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ABSTRACT 

The Orthogonal Frequency Division恥1ultiplexing(OFD恥1)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 terres仕ialdigital broadcasting systems including the Digital 

Audio Broadcasting (DAB) and the Digital Video Broadcasting (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 A veraged Power 

Ratio (PAPR) of its time domain signal. The larger P APR signal would cause the severe 

degradation of bit e汀orrate (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 norトlinearampli日eris 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 P APR 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ラ tonereservation (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 P APR 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 ∞mputational 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 aboye 

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 rioise. 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 A veraged 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 P APR 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-blo~ks. 

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. 

In this thesis， a new PTS method by using the permutation of data sequence in the 

仕equencydomain 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 1 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恥112subcarriers. Although the computation 

complexity for the Type II is larger than Type 1， the improvement of P APR 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，出isthesis confirmed that the proposed 

permutation of data sequence method can achieve the better P APR 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ラ theproposed P APR 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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CHAPTERl 

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 

using 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. 



2 
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企equency-spacedsubcarriers. 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=O，l，"'，N-l， as a vector X=[Xn，X1，"'，X，̂_lf that wil1 be termed data sub-L'~O"~ l' ，.~ N-jJ 

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

carriers is given by 

唱 N-j州=百三Xne11π吋れtくNT 、‘，ノ
咽
E

1
• 噌

E
E
A
i
・‘、

where j =日 ，/j，f is the sub-carriers spacing and NT den伽 theuse白1data block period. 

In OF印DMt恥he鴎esub-ω Tiers are ch山h加1叩O悶sent白obe orthogonal (i.e民.怠ムe.吋，/j，f =1/NT打).The隠eN附yq中刊uist悶

sampled OFDM signal is g副ivenby 

巧=47ZXnピ2!f初/N
"lV n~O 

(1.2) 

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

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 p訂tof OFDM symbols that is 



3 
1.1 Overview of Orthogonal Frequency Division Multiplexing (OFDM) 

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 

convolution with the channel impulse response into a cyclic convolution. As a cyclic 

convolution in the time domain translated into a scalar multiplication in the企equencydomain， 

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 

ofthe CP. 

d
s
 

GI OFDM Symbol 午 GI OFDl 

Tg T 
Next Sym 

T， =TキTg

MSymbol 

bol 

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 spectium re-grown， the windowing is applied to individual OFDM 

symbols. Windowing essentia11y smooth the phase transition between OFDM symbols. A 

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

え=T+T.

OFDM Symbol Xl 
Fig. 1.2. Raised cosine window for OFDM symbol. 

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 ofthe previous OFDM 

symbol with a delay of宅， such that there is an overlap of βにβisthe ro11-off factor of the 

raised cosine window. As orthogona11ity 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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rol1-off 問時g回ionoft由hewi泊n吋dowt由hu凶sdecrease the effective guard time by β ~. Therefore， there 

is a tradeoff be何 eenhaving a large roll-off factor， which will suppress the out-of司band

speetrum 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-parallel (S/P) before input to IFFT processing and passed 

paral1el-to-serial (P/S). The time domain sampled OFDM signal a白eradding 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 spectr山nre-grown occurring at the output of D/ A converter. 

The output signal ofU/C is inputted to the non-linear ampli自erand transmitted to the channel 

as shown in figure 1.3(a). 

For the receiver path， the receiver receives the re氾eivedsignal r(t). 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 AID 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). 

(a) OFDM transmitter 

(b) OFD恥-1receiver 

Fig. 1.3. Structure of conventional OFDM transceiver. 

1.1.2 OFDM Standards 

OFDお1is 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丘omDAB field trials and measurementsラ

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凶T.In1998， the DVB-T was first adopted in the United Kingdom， 

with multi-合equencynetwork (MFN) use， 2k mode， 64QAM， 7μsec guard interval Rc = 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企om6 to 56 

Mbps. In the DVB-T， OFDM is used in continuous transmission mode for the pu中oseof 

broadcasting. 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 

HIPERLAN/2， as well as ARIB in the standard of孔仏.fAC.Since thenラthethree bodies have 

worked in c10se 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 802.11 a uses distributed MAC based on carrier sense 

multiple access with collision avoidance (CSMAlCA)， whereas the回PERLANtype 2 uses a 

centralized and scheduled恥1ACbased on time division multiple access with dynamic slot 

assignment (TDMAlDSA). The MMAC support both ofthese MACs. In terms ofthe physical 

layer (PHY)， there are only a few minor di百erencesamong the three standards. Table 1.3 

shows the system parameter for the IEEE 802.11 a， HIPERLAN type 2 and the l¥品1AC.
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1.1 Overview of Orthogonal Frequency Division Multiplexing (OFD恥1)

Table 1.1 DAB parameters. 

Panimeter Mode Model Mode 11 Mode III 
Bandwidth 1.536 MHz 1.536恥1Hz 1.536 MHz 

Number of sub-carriers 1，546 768 384 
Modulation DQPSK 

Useful symbollength (え) 1 msec 250μsec 125μsec 

Sub-carriers separation ( !1f ) 3.968 kHZ 1.984 kHz 0.992 kHZ 

Guard interval length ( !1G ) 
ts /4 仁/4 仁/4

(250μsec) (62.5μsec) (31.25μsec) 
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恥1Hz
Number of sub-carriers 1，705 6，817 
Modulation QPSK 16QAM 64QAM 
Useful symbollength 

224μsec 896μsec 
(人)

Sub-carriers separation 
4.464 kHz 1.116 kHz 

(!1f) 

Guard intervaL length 
t_)4 t_)8 t_，. /16 ts /32 t_)4 t_)8 人116 人/32

(!1G) 56 28 14 7 224 112 56 28 
μ.sec μsec μsec μsec μsec μ.sec μsec μ.sec 

FEC (innerc_ode) Convolution code (R=I/2， 2/3， 3/4， 5/6， 7/8) 
FEC (Outer code) Reed-Solomon code (204， 188) 
Interleaving Time-仕equencydomain bit interleaving 
Information 

4.98 -31.67 Mbps 
transmission rate 
Required C月4 3.1dB-20.1 dB 
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1.1 Overview of Orthogonal Frequency Division Multiplexing (OFDM) 

Table 1.3 . IEEE 802.11a， HIPERLAN/2 and MMAC. 

Standard ffiEE 802.11a |皿PERLAN/2
Channel spacing 20恥任Iz
Bandwidth 16.56 MHz (-3dB) 
Nuniber of sub-carriers 52 
Number of pilot sub-carriers 4 

Use削 symbollength(た) 3.2μ.sec 

Sub-carriers 抑制ion(~f) 312.5，kHz 

Quard intervallength (~G ) 800 nsec 

FEC Convolution code 

Interleaving 
Frequency do~ain bit interleaving (W地inon 
OFDM symbol) 

Information transmission rate 6 Mbps (BPSK， Rc;= 1/2 ) 

Modulation/coding rate 9 Mbps (BPSK， Rc = 3/ 4) 

12 Mbps(QPSK， Rc =1/2) 

18 Mbps (QPSK， Rc = 3/4) 

24 Mbps (16QAM， Rc = 1/2) 

36 Mbps (16QAM， Rc = 3/4) 

48 Mbps (64Q刷 ，Rc=112) 

54 Mbps (64QAM， Rc = 3/4) 

Multiple access method CS島WCA I TDMAlDSA 
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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 =i ， 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 

itselfresults in some savings of the arithmetic operations. Further savings can be achieved by 

decomposing each of the two N=-2point sequences into two N=・4pointsequences (one of 

even samples and another of odd samples) and obtaining the N=-2point DFTs in terms ofthe 

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

obtained. 

F
内

(1.3) 
{xo ，x1， x) ，x1， ...，XN_7 ，x 0'''''''1''''''2'''''3 ・'-'N-2'-'N-j 

{XO，x2ラx4ヲ…'xN-2}

Even samples 

G~ K 

{xp x3， x5'…，xN_j} 
Odd samples 

H~ K 

Length N DFT 

N-l 

XF(k)= Ix(n)W;¥ k=O，l，..，N-l 
n=O 
(N/2)ー1 (N /2)ー1
= I x(2r)w;rk + I x(2r+l)w~2r+1)k 
r=O r=O 
2)-1 (N/2)-1 
= I x(2r)(W;yk +W; I x(2r+l)(W;yk (1.4) 
r=O r=O 

Note that 

W，~ =悶|二庄竺21= exo( -j竺i= W"川
川 .. I N I • ~ N / 2 ) "，. 
(N/2)ー1 (N/2)ーl

xF (k) = I x(2r)W;;2 + W; I x(2r + 1)W;~2 

(1.5) 

r=O r=O 

=GF(k)+W;HF(k)， k=O，I，.・.，号-1 (1.6) 

HereXF(k)theN-pointDFTof x(n) is expressed in terms of N/2-pointDFTs， 

GF (k)and HF (k)which are DFTs ofeven samples and odd samples of x(n) respectively. 



1.2 Fast Fourier Transform (FFT) Algorithm 

xF (k): periodic with period N，XF (k) = XF (k+ N). 

GF (k)，HF (k): periodic with period号，GF(k)=GF(k+号)and HF (k) = HF (k+号)

xF (k) = GF (k) + W;HF (k)， k = 0， 1，.・"~-1 

xF (k + N / 2) = GF (k) + W;+NI2 HF (k) 
NI2 _____ ( -j27r N i 
N=exp|」一一 1=exp(-j7r) =-1 

~ N 2 J 

Since wtd/2=em|二1竺(k + N i I = W，~ W，~/2 = -W，~ . it folIows伽 t
川 ~I N ~ 2JI "川川

XF(k+~)=GF(k)-W;HF(k)， k=0，1，…，号-1

Equation (1.7( and (1.8) are shown below as a buttert1y (Figure.1 .4) 

GF(k) 

HF(k) 

-WK 
N 

XF(k) 

XF(k+号)

GF(k) 

HF(k) 

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

(1.7) 

(1.8) 

同一1

9 

XF(k) 

XF(k+号)

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.， GF (k) the N / 2-point DFT of {XO，X2，X4，…，XN-2} can be implemented 

using two N / 4-point DFT. Similarly for HF (k) 

GF (k) and HF (k) require (N /2)2 complex addition and (N /2)2 complex 

multiplies. XF (k) N-point DFT requires N2 complex addition and multipIies. 

Let N = 16 Direct computation of a 16-point DFT requires N2 = 256 adds and multiplies. 

Through GF (k) and HF (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 DFTsand finalIy into four two-point DFTs. GF (k) and 

HF (k) are eight-point DFT Each requires 64 adds and multipIies. The aIgorithm based on 

this technique is calIed radix幽 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-l 

XF(k)= Lx(n)W;k， k=O，1，…，N -1 (1.9) 

here N is an integer power of two. 

(NI2)-l N-l 

XF(k)= L x(n)W;k + L x(n)W;k =1+11 (1.10) 
n~O n~NI2 

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

(N/2)ー1 71T (N/2)ー1 71T エ伽+?)WJ附 N/2~zx(n+?)岡山WJK 、‘.
1

唱
E
E
A--

• 1
A
 

〆
a

・、、

Hence (1.11) becomes 

同
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(1.12) 

(1.13) 

S ince W:: 12 = -1， for k even integer= 2r and for k odd integer= 2r + 1 (1.14) reduces 
to 

崎町fn
N
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(1.14) 

( 1.15) 

Sin印 W2nr= 叫|ーj2ff2n~1= 叫( -~~竺ì=w;~空
げ ，，N ) '， N/三 j 川 ι

同
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(1.16) 

and XF (2r) is N / 2 -point DFT 

[ x(n)+x(斗)]By r，n=0，1，...， ~-1 (1.17) 

Similarly XF (2r + 1) isN / 2 -point DFT of 

[ x(n)-x(斗和 whenr，n = 0，1，小1 (1.18) 



x(n) 

x(n+号)

xm(p) 

Xm(q) 

1.2 Fast Fourier Transform (FFT) Algorithm 

W.~ N 

[x(n)+x(n+号)]

[x(n)-x(n+号)]w;

xm+1(p) 

Xm+1(q) 

Fig.lふ Bu“e吻 tocomp胸 Eq.l.18and Eq.l.19伽 n= 0，1，...， ~ -1' [40)・

11 

From Figure 1.8 N -pointDFT can be executed from the twoN/2-po凶 DFTsas 

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 

decomposition (i.e. first half of the samples and second half of the samples).百leDIF-FFT 

algorithm is illus仕atedfor N = 8. 

For DIF-FFT N = 8 

DFT 

xF (k) = Lx(n)wtk， k = 0，1，...，7 (1.19) 

IDFT 

X(n)=iSXF問 (1.20) 

For N = 8， becomes 

XF(ν)=すIx(n) +巾+主)1町r，r=ω，3 (1.21) 
討1" 2' 1守

J.，f _ _ N_ 1 
xF (2r+l) =列 x(n)-x(n+一)Iw8nw42ぺr= 0，1，2，3 (1.22) 

討1" 2'1 0 守

Equation (1.20) and (1.21) can be explicitly described as follows: 

When XF (2r)~ r = 0，1，2，3 is a fou叩 ointDFT



1.2 Fast Fourier Transform (FFT) Algorithm 

{x(O) + x( 4)， x(l) + x(5)，x(2) + x(6)，x(3) + x(7)}. 

xF (0) = [x(O)+x( 4)] + [x(l) + x(5)] + [x(2) + x(6)] + [x(3) + x(7)] 
xF (2) = [x(O) + x( 4)] + [x(l) + x(5)]阿+[x(2)+x(6)]W42+[x(3)+x(7)]W43 

xF (4) = [x(O) + x( 4)] + [x(1) + X(5)]W，42 + [x(2) + x(6)]W44 + [x(3) + x(7)]W46 
xF (6) = [x(O) +x(4)] + [x(1) +x(5)]可+[x(2) + x( 6) ]W46十[x(3)+ x(7) ]W; 

And when XF (2r + 1)， r = O~ 1， 2， 3 is a four-point DFT of 

{x(O) -x(4)， [x(l) -x(5)]W81 ，[x(2) -x(6)]W82 ，[x(3) + x(7)]陀:3}. 

xF (1) = (x(O) -x( 4)) + (x(1) -x(5))巧+(x(2) -x(6))陀2

+[(x(3) -x(7))可]W42

xF (3) = (x(O) -x( 4)) + [(x(l) -x(5))同]阿+[(x(2) -x(6))陀:2]W42

+[(x(3) -X(7))Wg3]W} 

xF (5) = (x(O) -x( 4)) + [(x(l) -x(5))民~]W42 +[(x(2)-x(6))院:2]W44

+[(x(3) -x(7))Wg3]W46 

xF (7) = (x(O) -x( 4)) + [(x(1) -x(5))阿]可+[(x(2) -x(6))巧]W46
+[ (x(3) -x(7) )W83 ]W; 

(1.23) 

(1.24) 

12 

Each of the four-point DFTs it can be implemented by using two輔pointDFTs. Hence the 

eight-point DIF-FFT is obtained in three stages i.e.， Figure 1.6 

x(O) 

x(1) 

x(2) 

x(3) 

x(4) 

x(5) 

x(6) 

x(7) 
-1 

XF(O) 

XF(l) 

XF(2) 

XF(3) 

XF(4) 

XF(5) 

XF(6) 

XF(7) 

Fig.1.6. Butterf1y to compute Fast Fourier trans品rmRadix-2 ， 8 Points (陀=陀)[40]. 
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1.3 Peak-to-Average Power Ratio (P APR) 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 DI A converter. The meaning of aliasing occurring at the 

output of DI 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 DI A converter is usually used to reject these aliasing as shown in figure 1.7. 

From figure 1.7ラitcan be seen that the required number of zero padding is dependent on由e

achievable sharpness of employed analogue filter. If the number of zero padding is larger， it is 

possible to use the simple and dull analogue filte巳whichcan be realized easily， to reject the 

aliasing occurred at the output ofD/A converter although the number of IFFTpoints becomes 

" larger. 

Zero 
Padding 

OFDM 
Bandwldth 

Aliasmg OFDM Signal 

Fig. 1.7. 

. . • • • • . . • • • . • • • • . 
‘ 

Amplitude Response 
of Analogue FiIter 

• 
-• 
• • . . • -
e 
a ， ， 

Zero . Zero 

Padding Padding 
OFDM 
Bandwldth 

Frequency 

Zero 
Padding 

Deslfed OFDM Si呂田l AIi田mgOFDM Signal 

OFDM Signal at Output ofD/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 co汀espondsto 

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 tha.t 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 ofOFDM 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 ofzero 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 P APR reduction method on the basis of digital processing technique 

including our proposed method is required to evaluate the P APR 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 composite 

signal (analogue signal) has a possibility to become larger than the level obtained at the 

Nyquist sampling points. 

Composite Signal 

Nyquist Sampling 
Interval 

ーTime 

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. 

31王JlxklJ~ ~!~[IX(t)IJ (1.22) 

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

symbol， Xk and x(t) represent the sampled time domain and analogue signals， respectively. 
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Since the following relations on the averaged signal power for the sampled and analogue time 

domain signals is satisfied， 

E[Iイ]= E[lx(t)12 ] (1.23) 

The relationship of P APR performance between them is given by， 

P AP R(sampled) ::;; PAPR( analogue) (1.24) 

where E[ ] represents由eaveraged signal power and由eP APR for the sampled signal and 

analogue signal紅eexpressed by the following equations， respectively. 

，、(L~母 Ixk l2 1
P AP R( samvled) = 101012: IととιL一一|

、 r.~-/ -. V 'Vol E[Iイ]) 

…均uり=叶ifzij)

(1.25) 

(1.26) 

where xk and x(t) 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 ofPAPR 

The mathematically the Peak-to-A verage Power Ratio (PAPR) of the transmitted signal 

can be defined as following equation. 

p~lx(t)12 
PAPR= 問、NT

I/NT J Ix{イ
(1.27) 

where x(t) 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(t) will be considered 

where L is an integer白紙 islarger than or equal to 1. These "L・timesoversampled" time-

domain signal samples are represented回 avector x = [xo' xI' ••• X NL-I f and obtained as， 

1 N-I 

XK=xwin=j品X〆同/L ，k =むム ラNL-1 (1.28) 

It can be seen伽 Itthe s叩 ence{Xk} can be irr帥 re凶 asthe inverse disc附 Fouri

transform (IDFT) of da阻 blockX wi由 (L-l)N zero padding. It is well known that the 
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P APR of the continuous-time signal cannot be obtained precisely by the use of Nyquist rate 

sampling， which coηesponds to由ecase of L = 1. The L = 4 can provide sufficiently accurate 

P APR results. The P APR computed from the L times oversampled time domain signal 

samples is given by， 

k
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(1.29) 

where E[ ] denotes average OFDM叩 al

1.3.3 Distribution ofPAPR 

The cumulative distribution function (CDF) of the PAPR is one of the most企equently

used performance measures for P APR reduction techniques. The complementary CDF 

(CCDF) is commonly used instead of the CDF itsel王TheCCDF 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 P APR 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 becomes a centrai 

chi-square distribution with two degrees of freedom. The CDF of the amplitude of a signal 

sample is given by， 

F(PAPRo}=l-eP.叫 (1.30) 

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

P(PAPR >PAPRoJ =l-P(PAPR:::;; PAPRoJ 

=l-F(PAPRof 
=l-(1-i-PAPR，，) f 

、‘，，，
咽
冒
目
且

今

3• --Ea r-
、

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 m姐 yattempts 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 

changing the over sampling ratio. From the figure，社 canbe observed that the Nyquist 

sampling (over sampling ratio is 1) shows the better P APR performance than that the over 
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sampling ratio is higher than 2. It can be also observed that the P APR 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 ofPAPR performance which can be considered as the analogue signaL 

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

Fig.1.9. 

(1.32) 
N-l 

xftj=ZGn…川札ω nt

and ιare the in-phase and quadrature modulating symbols. If each ca町ierhas The αn 

(1.33) 

amplitude A， the maximum PAPR will be given by 
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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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(1.34) 

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

equatJon. 

(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ラitscan observed that the P APR perfoロnanceis 

increasing as incre'ased the number of N subcarriers. 
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Fig. 1.10. PAPR performance when changing the number of sub-carriers. 
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1.4 Solutions for P APR Problems 

1.4.1 Clipping and Filtering Method 

The simplest technique for P APR 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， 

f x， JxJ壬4
C(x) = i l AceJO(x)， JxJ ::; Ac (1.36) 

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

viewed as another source of noise. The noise caused by ampli印declipping 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， 

tepeated 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 e百ectsof the amplitude 

clipping. The iteratively reconstruct method the signal before clipping is proposed. This 

method is based on the fact由atthe effect of clipping noise is mitigated when decisions are 

made in the企equencydomain. When the decisions are converted back to the time domainラ

the signal is recovered somewhat from the harm白1effects 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・noiseratio (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 V di司ointsub-blocks XV = [X; ，X1V， ••• ， x~_lf ， 

電...，v __" 
v = 1，2，...， V such that予iv=1xv=Xand the sub-blocks are combined to minimize the 

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

XV， v = 1，2，…，V is denoted by xV = [x;，x;，…，xLLJT.X11Y=LL・.，V is obtained by 

凶 ngan IF打 oflength NL on X V con叫 enatedwith (L -1) N zeros. Complex phase 

factors， b V = eJo， ， v = 1，2，. . . ，V are introduced to combine the PTSs. The set of phase 

factors is denoted as a vector b = [b1 ，b2，. .・ラbvf . The time domain signal after combining is 

given by 

x'(b) = ヱ bV • χV (1.37) 

where x'(b) = [x~(b)， x;(b)，...， X~L_l(b)t. The objective is ωfind the set of phase factors 

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

。JETρ~(b)l. (1.38) 

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' 

川=字Ii = 0，1， . . . ，W -1 ， where W is由enumber of allowed 向 factors.In 
addition， we can set b， = 1 without any loss of pe巾 rmance.So， we should pe巾 rman 
exhaustive search for (M -1) phase factors. Hence， WM-1 sets ofphase 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 log2 WM-1 • The amount of PAPR reduction 

depends on the number of sub-blocks M and the number of allowed phase factors W . 

Another factor that may affect the PAPR reduction performance in PTS is the sub-block 

partitioni時ラ whichis 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 p訂titioning.In this thesis， the conventional PTS method is only defined by 

using the adjacent sub-block partitioning. 
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Fig. 1.11. A block diagram of PTS technique. 

1.4.3 Selected Mapping method (SLl¥句

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(U)=[b; ， bf，… ， b~_lf ， u =1，2，…，U ， resulting in U modified da鈎 blocks.To include 

the unmodified da旬 blockin the set of modified data blocks， which B(I) is the all-one vector 

of length N . Let us denote the modified data block for the u-th phase sequence 

X(U)=[Xob; ， Xlbf，… ， XN_lb~_lf ， u = 1，2，・..，U.A自erapplying SLM to X ， the multi-

carrier signal becomes 

1 N-l 
X(U)仲 (1.39) 

Among the modified data blocks X(U)， u = 1，2，. .1.， U ，出eone with the lowest P APR is 

selected for仕ansmission.Information about the selected phase sequence should be 

仕'ansmittedto 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 log2 U for each 

data block. This approach is applicable with all types of modulation and any number of 

subcarriers.百leamount 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 rnitigation methods of non-linear distortions are described frorn above mention， 

which relate to this‘research and sorne proposed rnethods use the basic concept. There are 

various other proposed methods to mitigate the non-linear distortions for OFDM wireless 

cornmunications systerns. These techniques include coding， tone reservation (TR) ， tone 

i吋ection(TI)ヲactiveconstellation 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 chann~l， the signal quality is not only be distorted by multipath fading but 

also co汀uptedby thermal noise. The radio channel model shows in figure 1.13. The received 

signal through the channel can write the foUowing equation. . 

r(t) =にh(r;t)s(t-r)dr + w(t) (1.40) 

where h(r，t) is the impulse response ofthe channel and， w(t) is an additive white Gaussian 

noise (AWGN). Ifthe channel impulse response is a time-invariant constant given by 

h(r，t) =hδ(τ) (1.41) 

'where h is a complex-valued channel gain， then we can ignore the effect of fading and there 

is only AWGN in the channel. We call “A WGN 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 (CIN). 

Channel 

Transmitter 
h(r，t) 

Receiver 
+ 

Impulse response 

n(t) 
GaUSSlan nOlse 

Fig. 1.13. Radio channel model. 

1.5.2 Non-linear Channel 

To determine the impact ofthe PAPR on system performance， power ampli日ermodels 

must be defined. Two models commonly used in the research literature are the solid-state 

power amplifier (SSPA) model and the traveling-wave旬beamplifier (TWT A) model. The 

details ofthese 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ラitis convenient to represent the input 

signal in polar coordinates as 

x =lxleJarg{x} 

= peJ中

Here， the complex envelope ofthe output signal can be expressed by 

g(x) =1'[ρ]e[j(仰いl)J

(1.42) 

(1.43) 

where F[p] andφ[ ]叩esentthe AM/ AM  and AM/PM conversion characteristics of the 

memory-Iess. 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 (SSP A) 

In general， modeling nonlinear power amplifiers is complicated. A common 

simplification is to assume that the HPA is a memory帽lessnonlinearity， and therefore has a 

frequency-nonselective response. 

The Solid State Power Amplifier (SSPA) modeled by Rapp's. The AM・AMandAM-PM 

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

F.I'SPA (ρ)= ーア
(1.44) 

[1+(芝川ρ

①品目(ρ)=円(引 (1.45) 

where，ρis the amplitude of input signal， v is the gain factor， Ao is the saturated output level， 

p is the parameter to decide the non-linear level and 句isphase displacement. 

For example， the values for these parameters are assumed by Ao = 1 ， v = 1 ， P = 6 and 

円=0.025・Figure1.14 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 (TWT A)， 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. 

F(y)=-2と7
""n'"' (1 +β~r") 

(1.46) 
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where.， r is the amplitude of input signal，αaand 島町ethe p町ametersto decide the non-

'linear level of power ampli日er，andα:fJ and sfJ are phase displacements. The values for these 

p町ametersare assumed by α'a=2， sa=l，α'fJ = 2 and sfJ = 1 which can approximate the 

standard TWTA. F or these p釘ameters，figure 1.14 shows the AM-AM and AM-PM 

conversion characteristics of TWT A when assuming the above values for the parameters. 
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Fig.l.14. Input and output relationships forSSPA and TWTA. 

1.5.3 Satellite Channel 

Basic concepts of satellite communications system are illustrated in figl汀e1.15. Form 

figure 1.15， satellite communication sy取 m 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 oftransmitter 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 HP A. Thereforeラthesatellite communication system 

can be modeled as following. 

MOD DEMO 

(C別)up (CIN) dw 

Transmit Earth Station Satellite Receive Earth Station 

Fig. 1.16. Satellite system model. 

1.5.4 Effect ofNon-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幽off(IBO) The 

operation point of non・linearamplifier is defined by the Input Back-Off (IBO)， which is given 

by the following equation. 
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IBO=向そ (1.48) 

where 凡isthe前 eragepower of input sigr凶 tothe non-linear amplifier and Po 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. 
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Fig. 1.17. BER performance versus ClN 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. 1n 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 1 Gbps， 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 ca汀iertransmission scheme with multi-level QAM would cause the fatal degradation 

of signal quality due to the inter-modulation noise incurred at the non-linear channe1. 

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 

technique is also employed as the standard transmission technique in the next generation of 

mobile communications systems (L TE). 

One of the limitations of using OFDM technique is the larger Peak to Averaged Pow位

Ratio (P APR) of its time domain signal. The larger P APR signal would cause the severe 

degradation of bit e汀orrate (BER) performance and the undesirable :frequency spectrum re-

growth both due to the non-linear distortion occurring in the non-linear ampli日erwhich 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. 

1n 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 pe巾 rmanceand undesirable frequency spec加 mre-growth for 

the larger PAPR signal due to the occurring of inevitably higher non-linear distortion. 

1n 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) P APR 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ラthecharacteristics 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・AMand AM-PM conversions characteristics of non-linear amplifiers by using low 

PAPR (Peak to A veraged Power Ratio) preamble symbols. 

This thesis demonstrates the effectiveness of proposed IDAR method whei1 applying the 

satellite communication systems. From the computer simulation results， it is concluded that 

the proposed IDAR method can achieve the higher仕ansmissiondata rate and higher efficient 

usage of non-linear power amplifier with keeping the better BER perforrnance even in the 

non-linear satellite channe1. 

As for the second method， this thesis proposes P APR 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 whichleads 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 P APR 

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 1 and Type II. Type 1 is to 

perform the permutation only for the first Ml2 subcarriers， while Type 11 is to perform the 

permutation both for the first and the last part of Ml2 subcarriers. Although the computation 

complexity for the Type 11 is larger than Type 1， the improvement of PAPR performance for 

the Type 11 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 
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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 P APR 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. F orm 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 P APR 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 ofthis thesis is organized as follows. 

Chapter 2 presets non-linear distortion compensation method. Section 2.1 in仕oducesthe 

basic background and problems of conventional method. Section 2.2 presets clipping and 

inter-modulation noise mitigation method for OFDM signal in n01トlinearchannel. Section 2.2 

explains structure of OFDM transmitter， Improved DAR (IDAR) method， generation of low 

P APR 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 

signal. Section 3.3 presets conventional weighting factor of PTS method. Section 3.4 

describes proposal of new weighting factor of PTS method. Section 3.5 describes the 

evaluation ofproposed method. Section 3.6 is cbnclusions. 

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仕ansmitsequence (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 describes the evaluation ofproposed method. Section 4.5 is 

conclusions. 

Chapter 5 presets proposal of new P APR 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 1 and Type II. 

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 ofthis thesis is given in Chapter 6. 



CHAPTER2 

NON-LINEAR DISTORTION COMPENSATION 
時IETHOD

The future satellite communication systems are required to support the higher 

transmission data rate for providing multimedia 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 to 

A veraged Power Ratio) would cause the fatal degradation of signal quality due to the non-

linear amplifiers located at the earth station and satel1ite. To overcome this problem， this 

chapter proposes broadband satel1ite communication systems by using the multi-level QAM-

OFDM technique with IDAR (Improved Decision Aided Reconstruction) method， which is 

designed for satellite channe1. 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 veri命theeffectiveness of 

proposed system in the non-linear satel1ite channe1. 
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2.1 Introduction 

The future satellite communications including the fixed， mobi1e and broadcasting 

systems are required to support the higher仕組smissiondata rate for providing the multimedia 

services， which釘ealready avai1able in由eterres仕ialnetwork [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 P APR would 

cause the fatal degradation of signal quality due to the inter-modulation noise incuηed at the 

non-linear amplifiers located at the住ansmitearth station and sate1lite [13]-[17]. From this 

r~ason， the modulation method used in the current satellite communications is 'usually limited 

by low仕ansmissiondata rate of using QPSK method， which has the robus加essto曲enon-

linear distortion fairly because of its better P APR performance as comp訂edwith that for the 

multi田levelQAM modulation method. 

On the other hand， the Or血ogonalFrequency Division Multiplexing (OFDM) technique 

has been received a lot of attentions especially in the field of terres凶alwireless 

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

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

receiver[16]-[19]. One ofthe disadvantages ofusing也eOFDM signal is that its time domain 

signal has the larger P APR， which causes the degradation of BER performance in the non-

linear amplifier. From this reason，出eOFDM has been considered as unsuitable transmission 

technique for the satellite channel aIthough it， has a potential capabi1ity to improve the 

transmission data rate by employing the multi-level QAM with less complexity structures of 

transmitter and rec，eiver. 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 inc1udes. 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 da阻 atthe receiver and 

achieve the higher回 nsmissiondata rate with keeping the better BER perform佃 ceevenin 

the non-linear channe1. In白eIDAR method， however the input and output relationships of 

non-linear amplifier characteristics are required at the receiver. The evaluation of proposed 

OFDM-IDAR method in [67] was assumed白紙 the ideal input and output relationships of 

創nplifiercharacteristics 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 sate1lite channel with keeping the betler 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ラbyusing the low P APR preamble symbols inserted at the start 

of every frame. The proposed estimation method for non-linear amplifier characteristics could 

， achieve the betler accuracy even when the characteristics of non-linear amplifiers located at 

the earth station and sate1lite are changed frequently due to the aging or operation 

environments. 

In this chapterラ Section2.2 firstly presents clipping and inter-modulation noise 

mitigation method for OFDM sig:ral in non-linear channel. Section 2.3 presents the satellite 

system model. Section 2.4 proposes the OFDM-IDAR method designed for sate1lite 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 sate1lite channel and presents the various computer simulation results to 

ven命theeffectiveness ofOFDM-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 MitigatioD Method for 

OFDM Signal in Non-Linear Channel 

2.2.1 Structure of OF百MTransmitter 

Figure 2.1 shows the structure of OFDM仕組smitterwith clipping method. In the figure， 

transmission data is frrst modulated in the仕equencydOniain by using the certain modulation 

technique. The frequency domain signal Xn after adding the zero padding is conve巾 dto the 

time domain signal xk 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.百leover 

sampled time domain signal xk can be given by the following equation (1.1) and (1.2).百len

由egu町dinterval (GI) is added to (2.1) to avoid the inter symbol interference (ISI) in由e

multi-path fading channel. The time domain signal wi由 GIis clipped by the following 

equation so as to improve the P APR performance. 

Iろ IXkl壬Ac
Yk = 1 Ace1{叫 (Xk)}IろI>Ac (2.1) 

where Yk is the clipped signal with the maximum ampli佃deof Ac' In this chapter， the 

clipping level (CL) is defined by the following equation. 

CL(dB) = 101og(A/ / Es) (2.2) 

where Es is the averaged power of transmitted signal. 

Since the clipping operation given by (2.1) is the norトlinearoperation， the clipping noise 

would fall bo也 in・bandand out-band of OFDM desired signal bandwidth， which cause the 

degradation of BER performance and the undesirable spectrum re-growth， respectively. 

Althou偵theundesirable spectrum re-growth can be reduced by using the pre・filteras shown 

in Fig.2.l，由eP APR 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 2.6.百leemplo戸nentof pre-filter is also problematic on由e山 ageof 

conventional DAR method proposed in [44]. In由eDAR 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由isproblem， we proposed the modified DAR method by 

using the in-band企equencydomain signal， which is not affected by the pre・filterbecause the 

bandwidth of pre・filteris wider than the desired OFDM signal bandwid由.
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The transmission data symbols at the output ofpre-filter are formed by the burst frame as 

shown in Figユ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仕equencyresponse 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合equencyresponse due to the 

multi-path fading is sufficiently ，slow over one burst合ameduration because the moving speed 

of terminal is usually static or very slow. From this fact， the channel frequency response 

estimated by using the preamble symbols inserted at the start of every burst frame as shown in 

Figユ2can be used in the frequency domain equalization for the data symbols transmitted 
a抗erthe 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) =F[I刷 IJ.eJoarg{利} (2.3) 

where， z(t) is the up converted RF si伊al，and F[ ] represents the AMI AM conversion 

characteristics of non-linear amplifier which is modeled by the following equation [14]， the 

values for these parameters are assumed by Ao = 1 ， v = 1 ，p = 2 and 円=o. 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 SSP A. The OFDM signal at the output of amplifier including the original signal 

x(t) ， clipping noise c(t)， band limitation noise b(t) and the inter-modulation noise p(t) 

can be given by the following equation. 

s(t)=χ(t)キc(t)キb(t)キ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(t) 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 s仕onglyrelated to the original signal x(t). Howeverヲ theIDAR 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 

pu叩oseof easy explaining for the following proposed algorithm. 

Xn x k Yk z k z(t) s(t) 

Fig.2.1 Structure of OFDM transmitter with c1ipping. 

Burst Frame 

Data Symbols 

r
L
 

司

A
J
u

a
b
 

D
m
 
vd 
口
δ

Fig. 2.2 Structure of burst frame format. 

1n this chapterラ wepropose the improved DAR (1DAR) 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 transn'litter with keeping the better 

P APR 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. 

1n 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 Fig.2.1. 

2.2.2 Structure ofProposed IDAR Receiver 

Figure 2.4 shows the struc加reof proposed 1DAR receiver. 1n the figure， the received RF 

signal r(t) is first down converted (D/C) to the base band signal and digitized by A/D 

converter. The time domain sampled signal rk after removing the G1 can be expressed by the 

following equation. 

九=(Xk+ら+ι+Pk )(i!)hk +wk (2.5) 
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where xk and wk represent the original signal and additive noise in the sampled time domain， 

respectively.ら，ιラ andPk represent the clipping noise， band limitation noi民 andinter-
modulation noise， respectively all of which are induced at the transmitter as shown in Fig.l. 

九and③denotes 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. 

1¥， =(Xn +Cn +乃).Hn+~ (2.6) 

In (2.6)， the capital letter represents the企equencydomain signal， which corresponds to 

its smallletter given in (2.5). As comparing with the time domain signal given by (2.5)， it can 

be seen the difference仕om(2.6)廿latthe frequency domain signal includes no band limitation 

noise over the desired 企equencybandwidth because the bandwidth of pre同日lteris 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企ameas shown in Figユ2.Although the 
preamble symbols are inserted after the clipping circuit as shown in Figユ1，the estimation 
accuracy of channel frequency response would be degraded due to the non-linear amplifier if 

the preamble symbols is generated by using the random pilot data pa仕emsimilar 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. 

Fig.2.3 Structure of proposed IDAR receiver. 
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2.2.3 Generation ofLowPAPRPreamble Symbol 

In the generation of low PAPR preamble symbol， this chapter employs the Time-

Frequency domains swapping 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企equencydomain OFDM sub-carrier with keeping the constant 

amplitude can be optimized so as to minimize the P APR performance in the time domain 

signal. Fig.2.4 shows the envelopes of preamble symbol in the time domain with and without 

the Time-Frequency domains swapping algorithm.百leresults of P APR performances for 

Fig.2.4 (a) and (b)町'e8dB and l.4dB， respectively. 

FI"om the figure and the results of P APR performance， it can be concluded that the low 

PAPR preamble s戸nbolcan be used for the accurate estimation of multi-path fading channel 

response in the non-linear channel. 

From the facts血atthe low PAPR preamble symbol is added at the outputofpre・filteras 

shown in Fig.2.1 and its envelope of time domain signal is almost cons句ntas shown in 

Fig.2.4(b)， the received low PAPR preamble symbol in the frequency domain can be given by 

・thefollowing equation. 

R: =X: .Hn+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丘'equencyresponse 

afi島ctedby the multi-path fading can be estimated by the following equation企omthe fact 

也atx:仕組smi伽 din the low P APR preamble symbol is known at the receiver. 

九 =~/X:
=Hn+W: /X: 

(2.8) 

By using (2.8)， the data symbolωn be equalized by the following equation in the 

企equencydomain. 

Rn =Rn/ Hn 
(2.9) 

=Xn +Cn +凡+FRf
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ln 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仕omthe received signal so as to improve the 

BER performance. 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 lmproved 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 ofthe following equation. 

え=ゅ|え-xl (2.10) 

By using (2.10)， the signal distances between the received signal point and all candidates 

transmitted signal points are caiculated， and then find the signal point with the minimum 

signal djstance， 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 e汀orsin (2.10)， the decision data including the e汀orscan be given 

by the following equation. 

Xn =Xn +ι 
I 0 

F. =~ 
Hixn-xn 

(n=O-N-l) 

if Xn =Xn 

if Xn *Xn 

(2.11 ) 

where， F;， represents the eηor data at the n-th sub-carrier. By using (2.11)、inthe frequency 

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

N-I 2πnk N-I 21mk 

九=ZxneJ7+玄ιeJ7
(2.12) 

=Xk+ h 

From (2.12) in the time domain， it can be observed that the e町ordata in the合equency

'，domain 1うisspread over the OFDM symbol time duration where the amplitude level of h at 

k-th sapling time becomes smaller because the total power of e汀ordata 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 e汀ordata are few after the decision of data 

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

domain signal which is converted by IFFT企omthe frequency domain decision data can be 

used for the reconstruction of eηor 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， PI・e-filteroperation and Aお11AM 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ユ1.The clipped signal can be given by the following equation. 

[九|九|豆Ac
Yk = 1 Acei同 (2.13) 

The clipped signal is also processed for the same operation of pre-fi1ter and non-linear 

amplifier at the transmitter. The output signal after the non-linear amplifier operation is given 

by the following equation. 

Sk = F[lzklle川 ω (2.14) 
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where Zk is the time domain signal at the output of pre同filteras 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 A恥11AM 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-mQdulation noise， (2.14) can be approximated 

by the following equation. 

主=為+ek+bk + A (2.15) 

By using (2.15)， the e汀orsignal including all types of noises can be given by the 

following equation. 
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(2.16) 

Thee汀orsignal is then converted to the frequency domain signal by FFT， which is given 

by the following equation. 

En =Cn+~ (2.17) 

In (2.17)， the band limitation noise in the frequency domain is not existed in the desired 

合equencybandwidth of OFDM signal because the bandwidth of pre-filter is taken wider thal1 

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. 

R" =Rn -En 

= Xn +(Cn -Cn) +(え-~)+~

包Xn 十~

(2.18) 

If the BER pel，"formance of (2.18) is better than that for (2.9)ラ theBER performance 

could be improved further by repeating the above procedures from (2.11) to (2.19) as shown 

in Fig.2.3. From the白ctas 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 ofBER performance would not occur during the iteration of 

above procedures. This wil1 be also confirmed by the performance evaluation in the next 

section. The proposed IDAR method on the basis of above proc怠durescould provide the 

better BER performance even when the non-linear amplifier is operated at the saturation 

reglOn. 
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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 SoIid State 

Power Amplifier (SSPA)， which is modeled by Rapp [13].百leAM-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 Av == 1 ， v = 1 ， P = 6 and 円=0.01 which can approximate the standard 

characteristics of SSPA 

The output signal of SSPA， which corresponds to the upIink signal in the radio企equency，

can be given by the following equation 
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where s(t) is the OFDお1:signal at the input of earth station amplifier SSP A. The signal given 

by (2.19) is transmitted to the satellite and then input to the satellite non-Iinear創npIifiera抗er

. converting from the uplink to down Iink radio frequency. The non-linear amplifier located at 

the satellite station is assumed by the TraveIing Wave Tube Power Amplifier (TWTA)， which 

is modeled by Saleh [14]. The AM・AMand AM-PM conversion characteristics of TWTA 

modeled by Saleh are given by the following equations (1 A6) and (1.47)， respectively. The 

values for these parameters are assumed byα'a =2ラ氏=1 ，α。=2 and so = 1 wtich can 

approximate the standard TWT A. 

Figure 1.14 shows the input and output relationships of AM-AM and AM自PM

conversion characteristics for both SSP A and TWT A when the parameters are given by the 

above values. In this chapter， we assume the higher non-Iinearity for the satellite amplifier 

(TWTA) than that for the earth station ampIifier (SSPA) as shown in Fig.1.14. By using 

(2.19)， the output signal of TWT A， which co汀espondsto the' downlink signal in the radio 

frequency， is given by the following equation. 

仏 (t)= Fs [Isup (t)IJ i{arg[s.p(I)]+鳥[Isup(t )IJ) (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 OFDJ¥ιIDAR Method for Satellite Channel 

This chapter proposes OFDM-1DAR method designed for satellite channel， which 

included two high non-linear amplifiers located at the transmit earth station and satel1ite. To 

apply the OFDM technique to non-linear satel1ite channel， it is requesfed to mitigate the non-

linear distortion occurred at the transmit earth station and satellite. The OFDM-1DAR 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-1DAR method 

designed for satel1ite channel. The received downlink radio :frequency signal affected by the 

non-linear amplifiers at the仕ansmitearth statiort and satellite創nplifiersis given by the 

fol1owing equation. 

r(t) = s伽 (t)+w(t) (2.21) 

where Sdll'(t) is the downlink signal given in (2.20)， and w(t) is the additive white Gaussian 

noise (A WGN). The received RF signal r(t) is first down converted (D/C) to the base band 

signal and digitized by AID 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 (G1)， can be expressed by the fol1owing equation. 

r'(m，k) = r(m，k).e-j申み (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 k-th time domain sampled signal 

ofm・thOFDM symbol， respectively. The phase rotation ofφ:1 due to the SSP A and TWT A 
at the operation points that is input back-off (IBO) can be estimated by using the low PAPR 

preamble symbols ofwhich 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 fol1owing equation. 

R'(m， n) = S(m，n) + I(m， n) + W(m，n) (2.23) 

1n (2.23)， the capitalletter represents the frequency domain signal on n品 subcarrierof 

m-th OFDM symbol， which corresponds to its smal1letter given by (2.22) in the time domain. 

By using (2.23)， the decision for the information data S(m， n) can be made for each sub-carrier 

in the合equencydomain. 

ln the IDAR method， the time domain signal s('m， k)， which is converted from the above 

decision data S(m，n) in the合equencydomain， is used for the recons仕uctionof inter-
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modulation noise. This is based on the factthat the OFDM time domain signal converted企om

the decision data in the仕equencydomain， which incIudes even some decision errors， would 

be almost the s創neas the original time domain signal without e町or.

The decision data S(m，n) in血efrequency domain can be expressed by the following 

equatlon 

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. 

10 if S(m，n) = S(m，n) 
F(m，n) = ~ 

lS(m，n)-S(m，n) if S(m，n) =F-S(m，n) 
(2.25) 

The time domain signal， which is converted企omthe合equencydoniain signal of (2.25)， 

is given by the following equation. 

N-/ ，2trnk 

s(m，k) = "LS(m，n)-/Tl 
N-/ 21f11k N-J 2tr"k 

= "LS(m，砂 /Tl+玄F(m，n)-/Tl (2.26) 

11=0 ，，=0 

=s(m，k)+ f(m，k) 

where s(m，k) shows the original time domain signal without decision e町orand f(m，k)shows 

the time domain signal for the decision e汀oroccurred in the frequency domain. From (2.26)， 

it can be seen that the decisioIi error occuηed in the企equencydomain is spread over the N 

sample time domain signal and level of f(m，k)would be relatively smalI as c⑬mpared with 

s(m，k). From this fact， it can be cOQcluded that the time domain signal s(m，k) which is 

converted企omthe合'equencydomain signal S{m，n) including decision error， can be 

approximated by the original signal s(m， k)・Figure2.6 (b) shows an example of relationships 

between s(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ユ6(b)， it can be observed that the time domain 
signal for the decision error is much smalIer than -the original signal and the time domain 

signal s(m，k)， which included 5 decision eηors in由e企equencydomain is almost the same 

as the original signal without decision eη'Of. From由is白ct，the inter-modulation noise can be 

recons仕uctedin the time domain by using .the decision data even including eηor in the 

企equencydomain. 

In the reconstruction of inter-modulation noise， the operation of non-linear amplifier is 

performed to the time domain signal， which is converted合omthe decision data in the 

仕equencydomain. Here， it should be notβd that the operations of non-linear創nplifiers面白e

IDAR method are performed on the digital sampled' data by assuming the same AM・AMand
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AM憧PMconversion characteristics as that operated in the radio仕equencyat the earth station 

(SSPA) and satellite (TWTA). The estimation method for non-linear amplifiers characteristics 

of SSPA and TWTA is proposed in Section 2.6. The time domain signal at the output of AMP 

as shown in Figユ6is given by the following equation. 

r'(m，k) = r(m，k).e-Jφザ

= s(m， k) + i(m， k) + w(m， k) 
(2.27) 

where， s(m，k) is the time domain signal converted from the frequency domain decision data 

S(m，n)ラ andFp and φp 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 incuηed at the SSPA and TWTA could be estimated by the following 

equatIon. 
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(2.28) 

where， the phase rotation of φ斗dueto SSP A and TWTA is given in Section 2.4. The inter-

modulation noise given by (2.28) is then converted to the企equencydomain 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. 

Preamble symbols 

s(m，k)+I(m，k) 

Fig. 2.5 Structure of proposed OFDM-IDAR receiver. 

R(m，n) = R'(m，n)-E(m，n) 

=S(m，川伽，n)一I(m，n)}+W(m，n) 
，::; S(m，n)+W(m，n) 

(2.29) 

If the BER performance for the decision data on (2.29) is betler 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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2.5 Estimation Method ofNon-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企equently

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 oft) of satellite TWTA would be 

also changed because the signal power in the uplink would be fluctuated due to the rain 

attenuatton. 

The non-linear amplifier characteristics are usually measured by changing the power 

level of continuous waves (pure tone signal)ラofwhich signal envelope is the constant in the 

time domain. However， the pure tone signal has the line spec甘umat the operating radio 

frequency with larger power level and this line spec加1mwould cause very large co-channel 

interference to other satellite systems employing the same frequency band. 

for method estimation the propose we conditions， these account into Taking 

characteristics ofnon-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訂etransmitted to the receive earth 

station before transmitting the data symbols. 

刀、，
o
J
』
臼
注
。
弘
司
nu
凶巴
ω〉
〈

Fig.2.7. Structure of proposed frame format. 

In the generation of low P APR preamble symbol， we. employed the time-企equency

domain-swapping algorithm [37]， which can optimize the phase value for each OFDM sub-

carrier so as to minimize the P APR. 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仕equencyspectrum 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 P APR 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 P APR 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. 

2 

z 

100 200 300 400 500 
Sample Number 

(a) Conventional preamble symbol 

-8 1.51 …一山一一一 ω ……
国

主 n-
冨

< 0.5同

。 100 200 300 400 500 
Sample Number 

(b) Low P APR prearnble syrnbol 

Fig.2.8. Envelope of preamble symbol in the time domain. 

From the proposed企amestructure 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 

児島rencepreamble 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 ampli五ercan be expressed in the 

values relative to the transmission power level ofreference 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 OdB， the 

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

ι肌脚九t=1O[均O句叫偽gあ.glol子引I(向仰m昨1戸戸戸=心: (2.30) 
¥ • r.健'efJ
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where， P，~ and弓fare the transmission power levelsほ them-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. 

1 N-[ 

ι=京芸Ir(m，k)l' (2.31) 

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. 

花田=箔雪[ぇ:] (2.32) 

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. 

小川。(乏)(m=I-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白nctionof the input power levels for K preamble 

symbols. The AM・AMconversion characteristics between measurement results of twd 

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

2.5.2 Estimation of Al¥ιPM 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. 

j(偽(A)叫(長II
(m，n) = S(m，n).e (2.34) 

where， S(m，n) is the transmitted data on n-th sub-carrier of m-th symbol， p; andι;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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(2.35) 

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 ofreference preamble symbol is taken as the same as that for the 

data symbols as shown in Fig. 2.7. 

The required dynamic range ofpower level between the first and K・由preamblesymbols 

can be decided on the basis of averaged power level of transmission data symbol and possible 

d戸lamicrange of power level for OFDM data s戸nbolin the time domain. The dynamic range-

of power level for OFDM signa:l is' usually around 30dB from・20dB.to10dB at由ecenter of 

averaged power level of OdB. From these facts， the required d:戸1創nicrange of power level 

over由epreamble symbols can be set企om・10dBto + 1 OdB in which the power level of 

reference symbol is set by OdB. Here， the input and ou中utrelationships of non-linear 

ampli日er企om・20dBto・10dBcan be estimated precisely by using the extrapolation method， 

because these regions ofnon-linear amplifier・canbe assumed as the linear characteristics. 

Figure 2.9 shows the actual and estimated input and ou中utrelationships of non-linear 

創nplifiercharacteristics when the input power level of reference preamble symbol is・4dB.

Here， the input level of reference preamble symbol is co汀espondingto由eIBO of data 

symbols. To simpli命theexplanation， the nOIトlinearamplifier is assumed only旬 useTWTA.

From Fig.2.9 (a)， it can be seen that the input level of nori-linear amplifier for 11 low P APR . 

preamble symbols is changed企om・14dBto 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邸 shownin Fig.2.9 (b). In Fig.2.9 (b)， it should be noted出atthe estimated 

characteristics of non-linear amplifier is obtained only by the 1可~lative input and ou中ut

relationships， which is normalized by the power level of reference preamble symbol. Since 

the inter-modulation noise is recons仕uctedby 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 high町、estimationacc町acyc組 be

achieved even when the characteristics of non-linear amplifiers located at由eear由stationand 
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satellite are changed合equentlydue 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 P APR preamble symbols. The accuracy of proposed estimation 

method with the interpolation and extrapolation methods would depend 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 

method is presented in the next section. 
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2.6 Performance Evaluations 

This section presents the various computer simulation results to verifシtheperformance 

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 A WGN 

channel， which co町'espondsto the fixed and broadcasting satellite systems. The achievable 

transmission data rate for the proposed OFDM・IDARmethod is 90.1Mbitls by using the 

合equencybandwidth 25MHz out of 27MHz which is taken into account the interference to 

adjacent channel. In由e旬ble，由ep訂'ametersfor conventional single carrier (SC) 

transmission with 16QAM町ealso shown as由epurpose of comparison with the proposed 

OFDM-IDAR method. The仕amelength for the proposed method is assumed by 22.73ms 

including 11 low PAPR preamble symbols and 1000 data symbols. Assuming this企ame

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由e

uplink. 

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 Mbitls 

Proposed OFDM-IDAR Method 

Number ofFFT points 512 

Number of sub-carriers 128 

Symbol duration 4.92 us 

Guard interval 0.1 us 

Number of preamble symbols / frame ， 11 

Number of data symbols /仕ame 1000 

Frame duration 5.08 ms 

Transmission da臼rate 100.8 Mbitls 
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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 estimatioll' method. All cases are taken by 

20dB as the dynamic range from・10dBto 10dB. The number of pre創nbles戸nbolsfor Cases 

1， 2 and 3 are taken by 21， 11 and 5， respectively. In Table 2.2， the Ideal means that the 

characteristics ofnon-linear amplifiers both for SSPA and TWTA are given by equations (1)ラ

(2)， (4) and (5). Table 2.2 shows the computer simulation results on the required C/N to 

achieve BER=10-4 for all cases. In the simulationラ onlythe 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=10-4 with 1.2dB degradation合omthe 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 s戸nbolsof which 

power levels are increasing by 2 dB step合om-1 OdB to + 1 OdB 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)dw 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ユ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企omthat the non-linear characteristics of 

SSPA can be considered as the linear because of taking enough IBO at the transmit earth 

stahon. 

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 SSP A 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)dw =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. 

Power allocation of preamble symbols 
No.ofpreamble Required C/N at 

symbols BER=10.4 

Ideal NA NA 19 dB 

Case 1 ー10dBto + 1 OdB by 1 dB step 21 20.2 dB 

Case 2 -10dB to + 1 OdB by 2dB step 11 20.2 dB 

Case 3 -10dB to + 1 OdB by 5dB step 5 21.8 dB 

Figure 2.11 shows the BER performances at the downlink (C/N)dw=20dB both for the 

conventional SC transmission method and OFDM-IDAR method when changing IBO of 

satel1ite TWT A. The IBO of仕組smitearth 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)dw is defined by using the desired signal power at the.output of 

守satel1iteTWT A of which IBO is OdB. In this definition of (C/N)dw， the actual received C/N at 

the receive earth station would be changed丘omthe given (C/N)dw according to the IBO of 

TWTA. The power ofinter-modulation noise could be improved as decreasing IBO ofTWTA 

while the desired signal power at the output of TWT A 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 

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由atthe OFDM・IDARwith proposed estimation 

method has the optimum TWT A 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 pioposed 

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)dw・Inthe simulation， the optimum IBO for 

sateUite TWTA are taken by -4dB and -8dB for the proposed and conventional SC methodsラ

respectively based on the results ofFigユ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 conc1uded 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 satel1ite channe1. 

2ふ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 TWT A 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・IDARwith 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)dw =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)dw =20dB both for the 

conventional SC transmission method and OFD恥ιIDARmethod when changing IBO of 

satellite TWTA. The IBO oftransmit 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)dw is defined by using the desired signal power at the output of 

satellite TWTA ofwhich IBO is OdB. In this definition Of(C/N)dw， the actual received C/N at 

the receive earth station would be changed仕omthe given (C/N)dw 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. ln-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ラandcan evaluate 

the usage of power efficiency of non-linear amplifier. 
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From the figure， it can be observed that the OFDM-1DAR 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. 

1t 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. 1n other words， the proposed 

OFDM-1DAR 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; 

。
10 

白白砂 Ideal 

ト : ・唱-Proposed Method -

。リ
ea-A 

出
M
同
箇

oi:ii詰IZiL:::;;三三烹民i

10-2 

~.. ..-.... -------_、 ーー一 ー一 -....-_ 、...........--_...__.."..，....ー ー_..._._-~..... 一ーもー._._._-...._....'

10-5一一一一一一L.______一一一一一一」一一一」一一一一一一一一____J，一一一一一一一一
o 1 2 3 4 . 5 6 7 8 

.Number ofIterations 
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Figure 2.13 shows the BER performances both for the conventional SC and OFDM-

1DAR methods when changing the downlink (CIN)dw・1nthe simulation， the optimum IBO for 

satellite TWT A are taken by -4dB and -8dB for the proposed and conventional SC methods， 

respectively based on the results of Fig.2.1 O. The IBO of earth station SSPA is fixed by -3dB. 

From the figure， it can be observed that the OFDM-1DAR 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・1DARwith 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 
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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 channe1. This chapter 

also proposed estimation method for non-linear satellite amplifiers by using the low PAPR 

preamble symbolsラwhichis required for the IDAR method. From the computer simulation 

results， we confirmed that the proposed estimation method for non-linear amplifier 

characteristics can achieve the betler accuracy and can be used in the IDAR method. We also 

confirmed that the OFDM-IDAR system with the proposed estimation method shows much 

betler BER performance than that for the conventional single carrier transmission method in 

the non-linear satel1ite channe1. From these results， it could be conc1uded 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 satel1ite services with 

keeping the betler BER performance. This chapter presented the evaluation results only in the 

A WGN channel assuming the fixed and broadcasting satellite systems. The proposed method 

could achieve the betler BER performance even for the mobile satel1ite systems inc1uding 

multi-path fadingヲbecausethe proposed method is based on the OFDM technique. 



CHAPTER3 

A NEW WEIGHTING FACTOR OF PTS OFDM WITH 
LOW COMPLEXITY 

Partial Transmit Sequence (PTS) method is a weU -known method which can reduce the 

peak-to・averageratio (PAPR) for an OFDM signal. A m司ordrawback of PTS method is its 

higher computation complexity due to由enecessity of larger number of inverse白stFourier 

transforms (IFFT). The PTS method with low compu旬.tioncomplexity， called decomposition 

PTS sub-blocking was proposed [17] which employs the radix-r inverse fast Fourier 

仕組sform(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 P APR reduction similar to other PTS techniques. On 

the other hand， PTS method can improve P APR reduction performance very well as 

increasing a number of weighting factors and clusters. However， the size of side in白rmation

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 propose the new weighting factor technique in conjunction with D・PTSsub-

blocking technique which can improve bo白白eP APR performance and compu臼tion

∞mplexity 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合'equencybandwidth 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 

terres仕ialdigital broadcasting system [2・4].One ofthe limitations for using OFDM technique 

is the larger P APR of its time domain signal. The larger P APR signal would cause血esevere 

degradation of 凶 errorrate (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町'emultiplied by weighting factors. Although 

the P APR performance can be improved by multiplying the optimum weighting factor， the 

weighting白.ctoremployed at the仕ansmitteris required to inform to the receiver as side 

information. In the PTS method， the P APR reduction performance can be improved as 

increasing the number of clusters or weighting factor. However， the compu阻tioncomplexity 

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 

p町titionedinto a number of intermediate signal subsequences. Then， the remaining stages of 

DIF・IFFTare applied to each of the intermediate signal subsequences and the resulting signal 

subsequences are summed a抗erbeing 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 P APR 

reduction as that ofthe 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 complexi句r.The proposed method can show the better PAPR reduction 

performance由組曲atfor the DIF・PTSmethod without any increasing of the size of side 

information and comp蜘 tioncomplexity. 

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由eproposed method and Section 3.5 presents various computer 
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simulation results to verifシtheeffectiveness 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. P APR 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 di甜 ibuted(i.i.d.) complex Gaussian random variables with zero 

mean and unit variance. The statistical prope此iesof OFDM signal x(k) in the time domain 

can be also considered as由ei.i.d. Gaussian random variables with zero mean and unit 

variance. Since the data information prior to the modulation is usually considered邸由e

random pattem， 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 P APR wil1 be changed according to the pa伽 mof input information da阻，

employed modulation method and the number of sub-carriers~ 

The number ofPAPR values for all ~ind of data sequences can be.given by the following 

equation which depends on the type of modul祇ionmethod and the riumber of sub-carriers. 

ヰ'o/al= (Mod)M (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 P APR values becomes huge number. This means that社isvery hard to determine 

the optimum weighting factor in the PTS method which provide the best P APR performance-

as increasing the number of sub-carriers. However， the OFDM signal in出etime 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 ofsub-carriers for the pu叩oseof 

simply explanations. Fig.3.1 shows the rel紙ionshipbetween P APR value and data sequence 

number. In the figure， the modulation method is QPSK and the number of sub-carrier is 4. 

The possible da阻 information[0， 1，2，3] is mapped into complex number [1ザ~ 1ゾ，ー1+jand 

-1-.Jl， respectively. By using (3.1)， the possible number ofPAPR values is given by 256 (=44). 

From Fig.3.l， it c組 beobserved由atP APR .performance is cyclically changed and the P APR 

values for the first and the second are completely the same. 

The PTS method is a kind of multiple signal representation in the P APR reduction 

method. The conventional PTS method controls the phase of data sub-carriers by multiplying 

weighting factor and selects the lowest P APR for the transmitted signal. The weighting factor 

eJo using in the conventional PTS method is usually defined by.the following discrete phase. 
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o e{字Ii ~ 0， ...， W -1} (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， 7r]， the PAPR value has 

也esame [32] when the first cluster is fixed by one of the weighting factor and the second 

cluster is changed so as to obtain the lowest P APR performance. After multiplied由e

weighting factor， the P APR performance becomes the same because it' s cycHc of P APR 

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 P APR reduction performance by using those characteristics of 

OFDM signal in the time domain. 
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3.3. Conventional PTS Method 

In the PTS method， the data information in the frequency domainX(n) is partitioned into 

V c1usters aSX(V)(n)(1::; v::; V)・Allsub-carriers for each c1uster are multiplied by the 

weighting factor， b~v) =〆)so as to reduce the P APR performance. He眠 thephase value 
considered in each c1uster is given by the fol1owing equation. 

ø~V) ε(字li=O，...， W-l} (3.3) 

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

the following equation. 

Y(n) = Ib~V).X吋n) (3.4) 

where可)is the weighting factors， which are required to inform the receiver as the side 

information. The set of weighting factor for V c1usters are optimized in the time domain so as 

to achieve the better P APR performance， by using the following equation. 

y(k) = Lb~V).IFFT{X(V)(n)} 
(3.5)・

= Lb~V) 'xCV)(k) 

From (4) and (5)， it can be seen that the weighting factor can be multiplied either in the 

f記quencyor time domains and the optimized P APR performance is the same which can be 

given by the following equation. 

v=哲3? ♂祭II~b;XV(k) (3.6) 

where V is optimized argument that can reduce to the lowest PAPR performance. Af王er

optimization of phase value for each c1uster， 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 using the example in 

Fig. 3.2. When the似as叩 enceis divided into 2 c1usters and the number of weighting 

factor is assumed by 2 phases [0， Jr]， the PAPR performance ofinitial stage is 6.02dB (Al). 

After that the PAPR performance is reduced by using PTS method. All possible PAPR 

performances are [Al， A2， A3， A4] as shown in Fig.3ユThelowest P APR can be selected 
from the multiplied weighting factor. From Fig. 3.2， it can be observed that P APR 



67 
3-.3. Conventional PTS Method 

performances have the same performance for Al = A4 and A2=A3， respectively. From this 

reason， the calculation of P APR performance is unnecessary for the second clusters because 

the P APR value. of second period is the same as the P APR 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 ofNew Weighting Factor with Low Complexity 

3.4.1 Proposal ofNew Weighting Factor with Low Complexity 

In the proposed method， the input data block is partitioned into the cluster as由esame as 

conventional PTS method. There町'ethree methods for making the cluster. These three 

methods include the adjacent partition， interval partition and random partition.百lesimple 

explanation of proposed method is we refer to由eadjacent partition method. However， the ， 

simulation shows the interval method was found to have the better P APR reduction compared 

to other methods. The proposed new weighting factor technique can apply to all ofthese 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 employ the different weighting factor although these two have 

the predetermined relationship. The企equencydomain signal for the proposed method can be 

given by， 

Y(n) =玄(巧VXfV(n)+月VX"V(n)) (3.7) 

where brv andb"vare weighting factors for the first and second parts at tne v-th cluster， 

respectively. X ，V (n) and X IIV (n)町etheda旬 sub-carriersof first and second parts at the v-th 

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

by eJ似vand eJo:v ， respectively which町egiven by the following equation. 

中;=中':12
利子i= O，...，W -1} (3.8) 

where砂，is the phase coefficient for the first part of clusters， and O" is the phase coefficient 

for the second p制 s.From (3.3) and (3.8)， it can be seen由atthe conventional and proposed 

PTS methods have the same number of weighting factor W. All possible PAPR performances 

of proposed method can be given by [Bl， 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 P APR 

performance in the自rstperiod and they are not repeating like the conventional PTS method 

(AI-A4). In the assumed example， the B2 sequence will be仕組smitted錨 thebest P APR 

performance. From this fact， the proposed method shows better P APR 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 

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

(3.9) n = 0，1，…，N -1 
N-I 

X(n) = Lx(k)T;k， k = 0，1，...，N-1 

as， 
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As the IDFT can be computed by taking the complex conjugate of the input and ou中ut

sequences while using the s創neDFT 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 r x N / r -point DFTs 

recurring through m = logr N stages. The value of r corresponds to a radix-r FFT algorithm. 

The DIF radix-r FFT of (9) is given by 

成

仇
T
L
J
 

、.Eノザ、.Eノ.九
ト

r
N
一r+
 

Lκ 
rs
・‘‘、x
 

品、，，臼
J
円

〆，
.. 、

〆
a
E

‘、

叫
す
'
ロ

一一、‘
，
Jo
 
n
 
+
 
n
 
r
 

〆，‘、X
 

(3.10) 

where no = 0，1，.・.，r -1 is the index of the biJtterfly outputs. As we consider the inputs to q stage 

for PTS sub-blocking， symbols and indices町erepresented with subscript q: xq and nq for an 

input and time index n，respectively，and xqand kqfor an ou中utX and frequency index k， 

respectively. Considering the form of (1 0)， the butterfly outputs at q stage町egiven by 

Xq{即死)=(芝Xq(kq +芦i)r;no)ポユ (3.11) 

wherekq=o，lv・.，(N/rQ)-J， nQ=O，I，.・.，(N/rQ)ー1，η=1，2，・..，rq-1and q = 1，2，・..，m， denotes a particular 

N / rq-1-point DFT at stage q . Fig. 4 shows the recursive reduction of the 17・由 N / rq-1 -point 

DFT to N / rq -point DFTs with DIF. radix-r at stage q. Hence， there町erq-1 x N / rq-1 -point 

pFTs at s旬geq. 1t is assumed血atthe input sequence is in normal order， and the ou中utis in 

digit-reversed order. Similarity， we can obtain the butterfly outputs at stage q for D1T. 

Fig. 3.4. Structure of OFDM transmitter with a low complexity PTS method. 
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The inputs. x; (nq + (N / rq )i) at stage q are used for cluster partitioning in白eproposed 

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 verifシ由eperformance 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 tak:en over sampling 

by a factor of 4 (L=4). The simulation p釘創netersto be used in the following evaluations are 

shown in Table3.1. 

Figure 3.6 shows伽 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也eproposed PTS method shows the better P APR reduction performance than 

the conventional PTS method. 

Table 3.1 Simulation Parameters. 

A. Modulation QPSK 

B. Demodulation Coherent 

Allocated bandwidth 5MHz 

C. Number ofFFT points 256 

Number of sub-carriers 64 

Number of cluster (V) 4 

Number of discrete phase (W) 2and4 

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曲at

the proposed method shows the better PAPR performance than the conventional OFDM and 

DIF-PTS method. 

Table 11 shows the .comp町isonsfor P APR performance and compu旬tioncomplexity for 

the Conventional OFDM， conventional PTS， DIF-PTS [17] and proposed method with DIF-

PTS methods. The compu阻tioncomplexity 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 P APR performance and the same computation complexity as the 

DIF-PTS method. 
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Fig.3.6. Comparison ofPAPR reduction performance with difference number of c1usters and phase. 

Table 3.2 Comparison of performances for various methods. 

PAPR performance at 10-.1 of Computation Complexity 

CCDF 

(m-q=4) (m-q=3) (m-q=2) (m-q=4) (m-q=3) (m-q=2) 

Conventional OFDM 9.8dB 9.8 dB 9.8 dB NA NA NA 

Conventional PTS 6.75 dB 6.75 dB 6.75 dB 100% 100% 100% 

DIF-PTS[l] 6.75 dB 6.75 dB 8.3 dB 63% 55% 48% 

Proposed method with 
6.25 dB 6.25 dB 7.3 dB 63% 55% 48% 

DIF-PTS [1] 
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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 rnethod. The feature ofproposed new weighting factor technique 

is to employ the special characteristics of OFDM signal of which P APR value is changed 

cyclically according to the pattem of input data sequence. By using this fact， we proposed the 

new weighting factor technique in which each cluster is divided two parts.百leweighting 

factors for the 1 st 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出at由eproposed method shows 

the better P APR performance and the same compu句tioncomplexity with keeping the same 

size of side information as compared with the DIF・PTSrnethod. 
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Fig. 3.7 Comparison of PAPR reduction performance between conventional PTS and proposed new PTS 

method. 



CHAPTER4 

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 keepirig 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 

inv:erse 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.圃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 (1・PTS)which can improve both the P APR 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 transrilission 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 (P APR) of its time domain signal. The higher P APR leads the 

fa凶 degradationof OFDM performance _in the nonlinear power amplifier located at the 

transmitter [17]. 

Partial凶 nsmitsequence (PTS) method [27・29]is proposed部 oneof 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' wi由in伽 IFFTand used the 

radix-2 decimation in由e合equencydomain (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 sぬgesofthe N-point radix FFT DIF algorithm. The DIF-PTS method can reduce the 

computational complexity relatively while it shows almost the same P APR reduction 

performance as that ofthe conventional PTS OFDM scheme. 

In由ischapter， we propose a new weighting factor technique for the PTS method 'in 

conjunction with DIF-PTS sub-blocking based on由eRadix-4， Split田Radixand Extended 

Split-Radix IFFT technique which can improve bo血thePAPR per.formance and compu阻tion

complexity. The proposed method can achieve the better PAPR reduction performance than 

that for the DIF-PTS method without any increasing ofthe size of side information. 

In the next section， the PAPR problem and conventional PTS are reviewed briefly. 

Section 4.3 presents the PTS-Based Di任erentFFT 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 veri命 the

effectiveness of the proposed method邸 comparingwith 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 k is the frequency. index. The discrete time-domain OFDM signal is obtained by 

taking an N-point inverse discrete Fourier transform (IDFT) of X(k) as given by the 

following equation. 

官 NーI

x(n) =京工X(明 nk (4.1) 

W油he悦r問en iおst倫hed白ISC悶r問et旬eか“刊-ti“1m鵬 e1凶nde牝x丸ラ九 =e戸Jρ2川(伽knowna出st恥hetwiddle f:白acto叫rの)ラ and/=一-l.The
f仕r悶equency-domai血ns討ignalX(付k)would be added con凶凶s坑t仕ructi討velyand a time domain signaI with 

large peak ampli加dewould 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 evaIuated precisely by using more than four times oversampling [4]， which 

is given by， 
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In the P APR reduction method of using the partial transmit sequences (PTSs)， the 

企equency-domainvector X(k) is partitioned into P disjoint sub-blocks as given by， 

X(k) = LX/k) (4.3) 

Let θp be the set of weighting factors with ()l = 0 which are applied to the sub-blocks 

Xp(k)・Thesubstitute合equency-domainsignal is given by [68]， 

X'(k) = 2:e}8p XP(k) (4.4) 

Taking the IDFT of (4.4)， and using the linearity prope此yof the IDFT， the following 

equation can be obtained. 

x'(n) = IDFT(X'(k)) = 2:eillp IDFT(Xp(k)) 
p~O 

(4.5) 
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= Z>j8Pxp(n) 

where xp(n) = IDFT(Xp(k)) are the P-th time-domain PTS. To determine the sequence x'(n) 

with the smallest P APR， the following optimization criterion is employed. 

[制，...， e~-lJ=夜明(♂まllx'(n)l} (4.6) 

In order to recover the data correctly at the receiver， the required side information is 

(P-1)log2W bits per OFDM s戸nbolwhere W is the number of weighting factors. According to 

(4.4)， P IDFTs釘'erequired to obtain x'(n) which would increase the significant computationa1 

complexity. 

In order to recover the data correctly at the receiver， the required side information is 

(Pー1)log2 W bits per OFDM symbol where W is the number of weighting factors. According to 

(4.4)， P IDFTs町'erequired to obtain x'(n) which can incur significant computational 

complexity . 

o N圃1

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

4.2.2 IPTS・sasedRadix 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 whi1e using the same DFT p町ameters，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 tOrxNlr-point DFTs 

recurring throughm =.logr N stages. 'f.he value of r corresponds to a radix-r FFT algorithm. 

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

X(r叩 (4.7) 
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where ko'Oざko:<;; r -1， is the index of the butterf1y qutputs. As we consider the inputs to stage q 

for PTS sub.:blocking， symbols and indices are represented with subscript q: xq and nq for an 

input x and time index mrespectively，which xq and kqfor an output X and fkquency index k， 

respectively. Considering the form of (4.7)， the buttert1y outputs at stage q are given by， 

勾(ぺ +k，)~(か(nq引が)ml (4.8) 

where kq=O，l，...， (N/rq)-l，nq=O，l，...， (N/rq)l，aI1dη，η=1，2，... rQ七denotesa particular 

N I rQ-1-point DFT at the stage q. Fig. 3.4 shows the recursive reduction of the ηーthNIrq-1-

point DFT to N I rq -point DFTs at stage q. It is assumed that the input sequence is in normal 

order， and the output is in digit-reversed order. Similarity， we can obtain the butterf1y outputs 

at stage q for decimation in time (DIT) domain. 

The inputs x;(nq+(N/rq)i)at s胞geq町eused 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. 3.3. 

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 fo:r' the I-PTS 

method can be given by， 

X(n)=2(emxJ(川~x:(n)) (4.9) 

where eje~ and eje; are weighting factors for the first and second parts at the p-th cluster， 

respectively.ヰ(n)andx;(n)arethe data sub-carriers of f1rst and second padsMthe p-th 

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

equatIon. 

4=(字i= 0，1ド 1}
(4.10) 

where4isthephasecoemcieMおr由efirst part of clu町民andθ:is the phase coefficient for p 

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

for the I-PTS method as compared with the case of x = 0.5・Ifαis0， the phase value of 
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second part of cluster can be ob阻inedby叫v)._ゆI(ν)= 0 and the weighting factor for the 

second part of cluster becomes b~V) =〆叶=1. This means白atthe 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 X. The best P APR performance can be achieved when X is 0 and the 

I・PTSmethod with X = 0 can reduce the computation complexity. From this fact， the I-PTS 

method shows betler P APR performance than conventional PTS and DIF♂TS method with 

keeping the same size of side information and lower computation complexity as the 

conventional PTS method. 

7.5 
一守一DIF-PTS，Number ofSubcarrieI-64 

-o-DIF-PTSヲNtimbぽ ofSubcanier= 128 
下I-9-DIF-IPTS，NumberofSubc紅rier=64
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Fig.4.2. Averaged PAPR Performance for the DIF・IPTSmethod when changing X. 
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4.3 Proposal ofNew Weighting Factor sased on Various FFT 

Algorithms 

4.3.1 Radix・4FFT Algorithm 

81 

A Radix-2 algorithm diagram can be transformed quite straightfo抑制lyinto a Radix-4 

algorithm diagram simply by changing the exponents of the twiddle factors. It is quite clear 

也enthat at each stage ofthe algorithm ofRadix-4 is betler for the odd terms ofthe DFT and 

Radix-2 for the even terms of the DFT. So， one mi凶tguess that res甘ictingthis 

仕組sformationlocally to the lower part of the diagram might improve the algorithm. It加ms

out that this is inde氾dthe case. 

In the proposed method， the input data block is partitioned into the cluster as由esame as 

conventional PTS method. The di首erenceof proposed method as compared with the 

conventional method is that each cluster is p町titionedby first and second parts as shown in 

Fig. 4.1. The first and second parts of cluster employ也edi旺erentweighting'factor although 

these two have the predetermined relationship. The企'equencydomain signal for the proposed 

，method can be given by equation (4.9) And， the weighting factors of proposed method訂e

given by the following equation (4.10). 

Computational Complexity Analysis， we define the f!lultiplicative complexity ofthe DIF 

IFFT algorithm as the number of complex m耐 plicationsby twiddle factors刀111and 
T;kO .The twiddle白.ctorsr;ko are仕ivial(:tl and土j);ifwe consider only radix-2 and radix-

4 and so they do not in柱。duceany multiplicative complexity. The number oftwiddle factors 

T;~~_I and T;ko at stage q for the DIF algori伽合om(4.8) is 

α~IF = rq-1 ( ~ -1 )r(r-l)+(r-2)+(r-l)2-11 (4.11) 
¥ r J~ -

DIF _ _.DIF •• _.DIF 
Which clearly shows白atαq+l くαq .thus，α:;". decreases through successive s阻ges.

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

number of r coηesponding to a radix-r FFT algorithm. 

Aq = Nr(rー1) (4.12) 

In the order to comp町e由emultiplicative complexi守betweentwo PAPR techniques， we 

defme由ereduction ratios as below. Where M:01al組 dMゐaremultiplication of fi附 and

second PAPR techniques respectively. 



82 
4.3 Proposal ofNew Weighting Factor Based on Different FFT Algorithms 

Rmu1 =l-(Mん1/Mt!tal) (4.13) 

where the overall multiplicative complexity for the PTS血baseradix-r FFT technique is given 

by 

M如tal-芝αq+P2αq (4.14) 

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 Section4.5. 

X(O) X(O) 

x(l) 

x(2) X(4) 

x(3) 

x(4) X(2) 

x(5) 叩 X(IO)

x(6) X(6) 

x(7) X(14) 

x(8) X(l) 

x(9) X(9) 

x(10) X(5) 

x(ll) 

主(12) X(3) 

x(13) X(l1) 

x(14) X(7) 

x(l5) X(l5) 

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 ofthe twiddle factors. It is 

quite clear then that at each stage ofthe 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 tums out that this is indeed the case. 

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

N-I 

4=Zxn17k 

where九=cos竺-lsm竺)
L川 N V N 1 

and it is decomposed into， 

N/2-1 

X2k =エ(Xn+X肝仰))17nk
N/4-1 

X4k+1 =エ(Xnール川))
N/4-1 

X4k+1 =エ(Xn一九仰))-j(丸山)-xnd(N/4))T7T;jnk
N/4-1 

X4k+3 =エ(Xn一九仰

(4.15) 

(4.16) 

The first stage of a Split-Radix decimation in the frequency. decomposition then replaces 

a DFT oflength Nby one DFT oflength N/2 and two DFT's oflength N/4 at the cost of(N/2・

4) general complex multiplications (3 real mu1tiplications + 3 additions)， and 2 

mu1tiplications by the eighth root ofunity (2 real mu1tiplications + 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 p町創neters，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 compu阻tionto rxN I r -point DFTs 

recurring through m = logr N stages. The value of r co汀'espondsto a radix-r FFT algorithm. 

The DIF radix-r DFT of(4.1) is given by， 
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 Fig.4.4. Split-Radix algoritbm witb lengtb 16. 

where ko' 0 ~ ko ~ r -1， is the index of the buttert1y outputs. As we consider the inputs to stage q 

for PTS sub-blocking，symbols and indices are represented with subscript q:xq and nq form 

input x and time index n，respedively，which xqmd kq for an output X and合equencyindex 

k， respectively. Considering由eform of (4.17)， the buttert1y ou中utsat stage q are given by， 

勾伐叫)~(か(n，+;' i};" J功21 (4.18) 

where kq =O，lv・・，(N/rq)-1 ， nq =0，1，...， (N/rq)ー1，and η ， T/ =1ム...rq-1， denotes a 

particular N / rqー1-point DFT at the s阻geq. Fig. 4.1 shows the recursive reduction ofthe T/・由
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N / rq-1 -point DFT to N / rq -point DFTs at s旬geq. lt 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 s阻geq for decimation in time (DIT)，domain. 

The inputs x; (nq + (N / rq )i) at stage q are used for cluster partitioning 面白eproposed 

PTS technique and the remaining m-q stages are used to compute the multipleなansformsas 

shown in Fig. 3.4. 

Computational complexity analyses， we define the multiplicative complexity of the DIF 

lFFT algorithm as the number of complex multiplications by twiddle factors T;;~_l and T/ko . 

The twiddle factors T/ko are trivial (::!:1 and :tj). Let M; be the number ofreal multiplications 

neede<f to perform a 2m-complex DFT with the Split-Radix algorithm. By using (4.16)， we 

can obtain也e白llowingrelationship. 

M;=Mム}+2Mム2+3・2m-1-8 (4.19) 

And， with the initial cQDditions M1= 0， M2= 0， we obtain， 

M二=2m(m-3)+4 (4.20) 

Disregarding for a while the number of additions needed to perおrmthe 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， 

4=m・2m+1+M; (4.21) 

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

由加Radix-2algorithm. 

4.3.3 E玄tended.Split-RadixFFT Algorithm 

The basic idea of an extended split-radix FFT algorithm is the application of a radix-2 

index map to伽 even-indexedterms and a radix-8 index map to the odd-indexed terms. That 

is， the. extended splιradix FFT algorithm is based on the synthesis of one halιlength and 

four eighth-Iength DFTs. for the even ii1dex terms， and [40]: 

N/氾8一→1 

Xζゐん8針仙k糾+1戸=芸[{仇(仇抗r円一叫ろhい+叫州叩N町問/々2川
一-(1ο1+りj)以(い仇x巧n肝川+

N/8-→ l 
Xん8k仙山k糾k+3=叫+3=戸=芸[{仇(仇ろr門一叫ろ仰州ろ凡Xn+N1哨州+N14-前/

一-(1ト一づj)(x，ろn叩 s一x九肝叫7川N川肌18ρ8)泊}日þ巧~η';/f巧~η77:nk



Xんs紋8k+5=軒+
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NI吊8一→1 

一-(1+吋j)以(伊仇xろn+3州州N前18-Xn+7NI8)}Jw~nw~ 崎

NI8一→l 

Xζ九B舵品k糾k+7=刊+7=戸=エ[口印μ{れ仇(仇ろ叩川ろい+州州N川附/川4一1叫叩ろ弘hいい+必州叫3叩3NI町14)ル)

一-(1ト一づj)以(い仇x巧丸n肘川+

for the odd index terms. 
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(4.22) 

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

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圃radixbutterflies (without twiddle白ctors)訂eneeded， and to the last 

stage， where some usual radix-2 butterflies (without twiddle factors) are needed. A general 

elementary butterfty used in the diagram is illus仕atedin detail in Fig. 4.5. 

Xo' 

X)，~ "" 

X仏¥

X3 

X6c 

X{ 

XO+X4 

ρX)+X5 

/ 
/ OX2+X6 

I X3 +X7 

Fig. 4.5. Butterfly used in the graph ofa DIF extended split.圃radixFFT. 

We defme the multiplicative complexity of the DIF IFFT algorithm as the number of 

complex multiplications by twiddle白.ctors刀かmdm.metwiddle factorsrhare凶vial

(::!: 1 and ~j). Let M~ be the number of real multiplications needed to perfomi a 2m -complex 

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

relationship. 

M~ = M~_I + 2M，ム2+3・2m-I_8 (4.23) 
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And， with the initial conditions M1= 0， M2= 0， we obtain， 

M~ =2m(m-3)+4 

87 

(4.24) 

Disregarding for a while the number of additions needed to perform出ecomplex 

multiplications， the remaining ones can easily be evaluated by m・2m+1，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: 

4=m・2m+1+MJ (4.25) 

The Extended Split-Radix algorithm has the lower number of both multiplications and 

additions than Radix-2 algorithm. 
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4.4 Performance Evalu~tion 

4.4.1 Performance ofRadix-4 FFT AIgorithm 

In this section presents the various computer simulation results to veri命theperformance 

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由efollowing 

evaluations町'eshown in Table 1. 

Table 4.1 ，Simulation parameters ofRadix・4FFT algorithms. 

民-1odulation 64QA恥f

Demodulation Coherent 

Allocated bandwidth 5お1Hz

Number ofFFT 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 
」ー

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町e

64QAM. This figure shows the P APR reduction performance of DIF PTS method when the 

radix-2 and redix-4 was employed. The P APR reduction performance both由eDIF-PTS base 

radix-2 and radix-4 can achieve same as conventional PTS method when middle stages are 

(m -q)radix-2 = 4 and (m -q )radix-4 = 2， resp削 v均 However，the DIF-PTS can reduce 

the computation complexity than conventional PTS method. 

Table 4.2 shows the comparisons for PAPR performance and computation co凶plexity

for the conventional OFDM， conventional PTS， DIF-PTS based on radix-2 and radix-4， 

respectively. This table shows the comparison computation complexity which refers血e

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

the compu阻.tioncomplexity 68.76%前 (m -q tadix-2 = 2 when co抑制 with， convenωnal 

PTS. The DIF-IPTS based on radix-4 shows the lower compu旬.tioncomplexity which can 

reduce up to 88.80% at (m -q)radi町一4= 1 when compare with conventional method. We can 

be conclude由at由，eproposed method can achieve the lower P APR reduction performance 
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and reduces the computation complexity compared with the conventionaI PTS and DIF-PTS 

based on radix-2. 
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Fig.4.7. Comparison ofPAPR reduction performance among conventional PTS， Radix-2 DIF PTS and 

Radix-4 DlF PTS. 

Table 4.2 Comparison of computation complexity fOI" various 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 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%本

* Radix-4 (m-q = 3， 2， 1) ， respectively. 
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10 
一一一ConventionalOFDM 

Fig.4.8. Comparison ofPAPR reduction performance among conventional PTS， Radix-4 PTS and Radix-4 

DIFIPTS. 

Figure 4.8 shows the P APR performance for the conventional OFDM， conventional PTS; 

DIF・PTSand 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 veri命theperformance 

of proposed method. The oversampling ratio of仕ansmittedsignal is taken by a factor of 4 

(L=4). The simulation parameters to be used in the following evaluations are listed in Table 

4.3. 

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 ofDIF-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幽Radixcan achieve 
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由esame performance as that for the conventional PTS method when middle stages are 

(m-q)Mx-2=4md(m-q)緋帥=4， respectively. However， the DIF-PTS can reduce much 

more computation complexity than conventional PTS method. 

Table 4.3 Simulation parameters ofSplit-Radix FFT Algoritbms. 

Parameters Values 

Modulation QPSK 

Demodulation Coherent 

Allocated bandwidth 5MHz 

Number of FFT points 256 and 512 

Number of sub-earriers 64 and 128 

Number of cluster (P) 4 

Number of discrete phase (W) 4 

Symbol duration 12.8us 

Guard interval 1.28us 

10-4:....一一一一一一一一一一一一一一一一一一一一一
456  7 

Fig.4.9. Comparison ofPAPR reduction performance for the conventional PTS， Radix・2DIF‘PTSand
Split-Radix DIF PTS methods. 

Table 4.4 shows the comp訂isonsfor 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%低 (m-q)R耐 2=2whencomparing with conventional PTS.The DIF-

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

8.l.08%幻 (m-q)Si凶-Mx=2whemomparingwithcoImntioMmethod-

Table 4.4 Comparisons of computation complexity for difference methods. 

Computation multiplications 

Complexity (P=4 and 1'f=256) 

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

Conventional OFDM NA NA NA NA 

Conventional PTS 0% 0% 0% 0% 

DIF-PTS [4] 24.68% 36.77% 48.48% 59.40% 

Radix-2 DIF-IPTS 24.68% 36.77% 48.48% 59.40% 

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

100 
CCDF of PAPR UStng PTS method(4 Clusters) 
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Fig.4.10. Comparison ofPAPR 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ラ DIF-PTSand DIF-IPTS based on Split-Radixラ respectivelywhen the modulation 

technique is QPSK， and the number of subcarriers is 64. From the figure，江canbe observed 

that the PAPR reduction performance ofDIF-IPTS method based on Split..Radix can achieve 

better PAPR reduction performance when comparing with DIF-PTS method based on Split-

Radix. From the figure， it can be concIuded that the proposed new weighting factor can 

achieve the lower computation complex than DIF-IPTS based Radix-2. 

From these results， it can be concIuded that the proposedmethod 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 ofExtendedSplit-Radix FFT Algorithm 

This section presents the various computer simulation results to veri命theperformance 

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 ofExtended 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 cIuster (V) 4 

Number of discrete phase (W) 4 

Symbol duration 12.8us 

Guard interval 1.28us 
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Fig.4.11. Comparison ofPAPR reduction performance for the conventional PTS， Radix-2 DIFPTS and 

Extended Split-Radix DIF PTS methods. 

94 

Figure 4.11 shows the P APR performance for the conventional OFDM， conventional 

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 ofDIF-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 s胞ges訂e(m-q)R帥 -z=4md(m-q)刷帥=4

(m-q)mu--x=4(m-q)mu-Mx=4，respectively.However，the DIF，pTS cmreduce much 

more computation complexity由加conventionalPTS method. 

Table 4.6 shows the comp訂isonsfor出eP APR performance and computation 

complexity for the conventional OFDM， conventional PTS， DIF・PTSbased on Radix-2 and 

Extended Split-Radix， respectively. This table shows the comparison computation complexity 

which refers the conventional PTS. From the胞ble，出eDIF-PTS and DIF-IPTS based on 

radix-2 can reduce the computation complexity 68.76%低 (m-q)R耐 -2=2whencomp訂ing

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

compu胞.tioncomplexity which can reduce up to 76.66% at (m-q)抑 -Rmlix= 2 when comparing 

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

as comp町edwith the conventional PTS and DIF-PTS based on Radix-2. 

Table 4.6 Comparisons ofComputation Complexity for Difference Methods. 

Computation multiplications 

Complexity (P=4 and N=256) 

(m-q=6) (m咽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% 59.40% 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% 

100 
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Fig.4.12. Comparison ofPAPR 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， r，邸pectivelywhen 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 ofDIF-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 conc1uded that the proposed new weighting 

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



97 
4.6 Conclusions 

4.5 Conclusions 

In this chapter， we proposed the new weighting factor technique for the PTS mefhod in 

conjunction with DIF-PTS method based on the Radix-4ラ Split-Radixand Extended Split-

Radix. The proposed new weighting factors for the 1 sl and 2nd 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 ofI-PTS based radix-4 at middle stage 

in IFFT shows the better reduction of compu胞tioncomplexity 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. 



CHAPTER5 

PROPOSAL OF NEW PAPR REDUCTION METHOD 
FOROFDl¥恒SIGNALBY 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 perおrmance.This chapter proposes a novel distortion-less PAPR reduction method 

whic:h employs the permutation sequence in the frequency domain with embedded side 

information. The feature of proposed method is to achieve the better P APR performance with 

very few side information for the correct demodulation of data information at the receiver. 

This chapter presents various computer simulation results to veri命 theeffectiveness of 

proposed method as comparing with the conventional 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白ding.From these advantages， 

the OFDM technique has already been adopted as the standard transmission technique in由e

wireless LAN systems and the te汀es仕ialdigital TV broadcasting 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血e1訂gerpeak: to average power ratio 

(PAPR) of its time domain signal [17] [9].百lelarger P APR 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 P APR reduction techniques have been proposed to overcome由ePAPR problem 

up to today. These techniques can be categorized into two m吋ormethods as distortion and 

distortion-less methods. The distortion techniques. incIude 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 叫jacentchannel. 

The distortion-less techniques [23]，[26]，[27]，[29]，[31]，[34]，[64] include the coding， tone 

reservation (TR)， tone i吋ection(TI)， active constellation extension (ACE)， and multiple 

signal representation techpiques such as partial transmit sequence (PTS) and selected 

mapping (SLM). These techniques can achieve better P APR performance without degradation 

of BER performance. However these methods improve the P APR performance at由ecost of 

仕組smission efficiency， higher computational complexity， larger memory size， and 

requirement of separate channel for informing the side information to the receiver. 1n this 

chapter， we propose a novel distortion-less P APR 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 demodulation of data information at the receiver.百leproposed me由ρdcan achieve the 

better P APR performance with higher仕'ansmissionefficiency. 

In the following ofthis chapter， Section 5.2 presents the system model ofOFDM method 

in the non-linear channel. Section 5.3 presents the proposed PS method. Section 5.4 presents 

the various computer simulation results to verifシtheperformance 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， Xn is the modulated signal at the n-th sub-carrier in the frequency 

domain and Xk is the time domain signal at k-th sample point， which is converted from the 

frequency domain data by using IFFT. The time domain .sampled OFDM signal Yk after 

adding guard interval (GI) to Xk will be converted to the analogue signal by the digital-

analogue converter (DI A) and then converted to the radio frequency (RF) by the frequency 

up-converter (U/C) as shown inFig.5.1. The output signal ofU/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 
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where， y(t) and s(t) are the input and output RF signal of non-linear amplifier， and F andφ 

represent the AMI AM and AM/PM conversion characteristics of norトlinearamplifier. The 

non-linear amplifier assumed in this chapter is the Solid State Power Amplifier (SSPA) of 

which AMI AM and AM/PM conversion characteristics are modeled by the following 

equations (1.44) and (1.45)， respectively. In the following evaluations， the values for these 

can parameters these α世=0.01 of which and by A=l， r=2 assumed parameters are 

approximate the typical SSPA [13]. 

In the OFDM system， M 企equencydomain data symbols{Xn， n = 0，1，...， M-l} which 

correspond to subcarriers， are modulated with a set of orthogonal frequency ωラn= 0，1;...， 
M・1}. The frequency of M subcarriers are chosen to be orthogonal， i.e. fn = nd.j， where d.f = 

l/MT and T represents the OFDM data symbol period. The resulting baseband OFDM signal 

Xkcan be expressed by， 

27rnk 

xk=Z3151Xnel N ogkgN-l (5.2) 

where N is the number of IFFT points including zero padding. The PAPR [22] of仕ansmitted

(5.3) 

time domain OFD民1signal is defined by， 
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where E denotes the expected value. To evaluate the PAPR performance for OFDM signal 

from the statistical point of view， the Complementary Cumulative Dis仕ibutionFunction 
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(CCDF) given in (5.4) is used to represent the probability of exceeding a given threshold、

PAPRo. 

CCDF(PAPRo) = Pr(PAPR > PAPRo). 

Input 
---ー引制 ト

ιJ竺ヒト IFFT上JU

Fig. 5.1. OFDM system model. 

(5.4) 



102 

5.3 Proposal of PSお10del

5.3 Proposal of PS Method 

Figure 5.2 shows the s甘uctureof企equencydomain OFDM symbol for the proposed PS 

method. There are two types of permutation methods Type 1 and Type II as shown in the 

figure. Type_lis to perform the permu旬tiononly for the first Ml2 subcarriers， while Type II is 

to perform由epermu胞.tionbo由 for血efirst and the.last part of Ml2 subcarriers. Although the 

computation complexity for the Type II is larger白血 Type1， the improvement of P APR 

P町formancefor the Type II is better由anType I. For simple explanation， we only give an 

example explanation for type 1 in the following. The proposed OFDM symbol consists of (M-

3) data sub-carriers， two dummy sub-carriers and one p訂itysub-carrier which can be 

expressed by， 

X = [Dl，D2，P，XO，Xl，X2 ，…XMω ，XMI2-2，・.，X(M-4d (5.5) 

where D is dummy sub-carriers with power of 0 (Null subcarriers) and P is pa~均r check 

subcarrier with power of αwhich power is taken as the s創neas 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 Xo at由ereceiver for the correct demodulation of data 

information. After the insertion of zero padding， two null sub-carriers and one p町itysub-

can色r，the new OFDM symbol can be generated by circularly rotation of subcarriers only for 

the first part of Ml2 subcarriers so as to improve the PAPR performance as shown in Fig.5.2. 

Ml2 
M Sub幽carriers

砂|‘

Data Sub-carriers 

M/2 

I Permutatatioゆ irection

M/2 

(a) Type 1 

B1{ Sub-carriers 

砂|‘

Data Sub-carriers 

M/2 

I Perml刷 ationDirection I P恥erm宜muta御t胞atio∞nDirec邸ctio叩n 1 

(b) 64QAM 

Fig. 5.2. Structure of frequency domain OFDM symbol for proposed PS method. 

品j
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In the proposed method， the first half of Ml2 subcarriers are simply rotated in the 

frequency domain so as to achieve the better P APR performance. The number of rotation of 

subcarriers performed at the transmitter can be detected by using the dummy and p町itycheck 

subcarriers at the receiver. When the number of rotation for the first民112subcarri町sis L=6 as 

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

XR=6 =[X2 ，X3，..・，XMI2_3，Dl，D2，P，XO，X!，XMI2_2'"，X(M-4)] (5.6) 

The example ofproposed permutation sequence method for Type 1 is shown in Fig.5.3 

M/2 Subcarriers 

回

回
• • • 

。dl2-L+5)ーthsubcarrier 
Fig.5.3. Example ofType 1 permutation sequence when L=6. 

When L=6， the location of parity check subcarrier P becomes (Ml2・L+刀-thsubcarrier in 

the OFDM symbol. In this case， the sign of p釘itycheck subcarrier P is set by the following 

equation in order to detect the number of rotation for the subcarriers with higher acc町acyat

the receiver. 

p = (_1)<MI2-L+5) .α (5.7) 

The permutation for the rotation of the frrst part of Ml2 subcarriers is taken from 0 to 

Ml2. In the proposed method， the best P APR performance wi1l be selected from among由e

rotation of subcarriers from 0 to Ml2. 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 given by， 

2k=47=芝工グ
"lV n=O 

(5.8) 
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whereえisthe frequency domain signal after performing由epermu旬.tionof subcar巾 rs

rotation and jEK is the time domain siglal with low PAPR perfbmlance-As for the Type H， 

the time domain signal wi由 lowerP APR performance can be achieved by using the same 

procedures as the Type 1. Fig. 5.4 shows the s仕uctureofproposed transmitter. 

島
∞

Fig. 5.4. Structure of transmi“er 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 co汀ectdemodulation of data information. The position of first data subcarrier 

can be detected by finding the position of dummy (null subca汀iers)and check the sign of 

pan守checksub-carriers. 

The proposed detection method is firstly to replace the consecutive何10subcarriers to 

zero from由estart of received OPDM signal in the仕equencydomain and calculate the power 

of received signal by using the following equation. 

M/2 

Power(f) = I R~f) .coザ(R~f))
n=O (5.9) 

f = 0，1， 2，"'，M /2-1 

whereRY)is the received企equencydomain signal at the n-th subcarrier a抗erreplacing two 

subcarriers to zero at .e -th and (.e + 1) -th subcarriers and conj indicates the complex conjugate. 

'Prom (5.9)， the maximum power could be obtained when f 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 e -th and (f + 1) -th dummy 

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 Xo. 

The detection performance can be improved by using two dummy' subcarriers and parity 

check subcarrier. Pigs. 5.5 and 5.6 show the detection algorithm for permutation number and 

the structure of proposed receiver. 

By using the above methodラtheoriginal 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 ∞mputer simulation results to veri命theperformance of 

proposed method as comp町ingwith the conventional OFDM. Table 5.1 shows the list of 

simulation p町ameters.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 P APR performance with 

higher accuracy. 
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Fig.5.5. Detection algorithm for permutation number. 
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Fig.5ふ Structureof receiver for the proposed method. 

Table 5.1 Simulation parameters; 

Modulation method 64QAおf

Demodulation method Cuherent 

OFDM bandwidth 5MHz 

Number ofFFT points (N=Z+M) 256 

Number of sub-carriers (M=D+P+K) 64 

Number of dummy sub-carriers (D) 2 

Numberofp訂itysub-carriers (P) 

61 forType 1 
Number of data sub-carriers (K) 

58 for Type 11 

Number ofzero padding (Z) 192 

Symbol duration 12.8 us 

Guard .interval 1.2 us 

Model of non-linear amplifier SSPA 

Non-linear p訂'ameterofEq. (2) r=2 

Channel model AWGN 
L一一一 L一一一一一一

Table 5.2 shows the transmission efficiency for the proposed Type 1 and Type 11 

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 p訂 itycheck subcarriers for Type 1 and 4 

dummy subcarriers and 2 p町itycheck subcarriers for Type 11 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 inc1uding 2 dummy sub-carriers (D) 

and one parity sub-carrier for Type 1 and 4 and 2 for the Type 11， respectively. In the figure， 

出ePAPR performance is evalua.ted by using the Cumulative Dis1iibution Function (CDF). 

From the figure， it can be observed也at由eproposed PS method shows better P APR 

performance than that for由econventional OFDM by 2.2dB for句伊I佃 d3 dB for Type 11 at 

CCDF of 10-1， 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 

血eCCDF higher由an10・1.From these results， it can be expected that the proposed PS 

method could achieve the better BER performance由組曲atfor the conventional OFDM 

method in the non-linear channel. 

Table 5.2 Transmission efficiency for the proposed method. ' 

Number of sub-carriers 
Transmission efficiency 

TypeI Type 11 

64 61164 (95.3%) 58/64 (90.6%) 

256 253/256 (98.8%) 250/256 (97.7%) 

1024 102111024 (99.7%) 1018/1024 (99.4%) 
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Fig.5.7. PAPR penormance for the proposed method. 
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Figure 5.8 shows the BER performances 面白enon':linear channel when changing CIN 

for the conventional OFDM and the proposed PS method when using 64QAM as modulation 

method. In the simulation，由enumber of data subcarriers (K)， dummy sub-carriers (D) and 

parity sub-carrier (P) are taken by 61， 2 and 1 for type 1 and 58， 4 and 2 for type H， 

respectively.百leinput back-off (ffiO) of non・linearSSPA 8ll1plifier is taken by OdB， -2dB，・

4dBand・6dB，.respectively. From the figures，由eproposed PS method can achieve much 

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

100 

一一一 TypeI
- TypeII 
一一Conventional
併QAM
64 Sub-carrier宮

15 20 25 30 

卦JR(dB)

Fig. 5.8. BER performance of proposed method in the non-linear channel. 
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5.6 Conclusions 

This chapter proposed the new P APR reduction method which can achieve the bett町

P APlit performance. The salient印刷reof proposed method is to ro臼te也esubcarriers in血e

frequency domain so as to achieve the better P APR performance. Since the proposed method 

enables the detection of rotation number precisely selected .at the receiver by using the very 

few dummy subcarriers which is embedded in也eOFDM symbol as the side information， the 

propose method can achieve the higher岡崎missionefficiency. From the computer 

simulation results， this chapter confirmed that由eproposed PS method can achieve the better 

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



CHAPTER6 

CONCLUSIONS 

In this thesis， the P APR面白eOFDM‘modulationtechnique is studied and evaluated. 

，The OFDM signal with larger P APR wi11 cause the undesirable spec加1mre-grow由 and由e

， larger degradation of BER performance bo由 dueto the inter-modulation products occurring 

in the non-linear amplifier at the transmitter. 

This thesis proposed the solutions for P APR 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 (lDAR) 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・PMconversions characteristics of non-linear amplifiers by using low 

P APR (Peak to A veraged Power Ratio) preamble symbols. 

This thesis demons回 testhe e能 ctivenessof proposed IDAR method when applying the 

sate1lite communication systems. From the comptiter simulation results， it is conc1uded白紙

the proposed IDAR method can achieve the higher回 nsmissiondata rate and higher e妊icient

usage of non-linear power amplifier with keeping the better BER performance even in血e

non-linear satellite channel. 

As for the second method， this血.esisproposes P APR reduction methods based on PTS 

technique. The conventiona1 PTS method requires the larger number of c1usters and weighting 

factors to achieve the better PAPR performance which leads larger computation complexity. 
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To r~duce the computation complexity， DIF・PTSmethod 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仕'equencydomain (DIF) to obtain the PTS sub-blocks. 

Multiple IFFTs are then applied to the remainiilg s阻ges.The PTS sub-blocking is performed 

in the middle stages of 1te N-point radix FFT DIF algorithm. The DIF-PTS method can 

reduce the computational complexity relatively while it shows almost the same P APR 

reduction performance出由atof由econventional PTS method. To improve the PAPR 

perおrmancewith low computation complexity， this th郎 isproposes 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. 

As a conclusion of researches in this thesis， the proposed PAPR reduction methods and 

mitigation methods of non-linear distortion noise with low compu旬tioncomplexity could 

provide various practical solutions for next generation of multimedia wireless 

communications systems employing the OFDM technique. 
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