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ABSTRACT 

With increasing demands for h igher dat a rate and better serv ices, more ef ficient 

modulation techniques such as orthogonal frequency division multiplexing (OFDM) are 

being adopted by many broadband wireless standards. However, the implementation of  

OFDM-based systems suffers from impairments such as in-phase and qu adrature-phase 

(IQ) imbalances i n the receiver front-end anal og pr ocessing. IQ i mbalance ha s been 

identified as  a k ey f ront-end effect for OFDM systems. Such imbalances are caused by  

the anal og processing of t he r adio f requency ( RF) s ignal. The r esulting I Q di stortion 

limits the achievable operating SNR at the receiver and the achievable data rates. The IQ 

imbalances can s everely l imit t he ope rating SNR and, c onsequently, t he s upported 

constellation sizes. This leads either to heavy front-end specifications and thus expensive 

front-end systems or large performance degradations. 

 

The direct-conversion receiver i s a  potential solution offering a f lexible architecture to 

cover m ultiple R F s tandards w hile s implifying t he s ystem design and reducing ov erall 

costs. However, IQ imbalance has been identified as one of the most serious concerns in 

the pr actical im plementation of th e di rect conversion re ceiver architecture. A very 

promising a pproach f or c oping w ith t hese ana log i mpairments i s t o compensate t hem 

digitally.  

 

In this thesis, OFDM receiver with front-end analog impairments (such as IQ imbalance) 

is analyzed and descriptions of t he physical sources of IQ imbalances are given. Based 

on the mathematical analysis an I Q imbalance model is developed. The development of  

model i s bas ed on the direct  co nversion receivers. Using t he developed m odel, 

compensation al gorithms i n the di gital dom ain is p resented. Two al ternative d igital 

techniques are pr oposed and anal yzed. T he first one  i s b ased on L east Squar e (LS) 

method whereas the second method is based on Least Mean Square (LMS) method. Both 

compensation schemes use training to estimate the distortion parameters that model the 

IQ i mbalances. T he performance of  bot h compensation methods i s s tudied u sing 

computer s imulation. T he bit e rror rate ( BER) vers es SN R result indicates t hat t he 

proposed m ethods c an provide sufficient c ompensation pe rformance with r easonable 

assumption.  
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CHAPTER ONE 

INTRODUCTION 

1.1 Background 

Wireless communication has exhibited explosive growth in the past two decades and has become 

an essential part of everyday communication. It changed people's life style in every aspect.  The 

growing acceptance and dependence on wireless communication has driven the need for higher 

data rates and stricter reliability requirements. To support the emerging information technology 

application, such as wireless sensors network, mobile computing, high speed mobile internet, 

and real time wireless multimedia application, high speed communications over broadband 

wireless channels has emerged as a key feature of future communications systems. The demand 

for higher information capacity in these and other similar applications has motivated the 

utilization of broadband wireless channels in order to provide higher data rates.  

 

Orthogonal frequency division multiplexing (OFDM) is emerging as the modulation scheme for 

broadband communications. This is mainly motivated by the simple receiver structures for 

OFDM systems over broadband channels. Due to the recent advances of digital signal processing 

and Very Large Scale Integration (VLSI) technologies, the initial obstacles of OFDM 

implementation, such as massive complex multiplications and high speed memory accesses do 

not exist anymore. Mean while, the use of Fast Fourier Transform (FFT) algorithms eliminates 

arrays of sinusoidal generators and coherent demodulation required in parallel data systems and 

make the implementation of the technology cost effective. 

 

OFDM based physical layers have already been chosen for several wireless systems such as the 

IEEE 802.11a wireless local area network (WLAN) in the 5GHz band [14], the recently adopted 

IEEE 802.11g wireless local area network (WLAN) in the 2.4GHz band [15], and the European 

digital video broadcasting system (DVB-T) [17]. It is also under consideration as the high rate 

alternate physical layer to the IEEE P802.15.3 wireless personal area network (WPAN) [18], the 

IEEE 802.20 mobile broadband wireless access (MBWA) [19] and the IEEE 802.16 wireless 

metropolitan area networks (WMAN) or WiMax [16].  

 

Traditionally OFDM systems employ a Superheterodyne architecture to convert the baseband 
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signal to a Radio Frequency (RF) signal and vice-versa. The basis of this architecture is the step-

wise up or down conversion, with dedicated filtering and amplification at each step, 

guaranteeing good selectivity and sensitivity. Thus, the Superheterodyne architecture delivers a 

signal with low distortion. It converts the RF signal down to digital baseband in several steps, 

passing via Intermediate Frequencies (IF). The drawback of this architecture, however, is that it 

requires a lot of components to reach this good signal quality. At each analog IF, the filters and 

the amplifier all add to the component cost. Not only are they quite expensive components, but 

as they are external, they also add to the assembling cost. 

 

An alternative to the Superheterodyne architecture is the Zero-IF architecture (or Direct-

Conversion architecture). As the name suggests, the Zero-IF architecture converts the RF signal 

directly to baseband or vice-versa without any IFs. This clearly results in a lower component 

count and consequently a lower cost. The Zero-IF architecture enables an easier integration and 

leads to a smaller form factor. Recently there has been a renewed interest in direct-conversion 

RF receivers that offer significant advantages in cost, package size, and power consumption [12]. 

 

OFDM based systems are very vulnerable to radio front-end induced impairments. One such 

impairment arises as a result of imbalances in the In-phase (I) and Quadrature-phase (Q) 

branches. This leads either to heavy front-end specifications and thus an expensive front-end or 

to large performance degradations. Although IQ imbalances are an issue to be addressed for both 

of these architectures, addressing the imbalances in the analog domain is more severe and 

challenging in the zero intermediate frequency (ZIF) or direct-conversion architecture [12].  

 

The down-conversion to baseband in both architectures is implemented by what is known as 

complex down-conversion [12] see Figure 1.1. A complex down-converter basically multiplies 

the RF signal by the complex waveform tfj LOe π2− , where fLO

 

 is the local oscillator frequency at 

the receiver. 
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                                                                                                  In-phase component 
                                                                                                         ( Iy ) 
                                                        )2cos( tf Loπ  
            
                                               0                                                                         
          )(tr                                     90                      )2cos( tf Loπ  
                                                     
                                                         
                                                        )2sin( tf Loπ−  
                                                                                                    Quadrature component 
                                                                                                            ( Qy )             
 
Figure 1.1, A complex down-conversion 

 

 To perform the complex down conversion both the sine and cosine waveforms are required 

(known as in-phase and quadrature-phase LO). As seen in Figure 1.1, in-phase LO, quadrature-

phase LO and two mixers (multipliers) are required to perform the complex down-conversion. 

Furthermore, the receiver is divided to I and Q branches (representing the real and imaginary 

parts of the equivalent baseband signal). Each branch includes amplification, channel select 

filtering and digitization. The key fact to note is that the sine and cosine Waveforms at the 

receiver performing the down conversion need to be orthogonal, i.e., with exactly 90 degrees 

phase difference and with the same amplitude. 

 

Achieving such orthogonal sinusoidal waveforms at radio frequencies as high as 5.2GHz (the 

band of operation for IEEE 802.11a) is a challenging task for silicon implementations [12]. 

Integrated circuit technologies, such as low-cost complementary metal-oxide semiconductor 

(CMOS) technology, have considerable mismatch between components due to fabrication 

process variations including doping concentration, oxide thickness, mobility and geometrical 

sizes over the chip [2][13]. Since analog circuits are sensitive to the component variations there 

will be unavoidable errors in the phases of LOs and gains of IQ branches due to process 

mismatches and temperature variations. 

 

When the I and Q branches are perfectly matched, the image signal band is completely 

attenuated by the IQ processing [1]. In practical implementations, however, the matching of the I 

and Q branches can never be perfect [1][2]. As a consequence, the image band rejection 

provided by the IQ processing is finite and the desired channel signal is interfered by the image 
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signal. Any mismatch between the processing performed on the I and Q branches after down-

conversion will contribute to an overall IQ imbalance in the system.  

 

In general there are techniques developed in the analog domain to reduce such mismatches. 

Component mismatches are lowered by layout techniques and increasing the physical size of the 

devices to benefit from averaging over the area [3] [13]. Also different circuit topologies such as 

tunable polyphase, Voltage controlled oscillator (VCO), VCO with tunable polyphase have been 

used in analog circuit designs, which are more robust to component mismatches [12] [20]. 

However, such techniques suffer from different offsets, errors in the measurement feedback 

loop, and long time calibration process [7] [12]. Moreover, these techniques increase the device 

sizes and raise the power consumption in the analog domain. Even accepting the power 

consumption penalty does not remove the mismatches completely.  

 

Any process variation in resistor or capacitor values causes them to introduce mismatches in the 

analog domain. Any layout parasitics and temperature variations can essentially limit the 

achievable match between the I and Q branches at high carrier frequencies [3] [12]. Indeed, with 

careful analog circuit design, phase imbalance of 1-2° and amplitude imbalance of 1-2% are 

realistic resulting in 30-40 dB attenuation of the image signal only[8][20]. This means that in the 

variety of low-cost and low-complexity implementations a non negligible degradation of the 

overall communication link performance arises if the above effect is not adequately 

compensated.  

1.2 Motivation 

The required specifications for systems such as IEEE 802.11a cannot be met purely based on 

analog domain techniques and without some type of digital compensation [5][6][7]. There are 

major advantages to compensating IQ imbalances in the digital domain. As is well-known, there 

is always a trade off in the analog domain between power, speed and area for precision [4] [12]. 

Such a trade-off does not exist in the digital domain with the same strength. The area and power 

consumption for digital processing scales down as the technology scales down, but the same 

trend does not hold for analog processing. Actually, the continuous interest in cost, power and 

size reduction of the portable communication systems has been encouraging the designers to 

integrate the analog front-end and the digital signal processing on the same chip die in CMOS 

technology[12].  



 

    5 

 

Digital circuits are taking advantage of the technology scaling while the analog circuits are 

becoming more difficult to design efficiently in terms of power and area. As a result, there is an 

increasing interest in exploiting the digital processing power to alleviate the analog domain 

imperfections and in designing the analog and digital processing as a unified system, as opposed 

to the conventional separate analog-digital system design approach. This unification will allow 

designers to relax analog design requirements (and consequently the total cost and power) by 

moving more tasks into the digital domain. 

 

In OFDM a cyclic prefix that is equal or longer than the channel delay spread is required to 

maintain orthogonality between subcarriers. This depends on the fact that ideal conditions are 

satisfied such as: no IQ imbalance, no carrier frequency offset and the channel is time-invariant 

over the OFDM block period. In practice, it is very difficult to satisfy all these conditions. This 

motivates us to search for alternative equalization techniques that are robust against these 

imperfections, mainly the IQ imbalances. In general, the motivation for the compensation 

approach presented in this thesis is as follows 

 

1. As explained above, Perfect IQ match is not  possible in the analog domain, especially 

when low cost fabrication technologies are used. 

 

2. As higher data rates are targeted, higher constellation sizes and higher operating SNR are 

needed to support high density constellations. Higher SNR requirements translate to 

tougher IQ matching requirements. 

 

3. As the carrier frequencies increase, the IQ imbalances become more severe and more 

challenging to eliminate [12]. The increase in carrier frequencies translates to higher IQ 

imbalances, and the trend in communications systems is to utilize more bandwidth and 

higher carrier frequencies. 

 

4. The impairments in analog processing tend to increase as integrated circuit technologies, 

such as complementary metal-oxide semiconductor (CMOS) technology, are being more 

widely adopted for analog processing due to their cost advantage and ease of integration 

with digital baseband processing [4] 
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5. As will be shown in the next three chapters, the IQ distortion can be estimated and 

compensated in the digital domain. 

 

For all the above reasons, it is desirable to develop reception techniques in the digital domain 

that help eliminate the effect of IQ imbalances in wireless receivers. Different digital approaches 

have been proposed to overcome the analog front-end problems for OFDM transmission. In [10] 

the author proposes a training based-technique for carrier frequency offset (CFO) estimation 

assuming perfect IQ balance. Maximum likelihood (ML) frequency offset estimation is proposed 

in [11], also assuming perfect IQ balance. On the other hand, as the carrier frequencies increase, 

the IQ imbalances become more severe and more challenging. Hence, techniques can be 

developed in the digital domain to track and eliminate IQ imbalances. 

1.3 Objective 

The general objective of this thesis is to study the effect of IQ imbalances on OFDM receivers 

and to investigate receiver algorithms for combating such distortions or imbalances through 

digital signal processing. 

 

Specific objectives are: 

 

 To analyze the OFDM systems with IQ imbalance and to develop IQ imbalance model. 

 

 To propose least square (LS) and adaptive least mean square (LMS) receiver algorithms 

that compensate for IQ imbalance. 

 

 To evaluate the proposed receiver algorithms in terms of bit error rate as a function of 

signal-to-noise ratio (SNR), simulation of a typical OFDM system with IQ imbalance (no 

compensation), IQ imbalance with compensation (proposed scheme) and ideal IQ (no IQ 

imbalance and prefect channel knowledge) are made.  
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1.4 Outline of the Thesis 

This thesis consists of six chapters. Chapter two describes the basic principles of OFDM system 

and its implementation impairment. In this chapter, a basic system model is given, common 

components for OFDM based systems are explained, and a simple transceiver based on OFDM 

modulation is presented. Important implementation impairments in OFDM systems are also 

discussed. 

 

In Chapter three, the effect of IQ imbalance in OFDM system is analyzed. Based on the 

mathematical analysis, IQ imbalance model is developed. In this chapter, OFDM system with 

front end analog IQ imbalance is analyzed and discussed. 

 

In chapter four, we develop compensation algorithms in the digital domain based on the analysis 

of chapter three. The algorithms include least square (LS) compensation, as well as an adaptive 

LMS compensation scheme with improved convergence rate.  

 

Chapter five provide the results of the simulations of the proposed algorithm. In this chapter, 

discussion of the simulation result is also presented. 

 

Finally, in chapter six, we draw the conclusions of the thesis and some suggestions for future 

works are presented. 
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CHAPTER TWO 

OFDM SYSTEMS AND THEIR IMPLEMENTATION IMPAIRMENTS 

In this chapter, after discussing a brief history of Orthogonal Frequency Division Multiplexing 

(OFDM), the basic principles of OFDM are introduced. A basic system model is given, common 

components for OFDM based systems are explained, and a simple transceiver based on OFDM 

modulation is presented. Important implementation impairments in OFDM systems are 

discussed. 

2.1 History of OFDM 

The history of OFDM dates back all the way to the mid 1960s, when Chang [21] published a 

paper on the synthesis of bandlimited orthogonal signals for multichannel data transmission. He 

presented a new principle of transmitting signals simultaneously over a bandlimited channel 

without ICI and ISI. Right after Chang's publication of his paper, Saltzburg [22] demonstrated 

the performance of an efficient parallel data transmission system in 1967, and he concluded that 

the strategy of designing an efficient parallel system should concentrate on reducing crosstalk 

between adjacent channels than on perfecting the individual channels themselves. His conclusion 

has been proven far-sighted today in the digital baseband signal processing to combat the ICI. 

 

In the developments of OFDM technology, there are two remarkable contributions to the 

technology which transform the original analog multicarrier system to today's digitally 

implemented OFDM. The use of DFT (discrete Fourier transform) to perform baseband 

modulation and demodulation was the first milestone when Weinstein and Ebert [23] published 

their paper in 1971. Their method eliminated the banks of subcarrier oscillators and coherent 

demodulators required by frequency-division multiplexing and hence reduced the cost of OFDM 

systems. This presented an opportunity for an easy implementation of OFDM, especially with 

the use of Fast Fourier Transform (FFT), which is an efficient implementation of the DFT. This 

suggested that the easiest implementation of OFDM is with the use of Digital Signal Processing 

(DSP), which can implement FFT algorithms. In their paper [23], they used a guard interval 

between consecutive symbols and the raised-cosine windowing in the time domain to combat the 

ISI and the ICI. But their system could not keep perfect orthogonality between subcarriers over a 

time dispersive channel. 



 

    9 

Another important contribution was due to Peled and Ruiz in 1980[35], who introduced the 

cyclic prefix (CP) or cyclic extension, solving the orthgonality problem. Instead of using an 

empty guard space, they filled the guard space with the cyclic extension of the OFDM symbol. 

This effectively simulates a channel performing cyclic convolution, which maintains 

orthgonality over dispersive channels when the CP is longer than the impulse response of the 

channel. Though this introduces an energy loss proportional to the length of CP when the CP 

part in the received signal is removed, the zero ICI generally pays for the loss. Recently, OFDM 

has been widely adopted and implemented in wire and wireless communication. Following the 

above brief historical overview of OFDM developments, issues related to implementations 

OFDM will be discussed in more detail. 

2.2 Basic principles OFDM Systems 

2.2.1 Introduction  

OFDM is a multicarrier transmission technique, which divides the available spectrum into a 

number of sub channels, each one being modulated by a low rate data stream. In this sense, 

OFDM is similar to a classical parallel data transmission system with non-overlapping frequency 

sub channels. However, OFDM uses the spectrum more efficiently by spacing the channels 

much closer to each other, see Figure 2.1. This is achieved by making all the sub carriers 

orthogonal to each other. The orthogonality of the carriers means that each carrier has an integer 

number of cycles over a symbol period. Due to this, at the maximum of each carrier spectrum, all 

the other carriers’ spectrum has a null, which results in no interference between the adjacent 

spaced channels. 

 
Figure 2.1, Spectra of individual subcarriers that are allocated orthogonally to each other. 

                                               Entire Channel bandwidth 

   Subchannel 
   Bandwidth 
 

f 
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One of the most attractive features of OFDM is its robustness against frequency selective 

channels. The OFDM operation converts a frequency selective channel into multiple parallel flat 

fading channels, which greatly simplifies the channel estimation and equalization tasks at the 

receiver. OFDM is bandwidth efficient since the subchannels can overlap yet still be separated 

due to the use of orthogonal subcarriers. With the current advancements in digital signal 

processor (DSP) and integrated circuit (IC) technology, OFDM can be efficiently implemented 

by using the inverse fast Fourier transform (IFFT) and fast Fourier transform (FFT) for 

modulation and demodulation respectively. Although OFDM exhibits a high spectral efficiency, 

it has several disadvantages when compared with traditional single carrier systems. These 

disadvantage lie mainly in the constraints it put on the quality of the analogue radio frequency 

(RF) front-end of both transmitter and receiver [24].  

2.2.2 System Model 

OFDM is a block transmission technique. In the baseband, complex-valued data symbols modulate a 

large number of tightly grouped carrier waveforms. The transmitted OFDM signal multiplexes several 

low-rate data streams. Each data stream is associated with a given subcarrier. The main advantage of this 

concept in a radio environment is that each of the data streams experiences an almost flat fading channel. 

In slowly fading channels, the intersymbol interference (ISI) and intercarrier interference (ICI) within an 

OFDM symbol can be avoided with a small loss of transmission energy using the concept of a cyclic 

prefix.  

2.2.2.1 Transmitter  

The discrete-time baseband equivalent model of the OFDM system under consideration is shown 

in Figure 2.2. The blocks on the top row correspond to components in the transmitter and those 

in the bottom row to the receiver. The input data stream is modulated using regular modulation 

techniques such as phase shift keying (PSK) or quadrature amplitude modulation (QAM). The 

modulated signal X(k), (k = 0, 1, …  N, where N is the number of subcarriers) is converted into 

parallel signals and passed to the IFFT block. 
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                                                            X(k)                 x(n)                   I                I  x’(t) 

                                                             I                                         Q                     Q                      RF                    

                                                                                                                    

 

                                     

                                     Y(k)                   y(n)                            I                I 

                                                                                    Q              Q 

 

                    

       : Digital signal                              :  analog signal 

Figure 2.2, Baseband equivalent model of OFDM 

 
The IFFT operation modulates the parallel signals onto orthogonal subcarriers as a group. The 

narrowband signal outputs are x(n) where, 
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If, for example, a 64-point IFFT is used, the coefficients 1 to 26 are mapped to the same 

numbered IFFT inputs, while the coefficients –26 to –1 are copied into IFFT inputs 38 to 63. The 

rest of the inputs, 27 to 37 and the 0 (dc) input, are set to zero [14]. This mapping is illustrated in 

Figure 2.3. After performing an IFFT, the output is cyclically extended to the desired length. 
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Figure 2.3, Inputs and outputs of IFFT 

2.2.2.2 Cyclic extension of OFDM symbol 

When transmitting several OFDM symbols in series there is a risk of interference between 

adjacent symbols caused by multipath propagation. To avoid this intersymbol interference (ISI), 

a guard interval is inserted between every OFDM symbol. During this guard interval the 

multipath components of the transmitted symbols should die out before the next OFDM symbol 

is transmitted. The guard time is chosen larger than expected channel delay spread, such that 

multipath components from one symbol cannot interfere with the next symbol.  

 

To eliminate ICI, the OFDM symbol is cyclically extended in the guard time as shown in figure 

2.4.  The last part of the OFDM symbol is added in front of the transmitted symbol. This cyclic 

prefix (CP) converts the linear convolution of the transmitted symbol and the channel to a cyclic 

convolution and thus makes the DFT of the received signal to simply be the product of the 

complex symbol x(n) and the frequency response of the channel, provided that the length of the 

CP is greater than or equal to the channel delay spread.  
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This ensures that delayed replicas of the OFDM symbol always have an integer number of cycles 

within the FFT interval, as long as the channel delay is smaller than the guard time. As a result, 

multipath signals with delays smaller than guard time cannot cause ICI. 
 

          
Figure 2.4, Shows the addition of the cyclic prefix where N is the length of the OFDM symbols 

and ε is the length of the cyclic prefix. The transmitted signal will then have the length N+ ε.  

2.2.2.3 Channel model 

Physical radio channels are characterized by multipath propagation. The transmitted signal is 

reflected, diffracted or scattered by objects surrounding the receiver. Thus the same signal 

arrives at the receiver through different paths with different amplitudes, different phases, and 

different time delays. One effect of this multipath propagation is that it causes the received signal 

to fade. This happens when delayed versions of the transmitted signal add destructively at the 

receiver due to their carrier frequency phase differences. For high speed communication systems, 

multipath propagation also causes intersymbol interference (ISI) because the differences between 

path delays are comparable to or larger than the symbol interval so that the time dispersion 

cannot be neglected. 

 

 For mobile communications, the transmitter, receiver, and the media are usually changing over 

time in unpredictable ways and therefore transmitted signals are attenuated and dispersed in time 

in a random manner. In order to achieve coherent demodulation, the channel conditions have to 

be measured and updated constantly during the process of reception.  

 

In this thesis a multipath fading environment is considered and the block fading channel is 

assumed, i.e. the channel remains constant for one data packet length and changes to other 

independent value for the next packet length. Within one data packet, the channel is modeled by 

an FIR linear system as shown in figure 2.5.  
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                                                                                               kv  

Figure 2.5, channel model  

 

        10,
0

−≤≤+= −
=
∑ Nkvxhy kik
i

ik

ε

                                         (2.2) 

 
Where ky  is received signal, h Thhh ],...,,[ 10 ε= is a channel vector, kx  is the input symbol and 

kv  is complex Gaussian noise with zero mean and variance 2σ . Note that the symbol T  in 

channel vector denotes the transpose of the vector. 

2.2.2.4 Receiver  

After passing through inverse fast Fourier transform block and introduction of cyclic prefix, the 

OFDM modulated signal is converted to analog signal, x’(t) using digital to analog converter  

(DAC)  as shown in the figure 2.2. Then, it is upconverted by multiplication with local oscillator 

(LO) signal at the mixer. Next, The transmitted signal is filtered by the channel impulse response 

h(t) and corrupted by additive noise. Consequently, the received signal, y(t) is written as: 

 

y(t) = x’(t) * h(t) + v(t)                                                                                          ( 2.3) 

 

Where v(t) is the additive white Gaussian noise (AWGN).This signal is down-converted to 

remove the high frequency components and filtered.  

 

The A/D converter samples the resulting signal to obtain  

 

y[n] =x’[n] * h[n] + ν[n],     − ε ≤ n ≤ N − 1.                                                         (2.4) 

 

The prefix of y[n] consisting of the first ε samples is then removed. These time samples are 

serial-to-parallel converted and passed through an FFT. The FFT does just the inverse of the 

IFFT. The FFT is used to demodulate the N subcarriers of each of the received OFDM symbols.  

 

    Channel   
       ih  
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It converts the time domain symbols at its input into frequency domain symbols at its output. 

 

 The N-point DFT (Discrete Fourier Transform) is defined as 
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The output of the DFT contains N QAM symbols (if QAM was used to modulate the data). 

However, the values of these N subcarriers contain random phase shifts and amplitude variations 

caused by analog front end imperfection and frequency selective fading. As a result of these 

phase shifts and amplitude changes, received symbols can be incorrectly demodulated. In order 

to be able to coherently detect the QAM symbols with estimate of bits as much as possible, 

knowledge about the reference phase and amplitude of each subcarrier is required. This task is 

carried out by the estimation and compensation of channel and analog front end imperfection, 

which is the motivation of this thesis. 

2.3 Implementation impairments 

OFDM based systems are very vulnerable to radio front-end induced impairments. Since 

stringent specifications for the front-end of the OFDM are required, the analogue part is the most 

expensive part of the system [24]. In this section, we first review issues related to IQ imbalance 

which is a core of this thesis. Following that, carrier frequency synchronization is introduced. 

Finally, we discuss high peak-to-average power ratios inherent to OFDM which puts tight 

requirements on the power amplifier design. Many aspects regarding frequency synchronization 

and the peak power problem are only described briefly here, since they are beyond the scope of 

this thesis. 

2.3.1 IQ imbalance  

Down-conversion is a fundamental stage in all radio frequency (RF) front-end architectures. In 

this process, the high carrier frequency ( cf ) signal is multiplied by the outputs of the local 

oscillating signals (LO) and transferred to intermediate frequencies ( IFf ) appropriate for further  
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amplification and processing, and eventually to the baseband. There are different architectures to 

convert an RF signal to baseband, either through an intermediate frequency (IF) or by direct 

down-conversion to baseband signal (zero intermediate frequency).  

 

Traditionally OFDM systems employ a Superheterodyne architecture to convert the baseband 

signal to a Radio Frequency (RF) signal and vice-versa. The basis of this architecture is the step-

wise up or down conversion, with dedicated filtering and amplification at each step, 

guaranteeing good selectivity and sensitivity. Thus, the Superheterodyne architecture delivers a 

signal with low distortion. 

 

 
Figure 2.6, The simplified block diagram of superheterodyne receiver shows that the received 

RF signal goes through the first preselection filter to remove out-of-band signals and is then 

amplified by the low-noise amplifier. 

 

It converts the RF signal down to digital baseband in several steps, passing via Intermediate 

Frequencies (IF).The drawback of this architecture, however, is that it require filters at the radio 

frequency (RF) and the intermediate frequency (IF) which can usually only be implemented by 

bulky surface acoustic wave (SAW) or crystal filters. Which means it requires a lot of 

components to achieve good signal quality. At each analog IF, the filters and the amplifier all 

add to the component cost. Not only are they quite expensive components, but as they are 

external, they also add to the assembling costs [2].  

 

An alternative to the Superheterodyne architecture is the Zero-IF architecture (or Direct-

Conversion architecture) shown in figure 2.7.  
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Figure 2.7, Direct-conversion receiver, the received signal is amplified with a fixed-gain LNA 

after the first RF preselection filter. 

 

As the name suggests, the Zero-IF architecture converts the RF signal directly to baseband or 

vice-versa without any IFs. This clearly results in a lower component count and consequently a 

lower cost. The Zero-IF architecture enables an easier integration and leads to a smaller form 

factor. As a result, more of the future RF designs tend to be adopting this scheme. 

 

However there are also drawbacks in using a Zero-IF architecture. Direct-conversion receivers 

need a local oscillator with in-phase and quadrature outputs for demodulation. It performs IQ 

demodulation in the analog domain. As a result the matching between the analog I and Q paths 

and their components are imperfect. The greater challenge in direct-conversion is to produce 

accurate quadrature phases with good amplitude match at the much higher carrier-frequency 

[12]. This leads to IQ imbalance distortion which significantly degrades the signal quality as it 

will be shown in subsequent chapters. Furthermore, with large signal constellations of M-QAM 

or M-PSK even modest IQ imbalances results in detrimental performance degradation.  

 

The effect of receiver IQ imbalances on OFDM systems and the resulting performance 

degradation have been investigated in [26] [27]. To review some basic concepts, let us consider 

the OFDM block diagram shown on figure 2.2. Digital data is transferred in an OFDM link by 

using a modulation scheme on each subcarrier. A modulation scheme is a mapping of data words 

to a real (In phase) and imaginary (Quadrature) constellation, also known as an IQ constellation. 

For example 16-QAM (Quadrature Amplitude Modulation) has 16 IQ points in the constellation, 

constructed in a square with 4 evenly spaced columns along the real axis and 4 rows along the 
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imaginary axis. The number of bits that can be transferred using a single symbol corresponds to 

log2 (M), where M is the number of points in the constellation, thus 16-QAM transfers 4 bits per 

symbol.  

 
Figure 2.8, IQ modulation constellation for 16-QAM with gray coding of the data to each 

location.  

 
Each data word is mapped to one unique IQ location in the constellation. The resulting complex 

vector jQI + corresponds to an amplitude of 22 QI +   )( jQI +∠and a phase of   

Where 1−=j . In the receiver, mapping the received IQ vector back to the data word performs 

subcarrier demodulation. During transmission, noise and distortion becomes added to the signal 

due to thermal noise, signal power reduction, analog components mismatch and imperfect 

channel equalizations. In order to illustrate this, a typical OFDM system shown in figure 2.2 is 

simulated in the presence of AWGN and very small IQ mismatch. Figure 2.9 below shows an 

example of a received 16-QAM signal with a SNR of 25 dB.  

 
Figure 2.9, IQ plot for 16-QAM received data with added noise. 
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Similar result is also shown in [8].Each of the IQ points is blurred in location due to the channel 

noise and analog components imperfection. For each received IQ vector the receiver has to 

estimate the most likely original transmitted vector. This is achieved by finding the transmitted 

vector that is closest to the received vector. Errors occur when the noise exceeds half the spacing 

between the transmitted IQ points, making it cross over the decision boundary. 

 

Increasing the number of points in the constellation does not change the bandwidth of the 

transmission, thus using a modulation scheme with a large number of constellation points, allows 

for improved spectral efficiency. For example 16-QAM has a spectral efficiency of 4 b/ s /Hz, as 

compared with only 1b/ s /Hz for BPSK. However, the greater the number of points in the 

constellation, the harder they are to resolve at the receiver. As the IQ locations become spaced 

closer together, it only requires a small amount of noise to cause errors in the transmission, 

which implies IQ imbalance is a critical problem in the implementation of high data rate OFDM 

systems 

 

Both analog and digital methods for dealing with IQ imbalances have been reported in the 

literature. Different circuit topologies and architectures have been used in analog circuit designs, 

which are more robust to component mismatches. 

 

 In 1997 Rudell [31] used an individual tuning approach with a monolithic receiver.  

 
Figure 2.10, Image-Reject Mixer using Weaver architecture [31]. 

 

The gain mismatch between the I and Q channels could be tuned with a variable gain amplifier 

and the phase mismatch could be adjusted by varying the phase of the second local oscillator.  
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In 1999 Long and Maliepaard used layout techniques [29]. Their dual doubly-balanced mixer 

architecture used common-centroid and symmetric layout techniques to improve the matching 

enough to replace the external interstage image-reject filter used in typical heterodyne receivers. 

 

 
 

Figure 2.11, Dual doubly-balanced mixer architecture used for image rejection with good lay out 

matching [29]. 

 

While good layout is required, the degree of matching achieved is not enough to meet the image-

rejection requirements of most standards without additional external filtering or additional 

calibration 

 

 In [28] trimming is used to adjust the amplitude and phase between the I and Q signals at IF to 

calibrate for the mismatch. The phase angle between the LO signals was then adjusted by setting 

a bias current ratio to produce a phase tuning relatively independent of frequency. The amplitude 

errors at the output of the receiver were compensated by varying the gain.  
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Figure 2.12, Image-Reject Receiver front end block diagram [28] 

 

Hand tuning or trimming greatly increases the production costs [7]. For a commercial receiver an 

automatic method to perform the tuning on-chip is needed. Another analog calibration technique 

for an image-rejection receiver was introduced in 2000 by Montemayor and Razavi [30]. This 

calibration detects phase and gain mismatches and drives them to zero with a negative-feedback 

loop. It has very limited applications due to the high cost, long calibration time, and one-time 

nature of the calibration [7] [30].  It has also limited accuracy and excessive power consumption. 

In direct conversion receiver, the imbalance in IQ amplitude is corrected by adjusting the drain 

currents through the mixer transducer elements [5]. However this method has only a moderate 

effect on the channel phase balance. 

 

In general, the occurrence of IQ imbalance can be circumvented by increasing the accuracy of 

the implemented mixing structure, which would result into a more expensive solution. In 

addition, these analog techniques increase the device sizes and raise the power consumption in 

the analog domain. 

 

Rather than decreasing IQ imbalance by increasing the design time and the component cost, IQ 

imbalance can be compensated digitally. The challenge of a digital compensation is an accurate 

estimation of the parameters of the IQ imbalance. Different concepts for the digital estimation 

and compensation of the IQ imbalance in OFDM direct conversion receivers have been proposed 
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in [8] [25]. The simplest one is to estimate the imbalance parameters by feeding the receiver off-

line with a calibration signal [25]. More advanced approaches use common blind signal 

separation algorithms, such as interference cancellation (IC) [8], [25] and blind source separation 

(BSS) [8]. Although leading to significant improvement under specific receiving conditions, 

these methods come with particular inherent drawbacks which are mainly the signal leakage 

problem and high cost [8] [25]. 

 

In this thesis, we propose training based digital baseband signal processing techniques to 

compensate for IQ imbalance 

2.3.2 Frequency Offset 

Frequency offset is one of the critical factors in OFDM system design. It results in inter-carrier 

interference (ICI) and degrades the orthogonality of sub-carriers. Frequency errors will tend to 

occur from two main sources. These are local oscillator errors and common Doppler spread. Any 

difference between transmitter and receiver local oscillators will result in a frequency offset.  

 

Let us consider figure 2.2. Assume that we have the symbols X(k) to be transmitted using an 

OFDM system. These symbols are transformed to the time domain using IDFT as shown earlier 

in (2.1). This baseband signal (OFDM symbol) is then up-converted to RF frequencies and 

transmitted over the wireless channel. In the receiver, the received signal is down-converted to 

baseband. But, due to the frequency mismatch between the transmitter and receiver, the received 

signal has a frequency offset. This signal is denoted as y(n). The frequency offset is added to the 

OFDM symbol in the receiver. Finally, to recover the data symbols, DFT is applied to the 

OFDM symbol taking the signal back to frequency domain. Let Y (k) denote the recovered data 

symbols.  

 

This process is shown below. 

 

)()()()( kYnynxkX DFTffsetfrequencyoIDFT → → →                                  (2.6) 

The effect of frequency offset on x(n) will be a phase shift of 
N

fn∆π2  where f∆ is the normalized 

frequency offset.  
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Therefore, 
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Finally, we need to apply DFT to y(n) with a view toward recovering the symbols. 
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The term within the curly braces can be calculated using geometric series expansion, 

r
rrs

n
n

k
k

n −
−

==
+

=∑ 1
1 1

0
 .    Using this expansion, we have 

 

)12.2(
))(sin(2

))(sin(2)(1

)11.2(
)(

)()(1

)10.2(
1

1)(1)(

1

0
)(

)(

)()()(

)()()(
1

0

)(2

)(2
1

0

∑

∑

∑

−

=
∆+−

∆+−

∆+−∆+−
−

∆+−

∆+−∆+−−∆+−
−

=

∆+−

∆+−
−

=

∆+−
−

∆+−−
=

−

−
=

−

−
=

N

m N
fkmj

fkmj

N
fkmj

N
fkmj

N
fkmj

fkmjfkmjfkmj
N

m

N
fkmj

fkmj
N

m

N
fkmje

fkmjemX
N

eee

eeemX
N

e

emX
N

kY

π
π

π

π

π
ππ

π

πππ

π

π

                                                                                                                                     



 

    24 

)14.2(
)(

)(sin()(

)13.2(
)(

))(sin()(

)(1

0

1

0

))1)(((

fkmjN

m

N

m
N

Nfkmj

e
fkm

fkmmX

fkm
fkmemX

∆+−−

=

−

=

−∆+−

∑

∑

∆+−
∆+−

≈

∆+−
∆+−

≈

π

π

π
π

π
π  

 

In the above derivation we used the fact that sin(x) = x for small x values, and 11
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The first term in (2.17) is equal to the originally transmitted symbol shifted by a term that 

corresponds to f∆ . This term, S(k,k), introduces a phase shift of f∆π  and an attenuation of  

f
f

∆
∆

π
π )sin(   in magnitude. Actually, this term only depends on the value of offset f∆ , but not 

carrier index k, so the effect of frequency offset on each sub carrier will be the same. The second 

term in (2.17) represents the interference from other sub-carriers. 

 

This offset is usually compensated for by using adaptive frequency correction (AFC). However 

any residual (uncompensated) errors result in a degraded system performance. The amount of 

degradation is proportional to the fractional frequency offset which is equal to the ratio of 

frequency offset to the carrier spacing. Frequency offset can be estimated by different methods 

e.g. using pilot symbols, the statistical redundancy in the received signal, or transmitted training 

sequences [10][11][34]. 
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2.3.3 Peak-to-Average Power Ratio 

One of the major drawbacks of OFDM is its high Peak-to-average Power Ratio (PAPR). 

Superposition of a large number of subcarrier signals results in a power density with Rayleigh 

distribution which has large fluctuations [33]. OFDM transmitters therefore require power 

amplifiers with large linear range of operation which are expensive and inefficient. Any 

amplifier non-linearity causes signal distortion and inter-modulation products resulting in 

unwanted out-of-band power and higher BER [32]. The Analog to Digital converters and Digital 

to Analog converters are also required to have a wide dynamic range which increases complexity 

[33]. 

 

A large PAPR brings disadvantages like an increased complexity of the analog-to-digital 

converters and a reduced efficiency of the RF power amplifier. To reduce the PAPR, several 

techniques have been proposed which basically can be divided in three categories. First, there are 

signal distortion techniques, which reduce the peak amplitudes simply by nonlinearly distorting 

the OFDM signal at or around the peaks. Examples of distortion techniques are clipping, peak 

windowing, and peak cancellation [32] [33]. The second category is coding techniques that use a 

special forward-error correcting code set that exclude OFDM symbol with a large PAPR. The 

third technique is based on scrambling each OFDM symbol with different scrambling sequences 

and selecting the sequences that gives the smallest PAPR. 
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CHAPTER THREE 

IQ IMBALANCE IN OFDM SYSTEMS 

3.1 Introduction 

In this chapter the OFDM receiver with front end analog impairments (such as IQ imbalance) is 

analyzed and description of the physical sources of IQ imbalances will be given. Based on the 

mathematical analysis an IQ imbalance model will be developed. In Section 3.3 effort is made to 

model the effects of IQ imbalance on OFDM systems in a form that will be exploited in 

subsequent chapters to drive compensation schemes for IQ imbalance.  

3.2 IQ Imbalance model  

The purpose of any receiver architecture is to convert a radio frequency (RF) signal down to the 

base band (BB). In the down-conversion, the RF signal is split over two paths, referred to as the I 

and Q component. Normally, the signal in the I component is down-converted by the Local 

Oscillator (LO) signal at the carrier frequency, while the Q component is down-converted by the 

LO signal with a 90  phase shift. The combination of these two signals results in the recovered 

baseband signal. Due to the physical characteristics of capacitors and resisters used to implement 

the analog components, the error in the nominal 90  phase shifts and imbalance between the 

amplitudes of the inphase( I )and quadirature phase (Q) signals will corrupt the downconverted 

signal constellation[43].  

 

The imbalance between the amplitude of IQ channels and the phase shift errors is termed as the 

IQ imbalance [27] [40]. In order to develop a mathematical model for this imbalance, let us 

consider a black diagram of OFDM shown below. 

 

                              
 
Figure 3.1a, OFDM transmitter block diagram  
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       Figure 3.1b, OFDM receiver block diagram 

 

Figure 3.1, OFDM system block diagram of direct-conversion architecture 

 

As we can see from the figure 3.1, after passing the inverse fast Fourier transform block, the 

signal is converted to analog signal, x’(t). Then, it is up converted by multiplication with the 

output of carrier signal source at the mixer. A carrier at transmitter is denoted by  

 

cc ftjtjw
t eetL π2)( −− ==                                                                                   (3.1) 

 

Where wc = 2πfc   and carrier frequency is equal to fc

)()()(')( tvthtxty +⊗=

. 

The impact of wireless communication channel can be modeled by the well known equivalent 

base band model [37], [39]; 

 

                                                                                 (3.2) 

 

Where ‘⊗ ’ is convolution operation and )(),( tvth  denotes the complex valued baseband 

equivalents of the channel impulse response and channel noise respectively. 

 

The real RF signal at the antenna of the receiver can be written as [39] 

 

   })(Re{2)( 2 tfj cetytr π=   

           tfjtfj cc etyety ππ 2*2 )()( −+=                                                                 (3.3) 

 

Where, y (t) denotes the complex baseband equivalent in the frequency band of interest      
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At the receiver, received signal is multiplied by receiver LO signal, Lr(t) in order to down 

convert RF signal to the baseband. The principle of direct-conversion is to use a local oscillator 

(LO) with the frequency fLO = fc  

)}()({)( tLtrLpty r=

and to apply complex (IQ) mixing.  

 

For reference, we will first consider the case of no impairments (no IQ imbalance).In this case, 

the down-conversion yields the frequency band of interest 

 

                                                                                           (3.4) 
 

Where   tfj
r

LoetL π2)( −=   

{.}Lp

denotes the time function of the perfectly balanced complex LO and 

 denotes low pass filtering. If the direct-conversion architecture is used for the reception 

of an OFDM signal, y (t) equals the received OFDM baseband signal. This signal is further A/D 

converted and its samples, y (k), are used to compute the symbols on the sub carriers by applying 

the Discrete Fourier Transform (DFT). 

 

Unfortunately, a perfect analog IQ mixing is not achievable in practice [42] [43]. In quadrature 

down conversion process, all the analog components such as mixer, phase-shifter, filters, in-

phase and quadrature branches, and analog to digital converter (ADC) contribute to generate IQ 

imbalance. For convenience, the combined effects of all these imbalances are modeled as a 

quadrature mixing with an imbalanced LO signal as follows. 

 

Let us denote the I and Q branch amplitudes by 1a  2aand , and phases by 1θ  and 2θ  .  The 

imbalanced LO signal )(' tLr  can be expressed by, 

 

)2sin()2cos()(' 2211 θπθπ +−+= tfjatfatL ccr                                                          (3.5) 

 

From mismatch points of view the imbalanced LO signal )(' tLr   in (3.5) can be rearranged in a 

more convenient form as  

  

))](2sin()/()2[cos()(' 1211211 θθθπθπ −++−+= tfaajtfatL ccr   
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)2sin( θπ +− tfa c  

)(tr  

To farther simplify the notation,  

Let  aaa == 21 ,1     and  

       θθθ == 21 ,0  

Hence, the imbalanced LO signal is expressed as  

 

)2sin()2cos()(' θππ +−= tfjatftL ccr                                                                            (3.6) 

 

 

 
 
 
 
 
 
 
 
 

 

Figure 3.2, Imbalance model for analog front end processing  

 

To understand the concepts of mismatch, equation (3.6) can be expressed in a more informative 

form. Hence, by applying Euler’s formula to cosine and sine terms, )(' tLr  in equation (3.6) can 

be expressed as; 

]
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            tfjtfj cc ee ππ βα 22 += −                                                                                        (3.7) 

 

Where   

                  
2

)1( θ

α
jae−+

=        and         
2

)1( θ

β
jae−

=                                                      (3.8)                                    
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In this case, the downconversion yields  

))(')(()(' tLtrLpty r=    

         ]}].[)(*)({[ 2222 tfjtfjtfjtfj cccc eeetyetyLp ππππ βα ++= −−           

)()()(' * tytyty βα +=                                                                                             (3.9)               

                                                                                                   

 
Figure 3.3, A time-domain model of IQ imbalance  

 

This means, direct-conversion with IQ imbalance can be interpreted as a superposition of a 

desired complex down-conversion (weighted byα ) and an undesired complex conjugate 

(weighted by β ). Consequently, the received baseband signal with IQ imbalance )(' ty  is a 

superposition of the desired band limited signal )(ty  and it’s conjugate )(* ty . This superposition 

translates to a mutual interference of symmetric OFDM symbol. This is clearly shown pictorially 

in the frequency-domain. 

 
Figure 3.4, A frequency-domain illustration of the effects of IQ imbalance 

 y(t)  y’(t) 
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3.3 Analysis of OFDM receivers with IQ imbalance 

Let us consider a typical OFDM transmitter shown in figure 3.5. The input data stream is 

modulated by a QAM modulator, resulting in a complex symbols stream   

].1[,],1[],0[ −NXXX    This symbol stream is passed through a serial-to-parallel converter, 

whose output is a set of N parallel QAM symbols X[0], . . .,X [N−1] corresponding to the 

symbols transmitted over each of the subcarriers. Thus, the N output symbols from the serial-to-

parallel converter are the discrete frequency components of the OFDM modulator output s(t). In 

order to generate s(t), these frequency components are converted into time samples by 

performing an inverse DFT on these N symbols, which is efficiently implemented using the IFFT 

algorithm.  

  
                                                                                                 

Figure 3.5, Typical OFDM transmitters                       

 

The IFFT yields the OFDM symbol consisting of the sequence x[n] = x[0], .  . . ,  x [N − 1] of 

length N,  

 

 Where x[n] is as described in equation (2.1) and it can be rewritten as  

 

,10][1][
1

0

2
−≤≤= ∑

−

=

NneiX
N

nx
N

i

N
nij π

                                                      (3.10) 

 

This sequence corresponds to samples of the multicarrier signal, i.e. the multicarrier signal 

consists of linearly modulated subchannels. 

 

    Lt(t) 
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It is straightforward to show that the DFT operation on x[n] can be represented by the matrix 

multiplication. 

 

xMX =                                                                                                                      (3.11)           

      

where  X = ( X[0], . . .,X[N − 1] )T ,  x = ( x[0], . . . , x[N − 1] )T
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 , and M is an N × N matrix given 

by [ 44] 

 

                                                                                                                                        (3.12) 

N
j

N eW
π2

−
=                                                                                                                 (3.13) 

                                          

The cyclic prefix of length ε  is then added to the OFDM symbol, and the resulting time samples 

]1[],...0[],...[]1['],......,['][' −−=−−= NxxNxNxxnx εε  are ordered by the parallel-to-serial 

converter and passed through a D/A converter, resulting in the baseband OFDM signal x’ (t), 

which is then up-converted to frequency fc

)()()(')( tvthtxty +⊗=

 and transmitted as s(t) as shown in figure 3.5. By 

assuming at first that there is no IQ imbalance as shown in figure 3.6, The transmitted signal is 

filtered by the channel impulse response h(t) and corrupted by additive noise, so that the received 

baseband equivalent of the frequency band of interest is, [39] 

 

                                                                                                        (3.14)                                                                          

 
 

Figure 3.6, OFDM Receiver with Ideal IQ imbalance 

 y y 

 
 
Remove 
Cyclic  
Prefix  
and S/P 
convert 
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This signal is downconverted to baseband and filtered to remove the high frequency components. 

The A/D converter samples the resulting signal to obtain 

 

.1],[][]['][ −≤≤−+⊗= Nnnvnhnxny ε                                                      (3.15) 

 

The prefix of y[n] consisting of the first ε  samples is then removed. Now let us consider a 

discrete-time channel with finite impulse response (FIR) as described in section (2.2.5) and as in 

[40] [45].  

 

][]...,0[][ εhhnh =  of length  ε  + 1 = Tm/Ts                                                                                               (3.16) 

 

Where, Tm is the channel delay spread and Ts the sampling interval associated with the discrete 

time sequence. Denote also the nth element of these sequences as hn = h[n], x’n = x’[n], vn = 

ν[n], and yn
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 = y[n].  With this notation the channel output sequence can be written as (2.2). In 

matrix form it can be rewritten as; 

 

                                                                                                                                                

                                                                                                                                           (3.17) 

 

The received symbols y−1,…,y−ε 

εε −−−−−− === NNN xxxxxx '
2

'
211

' ,,, 

 are discarded since they are affected by inter symbol 

interference (ISI) in the prior data block, and they are not needed to recover the input. The last ε  

symbols of x[n] correspond to the cyclic prefix:  . From this 

it can be shown that the matrix representation (3.17) is equivalent to the following representation 

[45]. 
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                                                                                                                                               (3.18) 

This can be rewritten compactly as, 

  

 vHxy +=                                                                                                                        (3.19) 

 

This equivalent model shows that the inserted cyclic prefix allows the channel to be modeled as 

a circulant convolution matrix H over the N samples of interest. 

 

The matrix H is N × N, so it has an eigenvalue decomposition [45], 

 

MMH Λ= *                                                                                                                         (3.20) 

 

Where Λ is a diagonal matrix of eigenvalues of H and M is a unitary matrix whose rows 

comprise the eigenvectors of H. i.e.  λimi = Hmi for i = 0, 1, . . .,N − 1, where mi denotes the ith

MdiagMH )(* λ=

 

row of M. Hence, 

 

                                                                                                               (3.21)                                                                                   

The vector λ is related to channel tap, 
Thhhh ],...,,[' 10 ε=   via [36] [40] 
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ε

λ
N

h
MN                                                                                                   (3.22) 

 

Thus, if we insert equation (3.21) in equation (3.19), we can rewrite equation (3.19) as; 
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vxMMy +Λ= *   

   vxMdiagM += )(* λ                                                                                                  (3.23) 

 

Then y is passed to a serial to parallel converter and then demodulated with FFT as shown in 

figure 3.6. 

 

Now, let us consider the case where the received data is distorted by IQ imbalance as shown in 

figure 3.7. The received block of data 'y  after being distorted by IQ imbalances becomes 

 

)(' yconjyy βα +=                                                                                                               (3.24) 

 

 
Figure 3.7, OFDM receivers with IQ imbalance  

 

)()()()()( vconjxconjHconjvHxconjyconj +=+=   

 

But from [36] we know that   

 

MdiagMHconj )'()( * λ=    

                                                                                                                                             (3.25) 

Where, 
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Thus, 
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)()()'(][ * vconjxconjMdiagMyconj += λ                                                                 (3.27) 

 

Now, let us substitute equation (3.23) and (3.27) in equation (3.24) 

 

)]()()'([])([' ** vconjxconjMdiagMvxMdiagMy +++= λβλα  

 

After it passes through a serial to parallel converter and then through FFT it becomes, 

 

'')'()( vXdiagXdiagb ++= λβλα                                                                              (3.28) 

 

Where  )(',,' xMconjXMxXMyb ===  and 'v  is a transformation version of original noise v  

We know from the properties of DFT [42] [45] that, for Nn ≤≤1  and Nk ≤≤1  
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                                                                                                                                           (3.29) 

                                                                                                                                                 

We substitute equation (3.29) in equation (3.28) and for simplicity of presentation, we discard 

the samples corresponding to tones 1 and N/2 + 1, i.e. b (1) and b (N/2 + 1).   

 

The reason for discarding these two samples is that the transformation (3.29) returns the same 

indices only for i = 1 and i = N/2 +1 and mirrors and conjugates all other tones. In other words, 

in (3.29), )1(X and )1
2

( +
NX  become )1(*X  and )1

2
(* +
NX , respectively, without any change 

in their indices. For all other tones, their indices become mirrored around the tone N/2 + 1. In 
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order to have a unified formulation for all the tones, these two tones are discarded. However, if 

desired, a set of equations can be derived specifically for the tones 1 and N/2 + 1 in a manner 

similar to (3.33)-(3.35). Note that in standardized OFDM systems such as IEEE 802.11a [14] 

these two tones do not carry any information due to implementation issues. Sending zeros on 

these two tones relaxes the implementation requirements on the receiver analog filters and DC 

offset as shown in section (2.2.3).  

 

Define two new vectors: 

 
TNXNXNXXX )](),......,22/(),2/(),......,2([" ** +=   

 and 
TNbNbNbbB )](),......,22/(),2/(),......,2([ ** +=                                                                   

                                                                                                                                  (3.30)         

Then, equation (3.28) became, 

 

"" VWXB +=                                                                                                                          

                                                                                                                                              (3.31) 

Where         
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                                                                                                                                                  (3.32) 

Where  "V  is related to 'v  in a manner similar to (3.30). 
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The elements in the second halves of "X and B  are conjugated due to the structure of equation 

(3.28). As we can see from (3.28), the vector b is no longer related to the transmitted block X 

through a diagonal matrix, as is the case in an OFDM system with ideal I and Q branches. We 

can also clearly see that matrix W can be reduced to diagonal matrix if we let β=0 which is equal 

to the ideal case.The objective is now to recover the signal "X  from the received signal B in 

equation (3.31) or alternatively, we can rewrite equation (3.31) as follows, 

For 
2

,2 Ni =  
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                                                                                                                                                 (3.33) 

 

iiii vXAb +=                                                                                                                              (3.34)         

                                                                                                         

Where  
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The objective here is to recover  )(iX  and )2(* +− iNX  from received signal )(ib  and 

)2(* +− iNb  as it is going to be shown on the next chapter 
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CHAPTER FOUR 

OFDM RECEIVERS WITH COMPENSATION FOR IQ IMBALANCES 

4.1 Introduction  

In the previous chapter, we have modeled the impact of IQ imbalance on OFDM based Systems.  

Now in this chapter, we develop compensation algorithms in the digital domain using the models 

developed in chapter three. The algorithms include least square (LS) compensation, as well as an 

adaptive compensation scheme with improved convergence rate. All compensation schemes use 

training to estimate the distortion parameters that model the IQ imbalances. For systems such as 

IEEE 802.11a and IEEE 802.11g that feature a dedicated pilot sequence, the same training data 

used for channel estimation in standard OFDM systems can be used for joint channel and 

distortion estimation. For systems that do not provide dedicated training symbols, a decision 

directed scheme can be used. 

4.2 Least-Square Compensation 

Consider equation (3.34). Because of the noise component iv   the observed vector ib does not lie 

in the column space of the matrix iA .  The objective of the least-squares problem is to determine 

the vector in the column space of iA  that is closet to ib  in the least-squares sense. It is therefore 

desired to determine the particular iX̂  that minimizes the distance between iii XAandb ˆ  

         2ˆmin ii
X

XAb
i

−                                                                                                 (4.1) 

The resulting iX̂   is called the least-square solution and it provides an estimate for the 

unknown iX .  ii XA ˆ is called the least-squares estimate of ib . 

 

The solution to (4.1) exists and it follows from a simple geometric argument. The orthogonal 

projection of ib onto the column span of iA  yields a vector ii XA ˆ  that is the closest to ib  in the 

least square sense. This is because the resulting error vector )ˆ( iii XAb −  will be orthogonal to 

the column span of A. 

 

In other words, the closest element ii XA ˆ   to ib  must satisfy the orthogonality condition, 
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0)ˆ( =⋅−⋅ iii
T

i XAbA                                                                                                           (4.2)                                                                                                   

Therefore, the least-squares estimate of )(iX  and )2(* +− iNX    for 
2

,...,2 Ni =  , denoted by 

)(ˆ iX  and )2(ˆ +− iNX  , are given by   

 

i
T

ii
T

ii bAAAX ⋅⋅⋅=⇒ −1)(ˆ                                                                                                 (4.3) 

                                                                                                                                                                                              

Now, in order to get the solution for equation (4.3), the channel informationλ  and the distortion 

parameters (α  and β ) are required. Training symbols can be used to enable the receiver to 

estimate those values. Thus note that we may use equation (3.33) for channel estimation 

purposes by rewriting it as: 
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                                                                                                                                                 (4.5)              

                                                                                                                                               

 iiii vb +ΨΘ=                                                                                                                   (4.6)                                                                                                                           

                                                                                                                                        

The least mean-square estimate of joint channel and IQ parameter can be found from equation  

(4.6) as  
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i
T
ii

T
ii b1).(ˆ −ΘΘΘ=Ψ                                                                                                            (4.7)                                                                                              

                                               

Where, superscript T  stands for transpose of a matrix. Note also that ib  and iv  as defined in 

(3.35). 

 

Assuming n OFDM symbols are transmitted for training, and then n realizations of the equation 

(4.7) can be collected to perform the least-squares estimation of the elements forming iA  i.e. 

channel taps )2()( * +− iNandi λλ and the distortion parameters βα and . The estimated iA  

can then be substituted in (4.3) for data estimation. 

 

 The same training data used for channel estimation in standard OFDM systems such as 

IEEE802.11a and IEEE802.11g can be used in this scheme for the joint estimation of channel 

and distortion parameters. For systems that do not provide dedicated training symbols, a decision 

directed scheme could be used where the recovered data at the receiver are used for training. In 

this case, a low density constellation (e.g., QPSK) could be used during the initial transmission 

phase since errors due to IQ imbalances are less severe for low density constellations. The 

estimator (4.3) is optimal in the least-squares sense and will be referred to as least-squares 

equalization.  

 

The resulting receiver structure is shown as follows. 

 

 
 

Figure 4.1, Standard OFDM receivers assuming ideal IQ branches 
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                                                                      b(2)                                                                                                                     

                                                                         .                                 

                                                                         . 

                                                    .                    .                                                   . 

                                                    .                 b(N/2)                                                                     . 
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Figure 4.2, OFDM receivers with least square compensation of IQ imbalance  

4.3 Adaptive Compensation  

The least mean square (LMS) algorithm is a popular adaptive algorithm because of its simplicity 

and robustness. The LMS estimation of )2()( * +− iNXandiX  in (1.33) can be attained as 

follows: 
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Where 2+−iNi wandw  are )21( ×  equalization vectors updated according to LMS algorithms for 

2
,,2 Ni = .  

 To better illustrate the update equations, we introduce a time (or iteration) index k. Thus, let 

2+−iN
kk

i wandw  

)2()( * +− iNbandib kk

represent the equalization terms at time instant k. Furthermore, let 

 represent the term )2()( * +− iNbandib  at the same time instant k. 

Now, the equalization coefficients for i =2,…,N/2  are updated according to the LMS rules[45]: 
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Where  H   stands for conjugate transpose of a matrix.  The LMS algorithm converges in the 

mean if 
max

20
λ

µ << LMS . 

 Where LMSµ  is the step-size parameter and maxλ is the maximum eigenvalue of the 

autocorrelation matrix bR [45]. 

 

The error signal generated at iteration k for the tone index i  using a training symbol )(k
id  are 

expressed as  
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Figure 4.3, Adaptive compensation techniques 

 

During training mode, a known pilot signal is sent over the channel and is received as received 

signal ( ib ). At the receiving end, the pilot signal is locally generated and used in the adaptation 

algorithm as shown in figure 4.3

01 == βα and

  

 

The LMS algorithm is most commonly used adaptive algorithm because of its simplicity and a 

reasonable performance. Since it is an iterative algorithm it can be used in a highly time-varying 

signal environment. It has a stable and robust performance against different signal conditions. 

However it may not have a really fast convergence speed [45][46].This problem is severe for the 

application at hand, since current OFDM systems usually deploy a short training sequence in 

order to reduce training overhead in packet-based data transmission.  

 

A short training length is acceptable due to the fact that an OFDM system with ideal I and Q 

branches can achieve good channel estimation with only a few training symbols. However, in the 

presence of IQ imbalances, there is cross coupling between every tone and its conjugate tone, 

which makes the convergence rate slower. In LMS, the coefficients in (4.8 and 4.9) are usually 

initiated with zero as their initial values. In order to improve the convergence rate of the 

algorithm significantly, the equalizer coefficients are initialized to values calculated by assuming 

ideal I and Q branches. 

 

Consider equation (3.33), for ideal case, we set . In this situation, equation (3.33) 

becomes, 

for  
2
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If we use the first n  OFDM symbols for training, then the least square estimate for channel is 

given by  
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Where )()( ibandiX kk  denote the transmitted and received ith  tones at time instant k  

Similarly, 

∑

∑

=

=

+−+−

+−+−
=+− n

k
kk

n

k
kk

iNXiNX

iNbiNX
iN

1

*

1

*

*

)2()2(

)2()2(
)2(λ̂                                                                 (4.16)          

   

Using the above estimation for channel parameter, the 12×  equalization vectors  

)2( +−iNi wandw  in equation (4.8 and 4.9) are initialized to  
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These initial values are closer to the final value when compared to an all zero initialization, since 

the parameter β  in (3.35) is typically much smaller than the α  parameter. By using these as 

initial value for estimation, we can get fast converged result than that of using zero as initial 

value for estimation. This is also verified using the computer simulation. In order to verify this, 

the error is set to 0.002 and the average number of iteration need for both case i.e. for case of 

initial set to zero and for case of initial set to ideal IQ are counted and it is seen that the average 

number of iteration needed if we set the initial values to ideal IQ is reduced by half than using 

zero as initial value. 
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CHAPTER FIVE 

SIMULATION AND RESULTS 
 

In many packet transmission systems, such as wireless LAN, the packet length is short enough to 

assume a constant channel conditions during the length of the packet. This means there is no 

need to estimate time fading, which greatly simplifies the channel and IQ distortion estimation 

problems. If we use a pilots scattered over several OFDM data symbols, it introduce a delay of 

several symbols before the first channel and distortion estimate can be calculated. Such a delay is 

undesirable in packet transmission like in an IEEE 802.11 wireless LAN, which requires an 

acknowledgment to be sent after each packet transmission. Any delay in the reception of packet 

will also delay the acknowledgments and hence decrease the effective throughput of the system. 

An additional disadvantage is the fact that the receiver needs to buffer several OFDM symbols, 

thereby requiring extra hardware. 

 

 For our specific problem of channel and IQ distortion estimation, the most appropriate approach 

seems to be the use of training consists of one or more known OFDM symbols. This approach is 

sketched in figure 5.1. The figure shows the time frequency grid with subcarrier on the vertical 

axis and symbols on the horizontal axis. This block type pilot arrangement is used during the 

simulation.  

 

        
        
        
        
        
        
        
        
        
        
        
        
        
        
        
        

 

 

 

Figure 5.1, Examples of a packet with two training symbols for channel and IQ parameter 

estimation and two pilots subcarriers used for frequency synchronization.  

Symbol number  

Subcarrier 
number 
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The packet starts with two OFDM symbols for all data value are known. These training symbols 

can be used to obtain channel and IQ parameter estimates as well as frequency offset estimates. 

After the first two training symbols, figure 5.1 shows the two pilot subcarriers within the data 

symbols. These pilots are not meant for channel estimation, but for tracking the remaining 

frequency offset after the initial training. This is because frequency offset affects all the 

subcarries in a similar way as shown in equation (2.13) hence there is no need to have many 

pilots with small frequency spacing as in the case of channel and IQ estimation.  

 

 The choice of the number of training symbols is a tradeoff between a short training time and a 

good channel and IQ parameter estimation performance. One of the main assumptions when 

using pilot symbols only at the start of the packet is that channel variations during the rest of the 

packet are negligible. Whether this is a valid assumption depends on the packet durations and the 

Doppler bandwidth. 

 

The choice of various OFDM parameters is a tradeoff between various requirements. Usually, 

there are three main requirements to start with: Bandwidth, bit rate, and delay spread. The delay 

spread directly dictates the guard time. Usually, the guard time is chosen about two to four times 

the roots mean squared delay spread [51]. This value depends on the type of coding and QAM 

modulation. Higher order QAM (like 64-QAM) is more sensitive to ICI and ISI than QPSK 

while heavier coding obviously reduces the sensitivity to such interference [51]. 

 

Now that the guard time has been set, the symbol duration can be fixed. To minimize the signal 

to noise ratio (SNR) loss caused by the guard time, it is desirable to have the symbol duration 

much larger than the guard time. It can’t arbitrarily be large, however, because a large symbol 

duration means more subcarries with a smaller subcarrier spacing, which result in a larger 

implementation complexity, and more sensitivity to phase noise and frequency offset [47], as 

well as increased peak-to average power ratio[48][49]. Hence a practical design choice is to 

make the symbol duration at least five times the guard time [51]. 

 

After the symbol duration and guard time are fixed, the number of subcarriers may be 

determined by the required bit rate divided by the bit rate per subcarrier. The bit rate per 

subcarrier is defined by the modulation type (e.g. 16 QAM), coding rate, and symbol rate.  
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Based on the above discussion, in our simulation the following parameters are assumed 

 

• Bit rate 20Mbps 

• Tolerable delay spread   200ns 

• Bandwidth  ≤  20MHZ 

 

The delay spread requirement of 200 ns suggests that 4 times the delay spread (800ns) is safe 

value for the guard time. The OFDM symbol duration is assumed 5 times the guard time i.e. 4 

µ s. To determine the number of subcarriers needed, we look at the ratio of the required bit rate 

and OFDM symbol rate. To do this there are several options. However in our simulation we use 

uncoded 16QAM and 64QAM.  

 

• Number of FFT points 64 

• The cyclic prefix length of 16 

• The channel length (ε+1 = 4). The channel taps are chosen independently with complex 

Gaussian distribution. 

 

The BER versus SNR for the presented schemes are simulated and shown in Figures 5.2-5.6. 

In all figures, the “Ideal IQ” legend refers to a receiver with no IQ imbalance and perfect 

channel knowledge and the “IQ imbalance without Compensation” Legend refers to a 

receiver with IQ imbalance but no compensation scheme. Moreover, the legends “with LS 

compensation” and “with LMS compensation” refer to the schemes presented in chapter four 

Sections 4.2 and 4.3 respectively. The results are depicted for different constellation sizes 

and different length of training sequences. Note also that Figure 5.7 shows the system 

performances as phase imbalances increases from 0-5 degree by keeping amplitude 

imbalances at 1dB and SNR at 20dB constant.  
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Figure 5.2, BER vs. SNR simulated for 16QAM constellation, phase imbalance of 2 , amplitude    

imbalance of 1dB, and training length of 5 OFDM symbols. 
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Figure 5.3, BER vs. SNR simulated for 16QAM constellation, phase imbalance of 2 , amplitude    

imbalance of 1dB, step size parameter 2.0=LMSµ  and training length of 20 OFDM symbols. 
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Figure 5.4, BER vs. SNR simulated for 16QAM constellation, phase imbalance of 2 , amplitude    

imbalance of 1dB, step size parameter 2.0=LMSµ  and training length of 25 OFDM symbols. 
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Figure 5.5, BER vs. SNR simulated for 64QAM constellation, phase imbalance of 2 , amplitude   

imbalance of 1dB, step size parameter 2.0=LMSµ   and training length of 10 OFDM symbols. 
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Figure 5.6, BER vs. SNR simulated for 64QAM constellation, phase imbalance of 2 , amplitude   

imbalance of 1dB, step size parameter 2.0=LMSµ   and training length of 25 OFDM symbols. 
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Figure 5.7, BER vs. phase imbalance (in degree) simulated for 16QAM constellation, amplitude   

imbalance of 1dB, SNR kept constant at 20dB, phase imbalance varies from 50 − , step size 

parameter 2.0=LMSµ and training length of 25 OFDM symbols. 
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As can be seen in all simulation results, the degradation in the BER values due to IQ imbalances is 

significant. Figures 5.2-5.6 show the simulation results for typical (practical) distortion parameter values; 

phase imbalance of 2  and gain imbalances 1dB. An important observation is that the BER curves 

become saturated in the presence of IQ imbalances. In other words, even increasing the operating SNR 

does not help improve the BER values, emphasizing the need for digital compensation schemes.  

 

It is seen that least-squares algorithms perform close to the ideal case. The simulation results also show 

that the performance of the adaptive compensation scheme depends on the length of the available training 

sequence. Decision directed approach can be used to provide many number of training symbols in real 

scenarios. From figure 5.7 we can clearly see that also for large phase imbalance, the proposed 

compensation strategy works quit satisfactory. 
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CHAPTER SIX 

CONCLUSION AND FUTURE WORK 

6.1 Conclusion 
 
The current trend in wireless design is to simplify the analog front-end processing as much as 

possible and implement most of the fundamental functions using digital signal processing. This 

is mainly motivated by the ever increasing flexibility and integrability requirement as to multiple 

access wireless standards and services using a single, small size, low cost user equipments. As a 

consequence the traditional superheterodyne architecture is not the most appropriate choice and 

new receiver structures such as direct conversion receiver are under active investigation.  

 

One of the most fundamental tasks of any radio receiver is to downcovert the desired channel 

signal from RF range to base band. In this context, the inherent image signal problem needs to be 

addressed with care. One interesting approach relaxing the requirements for RF filtering is to use 

IQ downcoversion. In practice, IQ imbalances are unavoidable in the analog front end, which 

results in finite and usually insufficient rejection of the image frequency band. This causes the 

image signal to appear as interference on the top of the desired signals. 

 

An OFDM modulated RF signal is down converted to baseband through a direct conversion 

receivers with considerable IQ imbalances. The proposed algorithm is then applied on the 

resulting downconverted signals. Demodulation performance with and without the proposed 

compensation is compared to show the effectiveness of the proposed scheme. It was illustrated 

that the BER values for an OFDM system with typical (practical) IQ imbalances may be 

unacceptable. An important effect of IQ imbalances is that the achievable BER saturates as the 

SNR increases, suggesting that the systems performance at high SNR will be limited by the IQ 

imbalances rather than the SNR. The performance degradation becomes more severe at high 

SNR values and high density constellations. 

 

 The approach proposed in this thesis relies on using digital signal processing techniques to 

compensate for analog domain impairments (IQ imbalances) in the digital domain. As the main 

contribution, digital IQ imbalance compensation based on Least Square (LS) and Adaptive Least 

Mean (LMS) square are discussed in detail. There are several advantages associated with the 
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proposed digital schemes, with the main advantage being that they allow us to exploit the digital 

processing power to alleviate problems arising from analog imperfections.  

 

The design of direct conversion receivers typically yields an IQ imbalance on the order of 

amplitude 1-2 % and phase imbalance of 1-2 degree[8][20]. The performance curves shown in 

figure 5.2-5.7 clearly demonstrate that for such IQ imbalance values, compensation is absolutely 

necessary to enable a high data rate communication. As shown in chapter five, the performance 

of the least square (LS) techniques is close to the ideal case. It is also shown that the 

performance of LMS techniques is based on the available number of training symbols. The need 

for longer training symbols is the drawback of LMS algorithm. 

 

6.2 Future work 
 

• One basic assumption in the derivation of the proposed algorithm is that the imbalance 

effects can be modeled as a linear system. In addition, it is assumed that there is no 

carrier frequency offset. In practical implementations, however, the non linear effects of 

the analog circuitry and carrier frequency offset can not be avoided. This may turn out to 

reduce the performance of the proposed approaches. This may constitute one important 

topic for future work and research. 

 

• MIMO systems can provide higher effective SNR and consequently higher data 

throughput by enabling higher constellations sizes. However, at higher SNR values, the 

BER performance of the system is most probably limited by IQ imbalances. Thus 

studying the effects of IQ imbalance in MIMO OFDM system and developing 

appropriate compensation schemes could also be anther important topic for future work. 
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