed method could achieve the higher transmission data rate in the non-
linear satellite channel with keeping the better BER performance than that for the
conventional single carrier transmission technique of using multi-level QAM method. This
chapter also proposes the estimation method for non-linear amplifier characteristics, which is
required for the IDAR method, by using the low PAI;R preamble symbols inserted at the start
of every frame. The proposed estimation method for non-linear amplifier characteristics could
" achieve the better accuracy even when the characteristics of non-linear amplifiers located at
the earth station and satellite are changed frequently due to the aging or operation
environments.

In this chapter, Section 2.2 firstly presents clipping and inter-modulation noise
mitigation method for OFDM signal in non-linear channel. Section 2.3 presents the satellite
system model. Section 2.4 proposes the OFDM-IDAR method designed for satellite channel,
and Section 2.5 proposes the estimation method of non-linear amplifier characteristics, which
are required in the IDAR method. Section 2.6 presents QAM-OFDM system with IDAR
method designed for satellite channel and presents the various computer simulation results to
verify the effectiveness of OFDM-IDAR technique with the proposed estimation method, and

Section 2.7 draws some conclusions.
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2.2 Clipping and Inter-Modulation Noise Mitigation Method for
OFDM Signal in Non-Linear Channel

2.2.1 Structure of OFDM Transmitter
Figure 2.1 shows the structure of OFDM transmitter with clipping method. In the figure,

transmission data is first modulated in the frequency domain by using the certain modulation

technique. The frequency domain signal X, after adding the zero padding is converted to the

time domain signal x, by IFFT. Here, the zero padding is usually required to enable the

usage of simple analogue filter to reject the aliasing occurring at the D/A converter. The

insertion of zero padding results the over sampling of time domain OFDM signal. The over
sampled time domain signal x, can be given by the following equation (1.1) and (1.2). Then

the guard interval (GI) is added to (2.1) to avoid the inter symbol interference (ISI) in the
multi-path fading channel. The time domain signal with GI is clipped by the following

equation so as to improve the PAPR performance.

E L X |xk|SAC 91
Vi =7 Acej{arg(xk)} ka|>Ac 2.1

where y, is the clipped signal with the maximum amplitude of A; . In this chapter, the

clipping level (CL) is defined by the following equation.
CL(dB)=10log(4,’/E,) 22)

where E_ is the averaged power of transmitted signal.

Since the clipping operation given by (2.1) is the non-linear operation, the clipping noise
would fall both in-band and out-band of OFDM desired signal bandwidth, which cause the
degradation of BER performance and the undesirable spectrum re-growth, respectively.
Although the undesirable spectrum re-growth can be reduced by using the pre-filter as shown
in Fig.2.1, the PAPR performance at the output of pre-filter might be degraded slightly due to
the band limitation of pre-filter. The PAPR performance for the clipped signal with pre-filter
is evaluated in ‘Section 2.6. The employment of pre-filter is also problematic on the usage of
conventional DAR method proposed in [44]. In the DAR method, the clipping noise is
reconstructed by using the received time domain signal, which is distorted by the band
limitation of pre-filter. To solve this problem, we proposed the modified DAR method by
using the in-band frequency domain signal, which is not affected by the pre-filter because the

bandwidth of pre-filter is wider than the desired OFDM signal bandwidth.
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The transmission data symbols at the output of pre-filter are formed by the burst frame as
shown in Fig.2.2. The burst frame consists of two preamble symbols and L data symbols. Two
preamble symbols will be used for the synchronization both for the symbol timing and carrier
frequency, and the estimation of channel frequency response at the receiver. This chapter
considers the wireless LAN system operating in the indoor environments as-the application
field of proposed method. In the indoor environment, the multi-path fading can be modeled by
the quasi-static condition that is, the time variance of channel frequency response due to the
multi-path fading is sufficiently slow over one burst frame duration because the moving speed
of terminal is usually static or very slow. From this fact, the channel frequency response
estirpated by using the preamble symbols inserted at the start of every burst frame as shown in
Fig.2.2 can be used in the frequency domain equalization for the data symbols transmitted
after the preamble symbols. The time domain signal formatted by the burst frame is converted
to the analogue signal by D/A converter and reject the aliasing by using analogue filter as
shown in Fig.2.1.Then, the analogue signal is up converted (U/C) to the radio frequency (RF)
and input to the non-linear amplifier. The RF signal at the output of non-linear amplifier can

be given by the following equation.
s(t) = Fllz(t)]]-&" =) 2.3)

where, z(¢) is the up converted RF signal, and FT[ ] represents the AM/AM conversion:
characteristics of non-linear amplifier which is modeled by the following equation [14], the

values for these parameters are assumed by 4, =1,v=1,p=2 and « ,=0. Fig. 1.14 shows the

input-output relative power characteristics.

The non-linear amplifier shown in Fig.1.14 is well known as the non-linear amplifier
model of SSPA. The OFDM signal at the output of amplifier including the original signal
x(t), clipping noise c(¢), band limitation noise 5(¢) and the inter-modulation noise p(¥)

can be given by the following equation.
s(t)=x(t)+c(t)+b(t)+ p(t) 2.4
where all kind of noises which lead the degradation of BER performance at the receiver are

assumed to be added to the original desired signal x(¢) linearly. However, it should be noted
that these noises at the output of non-linear amplifier are unable to express separately because
these noises are strongly related to the original signal x(¢) . However, the IDAR method

proposed in the next section estimates the summation of these noises not separately by

subtracting the decision data from the received composite signal in the time domain. Although
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it is inappropriate to express these noises separately, equation (2.4) is given only for the

purpose of easy explaining for the following proposed algorithm.

Low PAPR
Preamble
‘Data ‘ -
Zero Add . Pre- Analogue
> Mod = padding 1 FFT ™ G1 [ CliP ™| Filter "1 P/A ™ Filier | " V/C "’> :
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Fig. 2.1 Structure of OFDM transmitter with clipping.
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Fig. 2.2 Structure of burst frame format.

In this chapter, we propose the improved DAR (IDAR) method in which the clipping
noise as well as inter-modulation noise due to the non-linear amplifier could be mitigated on
the basis of modified DAR method in [44]. The salient feature of proposed method is to
enable the efficient usage of non-linear amplifier at the transmitter with keeping the better
PAPR and BER performances. This chapter also presents the method for generating the low
PAPR preamble symbol, which can achieve the accurate estimation of multi-path fading
channel response in the non-linear channel.

In this section will explains the improved DAR method, which can mitigate the clipping
noise, band limitation noise and inter-modulation noise all of which are occurred at the

transmitter as shown in F ig.2.1.

2.2.2° Structure of Proposed IDAR Receiver

Figure 2.4 shows the structure of proposed IDAR receiver. In the figure, the received RF
signal 7(¢) is first down converted (D/C) to the base band signal and digitized by A/D
converter. The time domain sampled signal ry after removing the GI can be expressed by the

following equation.

n=(x +c, +b+p,)®h +w, (2.5)
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where x, and w, represent the original signal and additive noise in the sampled time domain,

respectively. ¢, , b,, and p, represent the clipping noise, band limitation noise, and inter-
modulation noise, respectively all of which are induced at the transmitter as shown in Fig.1.
h, -and ®denotes the time domain channel impulse response of multi-path fading and the

operation of convolution, respectively. Then, the received sampled time domain signal is

converted to the frequency domain signal by FFT, which is given by the following equation.
R, =(X,+C,+PR)-H,+W, (2.6)

In (2.6), the capital letter represents the frequency domain signal, which corresponds to
its small letter given in (2.5). As comparing with the time domain signal given by (2.5), it can
be seen the difference from (2.6) ‘that the frequency domain signal includes no band limitation
noise over the desired frequency bandwidth because the bandwidth of pre-filter is usually
taken wider than the desired signal bandwidth of OFDM signal. The frequency domain
channel response affected by multi-path fading can be estimated by using the preamble
symbols inserted at the starting of every burst frame as shown in Fig.2.2. Although the
preamble symbols are inserted after the clipping circuit as shown in Fig.2.1, the estimation
accuracy of channel frequency r‘esponse would be degraded due to the non-linear amplifier if
the preamble symbols is generated by using the random pilot data pattern similar to the data
symbol with larger PAPR. To solve this problem, it is requested to use the low PAPR
preamble symbols for achieving the accurate estimation of channel response in the non-linear

channel.
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Fig. 2.3 Structure of proposed IDAR receiver.
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2.2.3 Generation of Low PAPR Preamble Symbol

In the generation of low PAPR preamble symbol, this chaptér employs the Time-
Frequency domains swappfng algorithm, which was proposed in [36][37]. This algorithm is
proposed to provide the multi-tone signal with low crest factor, which can be used for the
measurement of frequency response for the non-linear circuit. By using this algorithm, the
phase value for each frequency domain OFDM sub-carrier with keeping the constant
amplitude can be optimized so as to minimize the PAPR performance in the time domain
si:gnal. Fig.2.4 shows the envelopes of preamble symbol in the time domain with and without
the Time-Frequency domains swapping algorithm. The results of PAPR performances for
Fig.2.4 (a) and (b) are 8dB and 1.4dB, respectively.

From the figure and the results of PAPR performance, it can be concluded that the low
PAPR preamble symbol can be used for the accurate estimation of multi-path fading channel
response in the non-linear channel.

From the facts that the low PAPR preamble symbol is added at the output of pre-filter as
shown in Fig.2.1 and its envelope of time domain signal is almost constant as shown in
Fig.2.4(b), the received low PAPR preamble symbol in the frequency domain can be given by

the following equation.
R'=X'-H +w’ 2.7)

As comparing with (2.6) for the received data symbol, the clipping noise and inter-
modulation noise can be ignored in (2.7). By using (2.7), the channel frequency response
affected by the multi-path fading can be estimated by the following equation from the fact
that x” transmitted in the low PAPR preamble symbol is known at the receiver.

H, =R'/X?

(2.8)
=H, +W' /X!

By using (2.8), the data symbol can be equalized by the following equation in the
frequency domain.
R =R /H,

. (2.9)
=X,+C,+P, +W,
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Fig. 2.4 Envelope of time domain preamble symbol.

2.2.4 Mitigation of Clipping and Inter-Modulation Noise

In the conventional modified DAR method in [44], the clipping noise introduced at the
transmitter is reconstructed in the frequency domain by using the decision data at the receiver,
and subtract the reconstructed clipping noise from the received signal so as to improve the
BER performancé. However, the modified DAR method can compensate only the clipping
noise, and not for the inter-modulation noise in the non-linear channel. This chapter proposes
the Improved DAR (IDAR) method, which can mitigate both the clipping noise and inter-
modulation noise from the fact that the operation of non-linear amplifier given in (2.3) is very
similar to the clipping operation given in (2.1). This means that the inter-modulation noise
could be also mitigated by using the modified DAR method.

By using (2.9), the decision for the information data is made for each sub-carrier on the

basis of the following equation.
X = m){n|1€n - X| (2.10)

By using (2.10), the signal distances between the received signal point and all candidates
transmitted signal points are calculated, and then find the signal point with the minimum
signal distance, which corresponds to the most likely the transmitted data information. Here, it
should be noted that (2.10) is given only for the purpose of theoretical analysis. The actual

hardware usually employs the quantized decision boundary method in the demodulation of
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data information, which can achieve the same performance as that for (2.10) with less
complexity.
If there are decision errors in (2.10), the decision data including the errors can be given

by the following equation.
X, =X ,+F, (n=0~N-1)
sl 0 if X =X, 2.11)
"X, -X, ifX, =X,

where, F, represents the error data at the n-th sub-carrier. By using (2.1 1) in the frequency

domain, the time domain signal after /FFT can be given by the following equation.

N-1 j27mk N-1 2znk
fck=ZXn-e N +ZE,-e N
pary oy (2.12)
=X, + i

From (2.12) in the time domain, it can be observed that the error data in the frequency

-domain F, is spread over the OFDM symbol time duration where the amplitude level of f, at

k-th sapling time becomes smaller because the total power of error data in the frequency
domain is spread over all the sampling points of the OFDM symbol time duration. From this
fact, it can be expected that if the number of error data are few after the decision of data

information, (2.12) can be approximated by the original signal x(¢). This means that the time

domain signal which is converted by IFFT from the frequency domain decision data can be
used for the reconstruction of error signal including the clipping, band limitation and inter-
modulation noises by using the same manner as processed in the transmitter. Here, all the
characteristics of clipping operation, pre-filter operation and AM/AM conversion operation of
non-linear amplifier used in the following process are assumed to be the same as those for the

transmitter as shown in Fig.2.1. The clipped signal can be given by the following equation.

5 = X, X, |< A,
k= farg( N
AT [ 15 4

(2.13)

The clipped signal is also processed for the same operation of pre-filter and non-linear
amplifier at the transmitter. The output signal after the non-linear amplifier operation is given

by the following equation.

Zy

§=F|

e (2.14)



42
2.2 Clipping And Inter-Modulation Noise Mitigation Method for OFDM Signal In Non-
Linear Channel

where 2, is the time domain signal at the output of pre-filter as shown in Fig. 2.3. Here, it

should be noted that the operation of non-linear amplifier in (2.14) is performed for the digital
sampled data by assuming the same AM/AM conversion characteristics as that operated in the
radio frequency at the transmitter. Since the time domain signal given by (2.14) includes the
clipping noise, band limitation noise and inter—quulatioﬁ noise, (2.14) can be approximated

by the following equation.

§k=£k+ék+l;k+f9k (2.15)
By using (2.15), the error signal including all types of noises can be given by the

following equation.

oA (2.16)
=G, +b + Py
The error signal is then converted to the frequency domain signal by FFT, which is given

by the following equation.

E =C +P 2.17)
In (2.17), the band limitation noise in the frequency domain is not existed in the desired
frequency bandwidth of OFDM signal because the bandwidth of pre-filter is taken wider than
the desired OFDM signal bandwidth. By subtracting. (2.17) from (2.9), the frequency domain
signal coped with both the clipping noise and inter-modulation noise can be obtained by the

following equation.

A A A

R, =R, -E,
=X, +(C,~C,)+(E.-B,)+W, (2.18)
~X +W,

If the BER performance of (2.18) is better than that for (2.9), the BER performance
could be improved further by repeating the above procedures from (2.11) to (2.19) as shown
in Fig.2.3. From the fact as mentioned above that the time domain signal given in (2.12) can
be approximated by the original signal even when the BER performance of (2.18) is worse
than that for (2.9), the divergence of BER performance would not occur during the iteration of
above procedures. This will be also confirmed by the performance evaluation in the next
section. The prg)posed IDAR method on the basis of above procedures could provide the
better BER performance even when the non-linear amplifier is operated at the saturation

region.
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2.3 Satellite System Model

Figure 1.16 shows the typical satellite system model assumed in the following
evaluations. The non-linear amplifier located at the earth station is assumed by the Solid State
Power Amplifier (SSPA), which is modeled by Rapp [13]. The AM-AM and AM-PM
conversion characteristics of SSPA modeled by Rapp are given by the following equations
(1.44) and (1.45), respectively. In the following evaluations, the values for these parameters

are assumed by 4,=1, v=1, p=6 and o, =0.01 which can approximate the standard

characteristics of SSPA
The output signal of SSPA, which corresponds to the uplink signal in the radio frequency,

can be given by the following equation
0= Fy [Js(of] /el 2.19)

where s(¢) is the OFDM signal at the input of earth station amplifier SSPA. The signal given

by (2.19) is transmitted to the satellite and then input to the satellite non-linear amplifier after
_converting from the uplink to down link radio frequency. The non-linear amplifier located at
the satellite station is assumed by the Traveling Wave Tube Power Amplifier (TWTA), which
is modeled by Saleh [14]. The AM-AM and AM-PM conversion characteristics of TWTA
modeled by Saleh are given by the following equations (1.46) and (1.47), respectively. The

values for these parameters are assumed by o =2, f,=1,a,=2and g =1which can

approximate the standard TWTA.

Figure 1.14 shows the input and output relationships of AM-AM and AM-PM
conversion characteristics for both SSPA and TWTA when the parameters are given by the
above values. In this chapter, we assume the higher non-linearity for the satellite amplifier
(TWTA) than that for the earth station amplifier (SSPA) as shown in Fig.1.14. By using
(2.19), the output signal of TWTA, which corresponds to the downlink signal in the radio

frequency, is given by the following equation.

su)= F [, -0 el (2.20)

The output signal of TWTA given in (2.20) includes the inter-modulation noises incurred
at the SSPA and TWTA.
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2.4 OFDM-IDAR Method for Satellite Channel
This chapter proposes OFDM-IDAR method designed for satellite channel, which

included two high non-linear amplifiers located at the transmit earth station and satellite. To
apply the OFDM technique to non-linear satellite channel, it is requested to mitigate the non-
linear distortion occurred at the transmit earth station and satellite. The OFDM-IDAR method
proposed in this section could compensate the non-linear distortion at the receiver by using
the feature of OFDM signal in the time and frequency domains.

Figure 2.3 shows the structure of receiver for the proposed OFDM-IDAR method
designed for satellite channel. The received downlink radio frequency signal affected by the
non-linear amplifiers at the transmit earth station and satellite amplifiers is given by the

following equation.
r() = 5,4,(8) + W) (221

where s, (¢)is the downlink signal given in (2.20), and w(¢)is the additive white Gaussian
noise (AWGN). The received RF signal r(¢) is first down converted (D/C) to the base band
signal and digitized by A/D converter. The time domain sampled signal- r'(m,k) after

compensating the phase rotation due to the AM-PM conversions of SSPA and TWTA and
removing the OFDM guard interval (GI), can be expressed by the following equation.

F(m,k)= r(m k)-& " (2.22)"
= s(m, k) +i(m, k) + w(m, k)
where, s(m, k) , i(m,k)and w(m,k) represent the original signal, composite inter-modulation
noises incurred at the SSPA and TWTA, and AWGN on the -th time domain sampled signal
of m-th OFDM symbol, respectively. The phase rotation of @ due to the SSPA and TWTA
at the operation points that is input back-off (IBO) can be estimated by using the low PAPR
preamble symbols of which estimation method is proposed in Section 2.5.

The received time domain sampled signal given (2.22) is converted to the frequency domain

signal by FFT, which is given by the following equation.
R'(m,n)=S(m,n)+ I(m,n)+W(m,n) (2.23)

In (2.23), the capital letter represents the frequency domain signal on #-th subcarrier of
m-th OFDM symbol, which corresponds to its small letter given by (2.22) in the time domain.
By using (2.23), the decision for the information data $(m, n) can be made for each sub-carrier
in the frequency domain.

In the IDAR method, the time domain signal §(i, k), which is converted from the above

decision data §(m,n) in the frequency domain, is used for the reconstruction of inter-
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modulation noise. This is based on the fact that the OFDM time domain signal converted from
the decision data in the frequency domain, which includes even some decision errors, would
be almost the same as the original time domain signal without error.

The decision data $(m,n)in the frequency domain can be expressed by the following

equation
R'(m,n) = S(m,n)+ I(m,n)+W(m,n) (2.24)

where F(m,n)is the decision error, which can be expressed by the following equation.

Fimn)=1° if S(mn)=S(mn) (2.25)
’ S(mn)-S(m,n) if S(mn)#S(mn)

The time domain signal, which is converted from the frequency domain signal of (2.25),

is given by the following equation.

N-l 2k
§(mk)=Y S(mn)-e ¥
n=0
2zxnk  N-J 27nk

=I§S(m,n)-e’ N +ZF(m;n)-e’T (2.26)

n=0 n=0

=s(mk)+ f(mk)

where s(m, k) shows the original time domain signal without decision error and f(m,k)shows

the time domain signal for the decision error occurred in the frequency domain. From (2.26),
it can be seen that the decision error occurred in the frequency domain is spread over the N

sample time domain signal and level of f(m,k)would be relatively small as compared with
s(m,k). From this fact, it can be concluded that the time domain signal §(m,k) which is
converted frbm the frequency domain signal S(m,n) including decision error, can be
approximated by the original signal s(m,k). Figqfe 2.6 (b) shows an example of relationships
between §(m, k) and s(m,k) when the number of decision errors occurred in the frequency
domain is 5 as shown in Fig. 2.6 (a). From Fig.2.6 (b), it can be observed that the time domain

signal for the decision error is much smaller than the original signal and the time domain

signal §(m, k), which included 5 decision errors in the frequency domain is almost the same

as the original signal without decision error. From this fact, the inter-modulation noise can be
reconstructed in the time domain by using the decision data even including error in the
frequency domain.

In the reconstruction of inter-modulation noise, the operation of non-linear amplifier is
performed to the time domain signal, which is converted from the decision data in the
frequency domain. Here, it should be noted that the operations of non-linear amplifiers in the

IDAR method are performed on the digital sampled data By assuming the same AM-AM and
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AM-PM conversion characteristics as that operated in the radio frequency at the earth station
(SSPA) and satellite (TWTA). The estimation method for non-linear ampliﬁérs characteristics
of SSPA and TWTA is proposed in Section 2.6. The time domain signal at the output of AMP

as shown in Fig.2.6 is given by the following equation.

r'(m, k)= r(m,k)-e”* 2.27)
=s(m, k) +i(m, k) +w(m,k)
where, §(m, k) is the time domain signal converted from the frequency domain decision data
S(m,n), and F, and o, are the AM-AM and AM-PM conversion characteristics for AMP

which is the composite characteristics of SSPA and TWTA. By using (2.27), the inter-
modulation noises incurred at the SSPA and TWTA could be estimated by the following

equation.

e(m k) =3, (m k)™ —§(m, k)
~ §(m, k) +i(m, k) —5(m, k) (2.28)
~i(m,k)

where, the phase rotation of @ due to SSPA and TWTA is given in Section 2.4. The inter-

modulation noise given by (2.28) is then converted to the frequency domain signal by FFT.
By subtracting the reconstructed inter-modulation noise E(m,n) in the frequency domain

from (2.28) as shown in Fig. 2.6, the frequency domain signal coped with the inter-

modulation noise can be obtained by the following equation.

Reference
Preamble

Preamble symbols

Output Data
Data symbols r N
S(m,n)

Decision % ~} IFFT |

B (m, k) Error Signal

§(m,k)+i(mk)

Fig. 2.5 Structure of proposed OFDM-IDAR receiver.

i?(m, n)= R'(m, n)— I:J(m, n)
= S(m,n)+{1(m,n)~I(m, n)} +W (m,n) (2.29)
~ S(m,n)+W(m,n)

If the BER performance for the decision data on (2.29) is better than that for (2.22), the

BER performance could be improved further by repeating the above procedures from (2.22)
to (2.29).
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Fig. 2.6. Decision error signal in frequency and time domains.
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2.5 Estimation Method of Non-Linear Amplifier
In the OFDM-IDAR method proposed in Section 2.2, it is required for the input and

output relationships of AMP, which includes the output power as a function of input power
(AM-AM) and the output phase as a function of input power (AM-PM). These AM-AM and
AM-PM conversion characteristics are also required to update at the receiver frequently
because they may be changed due to the aging or the operation environments of earth station
and satellite. The actual operation point (IBO: Input Back off) of satellitt TWTA would be
also changed because the signal power in the uplink would be fluctuated due to the rain
.attenuation.

The non-linear amplifier characteristics are usually measured by changing the power
level of continuous waves (pure tone'signal), of which signal envelope is the constant in the
time domain. However, the pure tone signal has the line spectrum at the operating radio
frequency with larger power level and this line spectrum would cause very large co-channel
interference to other satellite systems employing the same frequency band.

Taking into account these conditions, we propose the estimation method for
characteristics of non-linear amplifiers by using low PAPR preamble symbols. Fig. 2.7 shows
the proposed frame structure for the estimation of non-linear amplifier, which consists of K
low PAPR preamble symbols and L data symbols. As shown in Fig. 2.7, K low PAPR
preamble symbols with increasing their power levels are transmitted to the receive earth

station before transmitting the data symbols.
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Fig. 2.7. Structure of proposed frame format.

In the generation of low PAPR preamble symbol, we.employed the time-frequency
domain-swapping algorithm [37], which can optimize the phase value for each OFDM sub-
carrier so as to minimize the PAPR. In the optimization of phase value for preamble symbol,
the amplitude of all sub-carriers in the preamble symbol is kept by the constant value. From
this fact, the frequency spectrum of low PAPR preamble symbol becomes flat over the whole
allocated bandwidth. Fig. 2.8 shows an example of time domain signals both for low PAPR
preamble symbol and conventional OFDM symbol. From the figure, it can be observed that

the low PAPR preamble symbol has the similar feature of pure tone signal with the constant
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envelope in the time domain, while its frequency spectrum density is flat over the whole
occupied bandwidth. From these features of low PAPR preamble symbol, it is possible to
measure the input and output relationships of non-linear amplifier precisely and not to

interfere to other systems using the same frequency band.
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Fig. 2.8. Envelope of preamble symbol in the time domain.

From the proposed frame structure as shown in Fig. 2.7, it can be seen that the power
levels of preamble symbols has the certain dynamic range at the center of reference preamble
symbol of which power level is taken as the same as that for the data symbols. Therefore, the
relative non-linear amplifier characteristics, which are normalized by the power level of
reference preamble symbol can be estimated by measuring the received power level and phase

difference of received low PAPR preamble symbols.

2.5.1 Estimation of AM-AM Conversion Characteristics

The input power level for the composite non-linear amplifier can be expressed in the
values relative to the transmission power level of reference preamble symbol as shown in Fig.
2.7, because the relative transmission power levels between the preamble symbols are known
at the receiver. If the input power level of reference preamble symbol is assumed by 0dB, the

relative input power levels for all preamble symbols can be given by the following equation.

!

P =1010g,0( P,m j (m=1~K)
Pref

(2.30)
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where, p! and P, are the transmission power levels at the m-th preamble symbol and

reference preamble symbol, respectively. The output power level as a function of input power
level given by (2.30) can be estimated by measuring the received power level for the
preamble symbols at the receive earth station. The received power level for the preamble

symbol m can be measured in the time domain by using the following equation.
N-1
B ==Y r(m, b 231)
Nio

where, N is the number of sample points in one OFDM symbol. By using the all measured
power levels for preamble symbols, the preamble symbol with the maximum power level can

be detected by the following equation.

P, =Max[ P; | (2.32)

m=1~K

By using (2.32), the relative output power level of composite AMP at the corresponding

relative input power level of (2.30) can be given by the following equation.

P2 = 101og,, ({;ﬂ—] (m=1~K) (2.33)
By using (2.30) and (2.33), the relative combined AM-AM conversion characteristics for
SSPA and TWTA can be estimated as a function of the input power levels for K preamble

symbols. The AM-AM conversion characteristics between measurement results of two

consecutive preamble symbols can be estimated by using the interpolation method.

2.5.2 Estimation of AM-PM Conversion Characteristics

The output phase as a function of input power level (AM-PM) for the composite
characteristics of SSPA and TWTA can be estimated by measuring the phase differences in
the frequency domain between the transmitted and received sub-carriers for the preamble
symbols. The received preamble symbol in the frequency domain can be given by the

following equation.

R(mn)=S(mn)- ej{%(‘lg))r%(ﬁ)} (2.34)

where, S(m,n) is the transmitted data on n-th sub-carrier of m-th symbol, pc and ps are

power levels of m-th preamble symbol at the input of SSPA and TWTA, respectively. Since

the transmitted data S(m,n) in the preamble symbols are known at the receiver, the averaged

phase rotation due to both SSPA and TWTA can be estimated by the following equation.
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I R(m,n)
@ = ¥ > Arg[————S(m, n)] (2.35)

n=0

-o.({F)so 7]

By using (2.30) and (2.35), the output phase as a function of input power level (AM-PM)
can be estimated for the composite characteristics of SSPA and TWTA. The AM-PM
conversion characteristics between two measurement results of two consecutive preamble
symbols can be estimated by using the interpolation method.

The averaged phase rotation obtained at the reference preamble symbol will be used for
the compensation of phase rotation for the data symbols as used in (2.22) and (2.28), because
the averaged power level of reference preamble symbol is taken as the same as that for the
data symbols as shown in Fig. 2.7.

The required dynamic range of power level between the first and K-th preamble symbols
can be decided on the basis of averaged power level of transmission data symbol and possible
‘dynamic range of power level for OFDM data symbol in the time domain. The dynamic range
of power level for OFDM signal is usually around 30dB from -20dB to 10dB at the center of
averaged power level of 0dB. From these facts, the required dynamic range of power level
j"over the preamble symbols can be set from -10dB to +10dB in which the power level of
reference symbol is set by 0dB. Here, the input and output relationships of non-linear
amplifier from -20dB to -10dB can be estimated precisely by using the extrapolation method,
because these regions of non-linear amplifier can be assumed as the linear characteristics.

Figure 2.9 shows the actual and estimated input and output relationships of non-linear
amplifier characteristics when the input poWer level of reference preamble symbol is -4dB.
Here, the input level of reference preamble symbol is corresponding to the IBO of data
symbols. To simplify the explanation, the non-linear amplifier is assumed only to use TWTA.
From Fig.2.9 (a), it can be seen that the input level of non-linear amplifier for 11 low PAPR -
preamble symbols is changed from -14dB to 6dB by 2dB step at the center of reference
preamble symbol of which level is -4dB. By using the proposed estimation method described
above, the estimated input and output relationships of non-linear amplifier characteristics can
be given as shown in Fig.2.9 (b). In Fig.2.9 (b), it should be noted that the estimated
~ characteristics of non-linear amplifier is obtained only by the relative input and output
relationships, which is normalized by the power level of reference preamble symbol. Since
the inter-modulation noise is reconstructed by using the decision data, which has the same
power level as the reference preamble symbol, the relative input and output relationships of
non-linear amplifier can be used in the IDAR method as described in the previous section.

By using the proposed estimation method, the higher .estimation accuracy can be

achieved even when the characteristics of non-linear amplifiers located at the earth station and
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satellite are changed frequently due to the aging or operation environments including the
uplink rain attenuation, because the characteristics of non-linear amplifier can be estimated
every frame by using the low PAPR preamble symbols. The accuracy of proposed estimation
method with the interpolation and extrapolation methods would deperid on the number of
employed preamble symbols and power allocation method of preamble symbols over K

preamble symbols. The detailed evaluation on the estimation accuracy of proposed estimation

[ k-

method is presented in the next section.
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Fig. 2.9. Schematic figure of proposed estimation method.
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2.6 Performance Evaluations

This section presents the various computer simulation results to verify the performance
of OFDM-IDAR method with the proposed estimation method. Table 2.1 shows the
simulation parameters to be used in the following evaluations. The modulation method is
assumed by 16QAM with coherent detection method and the channel model is AWGN
channel, which corresponds to the fixed and broadcasting satellite systems. The achievable
transmission data rate for the proposed OFDM-IDAR method is 90.1Mbit/s. by using the
frequency bandwidth 25MHz out of 27MHz which is taken into account the. interference to
adjacent channel. In the table, the parameters for conventional single carrier (SC)
transmission with 16QAM are also shown as the purpose of comparison with the proposed
OFDM-IDAR method. The frame length for the proposed method is assumed by 22.73ms
including 11 low PAPR preamble symbols and .1 000 data symbols. Assuming this frame
structure, the non-linear amplifier characteristics both for SSPA and TWTA can be estimated
every 22.73ms, which would be enough small cycle to cope with the fluctuation of amplifier

characteristics due to the aging or operation conditions including the rain attenuation in the

uplink.

L Table 2.1 Simulation parameters.

[ Allocated occupied bandwidth 26MHz
Modulation method 16QAM
Earth station amplifier ‘ SSPA
Satellite amplifier : TWTA

Conventional Single Carrier Transmission (SC) Method
Number of sample points/data symbol 4
Number of data symbols / frame 128
Type of Tx and Rx filters Root Nyquist
Roll-off factor 0.4
Transmission data rate 104 Mbit/s
Proposed OFDM-IDAR Method
Number of FFT points ' 512
Number of sub-carriers ' ‘ 128
Symbol duration 4.92 us
Guard interval ‘ 0.1us
Number of preamble symbols / frame , \ 11
Number of data symbols / frame . ' 1000
Frame duration 5.08 rﬁs
Transmission data rate 100.8 Mbit/s




2.6 Performance Evaluations a
2.6.1 Accuracy of Proposed Estimation Method

The estimation accuracy for the characteristics of composite' AMP would be much
dependent on the design of low PAPR preamble symbols including the number of preamble
symbols and power allocation method for them. Table 2.2 shows three cases of preamble
symbol designs for the evaluation of proposed estimatiorr method. All cases are taken by
20dB as the dynamic range from -10dB to 10dB. The number of preamble symbols for Cases
1, 2 and 3 are taken by 21, 11 and 5, respectively. In Table 2.2, the Ideal means that the
characteristics of non-linear amplifiers both for SSPA and TWTA are given by equations (1),
(2), (4) and (5). Table 2.2 shows the computer simulation results on the required C/N to
achieve BER=10" for all cases. In the simulation, only the downlink noise (C/N)dW is
considered as 20dB and IBO for the earth station SSPA and satellite TWTA are taken by -3dB
and -4dB, respectively. From the table, it can be observed that Cases 1 and 2 show the same
required C/N to achieve BER=10 with 1.2dB degradation from the Ideal case, although the
number of preamble symbols for Case 1 is larger than that for Case 2 by almost 2 times. Case
3 with fewer number of preamble symbols shows 2.8dB degradation from the Ideal case.
From these results, it can be concluded that Case 2 using 11 preamble symbols of which
power levels are increasing by 2 dB step from -10dB to +10dB is the best design for preamble
symbols. In the following evaluation, Case 2 is used for the estimation of composite
characteristics of AMP.

Figures 2.9 (a) and (b) show the estimated composite characteristics of AMP when IBQ
of SSPA is taken by -3dB and -10dB, respectively. In the simulation, Case 2 is used as the
preamble design, and the downlink (C/N)4w is 20dB. The ideal characteristics of composite
AMP when using the equations are also shown in the figures. From the figure, it can be
observed that proposed method can estimate almost the same AMP characteristics as the Ideal
case. Here it should be noted that the composite characteristics of AMP shown in Fig.2.8 (b)
is almost the same as that for the satellite amplifier of TWTA when the IBO of earth station
amplifier of SSPA is -10dB. This fact is come from that the non-linear characteristics of
SSPA can be considered as the linear because of taking enough IBO at the transmit earth
station.

Figure 2.10 shows the BER performances of OFDM-IDAR with proposed estimation
method when changing the number of iterations of IDAR method. In the figure, BER
performance when assuming the ideal characteristics of SSPA and TWTA are also shown as
comparing with the proposed estimation method using Case 2. The IBO for the SSPA and
TWTA are taken by -3dB and -4dB, respectively. From the figure, it can be observed that the
BER performance of OFDM-IDAR with the proposed estimation method is slightly degraded
as compared with the ideal case. It can be also observed that the BER performances for the

proposed methods at (C/N)4, =20dB are converged when the number of iterations is taken
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larger than 6. From these results, the following simulations for OFDM-IDAR method are

assumed to use 6 as the iteration number for the IDAR method

Table 2.2 List of power allocation methods.

. No. of preamble Required C/N at
Power allocation of preamble symbols .
. symbols BER=10"
Ideal NA | NA 19 dB
Case 1 -10dB to +10dB by 1dB step 21 20.2dB
Case 2 -10dB to +10dB by 2dB step 11 20.2dB
Case 3 -10dB to +10dB by 5dB step 5 21.8dB

Figure 2.11 shows the BER performances at the downlink (C/N)4,~=20dB both for the
conventional SC transmission method and OFDM-IDAR method when changing IBO of
satellite TWTA. The IBO of transmit earfh station SSPA is fixed by -3dB. In the figure, BER
performances when assuming the ideal characteristics of SSPA and TWTA for IDAR method
are also shown.

. Here, the downlink (C/N)g, is defined by using the desired signal power at the output of
_satellite TWTA of which IBO is 0dB. In this definition of (C/N)g4w, the actual received C/N at
the receive earth station would be changed from the given (C/N)4, according to the IBO of
TWTA. The power of inter-modulation noise could be improved as decreasing IBO of TWTA
while the desired signal power at the output of TWTA would be reduced. In other words,
there is the trade-off between the inter-modulation noise power and the desired signal power
according to the value of TWTA IBO. Therefore, the best BER performance could be
achieved at thé optimum value of TWTA IBO, which is compromised of them. The definition
of C/N assumed here is based on the actual satellite communications systems, which are taken
into account the desired signal power at the output of non-linear amplifier, and can evaluate
the usage of power efficiency of non-linear amplifier.

From the figure, it can be observed that the OFDM-IDAR with proposed estimation
method has the optimum TWTA IBO at -4dB, which can achieve the best BER performance,
while the optimum TWTA IBO for the conventional SC transmission method is around -8dB.
It can be also seen that the proposed method at the optimum TWTA IBO shows much better
BER performance than that for the conventional SC method. In other words, the proposed
OFDM-IDAR method can operate at the higher TWTA IBO with keeping the better BER
performance than that for the conventional SC modulation method. From these results, it can
be concluded that the proposed OFDM-IDAR method can achieve the higher usage of non-
linear amplifier with keeping the better BER performance.
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Figure 2.12 shows the BER performances both for the conventional SC and OFDM-
IDAR methods when changing the downlink (C/N)gy. In the simulation, the optimum IBO for
satellite TWTA are taken by -4dB and -8dB for the proposed and conventional SC methods,
respectively based on the results of Fig.2.11. The IBO of earth station SSPA is fixed by -3dB.
From the figure, it can be observed that the OFDM-IDAR with the proposed estimation
method shows slightly higher BER performance than that for the ideal estimation method.
However, the proposed method can achieve much better BER performance than that for the
conventional SC transmission method. From these results, it can be concluded that the
proposed OFDM-IDAR with the estimation method for non-linear amplifier characteristics
can achieve the higher transmission data rate with keeping the better BER performance than

that for the conventional SC transmission method in the non-linear satellite channel.

2.6.2 BER Performance of OFDM-IDAR Method

Figure 2.11 shows the BER performances of OFDM-IDAR with proposed estimation

method when changing the number of iterations of IDAR method. In the figure, BER
performance when assuming the ideal characteristics of SSPA and TWTA are also shown as
comparing witﬁ the proposed estimation method using Case 2. The IBO for the SSPA and
TWTA are taken by -3dB and -4dB, respectively. From the figure, it can be observed that the
BER performance of OFDM-IDAR with the proposed estimation method is slightly degraded
as compared with the ideal case. It can be also observed that the BER performances for thé
proposed methods at (C/N)4, =20dB are converged when the number of iterations is taken
larger than 6. From these results, the following simulations for OFDM-IDAR method are
assumed to use 6 as the iteration number for the IDAR method.
Figure 2.12 shows the BER performances at the downlink (C/N)4, =20dB both for the
conventional SC transmission method and OFDM-IDAR method when changing IBO of
satellite TWTA. The IBO of transmit earth station SSPA is fixed by -3dB. In the figure, BER
performances when assuming the ideal characteristics of SSPA and TWTA for IDAR method
are also shown.

Here, the downlink (C/N)4y is defined by using the desired signal power at the output of
satellite TWTA of which IBO is 0dB. In this definition of (C/N)y, the actual received C/N at
the receive earth station would be changed from the given (C/N)y, according to the IBO of
TWTA. The power of inter-modulation noise could be improved as decreasing IBO of TWTA
while the desired signal power at the output of TWTA would be reduced. In other words,
there is the trade-off between the inter-modulation noise power and the desired signal power
according to the value of TWTA IBO. Therefore, the best BER performance could be
achieved at the optimum value of TWTA IBO, which is compromised of them. The definition

of C/N assumed here is based on the actual satellite communications systems, which are taken
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into account the desired signal power at the output of non-linear amplifier, and can evaluate

the usage of power efficiency of non-linear amplifier.
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Fig. 2.10. Estimation accuracy of composite characteristics of SSPA and TWTA.
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From the figure, it can be observed that the OFDM-IDAR with proposed estimation
method has the optimum TWTA IBO at -4dB, which can achieve the best BER performance,
while the optimum TWTA IBO for the conventional SC transmission method is around -8dB.
It can be also seen that the proposed method at the optimum TWTA IBO shows much better
BER performance than that for the conventional SC method. In other words, the proposed
OFDM-IDAR method can operate at the higher TWTA IBO with keeping the better BER
performance than that for the conventional SC modulation method. From these results, it can

be concluded that the proposed OFDM-IDAR method can achieve the higher usage of non-

linear amplifier with keeping the better BER performance.

. —o~ Ideal e

=B~ Proposed Method

i i s G s ————
\.J ~ —

{C/N)dw=15dB ;

BER

0 1 2 3 4 S 6 7 8
Number of Iterations
Fig.2.11. . BER performance versus number of iterations.

Figure 2.13 shows the BER performances both for the conventional SC and OFDM-
IDAR methods when changing the downlink (C/N)gy. In the simulation, the optimum IBO for
satellite TWTA are taken by -4dB and -8dB for the proposed and conventional SC methods,
respectively based on the results of Fig.2.10. The IBO of earth station SSPA is fixed by -3dB.
From the figure, it can be observed that the OFDM-IDAR with the proposed estimation
method shows slightly higher BER performance than that for the ideal estimation method.
However, the proposed method can achieve much better BER performance than that for the
conventional SC transmission method. From these results, it can be concluded that the

proposed OFDM-IDAR with the estimation method for non-linear amplifier characteristics
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can achieve the higher transmission data rate with keeping the better BER performance than

that for the conventional SC transmission method in the non-linear satellite channel

BER

10’

| =0~ OFDM-IDAR with Ideal
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Fig. 2.12. BER performance versus IBO.
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Fig. 2.13. BER performance versus downlink C/N when IBO is selected by optimum.
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2.7 Conclusions

This chapter proposed the broadband satellite communication systems by using multi-
level QAM-OFDM technique with IDAR method designed for satellite channel. This chapter
also proposed estimation method for non-linear satellite amplifiers by using the low PAPR
preamble symbols, which is reqﬁired for the IDAR method. From the computer simulation
results, we confirmed that the proposed estimation method for non-linear amplifier
characteristics can achieve the better accuracy and can be used in the IDAR method. We also
confirmed that the OFDM-IDAR system with the proposed estimation method shows much
better BER performance than that for the conventional single carrier transmission method in
the non-linear satellite channel. From these results, it could be concluded that the proposed
multi-level QAM-OFDM technique with IDAR method can be used in the fixed and
broadcasting satellite systems to provide the multimedia broadband satellite services with
keeping the better BER performance. This chapter presented the evaluation results only in the
AWGN channel assuming the fixed and broadcasting satellite systems. The proposed method
could achieve the better BER performance even for the mobile satellite systems including

multi-path fading, because the proposed method is based on the OFDM technique.



CHAPTER 3

A NEW WEIGHTING FACTOR OF PTS OFDM WITH
LOW COMPLEXITY

‘ Partial Transmit Sequence (PTS) method is a well - known method which can reduce the
’beak-to-average ratio (PAPR) for an OFDM signal. A major drawback of PTS method is its
higher computation complexity due to the necessity of larger number of inverse fast Fourier
transforms (IFFT). The PTS method with low computation complexity, called decomposition
PTS sub-blocking was proposed [17] which employs the radix-r inverse fast Fourier
transform (IFFT) for the signals at the middle stages of an N-point radix-r IFFT and
decimation in frequency (DIF) domain. This method (DIF-IFFT) can reduce the computation
complexity relatively while providing PAPR reduction similar to other PTS techniques. On
the other hand, PTS method can improve PAPR reduction performance very well as
increasing a number of weighting factors and clusters. However, the size of side information
proportionally increases as increasing the number of weighting factors or/and clutters, which
are required to inform the side information to the receiver for recovering the original data. In
this chapter, we propoée the new weighting factor technique in conjunction with D-PTS sub-
blocking technique which can improve both the PAPR performance and computation

complexity without any increasing of side information.
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3.1. Introduction

The OFDM technique has been received a lot of attentions especially in the field of
wireless communications because of its efficient usage of frequency bandwidth and
robustness to the multi-path fading. From these advantages, the OFDM has already been
adopted as the standard transmission technique in the wireless LAN systems and the
terrestrial digital broadcasting system [2-4]. One of the limitations for using OFDM technique
is the larger PAPR of its time domain signal. The larger PAPR signal would cause the severe
degradation of bit error rate (BER) performance due to the inter-modulation noise occurring
in the non-linear amplifier [9].

The PTS approach is well known method as a distortion less technique based on
combining signal sub-blocks or clusters, which are multiplied by weighting factors. Although
the PAPR performance can be improved by multiplying the optimum weighting factor, the
weighting factor employed at the transmitter is required to inform to the receiver as side
information. In the PTS method, the PAPR reduction performance can be improved as
increasing the number of clusters or weighting factor. However, the computation complexity
and the size of side information increase relatively.

To overcome this problem, a PTS method with low complexity was proposed [17]. In
this method, called DIF-PTS, the computation complexity is reduced by employing the DIF-
IFFT in which an input symbol sequence is partially transformed using the first stages of:
DIF-IFFT into an intermediate signal sequence and the intermediate signal sequence is
partitioned into a number of intermediate signal subsequences. Then, the remaining stages of
DIF-IFFT are applied to each of the intermediate signal subsequences and the resulting signal
subsequences are summed after being multiplied by each member of a set of rotating vectors
to yield distinct OFDM signal sequences. The one with the lowest PAPR among these OFDM
signal sequences is selected for transmission. The DIF-PTS method reduces the
computational complexity relatively while it shows almost the same performance of PAPR
reduction as that of the conventional PTS OFDM scheme.

In this chapter, we propose a new weighting factor technique for the PTS method in
conjunction with DIF-PTS method, which can improve both the PAPR performance and
computation complexity. The proposed method can show the better PAPR reduction
performance than that for the DIF-PTS method without any increasing of the size of side
information and computation complexity.

~ In the following of this chapter, Section 3.2 presents the characteristics of PAPR
performance for the OFDM signal. Section 3.3 presents the conventional PTS method.

Section 3.4 presents the proposed method and Section 3.5 presents various computer
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simulation results to verify the effectiveness of the proposed method as comparing with the -

conventional PTS method. Some conclusions are given in Section 3.6.
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3.2. PAPR Distribution of OFDM Signal

OFDM signal in the time domain is generated by summation of all modulated sub-

carriers. Firstly we consider the simple case where all modulated sub-carriers X (n) are

independent and identically distributed (i.i.d.) complex Gaussian random variables with zero

mean and unit variance. The statistical properties of OFDM signal x(k) in the time domain

can be also considered as the i.i.d. Gaussian random variables with zero mean and unit
variance. Since the data information prior to the modulation is usually considered as the

random pattern, the sub-carriers X (n) modulated with QPSK or multi level-QAM can be

approximated as independent discrete uniform random variable. From this fact, the
distribution of PAPR for the time domain signal can be considered as i.i.d. Gaussian [32].
This means that the PAPR will be changed according to the pattefh of input information data,
employed modulation method and the number of sub-carriers.

The number of PAPR values for all kind of data sequences can be given by the following

equation which depends on the type of modulation method and the number of sub-carriers..
M
Py =(Mod) (3.1)

where M is the number of sub-carriers and Mod represents the modulation levels which be
decided by the type of modulation method. From (3.1), it can be observed that the possible
number of PAPR values becomes huge number. This means that it is very hard to determine
the optimum weighting factor in the PTS method which provide the best PAPR performance-
as increasing the number of sub-carriers. However, the OFDM signal in the time domain has
the special characteristics which could be used to determine the optimum weighting factor for
the PTS method.

In the following, we show the case of small number of sub-carriers for the purpose of
simply explanations. Fig.3.1 shows the relationship between PAPR value and data sequence
number. In the figure, the modulation method is QPSK and the number of sub-carrier is 4.
The possible data information [0, 1, 2, 3] is mapped into complex number [/+j, 1-j, -1+j and
—1-j], respectively. By using (3.1), the possible number of PAPR values is given by 256 (=4%).
From Fig.3.1, it can be observed that PAPR performance is cyclically changed and the PAPR
values for the ﬁrs;t and the second are completely the same. '

The PTS method is a kind of multiple signal representation in the PAPR reduction
method. The conventional PTS method controls the phase of data sub-carriers by multiplying

weighting factor and selects the lowest PAPR for the transmitted signal. The weighting factor

e’ using in the conventional PTS method is usually defined by the following discrete phase.
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$ e %U:O,.N,W—l (3.2)

where W is the number of predetermined discrete phase. When the number of clusters is
assumed by 2 and the number of weighting factor W is 2 phases, [0, 7 ], the PAPR value has
the same [32] when the first cluster is fixed by one of the weighting factor and the second
cluster is chaﬁged so as to obtain the lowest PAPR performance. After multiplied the
weighting factor, the PAPR performance becomes the same because it’s cyclic of PAPR
performance as shown in Fig. 3.1. From this reason, the PAPR reduction performance for PTS
method can be improved further with less computation complexity. In other words, there is
the possibility to improve the PAPR reduction performance by using those characteristics of

OFDM signal in the time domain.
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Fig. 3.1. All PAPR performance of OFDM signals in time domain when data sequences are changing.
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3.3. Conventional PTS Method

In the PTS method, the data information in the frequency domain X (»)is partitioned into

Vclusters as X" (n)(1<v<V). All sub-carriers for each cluster are multiplied by the
weighting factor, 5" = e’ s0 as to reduce the PAPR performance. Here, the phase value

considered in each cluster is given by the following equation.
27,
,(,”)e{——ﬂh:O,...,W—l} (3.3)
w

After multiplying the weighting factor for each cluster, the sub-carrier vector is given by

the following equation.
v
Y(n)=Y 5" - X" (n) : (3.4)
v=l

where p("is the weighting factors, which are required to inform the receiver as the side

information. The set of weighting factor for ¥ clusters are optimized in the time domain so as

to achieve the better PAPR performance, by using the following equation.

(k) = zV:b;” -IFFT {X‘” (n)}

. (3.5)".
=35 xM (k)
v=]

From (4) and (5), it can be seen that the weighting factor can be multiplied either in the
frequency or time domains and the optimized PAPR performance is the same which can be
given by the following equation.

V =argmin max

O<wew—1 OSksN-1| 4=

> X (k)‘ (3.6)

where V is optimizéd argument that can reduce to the lowest PAPR performance. After
optimization of phase value for each cluster, the time domain signal after adding the guard
interval (GI) is converted to the radio frequency and input to non-linear ampliﬁer of SSPA.
The following shows the problem of conventional PTS method by uging the example in
Fig. 3.2. When the )data sequence is divided into 2 clusters and the number of weighting
factor is assumed by 2 phases [0, 7 ], the PAPR performance of initial stage is 6.02dB (A1).
After that the PAPR performance is reduced by using PTS method. All possible PAPR
performances are [41, A2, A3, A4] as shown in Fig.3.2. The lowest PAPR can be selected
from the multiplied weighting factor. From Fig. 3.2, it can be observed that PAPR
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performances have the same performance for 47 = 44 and 42=A43, respectively. From this -
reason,. the calculation of PAPR performance is unnecessary for the second clusters because
the PAPR value of second period is the same as the PAPR of first period. This means that

there is the possibility to improve the PAPR performance with less computation complexity.
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3.4. Proposal of New Weighting Factor with Low Complexity

3.4.1 Proposal of New Weighting Factor with Low Complexity

In the proposed method, the input data block is partitioned into the cluster as the same as
conventional PTS method. There are three methods for making the cluster. These three
methods include the adjacent partition, interval partition and random partition. The simple
explanation of proposed method is we refer to the adjacent partition method. However, the .
simulation shows the interval method was found to have the better PAPR reduction compared
to other methods. The proposed new weighting factor technique can abply to all of these three
partition methods. The difference of proposed method as compared with the conventional
method is that each cluster is partitioned by first and second parts as shown in Fig. 3.3. The
first and second parts of cluster émploy the different weighting factor although these two have
the predetermined relationship. The frequency domain signal for the proposed method can be

given by,

Y(n)= ZV:(b,’,“X'v(n) +B,"X " (n)) (.7)

v=l

where p”andp”are weighting factors for the first and second parts at the v-t4 cluster,
respectively. X "”(n)and X " (n) are the data sub-carriers of first and second parts at the v-th

cluster, respectively. The weighting factor of proposed method for both parts can be deﬁned:

9

by e’” and e’ ", respectively which are given by the following equation.
4,=90,/2
> i 3.8
¢;e{ﬂ|i=0,...,W—1} G8)
w

where @' is the phase coefficient for the first part of clusters, and ¢” is the phase coefficient

for the second parts. From (3.3) and (3.8), it can be seen that the conventional and proposed
PTS methods have the same number of weighting factor . All possible PAPR performances
of proposed method can be given by [BI, B2, B3 and B4] as shown in Fig.3.2. From the
figure, it can be seen that the proposed PTS method has more chance to reduce the PAPR
performance in the first period and they are not repeating like the conventioﬁal PTS method
(A41-44). In the assumed example, the B2 sequence will be transmitted as the best PAPR
performance. From this fact, the proposed method shows better PAPR performance than

conventional PTS method with keeping the same size of side information as the conventional
PTS method.
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3.4.2 PTS-Base Radix Technique

The discrete Fourier transform (DFT) of an N-point sequence can be directly computed

as,

N-1
X(n)=Y x0Ty, k=0,1,..,N-1 n=0,1,..,N-1
k=0

(39)



. 70
3.4. Proposal of New Weighting Factor with Low Complexity

As the IDFT can be computed by taking the complex conjugate of the input and output
sequences while using the same DFT parameters, we need only consider the DFT calculation.
. Thus, we only use the corresponding FFT computation in the following. '

An FFT algorithm recursively converts the DFT computation to rxN/r-point DFTs
recurring through », =1og, N stages. The value of 7 corresponds to a radix-r FFT algorithm.
The DIF radix—r FFT of (9) is given by

Nir-1 r-1
X@n+n)= > (O x(k+Li)T* )T )Ty, (3.10)
k=0 =0
where  =0,1,...,r—1 is the index of the butterfly outputs. As we consider the inputs to g stage
for PTS sub-blocking, symbols and indices are represented with subscript 4. x, and, for an

input and time index n, respectively, and X, and k, for an output x and frequency index £,

respectively. Considering the form of (10), the butterfly outputs at 4 stage are given by
r-1
c e n, kqno
Xq(rn+n0)=(zoxq(kq +rﬂqz)Tr )T, (.11)

wherey —0,1,...,(N/r")=1> n,=0,1...(N/r")-1,7=12,...r"" and ¢=1,2,...,m, denotes a particular
N/r+'-point DFT at stage q . Fig. 4 shows the recursive reduction of thez-th N /r?" -point

DFT to N /r?-point DFTs with DIF. radix-r at stage g. Hence, there are »?™' x N /¢! -poiﬁt
DFTs at stage g. It is assumed that the input sequence is in normal order, and the output is in

digit-reversed order. Similarity, we can obtain the butterfly outputs at stage ¢ for DIT.

_i“; .
X(n) r= 'FT'(': """" poyipipipinl 1 (t)
: X®(n) i m-q)-th stages S
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Fig. 3.4.  Structure of OFDM transmitter with a low complexity PTS method.
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The inputs x] (71, + (N /r?)i) at stage q are used for cluster partitioning in the proposed

PTS technique and the remaining m —q stages are used to compute the multiple transforms

as shown in Fig. 3.5.
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Fig.3.5. Radix-2 FFT algorithm with length 16.
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3.5. Performance Evaluation

This section presents the various computer simulation results to verify the performance of
proposed method. The receiver is coherent detector. The side information for both PTS
methods assumes to be known at the receiver. The transmitted signal is taken over sampling
by a factor of 4 (L=4). The simulation parameters to be used in the following evaluations are

shown in Table 3.1.

Figure 3.6 shows the PAPR reduction performance for both the conventional PTS and
proposed PTS method with proposed new weighting factor technique when changing the
number of clusters and weighting factors of discrete phases. From the figure, it can be
observed that the proposed PTS method shows the better PAPR reduction performance than

the conventional PTS method.

Table 3.1 Simulation Parameters.

A. Modulation QPSK
B. Demodulation v Coherent
Allocated bandwidth 5MHz
C. Number of FFT points | 256 -
Number of sub-carriers 64
Number of cluster (V) 4
Number of discrete phase (W) 2 and 4
Symbol duration 12.8us
Guard interval ' 1.28us

Figure 3.7 shows the PAPR performance for the conventional OFDM, DIF-PTS and the
proposed weighting factor technique with DIF-PTS. From the figure, it can be observed that
the proposed method shows the better PAPR performance than the conventional OFDM and
DIF-PTS method.

Table II shows the comparisons for PAPR performance and computation complexity for
the Conventional OFDM, conventional PTS, DIF-PTS [17] and proposed method with DIF-
PTS methods. The computation complexity is evaluated by the reduction of complexity as
compared with the conventional PTS. From Table II, it can be observed that the proposed
method can achieve the best PAPR performance and the same computation complexity as the
DIF-PTS method.
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Fig. 3.6. Comparison of PAPR reduction performance with difference number of clusters and phase.
Table 3.2 Comparison of performances for various methods.
PAPR performance at 107 of Computation Complexity
CCDF

(m-g=4) | (m-q=3) | (m-q=2) | (m-q=4) | (m-q=3) | (m-q=2)
Conventional OFDM 9.8dB 9.8dB 9.8dB NA NA NA
Conventional PTS 6.75dB | 6.75dB | 6.75dB 100% 100% 100%
DIF-PTS[1] 6.75dB | 6.75dB 8.3dB 63% 55% 48%
Proposed method with :
DIF-PTS [1] 6.25dB | 6.25dB | 7.3dB 63% 5?% 48%
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3.6. Conclusions

In this chapter, we proposed the new weighting factor technique for the PTS method in
conjunction with DIF-PTS method. The feature of proposed new weighting factor technique
is to employ the special characteristics of OFDM signal of which PAPR value is changed
cyclically according to the pattern of input data sequence. By using this fact, we proposed the
new weighting factor technique in which each cluster is divided two parts. The weighting
factors for the 1st and 2nd parts have the predetermined relationship so as to keep the same
size of side information. To reduce the computation complexity required in the selection of
optimum weighting factor for each cluster, this chapter employs the DIF-PTS [17] method.
From the various computer simulation results, we confirmed that the proposed method shows
the better PAPR performance and the same computation complexity with keeping the same

size of side information as compared with the DIF-PTS method.

Conventional OFDM

~*=-DIF-PTS[1] (m-q=5)

1 —#=-DIF-PTS[1] (m-q=4)

i =¥~ DIF-PTS[1] (m-q=3)

 —+—-DIF-PTS[1] (m-q=2)

"t —=— Proposed w DIF-PTS(m-q=5)

; —&— Proposed w DIF-PTS(m-q=4)

! —<— Proposed w DIF-PTS(m-q=3)

=N\t —#— Proposed w DIF-PTS(m-q=2)
N4 —tConventional PTS

\J =% Proposed w/o DIF-PTS ‘

a \:
10 =

CCDF(Prob. PAPR > Abscissa)

PAPR (dB)

Fig. 3.7 Comparison of PAPR reduction performance between conventional PTS and proposed new PTS
method.



CHAPTER 4

PTS OFDM WITH LOW COMPLEXITY BASED ON
RADIX-R IFFT ALGORITHMS

~ The Partial Transmit Sequence (PTS) method with low computation complexity, called
decomposition PTS sub-blocking was proposed which employs the radix-2 inverse fast
Fourier transform (IFFT) for the signals at the middle stages of an N-point radix-2 IFFT and
decimation in frequency (DIF) domain. This method (DIF-PTS) can reduce the computation
complexity relatively with keeping the same peak to averaged power ratio (PAPR)
performance as that for the conventional PTS techniques. To improve the computation
complexity further for the PTS method, the Radix-4, Split-Radix and Extended Split-Radix
inverse fast Fourier transforms which can reduce the number of complex computation were
proposed. However, the PAPR reduction performance is the same as that for the radix-2
method. In this chapter, we propose a new weighting factor technique in conjunction with
DIF-PTS sub-blocking based on Radix-4, Split-Radix and Extended Split-Radix IFFT
technique called Improve PTS (I-PTS) which can improve both the PAPR performance and
computation complexity without any increasing of side information. This chapter presents the

various computer simulation results to verifier the effectiveness of proposed method.
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4.1 Introduction

The Orthogonal Frequency Division Multiplexing (OFDM) technique has been received
a lot of attentions especially in the field of wireless communications because of its efficient
usage of frequency bandwidth and robustness to the multi-path fading. From these advantages,
the OFDM technique has already been adopted as the standard transmission techniques in the
Wireless Local Area Network (WLAN) systems and the next generation of mobile
communications systems [69]. One of the limitations of using OFDM technique is the larger
peak to averaged power ratio (PAPR) of its time domain signal. The higher PAPR leads the
fatal degradation of OFDM performance in the nonlinear power ampliﬁer located at the
transmitter [17].

Partial transmit sequence (PTS) method [27-29] is proposed as one of the distortion-less
PAPR reduction methods. However, the computation complexity and the size of side
information would increase as increasing the number of clusters and weighting factors. To
reduce this computation complexity, DIF-PTS (Decimation in Frequency—PTS) method was
proposed [41] in which the intermediate signals are employed within the IFFT and used the
radix-2 decimation in the frequency domain (DIF) to obtain the PTS sub-blocks. Multiple
IFFTs are then applied to the remaining stages. The PTS sub-blocking is performed in the
middle stages of the N-point radix FFT DIF algorithm. The DIF-PTS method can reduce the
computational complexity relatively while it shows almost the same PAPR reduction
performance as that of the conventional PTS OFDM scheme.

In this chapter, we propose a new weighting factor technique for the PTS method ‘in
conjunction with DIF-PTS sub-blocking based on the Radix-4, Split-Radix and Extended
Split-Radix IFFT technique which can improve both the PAPR performance and computation
complexity. The proposed method can achieve the better PAPR reduction performance than
that for the DIF-PTS method without any increasing of the size of side information.

In the next section, the PAPR problem and conventional PTS are reviewed briefly.
Section 4.3 presents the PTS-Based Different FFT Algorithms and Section 4.4 presents the
proposed method based on Radix-4 FFT, Split-Radix FFT and Extended Split-Radix FFT
Algorithms. Section 4.4 presents various computer simulation results to verify the
effectiveness of the proposed method as comparing with the conventional PTS method. Some

conclusions are given in Section 4.5.
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4.2 Partial Transmit Sequence Method

4.2.1 PTS-Based Radix Technique
Let {x (k)}¥-} denotes the frequency-domain signal, where N is the number of FFT/IFFT

points and £ is the frequency index. The discrete time-domain OFDM signal is obtained by
taking an N-pbint inverse discrete Fourier transform (IDFT) of X (k) as given by the

following equation.
x(n) = —I—NZ—I X(k)T;™ 4
= N 4.1)
N

where 7 is the discrete-time index, 7, = e~f2”/'5 (known as the twiddle factor), and ;2=-1. The
frequency-domain signal x (k) would be added constructively and a time domain signal with

large peak amplitude would be generated. To evaluate the envelop variations of OFDM time
domain signal, the ratio of peak to envelope power of the signal is usually used. The discrete
time PAPR can be evaluated precisely by using more than four times oversampling [4], which

is given by,

max |x(n)f
PAPR = &=kl (42)
EON

In the PAPR reduction method of using the partial transmit sequences (PTSs), the

frequency-domain vector X (k) is partitioned into P disjoint sub-blocks as given by,
X(ky=Y X (k) 4.3)

Let g be the set of weighting factors with ¢, =0 which are applied to the sub-blocks

X, (k). The substitute frequency-domain signal is given by [68],
' B,
X (k)= Zoe * X, (k) (4.4)
p=

Taking the IDFT of (4.4), and using the linearity property of the IDFT, the following

equation can be obtained.

x (n) = IDFT(X (k)) = sz ¢’ IDFT(X (k) (4.5)

p=0
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P-1 o
=) e "x,(n)
p=0
where x (n)=IDFT(X,(k)) are the P-th time-domain PTS. To determine the sequence x'(r)
with the smallest PAPR, the following optimization criterion is employed.

[01' ,9;,...,9},_1] = [arg min { maxl|x'(n)'} (4.6)

6.05..0p1] 0<n<N-

In order to recover the data correctly at the receiver, the required side information is
(P-1)log, W bits per OFDM symbol where W is the number of weighting factors. According to
(4.4), P IDFTs are required to obtain x'(») which would increase the significant computational
complexity.

In order to recover the data correctly at the receiver, the required side information is
(P-1)log, w bits per OFDM symbol where # is the number of weighting factors. According to
(4.4), P IDFTs are required to obtain x(n) which can incur significant computational

complexity.

-«—Cluster 1 C - «—Cluster V—»

1st

< Total sub-carrier in frequency domain -

Fig. 4.1.  Structure of OFDM symbol for the Improved PTS method.

4.2.2 IPTS-Based Radix Technique

The DFT of an N-point sequence X (k) can be directly computed by using equation (4.1).
As the IDFT can be computed by taking the complex conjugate of the input and output
sequences while using the same DFT parameters, we need only consider the DFT calculation.
Thus, we only use the corresponding FFT computation in the following.

An FFT algorithm recursively converts the DFT computation torxN7r-point DFTs

recurring throughm =log, N stages. The value of r corresponds to a radix-r FFT algorithm.

The DIF radix-r DFT of (1) is given by,

N/r-1 r-1 N )
X(rk+k)= > (Zx(n+—i)Tr”‘° JT;’% }1,5’; (4.7
r

n=0 1=0
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where k,0<k, <r-1,is the index of the butterfly outputs. As we consider the inputs to stage ¢
for PTS sub-blocking, symbols and indices are represented with subscript 4:x and n,for an
input x and time index n, respectively, which X, and k, for an output X and frequency index &,

respectively. Considering the form of (4.7), the butterfly outputs at stage g are given by,

Xg(rkq+k0') (Zx (n +— ) ”‘“)TN‘;':‘;_I (4.8)

where kq=0,1,..., (N/r")—l,nq=0,1,---, (N/r")-1, and 5 ,p=1,2,... ', denotes a particular
/re-point DFT at the stage g. Fig. 3.4 shows the recursive reduction of the 5 -thn/r¢'-

point DFT to N /r?-point DFTs at stage g. It is assumed that the input sequence is in normal
order, and the output is in digit-reversed order. Similarity, we can obtain the butterfly outputs
at stage g for decimation in time (DIT) domain.

The inputs X7(n, +(N/r9)i) at stage g are used for cluster partitioning in the proposed

PTS technique and the remaining m-q stages are used to compute the muitiple transforms as
shown in Fig. 3.3.

In the Improved PTS method, the input data block is partitioned into the cluster as the
'same as conventional PTS method. The difference of I-PTS method as compared with the
conventional method is that each cluster is partitioned by first and second parts as shown in
Fig.3.4. The first and second parts of cluster employ the different weighting factor although’
these two have the predetermined relationship. The frequency domain signal for the I-PTS

method can be given by,
' Pl .
x (n) =Z(e’ *x,(n)+e’ "xp(n)) 4.9)
p=0

where % ande’” are weighting factors for the first and second parts at the p-th cluster,

respectively. x,(n) and x,(n) are the data sub-carriers of first and second parts at the p-th

cluster, respectively. The weighting factors of I-PTS method are given by the following

equation.
0, =19,
. 4.10
g, = {2”’1_01 W—l} 10
w

where 6, is the phase coefficient for the first part of clusters, and 6, is the phase coefficient for

the second parts. However, this fact leads other advantage in the computational complexity

for the I-PTS method as compared with the case of 5 =0.5. If a is 0, the phase value of
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second part of cluster can be obtained by 4 =4 =0and the weighting factor for the

second part of cluster becomes (" =" —1. This means that the I-PTS method can use the

original time domain signal without multiplying the weighting factor for the half part of
subcarriers.

From the above results, Fig.4.2 shows the averaged PAPR performance for the I-PTS
method when changing y. The best PAPR performance can be achieved when y is 0 and the

I-PTS method with y =0 can reduce the computation complexity. From this fact, the I-PTS

method shows better PAPR performance than conventional PTS and DIF-PTS method with
keeping the same size of side information and lower computation complexity as the

conventional PTS method.

7.5: ‘
.| —%— DIF-PTS, Number of Subcarrier=64

—&— DIF-PTS, Number of Subcarrier=128
7+ —8— DIF-IPTS, Number of Subcarrier=64

= —©— DIF-IPTS, Number of Subcarrier=128
< ' _
& 6.50 & & © )
< |
o © o © '
5 © f
: :
0 0.25 0.5 0.75 1

Fig.42. Averaged PAPR Performance for the DIF-IPTS method when changing x.
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4.3 Proposal of New Weighting Factor Based on Various FFT
Algorithms

4.3.1 Radix-4 FFT Algorithm

A Radix-2 algorithm diagram can be transformed quite straightforwardly into a Radix-4
algorithm diagram simply by changing the exponents of the twiddle factors. It is quite clear
then that at each stage of the algorithm of Radix-4 is better for the odd terms of the DFT and
Radix-2 for the even terms of the DFT. So, one might guess that restricting this
transfoﬁnation locally to the lower part of the diagram might improve the algorithm. It turns
out that this is indeed the case. |

In the proposed method, the input data block is partitioned into the cluster as the same as
conventional PTS method. The difference of proposed method as compared with the
conventional method is that each cluster is partitioned by first and second parts as shown in
Fig. 4.1. The first and second parts of cluster employ the different weighting factor although
these two have the predetermined relationship. The frequency domain signal for the proposed
method can be given by equation (4.9) And, the weighting factors of proposed method are
‘given by the following equation (4.10).

Computational Complexity Analysis, we define the multiplicative complexity of the DIF

n ko

IFFT algorithm as the number of complex multiplications by twiddle factors 7 ., and

Trﬂ'0 .The twiddle factors T:’"’ are trivial (%1 and %), if we consider only radix-2 and radix-
4 and so they do not introduce any multiplicative complexity. The number of twiddle factors

nqko
T N/

and T'® at stage q for the DIF algorithm from (4.8) is
a)" =rt (iv—-lj[(r-m(r -2)+(r—1) -1] (4.11)
r? _

Which clearly shows that P <P

DIF .
1 . -thus, @ decreases through successive stages.

The number. of additions at stage q can be obtained from (4.8) as below, where Nr is the

number of r corresponding to a radix-r FFT algorithm.
A, =Nr(r-1) 4.12)
In the order to compare the multiplicative complexity between two PAPR techniques, we

define the reduction ratios as below. Where M, = and M i,a, are multiplication of first and

second PAPR techniques respectively.
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R’"“l 1 ( total Iital) (4 1 3)

where the overall multiplicative complexity for the PTS-base radix-r FFT technique is given
by

M, = Za +PZa (4.14)

=q

Higher radix algorithms have more twiddle factors per stage but fewer nontrivial
multiplications compared to lower radix algorithms. Consequently, the multiplicative
complexity is reduced for the remaining stages by using a high radix algorithm. This is

confirmed in Section 4.5.

(1) \ / \ / \/ ><_ X®)
R\ ANV -9-4 ‘o
FR\W/ERN VA NITD =
\\\V///. - | o
o W XX e N >
W SO SN DX X ‘o
o WY S N TN O
X(8) XXX)OO(XX we e X(1)
x(9) N \ / W \/ >< X(9)
X(10) - \\/ / W, ><><_ yo X(5)
x(11) / / /XX\\i w 3,/\_. -J ><__ X(13)
(13) . R stv ><_ x(11)
14 / / \\_ -J / /\\ W6><><__ X7
x(15) / \. ] / \ W7/\_ -j><_ X(15)

Fig. 4.3. Radix-4 FFT algorithm with length 16.
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4.3.2 Split-Radix FFT Algorithm

A Radix-2 or Radix-4 algorithm diagram can be transformed quite straightforwardly into
a Split-Radix algorithm diagram simply by changing the exponents of the twiddle factors. It is
quite clear then that at each stage of the algorithm of Split-Radix is better for the odd terms of
the DFT and Radix-2 or Radix-4 for the even terms of the DFT. So, one might guess that
restricting this transformation locally to the lower part of the diagram might improve the
algorithm. It turns out that this is indeed the case.

The Split-Radix algorithm is then based on the following decomposition [40].

N-1
X, =) xT (4.15)
n=0

( 2 27r)
where | Ty =cos— — jsin—
N N

and it is decomposed into,

N/2-1

2k
Z (x, +xn+(N/2))T "

n=0

N/4-1

Xy = Z (%, =% v12))

n=0

N/4-1

. nrndnk
Xpgn = Z (x, - n+(N/2)) - .](xn+(N/4) — Xpi3(N/4) T (4.16)

N/4-1

. 3nmdnk
Xipes = Z (x, - n+(N/2)) + ](xn+(1v/4) - xn+3(N/4))TNnTNn
n=0

The first stage of a Split-Radix decimation in the frequency. decomposition then replaces
a DFT of length N by one DFT of length N/2 and two DFT’s of length N/4 at the cost of (V/2-
4) general complex multiplications (3 real multiplications + 3 additions), and 2
multiplications by the eighth root of unity (2 real multiplications + 2 additions).

The length-N DFT is then obtained by successive use of such decompositions, up to the
last stage where some usual radix-2 butterflies (without twiddle factors) are needed as shown
in Fig.4.3 for a length 16-Split-Radix FFT.

The DFT of an N-point sequence X (k) can be directly computed by using (4.1). As the

IDFT can be computed by taking the complex conjugate of the input and output sequences
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while using the same DFT parameters, we need only consider the DFT calculation. Thus, we
only use the corresponding FFT computation in the following.
An FFT algorithm recursively converts the DFT computation to »xN/r- point DFTs

recurring through s =log, N stages. The value of r corresponds to a radix-r FFT algorithm.

The DIF radix-r DFT of (4.1) is given by,
. N/r-1 r=1 N
X(rk+ky) =" Zx(n += )T’k" Tk [T (4.17)
n=0 1=0 r
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Fig. 4.4. Split-Radix algorithm with length 16.

where £ ,0 <k, <r-1, is the index of the butterfly outputs. As we consider the inputs to stage g
for PTS sub-blocking, symbols and indices are represented with subscript 4: X, and ", for an
input x‘and time index #, respectively, which x, and ,_for an output X and frequency index
k, respectively. Considering the form of (4.17), the butterfly outputs at stage ¢ are given by,

r-1
X (rk, +ky) = (Zx”(n +— )7}"‘°)TN‘;';‘;, (4.18)

1=0

where k, =0,1,..., (N/r9)-1, n, =0,1,..., (N/r")-1, and  , » =1,2,... r*', denotes a

particular N /¢ -point DFT at the stage g. Fig. 4.1 shows the recursive reduction of the ; -th
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N /ri-point DFT to N /r?-point DFTs at stage g. It is assumed that the input sequence is in
normal order, and the output is in digit-reversed order. Similarity, we can obtain the butterfly
outputs at stage g for decimation in time (DIT).domain.

The inputs X7(n,+(N/r7)i) at stage g are used for cluster partitioning in the proposed

PTS technique and the remaining m-q stages are used to compute the multiple transforms as
shown in Fig. 3.4.
Computational complexity analyses, we define the multiplicative complexity of the DIF

IFFT algorithm as the number of complex multiplications by twiddle factors TA',";’:';_, and 7% .

The twiddle factors 7% are trivial (+1 and +j). Let p¢ be the number of real multiplications

needed to perform a 2"™-complex DFT with the Split-Radix algorithm. By using (4.16), we

can obtain the following relationship.

MS=MS_ +2M: ,+3-2"" -8 (4.19)
And, with the initial conditions M;= 0, M,= 0, we obtain,

M;, =2"(m-3)+4 (4.20)

Disregarding for a while the number of additions needed to perform the complex
multiplications, the remaining ones can easily be evaluated by , since, at each of the m stage,
anew point is generated by a complex addition. Then, since the number of real additions

needed to compute a complex is equal to the number of multiplications, we have,
A =m- 2"+ ME (4.21)

The Split-Radix algorithm has the lower number of both multiplications and additions
than Radix-2 algorithm.

4.3.3 Extended Split-Radix FFT Algorithm

The basic idea of an extended split-radix FFT algorithm is the application of a radix-2
index map to the even-indexed terms and a radix-8 index map to the odd-indexed terms. That
is, the extended split-radix FFT algorithm is based on the synthesis of one half-length and
four eighth-length DFTs. for the even index terms, and [40]:

N/8-1 . 1 .
Xapa1 = Z [{(xn =X n2) = F Kenia = Xni3nia )} + '\7—2‘ {(l = I Xynis = Xpisnis)
n=0

=+ ) Xpasnss = Xnaziss )} ] Wy ngnk

N/8-

1
. . 1 .
X3 = z [{(xn =X, n2) T (Xinia = Xpinsa )} - \/5 {(1 + N X nss = Xpesis)
n=0

== Xpssns = Xnirwn )}] wywy
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N/3-1

8k+5

=(U+ ) (*p3ns —

8k+7

=2 [

N/8-1

= 2 [

n=0

= (= (X308 —

for the odd index terms.

. 1
= Xyon2) = JKinis = Xssnia )} \/5 {(1 I X pints = Xpasnss) (4.22)

XatINI8 )}] w, ;”W;nk

. 1
= Xpon2) T (X nsa = Xniania )} +—= \/5 {(1 + (X nis = Xnasnis)

Xns1N/8 )}] W]JnWAink

The first stage of an extended split-radix decimation-in-frequency decomposition then

X2

replaces a DFT of length by one DFT of length 2 and four DFTs of length 8. The length-DFT
is then obtained by successive use of such decompositions up to the last two stages, where
some conventional split-radix butterflies (without twiddle factors) are needed, and to the last
stage, where some usual radix-2 butterflies (without twiddle factors) are needed. A general

elementary butterfly used in the diagram is illustrated in detail in Fig. 4.5.
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Fig. 4.5. Butterfly used in the graph of a DIF extended split-radix FFT.

We define the multiﬁlicative complexity of the DIF IFFT algorithm as the number of

M»: =M;—1

relationship.

+2M;

complex multiplications by twiddle factors TA',";’:_, and 7% The twiddle factors 7/ are trivial
(+1and +;). Let p<be the number of real multiplications needed to perform a 2™-complex

DFT with the Extended Split-Radix algorithm. By using (4.22), we can obtain the following

'-8 : (4.23)
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And, with the initial conditions M;= 0, M,= 0, we obtain,
M; =2"(m-3)+4 (4.24)

Disregarding for a while the number of additions needed to perform the complex
multiplications, the remaining ones can easily be evaluated by m-2"*!, since, at each of the m
stage, anew point is generated by a complex addition. Then, since the number of real

additions needed to compute a complex is equal to the number of multiplications, we have:
A =m-2"" + M (4.25)

The Extended Split-Radix algorithm has the lower number of both multiplications and
additions than Radix-2 algorithm.
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Fig. 4.6. Extended Split-Radix algorithm with length 16.
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4.4 Performance Evaluation

4.4.1 Performance of Radix-4 FFT Algorithm

In this section presents the various computer simulation results to verify the performance
of proposed method. The receiver is coherent detector. The transmitted signal is taken over
sampling by a factor of 4 (L=4). The simulation parameters to be used in the following

evaluations are shown in Table L.

Table 4.1 ,Simulation parameters of Radix-4 FFT algorithms.

Modulation 64QAM
Demodulation Coherent
Allocated bandwidth 5SMHz
Number of FFT points 256
Number of sub-carriers 64
Number of cluster (V) 4
Number of discrete phase (W) 4
Symbol duration 12.8us
Guard interval | 1.28us

Figure 4.7 shows the PAPR performance for the conventional OFDM, conventional
PTS, DIF-PTS based on radix-2 and radix-4, respectively when the modulation techniques are
64QAM. This figure shows the PAPR reduction performance of DIF PTS method when the
radix-2 and redix-4 was employed. The PAPR reduction performance both the DIF-PTS base

radix-2 and radix-4 can achieve same as conventional PTS method when middle stages are
(Mm=9),40» =4 and (m—q)r s = 2, respectively. However, the DIF-PTS can reduce

the computation complexity than conventional PTS method.

Table 4.2 shows the comparisons for PAPR performance and computation complexity
for the conventional OFDM, conventiqnal PTS, DIF-PTS based on radix-2 and radix-4,
respectively. This table shows the comparison computation complexity which refers the

conventional PTS. From the table, the DIF-PTS and DIF-IPTS based on radix-2 can reduce

the computation complexity 68.76% at (m—q) =2 when compare with' conventional

radix-2
PTS. The DIF-IPTS based on radix-4 shows the lower computation complexity which can

reduce up to 88.80% at (m—q) =1 when compare with conventional method. We can

radix—4

be conclude that the proposed method can achieve the lower PAPR reduction performance
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and reduces the computation complexity compared with the conventional PTS and DIF-PTS

based on radix-2.

Conventional OFDM
Conventional PTS
Radix-2 DIF PTS (m-g=6)

#--Radix-2 DIF PTS (m-q=3)
7 - Radix-2 DIF PTS (u-q=2)
—¥—Radix-4 DIF PTS (m-q=3)
~~~~~ #--Radix-4 DIF PTS (m-q=2)

%::: ——Radix-4 DIF PTS (m-q=1)
7 AY T

CCDF(Prob.PAPR > Abscissa)
>

3
10 B

F Number of Clusters =4 =~
K Number of Subcarriers = 64
' Number of IFFT points = 256
" Modulation=64QAM

R A x
T o

4
10

4 5 6

7 8
PAPR ,(dB)

Fig. 4.7. Comparison of PAPR reduction performance among conventional PTS, Radix-2 DIF PTS and
Radix-4 DIF PTS.

Table 4.2 Comparison of computation complexity for various methods.

Computation multiplications
Complexity (P=4 and N=256)
(m-q=6) (m-q=5) (m-q=4) (m-g=3) (m-q=2)
Conventional NA NA NA NA NA
OFDM
Conventional PTS 0% 0% 0% 0% 0%
DIF-PTS [5] | 24.68% 36.77% 48.48% 59.40% 68.76%
Radix-2 DIF-IPTS 24.68% 36.77% 48.48% 59.40% 68.76%
Radix-4 DIF-IPTS 51.72%* - 69.28%* - . 88.80%*

* Radix-4 (m-q =3, 2, 1), respectively.
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Fig. 4.8. Comparison of PAPR reduction performance among conventional PTS, Radix-4 PTS and Radix-4
DIF IPTS.

Figure 4.8 shows the PAPR performance for the conventional OFDM, conventional PTS;
DIF-PTS and DIF-IPTS based on radix-4, respectively when the modulation techniques are
64QAM, number of subcarriers is 64 sub-carriers. This figure shows the PAPR reduction
performance of DIF IPTS method based on radix-4 can achieve better PAPR reduction
performance when compare with DIF-PTS method based on radix-4. The proposed new

weighting factor can achieve the lower computation complex than DIF-IPTS based radix-2.

4.4.2 Performance of Split-Radix FFT Algorithm

This section presents the various computer simulation results to verify the performance
of proposed method. The oversampling ratio of transmitted signal is taken by a factor of 4
(L=4). The simulation parameters to be used in the following evaluations are listed in Table
43.

Figure 4.9 shows the PAPR performance for the conventional OFDM, conventional PTS,
DIF-PTS based on Radix-2 and Split-Radix, respectively when the modulation technique is
quadrature phase-shift keying (QPSK). From the figure, we can see the PAPR reduction
performance of DIF-PTS method when the Radix-2 and Split-Radix are employed. The PAPR
reduction performance both for the DIF-PTS based on Radix-2 and Split-Radix can-achieve
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the same performance as that for the conventional PTS method when middle stages are

(m-q),,, ,=4 and (m-q)_ . =4, respectively. However, the DIF-PTS can reduce much

more computation complexity than conventional PTS method.

Table 4.3 Simulation parameters of Split-Radix FFT Algorithms.

Parameters ‘ Values
Modulation QPSK
Demodulation : Coherent
Allocated bandwidth 5SMHz
Number of FFT points 256 and 512
Number of sub-carriers 64 and 128
Number of cluster (P) 4
Number of discrete phase (W) 4
Symbol duration 12.8us
Guard interval 1.28us

CCDF of PAPR Using PTS method(4 Clusters)

Conventional OFDM

Conventional PTS'

Radix-2 DIF PTS (m-g=5)

- Radix-2 DIF PTS (m-g=4)
~—— Radix-2 DIF PTS (m-q=3)
-3 Radix-2 DIF PTS (m-g=2)

o) e Split-Radix DIF PTS (m-g=5)

| —*— Split-Radix DIF PTS (m-q=4)
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e Split-Radix DIF PTS (m-g=2) | -

FEN SRR
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CCDF(Prob.PAPR > Abscissa)
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Fig. 4.9. Comparison of PAPR reduction performance for the conventional PTS, Radix-2 DIF PTS and
Split-Radix DIF PTS methods.

Table 4.4 shows the comparisons for the computation complexity for the conventional
OFDM, conventional PTS, DIF-PTS based on Radix-2 and Split-Radix, respectively. This

table shows the comparison computation complexity which refers the conventional PTS.
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From the table, the DIF-PTS and DIF-IPTS based on radix-2 can reduce the computation
complexity 68.76% at (m=4).,=2 when comparing with conventional PTS. The DIF-

IPTS based on Split-Radix shows the lower computation complexity which can reduce up to

81.08% at (5 — =2 when comparing with conventional method.
q paring

Split—Radix

Table 4.4 Comparisons of computation complexity for difference methods.

Computation multiplications
, Complexity (P=4 and N=256)
(m-g=6) | (m-g=5) | (m-q=4) | (m-q=3) | (m-q=2)

Conventional OFDM NA NA NA | NA NA

Conventional PTS 0% 0% 0% 0% 0%
DIF-PTS [4] 24.68% | 36.77% | 48.48% | 59.40% | 68.76%
Radix-2 DIF-IPTS 24.68% | 36.77% | 48.48% | 59.40% | 68.76%

Split-Radix DIF-IPTS 52.99% | 59.04% | 67.82% | 74.64% | 81.08%

CCDF of PAPR Using PTS method(4 Clusters)

W e
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Fig. 4.10. Comparison of PAPR reduction performance between conventional PTS and Split-Radix DIF
IPTS methods.
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Figure 4.10 shows the PAPR performance for the conventional OFDM, conventional
PTS, DIF-PTS and DIF-IPTS based on Split-Radix, respectively when the modulation
technique is QPSK, and the number of subcarriers is 64. From the figure, it can be observed
that the PAPR reduction performance of DIF-IPTS method based on Split-Radix can achieve
better PAPR raducti6n performance when comparing with DIF-PTS method based on Split--
Radix. From the figure, it can be concluded that the proposed new weighting factor can
achieve the lower computation complex than DIF-IPTS based Radix-2.

From these results, it can be concluded that the proposed method can achieve the better
PAPR reduction performance and the lower computation complexity as compared with the

conventional PTS and DIF-PTS based on Radix-2.

4.4.3 Performance of Extended Split-Radix FFT Algorithm

This section preéents the various computer simulation results to verify the performance
of proposed method. The receiver is coherent detector. The transmitted signal is taken over
sampling by a factor of 4 (L=4). The simulation parameters to be used in the following

evaluations are listed in Table I.

Table 4.5 Simulation parameters of Extended Split-Radix FFT Algorithms.

Modulation QPSK
Demodulation ' Coherent
Allocated bandwidth 5MHz
Number of FFT points 256 and 512
Number of sub-carriers 64 and 128
Number of cluster (V) ‘ | 4
Number of discrete phase (W) 4
Symbol duration 12.8us
Guard interval 1.28us
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Fig. 4.11. Comparison of PAPR reduction performance for the conventional PTS; Radix-2 DIFPTS and
Extended Split-Radix DIF PTS methods.

Figure 4.11 shows the PAPR performance for the conventional OFDM, conventiona’ll
PTS, DIF-PTS based on Radix-2 and Extended Split-Radix, respectively when the modulation
technique is QPSK. This figure shows the PAPR reduction performance of DIF-PTS method
when the Radix-2 and Split-Radix are employed. The PAPR reduction performance both for
the DIF-PTS base Radix-2 and Extended Split-Radix can achieve same performance as that

for the conventional PTS method when middle stages are (m_q)m_x_2 =4 and (m-— q) =4

Split-Radix

(’”‘q)spm_mx =4 (’”"q)spm-wx =4, respectively. However, the DIF-PTS can reduce much

more computation complexity than conventional PTS method.

Table 4.6 shows the comparisons for the PAPR performance and computation
complexity for the conventional OFDM, conventional PTS, DIF-PTS based on Radix-2 and
Extended Split-Radix, respectively. This table shows the comparison computation complexity
which refers the conventional PTS. From the table, the DIF-PTS and DIF-IPTS based on

radix-2 can reduce the computation complexity 68.76% at (M=q)ppr =2 when comparing

with conventional PTS. The DIF-IPTS based on Extended Split-Radix shows the lower

computation complexity which can reduce up to 76.66% at (M=) g o =2 when comparing
Split—~Radix

with conventional method. From these results, it can be concluded that the proposed method
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can achieve the lower PAPR reduction performance and reduces the computation complexity

as compared with the conventional PTS and DIF-PTS based on Radix-2.

Table 4.6 Comparisons of Computation Complexity for Difference Methods.

Computation multiplications
Complexity (P=4 and N=256)

(m-q=6) | (m-q=5) | (m-q=4) | (m-q=3) | (m-q=2)

Conventional OFDM NA NA NA NA NA
Conventional PTS — 0% 0% 0% 0% 0% |
DIF-PTS [4] 24.68% | 36.77% | 48.48% 59.4'0% 68.76%
Radix-2 DIF-IPTS 24.68% | 36.77% | 48.48% | 59.40% | 68.76%

Extended Split-Radix DIF-IPTS | 37.65% | 47.01% | 54.03% | 61.45% 76.66%

CCOF of PAPR Using PTS method(4 Clusters)
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Fig. 4.12. Comparison of PAPR reduction performance between conventional PTS and Extended Split-
Radix DIFIPTS methods.

Figure 4.12 shows the PAPR performance for the conventional OFDM, conventional
PTS, DIF-PTS and DIF-IPTS based on Extended Split-Radix, respectively when the
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modulation technique is QPSK, number of subcarriers is 64. From the figure, it can be
observed that the PAPR reduction performance of DIF-IPTS method based on Split-Radix can
achieve better PAPR reduction performance when comparing with DIF-PTS method based on
Extended Split-Radix. From the figure, it can be concluded that the proposed new weighting

factor can achieve the lower computation complex than DIF-IPTS based Radix-2.
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4.5 Conclusions

In this chapter, we proposed the new weighting factor technique for the PTS method in
conjunction with DIF-PTS method based on the Radix-4, Split-Radix and Extended Split-
Radix. The proposed new weighting factors for the 1% and 2™ parts have the predetermined
.relationship so as to keep the same size of side information. To reduce the computation
complexity, we employed the Radix-4, Split-Radix and Extended Split-Radix DIF-IFFT
technique. From the computer simulation results, Analysis shows that all methods provide the
same PAPR reduction but the computation complexity of I-PTS based radix-4 at middle stage
in IFFT shows the better reduction of computation complexity than radix-2, Split-Radix and
Extended Split-Radix methods. We confirmed that all the proposed methods showed the
better PAPR performance and lower computatiOn complexity with keeping the same size of

side information as compared with the conventional DIF-PTS method.



CHAPTERS

PROPOSAL OF NEW PAPR REDUCTION METHOD
FOR OFDM SIGNAL BY USING PERMUTATION
SEQUENCES

Many PAPR reduction techniques for OFDM signal have been proposed up to today,
which can be classified into two major methods as the distortion and distortion-less methods.
The most of distortion-less methods show better PAPR performance without degradation of
BER performance. This chapter proposes a novel distortion-less PAPR reduction metho&
which employs the permutation sequence in the frequency domain with embedded side
information. The feature of proposed method is to achieve the better PAPR performance with
very few side information for the correct demodulation of data information at the receiver.
This chapter presents various computer simulation results to verify the effectiveness of
proposed method as comparing with the conlventional OFDM method in the - non-linear

channel.
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5.1 Introduction

The Orthogonal Frequency Division Multiplexing (OFDM) technique has been received
a lot of attentions especially in the field of wireless communications because of its efficient
usage of frequency bandwidth and robustness to the multi-path fading. From these advantages,
the OFDM technique has already been addpted as the standard transmission technique in the
wireless LAN systems and the terrestrial digital TV broadcastiﬁg systems. The OFDM
technique is also employed in the next generation of mobile communication system (LTE).
One of the limitations of using OFDM technique is the larger peak to average power ratio
(PAPR) of its time domain signal [17] [9]. The larger PAPR signal would cause the severe
degradation of bit error rate (BER) performance due to the inter-modulation noise occurring
in the non-linear amplifier.

Many PAPR reduction techniques have been proposed to overcome the PAPR problem
up to today. These techniques can be categorized into two major methods as distortion and
distortion-less methods. The distortion techniques include the clipping and filtering method
‘[21][22]. Although this method can improve the PAPR performance relatively, it leads the
.degradation of BER performance and undesirable spectrum re-growth to the adjacent channel.
The distortion-less techniques [23],[26],[27],[29],[31],[34],[64] include the coding, fone
reservation (TR), tone injection (TI), active constellation extension (ACE), and multiple
signal representation techniques such as partial transmit sequence (PTS) and selected
mapping (SLM). These techniques éan achieve better PAPR performance without degradation
of BER performance. However these methods improve the PAPR performance at the cost of
transmission efficiency, higher computational complexity, larger memory size, and
requirement of separate channel for informing the side information to the receiver. In this
chapter, we propose a novel distortion-less PAPR reduction method with permutation of data
sequence in the frequency domain. The proposed method also employs a few dummy and
parity subcarriers as the embedded side information in the data subcarriers which is used for
the demoduiation of data information at the receiver. The proposed method can achieve the
better PAPR performance with higher transmission efficiency.

In the following of this chapter, Section 5.2 presents the system model of OFDM method
in the non-linear channel. Section 5.3 presents the proposed PS method. Section 5.4 presents
the various computer simulation results to verify the performance of proposed PS method, and

Section 5.5 concludes the chapter.
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5.2 System Model

Figure 5.1 shows the block diagram of OFDM system to be used in the following
evaluation. In the figure, X, is the modulated signal at the n-th sub-carrier in the frequency
domain and x; is the time domain signal at k-4 sample point, which is converted from the
frequency domain data by using IFFT. The time domain sampled OFDM signal y; after
adding guard interval (GI) to x; will be converted to the analogue signal by the digital-
analogue converter (D/A) and. then converted to the radio frequency (RF) by the frequency
up-converter (U/C) as shown in Fig.5.1. The output signal of U/C is inputted to the non-linear
amplifier and transmitted to the channel. The output signal of non-linear amplifier can be

expressed by the following equation
()= Flpofle’ ol 5.1)

where, y() and s(2) are the input and output RF signal of non-linear amplifier, and ¥ and P
represent the AM/AM and AM/PM conversion characteristics of non-linear amplifier. The
non-linear amplifier assumed in this chapter is the Solid State Power Amplifier (SSPA) of
which AM/AM and AM/PM conversion characteristics afe modeled by the following
equations (1.44) and (1.45), respectively. In the following evaluations, the values for these

parameters are assumed by 4=1, r=2 and a,=0.01 of which these parameters can

approximate the typical SSPA [13].

In the OFDM system, M frequency domain data symbols{X,, n = 0,1,..., M-1} which
correspond to subcarriers, are modulated with a set of orthogonal frequency {f, , » = 0,1;...,
M-1}. The frequency of M subcarriers are chosen to be orthogonal, i.e. f, = nAf, where Af =
1/MT and T represents the OFDM data symbol period. The resulting baseband OFDM signal

X, can be expressed by,

2znk

X, =TMSxe N 0<ksN-L 5.2)

where N is the number of IFFT points including zero padding. The PAPR [22] of transmitted
time domain OFDM signal is defined by,

2
oo oz bl

k] -

where E denotes the expected value. To evaluate the PAPR performance for OFDM signal

from the statistical point of view, the Complementary Cumulative Distribution Function
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(CCDF) given in (5.4) is used to represent the probability of exceeding a given threshold
PAPR,.

CCDF(PAPR )= Pr (PAPR > PAPRO). (5.4)
X X (t) S
Input n k y k 24 [ \\f (t)
E— MOD — IFFT s +GI -~ D/A f—= U/C - > SSPA P
/7//’ v
nt)
AWGN —{ + )
Channel N
Output

«—— DEMOD |—— IFFT [~ -Gl &~ AD @— D[C

N
=~

Fig.5.1. OFDM system model.
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5.3 Proposal of PS Method

Figure 5.2 shows the structure of frequency domain OFDM symbol for the proposed PS
method. There are two types of permutation methods Type I and Type II as shown in the
figure. Type 1 is to perform the permutation only for the first M/2 subcarriers, while Type II is
to perform the permutation both for the first and the last part of M/2 subcarriers. Although the
computétion complexity for the Type II is larger than Type I, the improvement of PAPR
performance for the Type II is better than Type 1. For simple explanation, we only give an
example explanation for type I in the following. The proposed OFDM symbol consists of M-
3) data sub-carriers, two dummy sub-carriers and one parity sub-carrier which can be

expressed by,
X = [DlaDvPaXo’Xsz RIS GYPRIE. (YTt X(M—4) | (5.5)

where D is dummy sub-carriers with power of 0 (Null subcarriers) and P is parity check
subcarrier with power of & which power is taken as the same as the averaged power of data
subcarriers. The dummy (null subcarriers) and parity subcarriers will be used for the detection

of location for the first data subcarrier X, at the receiver for the correct demodulation of data

information. After the insertion of zero padding, two null sub-carriers and one parity sub-
carrier, the new OFDM symbol can be generated by circularly rotation of subcarriers onfy for

the first part of A2 subcarriers so as to improve the PAPR performance as shown in Fig.5.2. ‘

< >
< M Sub-carriers >
< M/2 > < M/2 >
Zero . Zero
' ' Data Sub-
Padding DDz P ata Sub-carriers Padding
| Permutatation Direcﬂb]
(a) Typel
<
M Sub-carriers >
3 M2 M2 >
< >| <— — P
Zer.o D'1D2| P’ Data Sub-carriers ipnipmlp” Zero
Padding \ Padding
| Permutatation Direction I Permutatation Direction |
(b) 64QAM

Fig. 5.2. Structure of frequency domain OFDM symbol for proposed PS method.
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In the proposed method, the first half of M/2 subcarriers are simply rotated in the
frequency domain so as to achieve the better PAPR performance. The number of rotation of
subcarriers performed at the transmitter can be detected by using the dummy and parity check
subcarriers at the receiver. When the number of rotation for the first M/2 subcarriers is L=6 as

an example, the resultant ordering of subcarriers is given by,

XR=6 = [Xz >X33"'aXM/z—ssDpDzaPon’XlaXM/z-zv . 'X(M-4)] (5.6)

The example of proposed permutation sequence method for Type I is shown in Fig.5.3

....XM‘IXM

oo Xl X

(M/2-L+35)-th subcarrier

Fig. 5.3. Example of Type I permutation sequence when L=6.

When L=6, the location of parity check subcarrier P becomes (M/2-L+5)-th subcarrier in
the OFDM symbol. In this case, the sign of parity check subcarrier P is set by the following
equation in order to detect the number of rotation for the subcarriers with higher accuracy at

the receiver.
P=(- 1)(M/2—L+5) a (5.7)

The permutation for the rotation of the first part of M/2 subcarriers is taken from 0 to
M/2. In the proposed method, the best PAPR performance will be selected from among the.
rotation of subcarriers from 0 to M/2. Then the selected ordering of subcarriers with the best
PAPR performance will be converted to. the time domain signal by using IFFT. The time

domain signal can be giveﬁ by,

2xkn

- 1 f,v Jeii]
k=== X, & ¥ (5.8)
\/N n=0
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where X is the frequency domain signal after performing the permutation of subcarriers

rotation and

%, Is the time domain signal with low PAPR performance. As for the Type II,

the time domain signal with lower PAPR performance can be achieved by using the same

procedures as the Type L. Fig. 5.4 shows the structure of proposed transmitter.
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Fig. 5.4. Structure of transmitter for the proposed method.
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5.4 Detection method for embedded side information

The first data subcarrier which is moved to the certain subcarrier number after the
permutation of subcarriers rotation performed at the.transmitter is required to detect at the
receiver for the correct demodulation of data information. The position of first data subcarrier
can be detected by finding the position of dummy (null subcarriers) and check the sign of
parity check sub-carriers.

The proposed detection method is firstly to replace the consecutive two subcarriers to
zero from the start of received OFDM signal in the frequency domain and calculate the power

of received signal by using the following equation.

M2
Power(£)= > R .conj(R"
( Z:(; ) j(R") (5.9

£=0,1,2,--,M/2-1

where g™ is the received frequency domain signal at the n-th subcarrier after replacing two

subcarriers to zero at ¢—shand (£+1)-rh subcarriers and conj indicates the complex conjugate.

“From (5.9), the maximum power could be obtained when ¢ is equal to the location of first
dummy subcarriers. The detection performance can be improved by checking the sign of the

parity check subcarrier P for the next subcarrier of the detected ¢— and (¢+1)-shdummy

subcarriers with having the maximum power given in (5.9). The sign of parity check
subcarrier given by (5.7) can be used for assure the detection of the first data subcarrier Xj.
The detection performance can be improved by using two dummy subcarriers and parity
check subcarrier. Figs. 5.5 and 5.6 show the detection algorithm for permutation number and
the structure of proposed receiver.

By using the above method, the original data sequence can be recovered and the data
_information can be demodulated correctly. The feature of proposed method is to detect the

permutation number precisely by using very few embedded side information.
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5.5 Evaluation of Proposed PS Method

This section presents the various computer simulation results to verify the performance of
proposed method as comparing with the conventional OFDM. Table 5.1 shows the list of
simulation parameters. In the simulations, the number of FFT points N=256 is taken by 4

times larger than the number of subcarriers M=64 to evaluate the PAPR performance with

START

Replace ¢-th and (£ +1)-th subcarriers to zero

Y

MI2-1 .
Calculate Power(£)= Z {R,(,[)'COHJ.(R,(,Q)}

n=0

higher accuracy.

» Find /= Max [Power(¢) |

(=0to M/2-2

Next maximum
Power( 7)

sign(P) = sign| (~1)*2
e gn(P) = sign| (-1)

{Detection of First Data
Subcarrier Position (£ +3)

'

END

Fig. 5.5. Detection algorithm for permutation number.
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Fig. 5.6. Structure of receiver for the proposed method.

Table 5.1 Simulation parameters.

Modulation method | 64QAM
Demodulation method Coherent

| OFDM bandwidth 5 MHz
Number of FFT points (N=Z+M) 256
Number of sub-carriers (M=D+P+K) 64
Number of dummy sub-carriers (D) 2

| Number of parity sub-carriers (P) 1
61 for Type |

Number of data sub-carriers (K) 58 for Type II ‘
Number of zero padding (Z) 192
Symbol duration 12.8 us
Guard interval 1.2 us
Model of non-linear amplifier SSPA
Non-linear parameter of Eq. (2) =2
Channel model v AWGN

Table 5.2 shows the transmission efficiency for the proposed Type I and Type II
methods. From the table, it can be observed that the proposed method can achieve the higher
transmission efficiency because the number of rotation selected at the transmitter can be
detected by using 2 dummy subcarriers and one parity check subcarriers for Type I and 4

dummy subcarriers and 2 parity check subcarriers for Type II at the receiver.
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Figure 5.7 shows the PAPR performance both for the conventional OFDM and proposed

PS methods when the number of sub-carriers (M) is 64 including 2 dummy sub-carriers (D)
and one parity sub-carrier for Type I and 4 and 2 for the Type II, respecﬁvely. In the figure,
the PAPR performance is evaluated by using the Cumulative Distribution Function (CDF).
From the figure, it can be observed that the proposed PS method shows better PAPR
performance than that for the conventional OFDM by 2.2dB for type I and 3 dB for Type II at
CCDF of 107, respectively. Here it should be noted that the degradation of BER performance
of OFDM signal in the non-linear channel would be dominated by the PAPR performance at
the CCDF higher than 10", From these results, it can be expected that the proposed PS
method could achieve the better BER performance than that for the conventional OFDM

method in the non-linear channel.

Table 5.2 Transmission efficiency for the proposed method. -

Transmission efficiency
Number of sub-carriers
Typel Type I
64 61/64 (95.3%) 58/64 (90.6%)
256 253/256 (98.8%) 250/256 (97.7%)
1024 1021/1024 (99.7%) 1018/1024 (99.4%)

q
13

rrirny

..... Proposed Type II
1~ Proposed Type I

10

CCDF(Prob.PAPR>PAPROo)

" Modulation = 16QAM
| Number of Subcarrier = 64

-

0y 5 6 7 8 9 0 11 12

PAPR (dB)

Fig. 5.7. PAPR performance for the proposed method.
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Figure 5.8 shows the BER performances in the non-linear channel when changing C/N

for the conventional OFDM and the proposed PS method when using 64QAM as modulation
method. In the simulation, the number of data subcarriers (K), dummy sub-carriers (D) and
parity sub-carrier (P) are taken by 61, 2 and 1 for type I and 58, 4 and 2 for type II,
respectively. The input back-off (IBO) of non-linear SSPA amplifier is taken by 0dB, -2dB, -
4dB and -6dB, respectively. From the figures, the proposed PS method can achieve much

better BER performance than those for the conventional OFDM in the non-linear channel.

10’ &

10
107 : .
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| Total sut 64, 640AM N
DS Method = Typell .
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Fig. 58. BER performance of proposed method in the non-linear channel.
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5.6 Conclusions

This chapter proposed the new PAPR reduction method which can achieve the better
PAPR performance. The salient future of proposed method is to rotate the subcarriers. in the
frequency domain so as to achieve the better PAPR performance. Since the proposed method
enables the detection of rotation number precisely selected at the receiver by using the very

- few dummly subcarriers which is embedded in the OFDM symbol as the side information, the
propose method can achieve the higher transmission efficiency. From the computer
simulation results, this chapter confirmed that the proposed PS method can achieve the better

PAPR performance and better BER performance in the non-linear channel.



CHAPTER 6

CONCLUSIONS

In this thesis, the PAPR in the OFDM modulation technique is studied and evaluated.
,‘The OFDM signal with larger PAPR will cause thé undesirable spectrum re-growth and the
‘larger degradafion of BER performance both due to the inter-modulation products occurring
in the non-linear amplifier at the transmitter.

This thesis proposed the solutions for PAPR problems. In this degree thesis, the
following two types of methods are proposed to solve the above problems.

1) Non-linear distortion compensation method for OFDM signal

2) PAPR reduction methods for OFDM signal with lower computation complexity

As for the first method, this thesis proposes the Improved DAR (IDAR) method, which
can mitigate both the clipping noise and inter-modulation noise. In the proposed IDAR
method, the characteristics of non-linear amplifiers are required to be known at the receiver
for mitigating the inter-modulation noise. This thesis also proposes the estimation method for
AM-AM and AM-PM conversions characteristics of non-linear amplifiers by using low
PAPR (Peak to Averaged Power Ratio) preamble symbols.

This thesis demonstrates the effectiveness of proposed IDAR method when applying the
satellite communication systetﬁs. From the computer simulation results, it is concluded that
the proposed IDAR method can achieve the higher transmission data rate and higher efficient
usage of non-linear power amplifier with keeping the better BER performance even in the
non-linear satellite channel.

As for the second method, this thesis proposes PAPR reduction methods based on PTS
technique. The conventional PTS method requires the larger number of clusters and weighting

factors to achieve the better PAPR performance which leads larger computation complexity.
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To reduce the computation complexity, DIF-PTS method is proposed which employs the
intermediate signals within the IFFT and used radix-2, radix-4, Split-Radix and Extended
Split-radix for decimation‘ in the frequency domain (DIF) to obtain the PTS sub-blocks.
Multiple IFFTs are then applied to the remaining stages. The PTS sub-blocking is performed
in the middle stages of the N-point radix FFT DIF algorithm. The DIF-PTS method can
reduce the computational complexity relatively while it shows almost the same PAPR
reduction perfdrmance as that of the conventional PTS method. To improve the PAPR
performance with low computation complexity, this thesis proposes a new weightingv factor
technique for the PTS method in conjunction with DIF-PTS sub-blocking based on radix-r,
Split-Radix and Extended Split-Radix IFFT technique which can improve both the PAPR
performance and computation complexity. The proposed method can achieve the better PAPR
reduction performance than that for the DIF-PTS method without any increasing of size of

side information.
As a conclusion of researches in this thesis, the proposed PAPR reduction methods and
mitigation methods of non-linear distortion noise with low computation complexity could
provide various practical solutions for next generation of multimedia wireless

communications systems employing the OFDM technique.
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