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ABSTRACT

High data rate with high bandwidth efficiency and low power consumption are some of
the requirements that the modern wireless communication systems 3G and 4G have to
meet for offering new high class services to be distributed to the customers. In wireless
communication, signals are mainly damaged by frequency selective fading and multipath
delay spreading. This leads to a high probability of errors at the receiver end. Hence
single carrier mobile communication systems do not perform well for high speed data
rate transmission with maximum throughput at limited bandwidth. To tackle these
problems channel coding and adaptive equalization have been used. But due to delay of
these techniques and high cost of hardware implementation, it is very difficult to use
these techniques in systems which are operating at high bit rates. The solution to all these
problems is to use a multi-carrier system; Orthogonal Frequency Division Multiplexing
(OFDM) is an example of it.

The attraction of OFDM is mainly due to how the system handles the multipath
interference at the receiver. Multipath generates two effects: frequency selective fading
and Inter-Symbol Interference (I1SI). The "flatness™ perceived by a narrow-band channel
overcomes the frequency selective fading, and modulating at a very low symbol rate,
which makes the symbols much longer than the Channel Impulse Response (CIR),
diminishes the ISI. Using powerful error correcting codes together with time and
frequency interleaving yields even more robustness against frequency selective fading
and the insertion of an extra guard interval between consecutive OFDM symbols can
reduce the effects of ISI even more. Thus, an equalizer in the receiver is not necessary.

With so much large advantages of OFDM, there are some limitations and complications
in practical systems too. The two main drawbacks of OFDM system are: the large
dynamic range of the amplifier also referred as Peak to Average Power Ratio (PAPR) and
its sensitivity to frequency errors. PAPR results in inter-modulation among the sub-
carriers and undesired out-of-band power radiations. It is impossible to keep the out-of-
band power under the limit, if power amplifiers are not operated with large back-offs. So
it considerably reduces the efficiency of the High Power Amplifier (HPA) at the



transmitter side. Hence, the reliable reduction of PAPR is important for the practical
implementation of OFDM system.

In this thesis the improvement in PAPR of OFDM system is discussed. We have
examined many PAPR reduction techniques and compared them and get an optimum
result in finding best technique. The success of these techniques in terms of histogram,
PAPR-reduction, Bit Error Rate (BER) and average power variation are evaluated. We
have done many experiments on clipping techniques and companding techniques and
finally it has been found that CC technique has good PAPR reduction performance.
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Chapter 1

Introduction

1.1 OFDM in Wireless Communication Systems

Wireless technologies have become increasingly more and more involved into people’s
daily life. Today without wireless technologies, life would have been extremely
inconvenient. Wireless communication continues to maintain an exponential growth in
wireless internet, cellular telephony and wireless indoor networking areas. The common
aspects of the next generation wireless technologies will be the convergence of
multimedia services such as speech, audio, video, image, and data [1]. So a high capacity
and variable bit rate information transmission with high bandwidth efficiency are just
some of the requirements that the modern transceivers have to meet in order for a variety
of new high quality services to be delivered to the customers. Wireless communications
offers many advantages, such as mobility and flexibility, but in front of communication
systems there are many Problems which restrict to achieve desire goal [2]. Some of these

are given below:

e Limited radio spectrum

e Inter-symbol interference (I1SI) caused by time varying channel
e Frequency selective fading caused by multipath fading

e Interference from radio emissions

e Lower signal to noise ratio (SNR) of received signal due to large link loss

So to support high data rates and deal with these problems in conventional single carrier
wireless communication systems, channel coding and equalization can be too
complicated and costly to implement. Therefore, a suitable modulation technique
supporting high data rates with sufficient strength to radio channel impairments is
required. To suppress ICI, efficient use of bandwidth, Multi-Carrier Modulation (MCM)
techniques have caught the attention of researchers all over the world. Among those



techniques, Orthogonal Frequency Division Multiplexing (OFDM) is the most well-liked
one that uses parallel data streams.

Although the idea of OFDM has been around for several decades, it has not been
recognized as a great method for high speed bi-directional wireless data communication
until recent years. The initial applications were military HF radio links. Due to the recent
improvements in Digital Signal Processing (DSP) and Very Large Scale Integration
(VLSI) technologies, the use of fast Fourier transform (FFT) algorithms eliminates arrays
of oscillators and coherent demodulation required in parallel data systems and makes the
implementation of the technology cost effective [3]. Compared with single carrier
modulation systems, OFDM has many advantages:

e Immunity to impulse interference

e High spectral density,

e Robustness to RF interference

e Capability of handling very strong echoes

e Robustness to channel fading [4].

OFDM is currently catching the attention of wireless communication to meet the
increasing demands arising from the explosive development of internet, broad services
and multimedia. It has been adopted by various WLAN standards such as High
Performance Local Area Network (HIPERLAN-2), IEEE 802.11a/g/n in recent years
including Wireless Metropolitan Area Networks (WMAN), Digital Video Broadcasting -
Terrestrial (DVB-T), 3rd Generation Partnership Project- Long Term Evolution (3GPP-
LTE, Asymmetric Digital Subscriber Line (ADSL), Digital Audio Broadcasting (DAB)
and Broadband Radio Access Networks (BRAN) [5]. It has also been suggested for
power-line communication systems due to its robustness to time dispersive channels and
narrowband interferers. Recently the OFDM technique is being considered as a strong
runner for the fourth generation (4G) of mobile communication system.



1.2 OFDM System Model

1.2.1 Introduction

OFDM is a special case of Discrete Multi-Tone (DMT) modulation scheme [6], where a
single data stream is transmitted over a number of lower rate subcarriers. OFDM offers
many well-documented advantages for multi-carrier transmission at high data rate,

particularly in mobile applications.

In OFDM model, data stream is divided into low rate data and transmitted simultaneously
over a number of subcarriers that are orthogonal to each other. The increase of symbol
duration for the lower rate parallel subcarriers reduces the relative amount of spreading in
time caused by multipath delay spread. So effects of ISI at the receiver side decreases but

total data rate increases

In frequency spectrum, orthogonal subcarriers can overlap, and there is no need of
inserting guard bands between the sub-carriers. So another advantage of OFDM s the
bandwidth utilization. A traditional frequency division multiplexing is shown in fig. 1.1
(a). The total bandwidth is divided into N (here N=8 is taken) non-overlapping sub-
channels. Each sub-channel is modulated with a separate symbol. This arrangement is

insufficient in bandwidth utilization [7].

Ch1 Ch2 Ch3 Ch4 Chs Choé Ch?7 Chs

Frequency

Amplitude

(@)



Ch1Ch2Ch3Ch4ChS Ché Ch7 Chs8

Saving of

Bandwidth

<«

Amplitude ——

Frequency

(b)

Figure 1.1(a) Traditional multicarrier system (b) orthogonal multicarrier system

In OFDM systems, as shown in fig. 1.1 (b), the sub-channels overlap. The frequency
spacing between subcarriers is chosen such that each subcarrier is located on the other
subcarrier’s zero crossing points as shown in fig. 1.2. In other words, the subcarriers are
organized to be orthogonal with each other. Therefore the overlapping among subcarriers
will not cause interference. Thus, the bandwidth efficiency is significantly increased due

to orthogonality among all subcarriers and then more sub-channels can be squeezed into

the same bandwidth

spectral diagram of OFDM sub-carriers

A2

normalized amplitude

0.4 : :

normmalized frequency

Figure 1.2 Spectral diagram of orthogonal sub-carriers



1.2.2 Signal Model for OFDM

In an OFDM system, data is modulated on narrow-band sub-carriers in frequency
domain. Data was transformed into time-domain using IFFT at the transmitter side and
transformed back to frequency-domain using FFT at the receiver side. Size of FFT/IFFT
corresponds to total number of subcarriers used to transmit the information. In this
section we will see the mathematical description of OFDM model.

A. Continuous Baseband OFDM Signal Model

Let X ={X,, X;,..... Xy}, X € CV denotes an encoded data sequence to be transmitted as
an OFDM symbol over N subcarriers, where X, represents the complex data transmitted

over the k™ subcarrier. The complex baseband OFDM symbol is then expressed as

x(t)=—= ) Xye = ,0<t<T, , (1.1

where Ty is the symbol period of the OFDM signal. At the receiver side, the data is

recovered by performing FFT on the received signal, i.e.

—jZn’kt

Xk = \/_fx(t)e s dt 0<k<N-1 (12)

B. Discrete Baseband OFDM Signal Model

Consider the above OFDM symbol sampled at the specified sampling period At = T,/]N.

Then the discrete-time OFDM signal sampled at time instant t=nAt is expressed as

N-1
1 .
Xy = x(nAt) = \/_NZ Xke]2n'kn/]N 0o<n<N-1
k=0

Or



N-1

1
x, = x(nAt) = \/_NZ X Wkt 0<n<N-1 (1.3)
k=0

Where J can be considered as an oversampling rate and called as Nyquist rate with J=1.
At the receiver side

N-1

1 —j2mkn
X :—Zx e N 0<k<N-1
k \/N n
n=0
Or
N-1
1
X :—Zx W 0<k<N-1 1.4
k \/Nn=0 n ( )

1.2.3 System Description

The OFDM system based on pilot channel estimation is given in fig. 1.3. The OFDM
system in 802.11a provides a wireless LAN with data payload communication
capabilities of 6, 9, 12, 18, 24, 36, 48, and 54 Mbit/s [8]. The binary information is first
scrambled. Scrambling is done for encryption. After scrambled, the data is coded with
convolutional coding followed by interleaving. Coding rate (R) depends on the data rate
at which data has to be transmitted. Now the mapping is done corresponding to data rate.
The coding rate and modulation parameters dependent on data rate used shall be set
according to table 1.1.

After interleaving, serial data is converted into parallel form. Then according to IEEE
802.11a standard, pilots are inserted at the prescribed positions for channel estimation in
data as shown in fig. 1.4.
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Table 1.1- Rate dependent parameters [8]

Data rate Coding rate Coded bits per Coded bits per Data bits per
Modulation subcarrier OFDM symbol OFDM symbol
(Mbit/s) R) (Nspsc) (Nesps) (Nosno)
6 BPSK 1/2 1 48 24
9 BPSK 3/4 1 48 36
12 QPSK 1/2 2 96 48
18 QPSK 3/4 2 96 72
24 16-QAM 1/2 4 192 96
36 16-QAM 3/4 4 192 144
48 64-QAM 2/3 6 288 192
54 64-QAM 3/4 6 288 216
do dsy ds dy7  dis Az  das das  dag Ay dyz  da
P LI Ph
26 -22 -21 -20 8 7 -6 10 1 6 7 8 202122 26

Figure 1.4 subcarrier numbers and positions of data and pilots

After inserting pilots, IDFT block is used to transform the data sequence of length N

{X, } into time domain signal {x,,} with the equation (1.3). Following IDFT block, guard

time is inserted to prevent inter-symbol interference. This guard time is chosen to be

larger than the expected delay spread,

This guard time includes the cyclically extended part of OFDM symbol in order to reduce

inter-carrier interference (ICl1). The resultant OFDM symbol is given as follows:




x(N +n), n=-Ng—-N;+1,..,-1

xg(n):{ x(), n=012..,N-1,

, (1.5)

where N is the length of the guard interval. The transmitted signal x,(n) will pass

through the frequency selective time varying fading channel with additive noise. The
received signal is given by:

yr(n) =x,(n) *h(n) +wn) (1.6)

Where w(n) is Additive White Gaussian Noise (AWGN) and h(n) is the channel impulse
response. The channel response h(n) can be represented by [9]:

2n

r—1
h(n) = Z hiej(N)fDiTn s(A-1) 0<n<N-1 : (1.7)
i=0

where r is the total number of propagation paths, h; is the complex impulse response of
the i" path, fp, is the i path Doppler frequency shift, 2 is delay spread index, T is the
sample period and t; is the i path delay normalized by the sampling time. At the
receiver, after passing to discrete domain through A/D and low pass filter, guard time is

removed:
ye(n) for—N,<n<N-1,
ym)=y/(n+N,) n=01.. N-1, (1.8)

Then y(n) is sent to DFT block for the following operation (also as in given by equation

(1.4)):

—j2nk

1 N-1 n
Y(k):\/—ﬁr;y(n)eT,OSkSN—l | (1.9)

Assuming there is no ISI, [10] shows the relation of the resulting Y(K) to
H(k)=DFT{h(n)} ,1(k) that is ICI because of Doppler frequency and W(k)=DFT{w(n)} ,
with the following equation :



Y(k) =X(k)H(k) +I(k) + W(k) k=01,.,N-1 (1.10)

Following DFT block, the pilot signals are extracted and the estimated channel H, (k) for
the data sub-channels is obtained in channel estimation block. Then the transmitted data
is estimated by:

Y (k)
H, (k)

X, (k) = k=01,.. N—1 (1.11)
Then the binary information data is obtained back after processing the reverse steps such
as demodulating, deinterleaving, convolutional decoding and descrambling. This was all
about the brief summary of whole OFDM system. Now here we will see each and every
block of OFDM transmitter and receiver of our OFDM model based on IEEE 802.11a
standard.

1.3 Physical layer of OFDM

IEEE Wireless LAN Working Group proposed and released a new standard 802.1la for

wireless LAN system in 1999. This standard supports a high data rate up to 54 Mbit/s in
the 5GHz unlicensed national information infrastructure (U-NII) band [8]. Various data
rates are given in table 1.1. The system uses 52 subcarriers that are modulated BPSK,
QPSK, 16-QAM or 64-QAM. Forward error correction coding (convolution coding) is
used with a coding rate of 1/2, 2/3 or 3/4. In this section, we will see how the data is
transmitted through the physical layer.

The OFDM physical layer described in IEEE 802.11 a 5GHz OFDM WLAN system

consists of two protocol functions or sub-layers depicted in fig 1.5.

1. Physical Layer Convergence Procedure (PLCP) sub-layer
2. Physical Medium Dependent ( PMD) sub-layer

1. PLCP sub-layer:

PLCP communicates to MAC via primitives through physical layer Service Access Point
(SAP). It prepares PLCP protocol data unit (PPDU) by appending required fields (such as

10



PLCP preamble and PLCP header) to medium protocol data unit (MPDU) received from
MAC layer. In physical layer MPDU is also called as physical service data unit (PSDU).
PPDU provides for asynchronous transfer of MPDU between stations.

2. PMD Sublayer

PMD provides actual transmission and reception of physical layer entities through
wireless medium. It interfaces directly to medium and provides modulation and

demodulation of transmission frames.

Since aim of this thesis is to analyze the performance of OFDM on physical layer, so we
will not concern about MAC layer and. So we will continue with the PLCP sublayer and
PMD layer. In this section, how the PSDU is converted to PPDU during data

transmission is described.

(a) (b)

Figure 1.5 (a) Physical layer with sub-layers (b) MAC and physical layer of 802.11a

11



1.3.1 PLCP Sublayer

This sublayer describes a convergence procedure in which PSDUs are converted to
PPDUs. During data transmission PLCP preamble and PLCP header are appended to
PSDU to create PPDU. At the receiver side, PLCP preamble and header are processed to
aid in demodulation and reception of PSDU. A special training structure defined in
preamble field is used for synchronization. PLCP header contains the information about
the amount of data and data rate at which data has to be transmitted [8].

1.3.1.1 PPDU Frame Format

PPDU frame format, described in fig. 1.6 , includes the OFDM PLCP preamble, OFDM
PLCP header, PSDU, tail bits, and pad bits. The PLCP preamble consists of 10 "Short"
symbols and 2 "Long" symbols. The 10 "Short" symbols are used for signal detection,
AGC, diversity selection, coarse frequency offset estimation and timing synchronization
at the receiver side. The 2 "Long" symbols are used for channel and fine frequency offset

estimation.
' PLCP Header |
< >
RATE | Reserved| LENGTH | Parity | Tail | SERVICE Tail .
4bits | 1bit |12bits | 1bit | 6bits| 16 bits PSDU 6 bits |24 BitS

=~ - Coded/OFDM | Coded/OFDM
~, (BPSK.r=12) | (RATE is indicated in SIGNAL)
B
PLCP Preamble SIGNAL DATA

12 Symbols  |One OFDM Symbol| Variable Number of OFDM Symbols

Figure 1.6 802.11a PPDU Frame Formats [8]

The PLCP header contains the following fields: LENGTH, RATE, a reserved bit, an even
parity bit, and the SERVICE field. The SIGNAL field is composed of the information
bits containing the LENGTH, RATE, reserved bit, and parity bit (with 6 zero" tail bits
appended); and the SIGNAL is transmitted with BPSK modulation and a coding rate of R
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=1/2. The DATA field contains the SERVICE field of the PLCP header and the PSDU
(with 6 "zero" tail bits and pad bits appended); and the DATA may constitute multiple
OFDM symbols that are transmitted at the data rate described in the RATE field. The tail
bits in the SIGNAL symbol enable decoding of the RATE and LENGTH fields
immediately after the reception of the tail bits. The RATE and LENGTH are required for
decoding the DATA part of the packet.

A. PLCP preamble

The PLCP preamble field, shown in fig. 1.7, consists of totally 12 symbols, including 10
"short training sequence” and 2 "Long training sequence”, are designed for
synchronization between the transmitter and the receiver. A short training symbol

consists of 12 subcarriers, modulated by elements of sequence S, given by (1.12).

S_z626= V(13/6) x {0, 0, 1+j, 0, 0, 0, -1-j, 0, 0, 0, 1+}, 0, 0, 0, -1-j, 0, 0, 0, -1j, 0, 0, O,
1+}, 0, 0,0, 0, 0, 0, 0, -1-j, 0, 0, 0, -1-j, 0, 0, 0, 1+j, 0, 0, 0, 1+, 0, 0, 0, 1+j, 0, 0, O, 1+j,
0,0} (1.12)

8+8=16ps

1™
Lall

A

10x08=8ps | 2x08+2x32=80ps | 08+32=40 us_Lo_s+3_2=4_0 us| 08+32=40ps

AT T T TN | | - : :
ity tytstgtytg totiff GI2 | Tp | Ty ]\\Gh SIGNAL { GI| Datal | GI| Data2
I Y A Y Y Bl | | | , :

4+—>r¢+— """ """ 4+— > 4«

Signal I?etec?, Coarse Freq.  Channel and Fine Frequency =~ RATE SERVICE + DATA DATA
AGC, .D1vcr51ty O.ﬂ‘s.et Estlmatlon. Offset Estimation LENGTH
Selection Timing Synchronize

Figure 1.7: 802. 11a OFDM Training Structure [8]

The multiplication by a factor of ¥ (13/6) is in order to normalize the average power of
the resulting OFDM symbol, which utilizes 12 out of 52 subcarriers. A long OFDM
training symbol consists of 53 subcarriers (including a zero value at dc), which are
modulated by the elements of the sequence L, given by (1.13)
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L_z626={1,1,-1,-1,1,1,-1,1,-1,1,1,1,1,,1,1,-1,-1,1,1,-1,1,-1,1,1,1,1,0, 1, -
1,-1,11-1121-112-1,-1,-1,-1,-1,1,1,-1,-1,1,-1,1,-1,1,1,1, 1} (1.13)

Each "Short training sequence” represents an OFDM "Short" symbol of 0.8us long, and
each "Long training sequence" represents an OFDM "Long" symbol of 3.2 us long. The
ten repetitions of the "Short training sequence™ are used for signal detection, AGC
convergence, diversity selection, timing acquisition, and coarse frequency acquisition

[11]. So total time of short training sequence is
Tshore = 0.8us x 10 = 8 ps. (1.14)

The two repetitions of a "Long training sequence”, preceded by a guard interval (Gl), are
used for channel estimation and fine frequency acquisition in the receiver. So total time

of long sequence is
Tiong = 3.2us x2 =164 yus. (1.15)

The guard interval is used for shifting the time to create the "circular prefix" used in
OFDM, to avoid ISI from the previous frame. The "Short training sequence” has no
guard interval. The "Long training sequence™ has the longest guard interval of 1.6us. The

guard intervals in the "Signal” and "Data" fields are only 0.8us.
Ttraining = Ishort + Tlong + Tguard =8+64+16=16 us. (116)

B. Signal Field

Signal field of PPDU have 24 bits, as shown in fig. 1.8. The four bits from 0 to 3 contains
the information of RATE field, it tells about the rate at which rest of packet is to be
transmitted, type of modulation and coding rate [12]. The bits R1.R4 shall be set,
dependent on RATE, according to the values in table 1.2. Bit 4 shall be reserved for
future use. Bit 4 shall be reserved for future use. Bits 5-16 shall encode the LENGTH
field that indicates number of octets in PSDU that the MAC is currently requesting the
Physical layer to transmit.
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RATE
(4 bits)

R1 R2 R3 R4| R|LSB

LENGTH
(12 bits)

SIGNAL TAIL
(6 bits)

MSB P (.0’: :609) “0"" “O:" “.0’: :(.0,:
0 |1 |2 |3 415 |6 |7 |8 |9 |10|11 |12 |13 |14 |15 |16 17 18|19 |20 |21 |22|23

Transmit Order

Figure 1.8 Signal field of PPDU [8]

L

It has 12 bit unsigned integer, so a maximum of 4096 octets can be transmitted in one

PPDU frame at a time.

The LSB of LENGTH field shall be transmitted first in time. Bit 17 shall be a positive
Parity (even parity) bit (P) for bits 0-16. The bits 18-23 constitute the SIGNAL TAIL

field, and all 6 bits shall be set to 0.

Table 1.2 Contents of rate field

Rate (Mbit/s) R1-R4

6 1101

9 1111
12 0101
18 0111
24 1001
36 1011
48 0001
o4 0011
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The contents of the SIGNAL field are not scrambled. The encoding of the SIGNAL
single OFDM symbol is performed with BPSK modulation of the subcarriers and using
convolutional coding at R = 1/2. The encoding procedure, which includes convolutional
encoding, interleaving, modulation mapping processes, pilot insertion, and OFDM
modulation are done for transmission of SIGNAL field at a 6 Mbit/s rate.

C. Data Field

The DATA field contains the SERVICE field, the PSDU, the TAIL bits, and the PAD
bits, if needed. All bits in the DATA field are scrambled.

I.  SERVICE field

The IEEE 802.11 SERVICE field has 16 bits, which shall be denoted as bits 0-15 as
shown in fig. 1.9. The bit 0 shall be transmitted first in time. The bits from 0-6 of the
SERVICE field, which are transmitted first, are set to zeros and are used to synchronize
the descrambler in the receiver. The remaining 9 bits (7-15) of the SERVICE field shall
be reserved for future use. All reserved bits shall be set to 0.

Scrambler Initialization Reserved SERVICE Bits R: Reserved
V00DV 0C“0CR RRRRRRRR

0‘1 ‘2 ‘3 ‘4 ‘5 ‘6 7 ‘8 ‘9‘10‘11‘12‘13‘14‘15

Transmit Order

L

Figure 1.9 SERVICE field bit assignment
Il. PPDU TAIL field

The PPDU TAIL field shall be six bits of zero, which are required to return the
convolutional encoder to the zero state. This procedure improves the error probability of

the convolutional decoder, which relies on future bits when decoding and which may be
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not be available past the end of the message. The PLCP tail bit field shall be produced by
replacing six scrambled zero bits following the message end with six non-scrambled zero
bits.

I1l.  Pad bits (PAD)

The number of bits in the DATA field shall be a multiple of N;gps, the number of coded
bits in an OFDM symbol (48, 96, 192, or 288 bits). To achieve that, the length of the
message is extended so that it becomes a multiple of Npgps, the number of data bits per
OFDM symbol. At least 6 bits are appended to the message, in order to accommodate the
TAIL bits. The number of OFDM symbols, Ngy,,; the number of bits in the DATA field,
DATA; and the number of pad bits, Np,p, are computed from the length of the PSDU
(LENGTH) as follows:

Ngyy = Ceiling ((16 + 8 x LENGTH + 6)/ Npgps) (1.17)
Npara = Nsym % Nppps (1.18)
NPAD :NDATA _(16+8x LENGTH+6) (119)

The function ceiling (.) is a function that returns the smallest integer value greater than or
equal to its argument value. The appended bits (pad bits) are set to zeros and are
subsequently scrambled with the rest of the bits in the DATA field. This is all about that
what a PPDU frame includes. Now in next section description of encoding devices with
the help of which PSDUs are converted to PPDUs, is done.

1.3.2 PLCP Data Scrambler and Descrambler

The DATA field, composed of SERVICE, PSDU, tail, and pad parts, is scrambled with a
length-127 frame-synchronous scrambler [13]. Scrambling is done from the least
significant bit (LSB) of data. The frame synchronous scrambler uses the generator
polynomial S(x) as follows, and is shown in fig. 1.10:

S(X)=x7+x*+1 (1.20)
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Data in

Xor Operation

SEE

Scrambled data
out

Figure 1.10 Synchronous data scrambler

When transmitting, the initial state of the scrambler is set to a 7 digit pseudo-random non-
zero state. If state is set to al zeros then there will be no change in states. If initial state is
set with “1011101” then 127 bit sequence generated repeatedly will be [01101100
00011001 10101001 11001111 01101000 01010101 11110100 10100011
01110001 11111100 00111011 11001011 00100100 00001000 10011000
1011101]. The same scrambler is used to scramble transmit data and to descramble
receive data. Since 7 seven LSBs of the SERVICE field are zeros i.e. [0000000], so after
scrambling it yields [1011101] same to initial state of scrambler. That’s so why 7 LSB’s
of service fields are used to enable estimation of the initial state of the scrambler in the

receiver.
1.3.3 Error Control Convolutional encoder

Error-control coding techniques are used to detect and/or correct errors that occur in the
message transmission in a wireless communication system. The transmitting side of the
error-control coding adds redundant bits to the original information data. The receiving
side of the error-control coding uses these redundant bits of symbols to detect and/or
correct the errors that occurred during transmission. The coding process at transmitter
side is known as encoding, and at the receiving side coding process is known as decoding
[14].
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Xor Operation

——
Output Data P

1
Input data_ -
1
Output Data Q
——

Figure 1.11 Convolutional encoder

There are many types of coding techniques such as block codes, convolutional codes and
line codes. In 802.11a systems convolutional codes are used. In convolutional codes if M
is number of input data and N is number of output data. Then the ratio M/N is known as
coding rate(R). The Viterbi method is used for decoding the convolutional codes at the
receiver side. The Viterbi algorithm is a maximum likelihood (ML) decoding procedure

The signal field is coded with a convolutional encoder of coding rate R=1/2 and DATA
field is coded with coding rate of R = 1/2, 2/3, or 3/4, corresponding to the desired data.
The convolutional encoder with the industry-standard generator polynomials, g, = 1334
and g, =171g, of rate R = 1/2, with the constraint length of 7 is shown in fig. 1.11. The
bit denoted as “P” is the output from the encoder before the bit denoted as “Q”. Higher
rates are derived from it by employing puncturing. Puncturing is a procedure for omitting
some of the encoded bits in the transmitter (thus reducing the number of transmitted bits
and increasing the coding rate) and inserting a dummy “zero” metric into the
convolutional decoder on the receive side in place of the omitted bits. The puncturing
patterns are illustrated in fig. 1.12. Decoding by the Viterbi algorithm is recommended.
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Punctured Coding (r = 3/4)

Source Data Xo | X5 | X | X3

&
8
&
sy
2!

Encoded Data Stolen Bit

Ag | A | Ao | Az | Aq| As | Ag | A7 | Ag
By

Bit Stolen Data
(sent/received data)| Aﬂ‘ Bo‘ Al‘ BZ‘ A% B3| A“IBS‘ A'A B6| A% Bs‘

Bit I d Data AO A‘l A.z A3 A4 ‘A‘S A.ﬁ A';l As I:| Ins ¥ Bit
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Decoded Data
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Punctured Coding (r = 2/3)

Source Data Xo X, X

X3
Ag | A; | Ay | A5 | AL | As
Bs

Encoded Data Stolen Bit
By | By | B> B, | Bs

Bit Stolen Data

(sent/received data)| 20| Bo | A1| Az| By Az| Ay By | As

Bit Inserted Data | X0 | ©1| fHo| Asz| A4l As it
By | By | B | Bs| By B

Decoded Data Yo 1 Va vs Va v

(b)

Figure 1.12 puncturing pattern for (a) code rate of 3/4 and (b) code rate of 2/3
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1.3.4 Data interleaving and deinterleaving

Interleaver: After coding process data is interleaved by a block interleaver with a block
size corresponding to the number of coded bits in a single OFDM symbol, Nggps. The
interleaver is defined by a two-step transformation [15]. The first transformation
guarantees that adjacent coded bits are mapped onto nonadjacent subcarriers. The second
guarantees that adjacent coded bits are mapped alternately onto less and more significant
bits of the constellation. The first transformation is defined by the rule

I = (Ncgps/16) (k mod 16) + floor (k/16) k=0,1, Negps — 1 (1.21)
The second transformation is defined by the rule

Jj =sx floor (i/s) + (i +Ngps . floor (16 X i/Nggps)) mods 1=0,1..., Negps — 1
(1.22)

Where

k= index of the coded bit before the first transformation,

i= index after the first and before the second transformation,

j= index after the second transformation, just prior to modulation mapping.

The value of s is determined by the number of coded bits per subcarrier,Ngpg., according

to
s =max (Ngpsc/2, 1) (1.23)

Deinterleaver: This performs the inverse function of interleaving, is also defined by two
transformations. Here the index of the original received bit before the first transformation
is denoted by j; i shall be the index after the first and before the second transformation;
and k shall be the index after the second transformation, just prior to delivering the coded
bits to the convolutional (Viterbi) decoder. The first transformation is defined by the rule

i =s x floor (j/s) + (j + floor (16 x j/Nogps)) mods j=0,1... Negps —1 (1.24)

where s is defined in Equation (1.23).
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This transformation is the inverse of the transformation described in Equation (1.21). The
second transformation is defined by the rule

k = 16 X i _(NCBPS - 1) XﬂOOI’ (16 X i/NCBPS) i = 0, 1 NCBPS - l (125)
This transformation is the inverse of the transformation described in Equation (1.22).
1.3.5 Subcarrier Mapping and Modulation

The OFDM subcarriers are modulated by using BPSK, QPSK, 16-QAM, or 64-QAM,
depending on the RATE at which data is to transmit. After coding and interleaving
process, serial input data is divided into groups of Ngpsc (1, 2, 4, or 6) bits and converted
into complex numbers (I+].Q) representing BPSK, QPSK, 16-QAM, or 64-QAM
constellation points respectively.

BPSK Modulation

For BPSK modulation serial data is divided into group of 1 bit (b,). bit b, determines the
real value (1) of complex number. Imaginary value (Q) is always 0. It is illustrated in
table 1.3.

Table 1.3 BPSK encoding values

QPSK Modulation

For QPSK modulation serial data is divided into group of 2 bit (byb1). b, is the earliest
bit. bO determines the real value (I) and bl decides imaginary value (Q) of complex
number [8]. It is shown in table 1.4.
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Table 1.4 QPSK encoding values

16-QAM Modulation

For QPSK modulation serial data is divided into group of 4 bit (bybib,b3). byb;
determines the real value (1) and b,b; decides imaginary value (Q) of complex number

as shown in table 1.5 .

Table 1.5 16-QAM encoding values

00 -3 00 -3
01 -1 01 Al
11 1 11 1
10 3 10 3

64-QAM Modulation

For 64-QAM modulation serial data is divided into group of 6 bit (byb,b,b3b,bs).
byb,b, determines the real value (1) and b;b,bs decides imaginary value (Q) of

complex number. It is shown in table 1.6.
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The conversion is done according to Gray-coded constellation mappings. The output
values, d, are formed by multiplying the resulting (1+).Q) value by a normalization

factor Kyop, as described in Equation (1.26).

d=(+].Q) x Kyop (1.26)

Table 1.6 64-QAM encoding values

000 -7 000 -7
001 -5 001 -5
011 -3 011 -3
010 -1 010 -1
110 1 110 1
111 3 111 3
101 5 101 5
100 7 100 7

The normalization factor, KMOD, depends on the base modulation mode, as prescribed
in table 1.7. Note that the modulation type can be different from the start to the end of the
transmission, as the signal changes from SIGNAL to DATA, as shown in fig. 1.6. The
purpose of the normalization factor is to achieve the same average power for all
mappings [16].

24



Table 1.7 Modulation dependent normalization factor (Kyop)

BPSK 1

QPSK 12
16-QAM 110
64-QAM 142

1.3.6 Serial to parallel convertor

After modulation of interleaved data, serial data is converted into parallel form of group
48 for 48 subcarriers out of 52 subcarriers.

1.3.7 Pilot Subcarriers

Pilots are added for channel estimation. There are main two methods to transmit pilots as
shown in fig.1.13:

1. Comb type: Some part of the sub-carriers is always reserved as pilot for each
symbol.

2. Block type: All sub-carriers is used as pilot but for a specific period [17].

In 802.11a, Comb type pilots are used and out of 52 subcarriers are reserved for pilots. In
each OFDM symbol, four of the subcarriers are dedicated to pilot signals in order to
make the coherent detection against frequency offsets and phase noise
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Values of 4 pilots are [1 1 1 -1]. These pilot signals are put in subcarriers -21, -7, 7, and
21 as shown in fig. 1.4. The polarity of pilots is controlled by a pseudo-binary sequence
to prevent the generation of spectral lines. This sequence is generated by the scrambler,
same as is used in scrambling operation. Initial state of scrambler is chosen to all ones,

and replacing all 1’s with -1 and all 0’s with 1. This sequence is given as

Po126 = [1,1,1,1, -1,-1-1,1, -1,-1,-1,-1, 1,1,-1,1, -1,-111, -1,1,1,-1, 1,1,1,1, 1,1,-1.1,
1111, 1,-1-12, 1,1,-11, -1,-1,-11, -1,1,-1,-1, 1,-1,-1,1, 1,111, -1,-1,1,1, -1,-1,1,-
1 1-111, -1,-1,-11, 1-1,-1,-1, -1,1,-1,-1, 1,-11,1, 1,,1,-11, -11,-1,1,-1,-1,-1,-1, -
11,-11,1-1,1,-1, 1,1,1,-1, -1,1,-1,-1, -1,1,1,1, -1,-1,-1,-1, -1,-1,-1] (1.27)

Each sequence element is used for one OFDM symbol. The first element, p,multiplies

the pilot subcarriers of SIGNAL symbol, while p,to p,,¢be used for DATA symbols.
1.3.8 OFDM modulation

Modulation and demodulation in OFDM system can be achieved by IFFT and FFT,
respectively. A data symbol in the “frequency domain” is transformed to “time-domain”
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by performing the N (in 802.11a N=64) point IFFT operation, before being sent across to
the wireless channel for transmission after radio frequency modulation.

Subcarrier’s numbers

Null
#1
#2

#26
Null
Null
Null
#-26

Time domain output

#-2
#-1

Figure 1.14 inputs and outputs of IFFT with subcarriers numbers

After adding pilot subcarriers, we have a total of 52 data in an OFDM symbol. These 52
data are allocated to their corresponding subcarriers as shown in fig.1.3. Additional null
points are added to these data to make a total of 64, and then Inverse Fast Fourier
transform (IFFT) of size 64 is taken to modulate data on different orthogonal subcarriers.
Mathematical relation of data with IFFT is shown in equation (1.3), and location of
different subcarriers with IFFT block numbers is shown in fig.1.14

1.3.9 Guard Insertion or Cyclic Prefix
In OFDM system, the use of Cyclic Prefix (CP) can promise orthogonality of signals
even when they travel through multipath channels. To avoid IS, the condition: T, >T;, 4

should be satisfied, where Ty, is the length of CP and T,,,4, is the maximum delay spread

in the environment [18]. To insert guard interval a last part of each OFDM symbol is
appended to the front of symbol as shown in fig. 1.15.
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~N, 0 N-N, N-1

Figure 1.15: Guard insertion or cyclic prefix in OFDM

Assuming that the number of the extended OFDM symbol is N,, then the period of a
practical OFDM symbol is T+T, , where T is single OFDM symbol time, T, is the length
of guard interval, which is inserted to suppress I1SI caused by multipath distortion. An
OFDM symbol including CP is expressed in equation (5). In 802.11a OFDM system a
guard interval (T,) of T/4 is taken. Since there are 64 bits per OFDM symbol including
data bits, pilot bits and null bits. So 64/4=16 bits from last part of symbol is copied to
front end of symbol so a total of 80 bits per OFDM symbol are sent.

1.4 Drawbacks of OFDM

Problem of synchronization
1. Symbol synchronization

2. Frequency synchronization

* Need FFT units at transmitters and receiver

» Complexity of computation

» Sensitive to carrier frequency offset and phase noise. The frequency offset and
phase noise will destroy the orthogonality among subcarriers and hence
introduces ICI.

* The problem of high peak to average power ratio (PAPR) which reduces the
efficiency of RF (radio frequency) amplifier.

* OFDM needs an adaptive or coded scheme to overcome spectral nulls in the
channel.

» Efficiency gains reduced by requirement for guard interval.[19]
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1.5 PAPR PROBLEM

In OFDM, after IFFT operation input data symbols are modulated on orthogonal
subcarriers which are superimposed. So output is superposition of multiple subcarriers. In
this situation some instantaneous output power may increase greatly and become far
higher than the average power of the system [20]. This is defined as Peak to Average
Power Ratio (PAPR). In the worst case, when the N signals are added with the same

phase, they will produce a peak power that is N times the average power.
1.5.1 Effects of PAPR

High PAPR is one of the most serious problems in OFDM system. To transmit signals
with high PAPR, it requires power amplifiers with very high linear dynamic range. These
kinds of amplifiers are very expensive. When the signal input to the amplifier is
increased, the output also increases. But this type of corresponding increment occurs up
to a limit, beyond that limit amplifier becomes saturated and cannot produce any more
output; this is called clipping, and results in distortion. This non-linear distortion changes
the superposition of the signal spectrum resulting in performance degradation and
spectral splatter [21]. If there are no actions to reduce the high PAPR, OFDM system
could face serious limitation for practical applications. To avoid this distortion, for high
PAPR, the RF power amplifiers needs to be operated under large back-offs due to the
limited linear region. Thus high PAPR reduces the efficiency of RF power amplifiers.
However, these types of amplifiers are generally very costly and therefore are of no
practical use. On the other side, certain algorithms having good performance were
introduced to reduce the high PAPR. Hence, in this thesis, some currently promising
PAPR reduction methods are studied and compared. The performance of these reduction

schemes are done by using simulation software, Matlab.
1.5.2 Mathematical Description of PAPR

Theoretically, high peaks in OFDM system can be represented as Peak-to-Average Power
Ratio, or referred to as PAPR, in some literatures, also written as PAR. It is defined as the
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ratio of peak power to average power. It is usually expressed in dB. It is usually defined
as [22]:

P max ([]x,|?

PAPR or PAR = —2* = 1010g,, (L’;”)) in dB (1.28)
average E[l xnl ]

Where Py, represents peak output power, Pyperqq. Means average output power. [-]

denotes the expected value, x, represents the transmitted OFDM signals which are

obtained by taking IFFT operation on modulated input symbols X}, as shown in equation
(1.3).

By observing the simulation result in fig. 1.16, we can make a conclusion that the
appearance of peak amplitude is very rare, thus it does not make sense to use
max ([|x,|?]) to represent peak value in real application. Therefore, PAPR performance of
OFDM signals is commonly measured by certain characterization constants which are
related to probability

observation of peak values in OFDOM symbaols
0.35 T T T ! T T

P‘:eak VEI|I,E,IES

0.3

amplitude

20
number of samples

100 140

Figure 1.16 High peak values in OFDM symbols
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1.6 Various PAPR Reduction Techniques

There are many different algorithms that have been proposed to solve the high PAPR
problem of OFDM system. These reduction solutions can be roughly divided into three

categories [23]:
1.6.1 Signal distortion techniques

This kind of techniques includes clipping, peak windowing, peak cancellation and
companding [24]. Out of these, Clipping and Filtering is the most used and easiest
approach. It can clip the signal at the transmitter to a clip level so as to remove the
appearance of high peaks above that level. Clipping can be implemented to the discrete
samples earlier to Digital to Analog Convertor (DAC) and RF amplifier. This process
causes nonlinear distortion. So orthogonality will be destroyed to some extent which
results in band noise and out of band noise. In-band noise cannot be removed by filtering,
it increases the bit error rate (BER). Out-of- band noise reduces the bandwidth efficiency
but filtering can be employed to minimize the out-of-band power. Although filtering
removes out of band radiations, it may cause peak re-growth. To overcome this
drawback, the whole process is repeated several times until a desired situation is
achieved. Furthermore, some other novel proposals which combine this method with
coding and/or signal scrambling have already been studied by other researcher.

1.6.2. Signal Scrambling Techniques

In this algorithm, OFDM symbol is scrambled with different scrambling sequences and
select one which has the smallest PAPR value for transmission. It can reduce the
probability of high PAPR to a great extent. This type of approach includes:

e Selective Mapping (SLM)

e Partial Transmit Sequences (PTS).

SLM method [25] applies scrambling rotation to all sub-carriers independently while PTS
method [26] only takes scrambling to part of the sub-carriers. Performance of these
techniques does not depend on the number of sub-carriers and type of modulation. While
scrambling techniques are very efficient in reducing PAPR, they still have some
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problems. The scrambling techniques have to calculate PAPR at the transmitter and the
information of the selected scrambling sequence needs to be known at the receiver for
descrambling. They suffer from high computational complexity and a slight loss of
transmission rate. This results in low bandwidth utilization and high hardware complexity

for implementation.
16.3 Coding Techniques

The main idea of coding techniques is to pick some code words with low PAPR . Some
code words will also have some error correcting capability. The classical schemes include
linear block code [27], Golay codes [28] and Reed-Muller code [29]. Among them, Golay
complementary sequences derived from Reed-Muller codes are good codeword
candidates and also provide a good error correcting performance at the same time. As far
as linear block code method is concerned, it is only suitable to the scenario which has a
small number of sub-carriers, which results in limited applications. Although coding is a
good approach to the PAPR problem, it is hard to find enough code words with small
PAPR, especially for OFDM system with large N.
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Chapter 2

Literature Review

In this chapter, the technical background of this thesis is reviewed. Many schemes have
been proposed to solve the PAPR problem. However, none of these schemes have
produced significant reduction of PAPR without affecting other performance such as bit

error rate or headache of sending additional information.

S.H. Muller et al. [30] proposed a very flexible method to reduce PAPR with almost zero
redundancy. This new method works with any number of subcarriers. In this proposal a
partial transmit sequence (PTS) is added to minimize PAPR distortion less. In Partial
Transmit Sequence (PTS) approach, transmitted symbols are multiplied with the
weighting factors or rotation factors that are selected by transmitter to modify the
subcarrier amplitude. So PAPR was reduced with different weighting factors for different
symbols. But in PTS there was a drawback of transmitting the weighting factors
explicitly, since they are required for decoding at the receiver side. This needs also a

number of iterations to find the optimum combination of factors for OFDM symbols.

Adaptive PTS was proposed by A.D.S. Jayalath et al. [31]. This algorithm offered to
reduce number of iterations by fixing a desired threshold level of PAPR and trial for
different weighting factors until the PAPR reduced below that threshold level. In this 256
subcarriers are used with QPSK modulation technique. Results showed that PAPR can be
reduced by 4.0 dB and 4.1 dB with adaptive and without adaptive PTS respectively. But
there was a problem of sending side information which results in a decrease in the

bandwidth efficiency.

Theodoros et al. [32] proposed a low-complexity PTS-based technique. In this new
technique, there is no burden of transmitting side information for weighting factors. In
this, at the receiver side the proposed decoder uses the predetermined values of pilot
tones and investigates all the allowed combinations of weighting factors, so as to identify

the factor combination employed by the transmitter.
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A technique to reduce PAPR with combined interleaving and peak windowing method is
given by H. Sakran et al. [33]. By using proposed scheme, a PAPR reduction of 3.5 dB is
achieved over the original system and also SNR decreases by more than 3dB for BER of

10°® over the original system.

R.W. Bauml et al. [34] proposed a Selected Mapping (SLM) technique to reduce PAPR
for arbitrary number of sub-carriers. In SLM, a small amount of redundancy, required to

reduce PAPR, is spread over all sub carriers.

The sequence modification (SM) method has been suggested by Yan Xin et al. [35]. Due
to addition of PTS technique, the number of sub-blocks in the system increases so the
complexity also increases. Conventional PTS system involves generation of all partial
transmit sequences through IFFT operations and optimization of the weighted PTS. By

use of SM, complexity of system and number of IFFT operations significantly reduces.

A new technique for OFDM BPSK systems to reduce PAPR, based on the auto-
correlation property of data symbol sequence, is proposed by Pavol Svac et al. [36]. In
this technique amount of PAPR reduction does not changes with the number of sub-
carriers. For implementing this technique, some complementary parity encoder needs to
be employed. This gives a low complexity solution. Moreover, the redundancy of the
code enables simple error control. But it requires more bandwidth.

Tone-reservation (TR) technique is proposed by J. Tellado-Mourelo [37], this technique
exploits a small number of unused subcarriers (reserved tones) to generate a peak-
canceling signal. TR does not degrade the BER performance but requires an efficient
generation of the peak-canceling signal. An optimal solution for peak-canceling signal is
obtained by solving a Quadratically Constrained Quadratic Program (QCQP), which is a
type of convex optimization problem. A drawback of this optimal solution is its slow
convergence which leads to a high complexity of computation. And another thing is that
in 802.11a OFDM system there are total of 52 sub-carriers and all of these are occupied
by data and pilots. So no question arises for not using this technique in 802.11a OFDM

system.
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J. Davis et al. [38] proposed coding techniques (Golay complementary sequences, and
Reed-Muller codes) with the capabilities of both PAPR reduction, as well as error
correction. However, these codes significantly reduce the overall throughput of the
system, especially if there are a relatively large number of subcarriers.

Desire Guel et al. [39] analyzed and compared various clipping techniques to reduce the
PAPR. In this paper, Classical-Clipping (CC), Heavyside-Clipping (HC), Deep-Clipping
(DC) and Smooth-Clipping (SC) are implemented for reducing the PAPR of an OFDM
system. The effectiveness of these techniques in terms of PAPR-reduction, average
power variation and total system degradation are evaluated. From the analysis and
simulation results, it is very difficult to say which of these four is the best. But, because
of its flexibility in PAPR reduction, in total system degradation and in average power
variation, DC technique appears to be the best of the four.

The effects of clipping techniques on Partial Response Signaling (PRS)-OFDM are
discussed by Sharifah K. Syed-Yusof [40].In this work, integer PRS polynomial that
maximizes the Carrier-to-Interference power Ratio (CIR) are used. However, the PRS-
OFDM system suffers PAPR increment due to the partial response polynomial functions.
In this paper, the performance of suboptimum PRS-OFDM at different polynomial
length, K when clipping is used as a method to reduce the PAPR are investigated.

Two clipping techniques: the separate clipping of the real and imaginary parts of the
complex envelope (denoted “type 1” clipping) and the envelope clipping (denoted “type
2” clipping) are discussed by Rui Dinis et al. [41]. The impact of oversampling and
filtering issues is taken into account, together with the type of clipping and the choice of
the clipping level, when calculating power spectral densities and BER performances.
Their results show that an appropriate envelope clipping, together with a small
oversampling factor and a mild filtering, leads to the best performances and is strongly
recommendable for OFDM applications.

Two new algorithms are discussed by Farzaneh Kohandani et al. [42] to reduce the

PAPR. The first algorithm is carried out by selecting the input sequences properly using a

35



look up table and the second by scaling the input envelope or subcarriers before they are

transformed to the time domain by IFFT.

Due to the simplest way for PAPR reduction, the clipping techniques [43-46] have been
proposed. In this thesis, we focus on clipping-based PAPR reduction techniques and also
commanding techniques since all techniques come under the category of signal distortion
techniques. In all these techniques there is no need of sending side information to the

receiver side. So a saving in bandwidth efficiency is there.
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Chapter 3

Gaps in Studies, Objectives and Methodology

3.1 Gaps in Studies

Various PAPR reduction techniques are discussed such as SLM, PTS and Tone Injection
etc in [31-38]. But a problem in all these techniques was that OFDM transmitter has to

send side information for the receiver side.

S.H. Muller et al. [30] proposed a very flexible method to reduce PAPR with almost zero
redundancy with PTS. But there was a drawback of transmitting the weighting factors
explicitly, since they are required for decoding at the receiver side. This needs also a
number of iterations to find the optimum combination of factors for OFDM symbols.

J. Davis et al. discussed about the Golay complementary sequences, and Reed-Muller
codes with the capabilities of both PAPR reduction, as well as error correction [38].
However, these codes significantly reduce the overall throughput of the system,
especially if there are a relatively large number of subcarriers. But in our 802.11a system

there are no large numbers of subcarriers, so these codes will not work in our system.

Four clipping techniques have also been discussed by Desire GUEL et al. [39]. In this
paper, DC has been found to have better performance over all clipping techniques. So in
this thesis we will also see the performance of these clipping techniques and will find out
the best clipping technique out of these four techniques.

In this paper APAPR is evaluated for various clipping techniques. In this APAPR is
defined as the difference of PAPR value with clipping technique from the PAPR value
without the clipping technique. Since clipping technique will reduce PAPR, so this
difference should come negative but it is shown positive and all graphs related to this
shows positive values. Here in this thesis discussion of APAPR is also done to show the
problem that has evaluated from this paper.
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3.2 Objectives
The primary objectives of this thesis can be summarized as follows:

e To study and simulate the OFDM transmitter and receiver on PPDU frame format
base structure.

e To show that the PAPR of system does not depend on the bit rate or modulation
scheme of the OFDM system and to prove that Deep Clipping Technique has no
optimum value of Deep Clipping Factor (a) for which it gives a good PAPR
reduction performance

e To discuss and study the various clipping and companding techniques to reduce
PAPR.

e To study and analyze the various PAPR reduction techniques on the basis of
histogram, Complementary Cumulative Distributive Function (CCDF), BER,

average power variation and APAPR.
3.3 Methodology

In this thesis to evaluate the performance of various PAPR reduction techniques, many
parameters are presented and discussed. Then an experiment is done to show the relation
of PAPR with the various modulation schemes or data rate systems. Then a various
PAPR reduction techniques are discussed with their mathematical formulation and by
their characteristics plots. Experimental results are then obtained using various Clipping
Techniques with well known characteristics in order to show the efficiency and accuracy
of them.

In addition different data rate systems are used for different experiments to show the
broad applicability of the optimum PAPR reduction technique.

The experimental results of various clipping and companding techniques, when applied to
the system of same data rate and same raw data, are also reported to show the

comparisons with one another.
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Chapter 4

Simulations and Results using Matlab

4.1 Performance Parameters

The system simulations are performed using an IEEE 802.11a WLAN standard. And the
performances of different techniques are performed with the following performance

parameters.
4.1.1 Histogram Performances

In this, we make a histogram of number of symbols along with their corresponding PAPR
values [47]. This gives two statics about PAPR. First it shows the upper limit of PAPR
value that the symbols may have. And second distribution of number of symbols

corresponding to their PAPR values

4.1.2 Complementary Cumulative Distribution Function (CCDF)

To measure the efficiency of any PAPR reduction technique Cumulative Distribution
Function (CDF) is one of the most frequently used parameters. Normally, the
Complementary CDF (CCDF) is used instead of CDF [48], which helps to find the
probability that the PAPR of a certain data block exceeds the given threshold PAPR i.e.
PAPR,. Statistics are given in terms of the CCDF. The CCDF shows the probability of an
OFDM frame exceeding a given PAPR.

We can evaluate the high peak of the signal using a distribution of instantaneous power
that is normalized by the mean power. In this paper, we evaluate the distribution based on
a Complementary Cumulative Distribution Function (CCDF), denoted as

CCDF(PAPR,) = Pr{PAPR > PAPR,}, (4.1)

Which shows a probability or fractions of PAPRs that exceeds a threshold level
of PAPR,.
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4.1.3 Delta PAPR (APAPR)
We denote APAPR the performance in terms of PAPR reduction defined as [49]

APAPR = PAPRy, ciip — PAPRy;, . [dB] (4.2)
Where PAPRy;, is the required PAPR to obtain a specific value of the CCDF when
clipping is used, while PAPRy, c;iis the required PAPR to obtain the same value of the

CCDF when clipping is not used, i.e., when none PAPR reduction is done.
4.1.4 BER performance

Performance of PAPR reduction is also done with bit error rate analysis [50]. All PAPR
reduction techniques reduce PAPR to a considerable limit but on the other side there is an
increment in data loss also. So an analysis on BER should also be done to find an

optimum result.
4.1.5 Average Power Variation (AE)

Another aspect of performance evaluated in this paper is the average power variation
denoted AE and expressed as [49]:

AE = Pciip — Pnociip +  [dB] (4.3)
Where Py, is the average power of the signal when clipping is used, while Py, ¢y, is the

average power of the signal when none PAPR reduction is done [49].
4.2 Influence of Different Bit Rates on PAPR

In 802.11a OFDM system different bit rate systems include different modulation
techniques and coding rate. So an analysis of different data rate systems on PAPR
performance is shown in fig. 4.1. It displays a set of CCDF curves which are transmitted
by different data rates with the number of sub-carriers N=64. Results show that there is
only small difference between different data rates or modulation schemes or coding
schemes on PAPR performance. Thus, different data rates have minimum influence on

PAPR performance.
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. CCDF wersus PAPR for different types of bit rates in 802.11a OFDM system
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4.3 Signal Distortion Techniques

4.3.1. Clipping Techniques

As stated in chapter 1, clipping is the simplest PAPR reduction technique. OFDM system
with clipping and filtering is shown in fig 4.2. In this system, the behavior of clipper is
represented by a clipping function f.(.) which changes according to the type of clipping
technique used to reduce PAPR.
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Figure 4.2: OFDM system with Clipping and Filtering
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Rewriting the discrete-time OFDM signal x, to polar coordinates gives x, = r,,e/%,
where r,, represents the amplitude of x, and ¢,, represents the phase of x,. The clipped

signal c,, is expressed as

¢y = fo(r,) e/¥n (4.4)
where the clipping function f,(n,) is according to the type of clipping used.

After clipping operation, OFDM symbol x,, is transformed to c,,. The filter used in fig.
4.2 for out-of-band filtering is based on FFT/IFFT pair. This filter consists of a FFT
followed by an IFFT operation [39]. The forward FFT transforms c, back to the
frequency-domain to obtain X';. In between we processed this frequency data with low
pass filter to get Y, . The components of X’ in the in-band are passed unchanged while the
components of X' in out-of-band are fixed to zero, The IFFT operation transforms Y,
back to the time-domain. This results in the filtered clipped signal y,, at the output of the
filter-based FFT/IFFT pair [51]

Clipping Ratio (A): Any technique which clips the signal at a level is denoted as A. if
the average value of a signal is denoted as P,. We define the Clipping Ratio (CR) as [52]

CR =201log,,(A/\/P,) [dB] (4.5)
In this section, we focus on four clipping-based PAPR reduction techniques:

1. Classical-Clipping (CC) or Hard Clipping,
2. Heavyside-Clipping (HC),

3. Deep-Clipping (DC) and

4. Smooth-Clipping (SC).

Their effectiveness in terms of PAPR-reduction, average power variation and BER are
studied and compared with each other in context of OFDM-based WLAN system.
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4.3.1.1 Classical Clipping (CC) technique.

The Classical Clipping (CC) proposed by J. Armstrong [43], is one of the most admired
clipping techniques for PAPR reduction. It is sometimes also called hard clipping or soft
clipping. The clipping function for CC technique is defined below and shown in fig. 4.3.

_(ry ifr, <A
felrm) = {A ifr, > A (4.6)
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Figure 4.3: Classical Clipping Technique

In this technique, the signal having amplitude greater than a predefined threshold level A
is limited to that level i.e. A and signal having amplitude lower than A are passed through
undisturbed.

Histogram performance:-

Fig 4.4 and fig 4.5represents the histogram of number of OFDM symbols corresponding
to their PAPR values. Fig 4.4 shows the histogram of original OFDM system without any
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clipping at 36 Mbit/s data rate and a data of 8000 bits is done for simulation. Here
maximum value of PAPR is going up to 9.5 dB. In fig 4.5 histogram of OFDM system
with classical clipping technique at the clipping ratio of 2.5 dB is shown, where the
maximum value of PAPR is observed to be 5 dB. So a total of 4.5 dB gain is received

after the CC clipping.

Histogram of PAPR vs number of symbols in original OFDM system

15

10

NO. of Symbadls

4 5 6 7 8 9 10
PAPR in dB

Figure 4.4: Histogram of PAPR in original OFDM system

Histogram of PAPR vs number of symbols after classical clipping
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Figure 4.5: Histogram of PAPR for OFDM with CC technique
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CCDF Plot:-

A CCDF plot of CC technique is shown in fig. 4.6. In this CCDF plot of CC technique is
compared with the original OFDM system. More the PAPR reduces more the plot of
CCDF moves towards the origin. In this fig. we observe that in CC technique, probability
of symbols having PAPR greater than 5 dB is near to zero.

Delta PAPR (APAPR):

The variation of APAPR with clipping ratio is shown in fig. 4.7 from this simulation we
observe that we gain maximum gain of 5.5 dB at clipping ratio of 0dB i.e. when we clip
the signals at average value of whole signal we get maximum gain. As we increase the
clipping ratio or increase the clipping level above the average level, the PAPR reduction
gain decreases. After 7.5 dB there is no gain in PAPR reduction so clipping is done
between 0 to 7.5db range to affect the PAPR.

CCDF plots of PAPR from an IEEE 802.11a Tx at 36 Mbps transmission
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Figure 4.6: PAPR reduction performance of CC technique
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PAPR reduction performance versus clipping ratio for classical clipping

(dB)

Delta PAPR
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Cipping ratio(CR) (dB)

Figure 4.7: APAPR performance for CC technique

BER Performance and Average Power Variation:-

BER performance and average power variation of CC technique will be done with the all
clipping techniques in the last to show the comparison between them at the same clipping

ratio.
4.3.1.2 Heavyside Clipping (HC) Technique

HC is used as a baseband nonlinear transformation technique to improve the overall
communication system performance [46]. It is used in this paper for OFDM PAPR
reduction. The Heavyside function is expressed below and depicted in fig. 4.8.

fi(n)=A4 Vr, 4.7
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The HC technique is a case of school; it is widely used in theory but very rarely in
practice. We will see further in simulation results that it is the worst of the four
techniques studied in this paper.

Heawside Clipping(HC) Function with clipping level of 15
20 i I I g

— Without HC clipping
After HC clipping

18
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output amplitude

0 2 4 6 8 10 12 14 16 18 20
input amplitude

Figure 4.8: Heavyside Clipping Technique
Histogram performance:-

Histogram performance of HC is shown in fig. 4.9 and 4.10. Since Heavyside is an ideal
case of clipping, so in this technique PAPR reduces from 8.25 dB to 3% 1071° i.e. nearly
0 dB at the clipping ratio (CR) of 2.5 dB.
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Figure 4.9: Histogram of PAPR with original OFDM system

Histogram of PAPR ws number of symbols after Heawside clipping
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Figure 4.10: Histogram of PAPR for OFDM with Heavyside clipping technique
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CCDEF plot:-

CCDF or probability curve of HC technique is shown in fig. 4.11. In this the CCDF plot
IS not appearing in the fig. it is because due to a perfect clipping technique its PAPR

value goes to zero. So this is appeared in the bottom zero line of graph with the green

line.
CCDF plots of PAPR from an IEEE 802.11a Tx at 36 Mbps transmission
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Figure 4.11: PAPR reduction performance of Heavyside clipping technique
Delta PAPR (APAPR):

The APAPR versus CR is shown in fig. 4.12 from this we observe that for all values of
clipping ratio, gain in PAPR reduction remains constant and it gives a maximum PAPR
gain of 9.5 dB out of all clipping and companding techniques.
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PAPR reduction performance versus clipping ratio for Heawside clipping
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Figure 4.12: APAPR performance for Heavyside clipping technique

4.3.1.3 Deep Clipping (DC) Technique

One problem of Clipping and Filtering (CAF) is peak re-growth due to the filtering for
the clipped signal. Deep clipping method is used suppress the peak re-growth and to
reduce the Peak-to-Average power Ratio (PAR) of OFDM signals without iteration of
CAF blocks [46]. So, in DC technique, the clipping function is modified in order to
“deeply” clip the high amplitude peaks. A parameter called clipping depth factor has been
introduced in order to control the depth of the clipping. The function based clipping used

for DC technique is defined below and shown in fig 4.13.

( T, if ,<A
IA ) <1+0{
fr) =1 A7) A< < (48)
| l1+a
L 0 if r, > A
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Deep Clipping(DC) Function with clipping level of 15 and deep clipping factor of 2
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Figure 4.13: Deep Clipping Technique

Where a is called the clipping depth factor. As the input amplitude values go beyond the
threshold level, clipped values do not remains at the threshold level as in case of CC but
decreases below that level, and rate of decrement to zero depends on the value of deep
cleaning factor (a). The effect of « on clipped output signal is shown in fig. 4.14, by
taking different values. From the fig. 3.5 we observe that as we increase the values of «,
the rate of decrement also increases. If we set a to zero, then DC will be same as of CC.

so it can be said that CC is special case of DC

51



Effect of different alpha values on the deep clipping with clipping lewvel of 15
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Figure 4.14: Effect of different a values in Deep clipping
Histogram performance:-

Histogram of original OFDM and OFDM with DC technique is shown in fig 4.15 and
fig. 4.16 respectively. Here a gain of 5 dB is achieved in PAPR raduction at 2.5 dB of
CR and value of clipping depth factor is taken to be 0.3. Unlike CC, signals having level
greater than clipping level do not have a constant value of clipping level but this
decreases corresponding to clipping depth factor (a). So there are a large number of

signals having low value of PAPR is generated, as shown in fig 4.16.
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Figure 4.15: Histogram of PAPR with original OFDM system

Histogram of PAPR vs number of symbols after Deep clipping
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Figure 4.16: Histogram of PAPR for OFDM with DC technique
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CCDF Plot:

A CCDF plot of DC technique is shown in fig. 4.17 in this CCDF plot of DC technique is
compared with the original OFDM system. In this fig. we observe that in DC technique,
probability of symbols having PAPR greater than 4.5 dB is near to zero. This is better
than CC technique at the basis of probability of PAPR. In CC this value is 5 dB so a 0.5
dB gain is achieved by DC technique.

CCDF plots of PAPR from an IEEE 802.11a Tx at 36 Mbps transmission
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Figure 4.17: PAPR reduction performance of DC technique
Delta PAPR (APAPR):

The variation of APAPR with clipping ratio is shown in fig. 4.18 from this simulation we

observe that we gain maximum gain of 5 dB at clipping ratio of O to 2.5 dB. After 9.5 dB
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there is no gain in PAPR reduction so clipping is done between 0 to 9.5db range to affect
the PAPR.

PAPR reduction performance versus clipping ratio for Deep clipping
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Figure 4.18: APAPR performance for DC technique
Deep Clipping Performance

In this subsection, we analyze the effect of « on APAPR in order to find the optimal « for
WLAN systems. Fig. 4.19 shows the variation of clipping depth factor effect on the
PAPR reduction performance and table shows the corresponding APAPR for different CR
values. It is observed that there is an optimum value of « of the value of zero at which it
gives maximum PAPR reduction gain. In our simulation we varied the « for the CR value
of 0.0, 0.5, 1.0, 1.5 and 2.5 dB. And get the response of PAPR reduction gain. We
observe that as we increase the value of a, gain decreases correspondingly. For CR of
0dB we get maximum gain of 6.1dB but at clipping depth factor of 0. For all CR values,

there is maximum gain at zero value of clipping depth factor. So at =0, we get the
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optimum result. But if we see the DC technique equation sincerely then we comes at this
conclusion that at «=0 DC converts to CC technique. So we think that there is no usage

of introduction of DC technique in OFDM system.

PAPR reduction performance versus clipping ratio for deep clipping
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Figure 4.19: APAPR performance for different values of a

4.3.1.4 Smooth Clipping (SC) technique

A Smooth Clipping technique used to reduce the OFDM PAPR is described by P.
Boonsrimuang et al. [46]. In this paper, the function based-clipping for SC technique is
defined below and depicted in fig. 4.20.

fc(rn) — ™ — 7 T < 34/2 , (49)
A 1, > 34/ 2

where b = %AZ.
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Soft Clipping(SC) technique with clipping level of 15
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15 o
. 7z

output amplitude

0 5 10 15 20 25 30
input amplitude

Figure 4.20: Soft Clipping Technique

Histogram performance:-

Histogram of original OFDM and OFDM with SC technique is shown in fig. 4.21 and
fig. 4.22 respectively. Here a gain of 4.75 dB is achieved in PAPR raduction at 2.5 dB of

CR.

Histogram of PAPR vs number of symbols in original OFDM system

NO. of Symbols

5 5.5 6 6.5 7 7.5 8 8.5 9 9.5 10
PAPR in dB

Figure 4.21: Histogram of PAPR with original OFDM technique
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NO. of Symbols

Histogram of PAPR vs number of symbols after Soft clipping

CCDF Plot:-
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Figure 4.23: PAPR reduction performance of SC technique
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Figure 4.22: Histogram of PAPR for OFDM with SC technique
CCDF plots of PAPR from an IEEE 802.11a Tx at 36 Mbps transmission
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0] 5 10
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A CCDF plot of SC technique is shown in fig. 4.23 in this CCDF plot of DC technique is
compared with the original OFDM system. In this fig we observe that in SC technique,
probability of symbols having PAPR greater than 5.0 dB is near to zero. In CCDF

performance it is nearly same to CC technique.

Delta PAPR (APAPR):

The variation of APAPR with clipping ratio is shown in fig. 4.24 from this simulation we
observe that we gain maximum gain of 6 dB at clipping ratio of 0 dB. After 12.5 dB there
IS no gain in PAPR reduction so clipping may be done between 0 to 12.5db range to
affect the PAPR. From this simulation we also observe that 3 to 6 dB gain in PAPR

reduction can be obtained for CR values from 0 to 5 dB.

PAPR reduction performance versus clipping ratio for Soft clipping

(dB)

Delta PAPR

0 5 10 15 20 25 30 35 40
Cipping ratio(CR) (dB)

Figure 4.24: APAPR performance for SC technique
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4.3.2 Companding Techniques

In OFDM system, peak signals occur very infrequently like the speech signal. So the
concept of companding process in speech processing can be implemented to OFDM. The

same companding technique may be used to improve OFDM transmission performance.

The compander consists of compressor and expander. The compressor is a simple
logarithm computation. The reverse computation of a compressor is called an expander.
At the transmitter side, after IFFT operation compression is used, while at the receiver
side expander is used before FFT operation. Using the companding technique, small
signals are enlarged, while the large signals remain unchanged. So average power of
input signals is increased and correspondingly PAPR is reduced, since PAPR is the ratio
of peak power to average power. This scheme appreciably increases the average power,
but it also enlarges the noise. Therefore companding technique has high BER which is
caused by the significant noise enhancement at the receiver. There are two types of
companders that are used here, are:

1. u-law companding technique

2. A-law companding technique

4.3.2.1 p -law companding technique

The p-law compander employs the logarithmic function at the transmitting side. In
general a p law compression characteristic [53]:

Vieg.(1+ury/Vv)
loge(1+p)

n= u=>0 (4.10)
Where p is the p-law parameter of the compander and it controls the amount of
compression, where 7, is amplitude of input signal x,,. V is the maximum amplitude of

the signal x,, . The maximum value of output y,, is the same maximum of input x,, is

equal to V.
The p-law expander is the inverse of the compressor:
|74 loge(1+u)
rn=; <ey" Vo — 1) (4.11)
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The compression characteristic is shown in fig. 4.25 for different p.

Effect of different mu values on compression characterstics
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Figure 4.25: u-law companding technique with different values of u
Histogram performance:-

Histogram of original OFDM and OFDM with u-law companding technique is shown in
fig. 4.26 and fig. 4.27 respectively. In original OFDM maximum value of PAPR goes to
10 dB. But by using u-law companding technique with values of u =50, maximum
PAPR reaches up to 2.7 dB. So a PAPR reduction of 7.3 dB is achieved. This gain is
larger than all clipping techniques.
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NO. of Symbols

Histogram of PAPR vs number of symbols in original OFDM system

PAPR in dB

Figure 4.26: Histogram of PAPR with original OFDM system

NO. of Symbols

Histogram of PAPR vs number of symbols after mu-law companding technique
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Figure 4.27: Histogram of PAPR for OFDM with mu-law companding technique
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CCDF Plot:-

CCDF plot of u-law companding technique with values of u = 50 is shown in the fig.
4.28 with the original OFDM system. From the graph it is clear that probability of PAPR
exceeding 2.5 dB is very small. So this looks much better technique compared to all

previous techniques.

CCDF plots of PAPR from an IEEE 802.11a Tx at 36 Mbps transmission

1 [
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Probability, PI{PAPR > PAPRO]
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Figure 4.28: CCDF plot of u-law companding technique
Variation of APAPR with the u:-

A simulation of A PAPR with the u as shown in fig. 4.29 is done to observe at which
value of u, there is large value of PAPR reduction gain of OFDM system with the u-law
companding technique. From the graph it is observed that values of u from 60 to onwards
give 6 dB gain in reduction of PAPR. So companding technique should be used with

value of u greater than 60.
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PAPR reduction performance versus mu-values for mu-law companding clipping
6
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P
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Figure 4.29: A PAPR performance for mu-law companding clipping
4.3.2.2. A-law companding

The characteristic of this compander is given by [54]:

( Ar, 0< <V
j1+w%m) =M =7 s
) 1w (B v (412)
v <<V
1+log,.(4) A

A: parameter controls the amount of compression and A > 1. Here r,is normalized with
its maximum amplitude so that 0 <7, <1 . For A=1 there is no compression. The

compression characteristic is shown in fig. 4.30 for different values of A.
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Effect of different A values on compression characterstics
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Figure 4.30: A law companding technique with different value of A
And A-law expander is the inverse of the compressor:

(L +10g.(4)) yn 0<y, < 14
_ { A 1+log.(4)
™ — 4

<y <
1+loge(A)_yn_V

kK eyn(1+loge(A))/V—1
A

Histogram performance:-

(4.13)

Histogram of original OFDM and OFDM with A-law companding technique is shown in

fig. 4.31 and fig. 4.32 respectively. In original OFDM maximum value of PAPR goes to

9.5 dB. But by using A-law companding technique with values of A =50, maximum
PAPR reaches up to 2.8 dB. So a PAPR reduction of 6.7 dB is achieved. This gain is

comparable to CC technique.
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Histogram of PAPR vs number of symbols in original OFDM system
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Figure 4.31: Histogram of PAPR with original OFDM system
Histogram of PAPR vs number of symbols after A-law companding technique
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Figure 4.32: Histogram of PAPR for OFDM with A-law companding technique
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CCDF Plot:-

CCDF plot of A-law companding technique with values of A = 50 is shown below with
the original OFDM system at bit rate of 36 Mbit/s. From the graph it is clear that
probability of PAPR exceeding 2.6 dB is very small. This is comparable to u-law
companding technique

CCDF plots of PAPR from an IEEE 802.11a Tx at 36 Mbps transmission
1 \ \ T

o \

original OFDM
with A-law comapnding ||

0.7

\
0.6 \
ol | \
\
\
|
|

0.4

0.3

Probability, Pr{PAPR > PAPROQ]

0.2

AN \_

papr, x dB

Figure 4.33: CCDF plots of A law companding technique
Delta PAPR versus A values:

A simulation of A PAPR with the A as shown in fig. 4.34 is done to observe at which
value of A, there is large value of PAPR reduction gain of OFDM system with the A-law
companding technique. From the graph it is observed that values of u from 90 to onwards
give 6 dB gain in reduction of PAPR. So companding technique should be used with

value of A greater than 90.
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PAPR reduction performance versus A-values for A-law companding clipping

6

delta_papr (dB)
w
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Figure 4.34: APAPR performance for A law companding with different values of A

4.4 Comparisons of Various Clipping Techniques

4.4.1 Delta PAPR (APAPR):-

The four clipping techniques are compared by evaluating the APAPR performance of
each technique varying the CR value. This comparison is shown in fig. 4.35 and
corresponding values are represented in table 4.1. From table it is observed that HC tech
has a constant and high PAPR reduction gain of 9 dB. For remaining 3 techniques, as we
increase the value of CR, gain in PAPR reduction decreases. It is observed that up to a
considerable range of CR from 0 to 5 dB, CC technique has larger or equal value of
APAPR compared to others techniques. So in this parameter performance CC technique

looks good.
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PAPR reduction performance of different Clipping techniques versus Clipping Ratio(CR) at bit rate of 36
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Figure 4.35: Delta PAPR performance for all clipping techniques
Table 4.1: Values of delta PAPR for all clipping techniques
Clipping | PAPR Delta Delta | Delta| Delta
ratio | without | PAPR PAPR | PAPR | PAPR| PAPR PAPR | PAPR | PAPR
(CR) clipping | forCC | forHC | forDC| forSC | forCC | forHC | forDC | forSC
0 9 3 0 3.5 3.5 6 9 5.5 55
1 9 3.5 0 4 4 5.5 9 5 5
2 9 4 0 4.5 5 5 9 4.5 4
3 9 5 0 5 55 4 9 4 3.5
4 9 5.5 0 5.5 6 3.5 9 3.5 3
5 9 6.5 0 6.5 7 2.5 9 2.5 2
6 9 7.5 0 7.5 7.5 1.5 9 1.5 1.5
7 9 8.5 0 8 7.5 0.5 9 1 1.5
8 9 9 0 9 8 0 9 0 1
9 9 9 0 9 8 0 9 0 1
10 9 9 0 9 8.5 0 9 0 0.5
11 9 9 0 9 8.5 0 9 0 0.5




4.4.2 CCDF plots

CCDEF plots of all four clipping techniques with original OFDM system is shown in fig.
4.36. This performance is done at the CR value of 3dB.from this we observe that CC
technique has much better response than others techniques. Here clipping depth factor of
0.4 is used in DC technique. Plot of HC does not appear in the graph. It is because due to
ideal case it quickly falls to 0 from 1. Its values can be seen in table 4.2.

CCDF plots versus PAPR for different techniques in IEEE 802.11a OFDM system at 54 Mbps transmission
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Figure 4.36 CCDF plots of all clipping techniques
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Table 4.2: CCDF values for all clipping techniques at CR=3 dB

CCDF
CCDF (PAPR,) CCDF CCDF CCDF
(PAPR,) for
PAPR, for original (PAPRy) for | (PAPR,)for | (PAPR,)for
OFDM system <« HC technique | DC technique | SC technique
technique

0 1 1 0 1 1
0.5 1 1 0 1 1
1 1 1 0 1 1
15 1 1 0 1 1
2 1 1 0 1 1
2.5 1 1 0 1 1

3 1 0.846154 0 0.948718
3.5 1 0.153846 0 0.358974 0.948718
4 1 0 0 0.051282 0.230769
4.5 0 0 0 0
5 0.897436 0 0 0 0
5.5 0.794872 0 0 0 0
6 0.615385 0 0 0 0
6.5 0.435897 0 0 0 0
7 0.179487 0 0 0 0
7.5 0.128205 0 0 0 0
8 0.051282 0 0 0 0
8.5 0 0 0 0 0
9 0 0 0 0 0
9.5 0 0 0 0 0
10 0 0 0 0 0
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4.4.3 BER performance

BER curve for all clipping techniques are shown in fig.4.37 at bit rate of 24Mbit/s in

Additive White Gaussian Noise (AWGN) channel. In this simulation graph it is clear that

CC technigue has a better response in BER than others techniques.

0bit error probability curve for different types of clipping in awgn channel at bit data rate of 24
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Figure 4.37: BER performance for all clipping techniques

4.4.4 Average Power Variation
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Figure 4.38: Average power variation of various clipping technique
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We evaluate and compare the performance of the four clipping techniques in terms of
average power variation. Fig. 4.38 shows the average power variation of CC, HC, DC
and SC techniques according to CR and table 4.3 shows the values of power variation.
As, in HC technique for all values of CR, it gives a constant and maximum reduction in
PAPR of 9.5 dB but it shows high degradation in BER performance and high average
power variation also. For CC and DC techniques, no variation in average power is
achieved after CR = 7 dB which corresponds to APAPR = 0 dB (which is shown in delta
PAPR performance of CC and DC). For SC technique, no variation in average power is
reached for CR=15 dB. Therefore, a trade-off must be done between PAPR reduction and
average power variation

Table 4.3: Average power variation for all clipping techniques

CR AE for CC AE for HC AE for DC AE for SC
0 -1.69052 0.603111 -4.36565 -2.26903
1 -1.1807 1.603111 -3.36532 -1.82487
2 -0.76988 2.603111 -2.3346 -1.45311
3 -0.45705 3.603111 -1.56866 -1.15008
4 -0.23294 4.603111 -0.96338 -0.90854
5 -0.09505 5.603111 -0.49738 -0.71791
6 -0.02603 6.603111 -0.18913 -0.56779
7 -0.00429 7.603111 -0.0526 -0.44942
8 0 8.603111 0 -0.35598
9 0 9.603111 0 -0.28211

10 0 10.60311 0 -0.22368

11 0 11.60311 0 -0.17742

12 0 12.60311 0 -0.14076

13 0 13.60311 0 -0.11171

14 0 14.60311 0 -0.08866

15 0 15.60311 0 -0.07039
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4.5 Comparisons of Clipping and Companding Techniques

From the previous simulations for comparison of clipping techniques, this is clear that out
of them, CC technique is better technique than HC, DC and SC. Now we will see the
comparison of clipping techniques with the companding techniques. We will see the
performance on the basis of BER for CR of 2.5 dB, a = 0.5 and A=y = 50 for different
values of data rate systems.

1. Bit Rate of 6Mbit/s

In this data rate system CC, SC, DC performs well. Companding techniques are worst
case like HC.

bit grror probability curve CC reduction techniques in awgn channel at the bit rate of 6
10 | ; ‘

classical clipping
heawyside clipping
deep cleaning
smooth clipping
mu-law combanding technique []
A-law companding technique N
oroginal ofdm without cliiping

bit error rate

10

0 5 10 15 20 25 30 35 40
EbNo in dB

Figure 4.39: BER performance of all clipping and companding technique at 6 Mbit/sec
2. Bit Rate of 24 Mbit/s

In this data rate system CC and SC shows better result compared to remaining clipping

techniques and companding techniques as shown in fig. 4.40.
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bit error probability curve CC reduction techniques in awgn channel at the bit rate of 24
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Figure 4.40: BER performance of all clipping and companding technique at 24 Mbit/sec

3. Bit Rate of 36 Mbit/s

bit error probability curve CC reduction techniques in awgn channel at the bit rate of 36
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Figure 4.41: BER performance of all clipping and companding technique at 36 Mbit/s
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CC and SC technique shows better performance than others as shown in fig. 4.41 but
their BER performance compared to previous data rate system has become worse.

4. Bit Rate of 48Mbit/s

At bit rate of 48 Mbit/s, clipping techniques are not showing good performance than
before as shown below in fig. 4.42. Companding techniques are better than clipping
techniques but the BER reduces to a low value for a large value of EbNO. So at higher
data rate system none of the techniques perform well.

bit error probability curve CC reduction techniques in awgn channel at the bit rate of 48
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Figure 4.42: BER performance of all clipping and companding technique at 48 Mbit/s

5. Bit rate of 54 Mbit/s

At this higher data rate system, neither clipping techniques nor companding techniques
give a good response as observed from fig. 4.43.
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bit error probability curve CC reduction techniques in awgn channel at the bit rate of 54
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Figure 4.43: BER performance of all clipping and companding technique at 54 Mbit/s

4.6 BER Performance of CC Technique for Various CR Values

b(i)t error probability curve for CC reduction techniques at the bit rate of 36for different values of CR
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Figure: 4.44 BER performances of CC techniques for various values of CR



In this section we are watching an optimum point of CR at which it gives better BER and
also a considerable gain in PAPR reduction. From fig. 4.44, we can conclude that CC
technique on 36 Mbit/s data rate system and observed that at values of CR from 2 to
onwards give a significant performance in BER close to original OFDM system. But
from previous analysis, reduction in PAPR becomes 0 after the CR value of 7 dB, and
after 5 dB gain reduces up to 2 dB. From BER analysis we conclude that at CR=3 dB and
3.5 dB it gives better response and at CR=3dB, PAPR reduction gain of 4 dB is achieved
and at CR=3.5 dB, a 3.5 dB gain is achieved

From all simulation results we justify that CC techniques gives much better response
compared to all PAPR reduction techniques for data rate systems of 6 to 36Mbit/s and
reduces PAPR to considerable value of 5 dB at CR 2 to 3.5 dB.
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CHAPTERS
CONCLUSION AND FUTURE WORK

In this paper four clipping techniques (CC, HC, DC and SC) and two companding
techniques (u-law and A-law) are performed and compared with the different
performance parameters such as histogram, CCDF plots, APAPR, BER analysis and
average power variation. According to simulations presented in this thesis, CC techniques
showed good performance over all PAPR reduction techniques. Although companding
techniques reduced PAPR to a considerable level of 25 to 3 dB but in BER
performances, these techniques proved very worst. Although having a high PAPR
reduction, HC is the worst technique of the all because of its high BER degradation and
its high average power variation. DC technique did a good job in reducing PAPR but its
performance is not better than CC.

CC technique reduced the PAPR up to 4.5 dB and achieved the reduction gain of 6 dB,
5.5dB, 5 dB and 4 dB at CR value of 0dB, 1 dB, 2 dB and 3dB respectively. It shows no
average power variation after 7 dB of CR. In BER analysis value of BER reached below
0.001 at E,/N, (bit energy to noise spectral density ratio) of 10 dB. Whereas DC could
not reach at this level even up to 50 dB of E,,/N,. We did the analysis of different
techniques with BER at different values of data rate system. From 6 to 36 Mbit/s data
rate system CC technique show better response out of all clipping and companding
techniques. But for 48 and 54 Mbit/s data rate system no technique showed good
response.

By analyzing the BER for different values of CR, it has been found that CC technique
gives a BER less than 0.0001 at CR value of 3 and 3.5dB. Although CC technique give a
PAPR reduction gain of 5.5 dB at CR=0dB but on the other side it also increases the BER
also. So an optimum value of CR is achieved at which PAPR will be reduced to a
significant level and there is no large worse effect on BER.

So from this we can conclude that CC technique is best technique in getting average
PAPR reduction gain of 4 dB in OFDM systems having bit rate from 6 to 36 Mbit/s at CR
of 3or 3.5dB.
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Future Scope:
This work can further be extended to analyze the channel response and various channel
estimation algorithms. Since OFDM system’s second main drawback is sensitivity to

frequency and phase errors.
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