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The fusion of voice and data applications, along with the demand for high data-rate 
applications such as video-on-demand, is making radio frequency (RF) spectrum an 
increasingly expensive commodity for current and future communications. Although 
bandwidth-efficient digital modulation alleviates part of the problem by requiring a 
minimal use of spectral resources, they put an extra design burden on RF engineers. RF 
transmitters and power amplifiers account for more than half the total maintenance cost 
of a base-station, and occupy nearly the same portion of space. Therefore, power 
amplifiers become a bottleneck for digital systems in terms of space and power 
consumption. However, power-efficient use of the amplifiers, although desirable, is 
extremely detrimental to end-to-end performance due to the very high peak-to-average 
power ratios of modulations that are used today. In order to reduce distortion while 
maintaining high power conversion efficiency in a power amplifier, linearization schemes 
are needed. In addition, significant frequency-dependent Memory Effects result in high 
power amplifiers operating on wideband signals. Therefore, these effects need to be 
considered during any attempt to minimize amplifier distortion. 

In this thesis, we present two schemes to cancel nonlinear distortion of a power amplifier, 
along with its memory effects and results for one of the schemes. The results highlight 
the fact that in the presence of significant memory effects, cancellation of these effects is 
necessary to achieve reasonable improvement in performance through linearization. We 
focus on predistortive schemes due to their digital-friendly structure and simple 
implementation. The operating environment consists of a multi-carrier W-CDMA signal. 
All of the studies are performed using numerical simulation on MATLAB and Agilent’s 
Advanced Design System (ADS). 
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11  --  IInnttrroodduuccttiioonn  

This is the wireless era. Growth of the wireless industry has been tremendous since the 

beginning of last decade, while the thirst for higher data rates has been unquenchable. 

The proliferation of service providers as a result of this extensive growth, along with the 

integration of voice and data services, has made the radio frequency (RF) spectrum a rare 

and valuable commodity. The important question for all commercial communication 

system manufacturers is “How do we squeeze as much data as possible in a given portion 

of RF spectrum?”  The answer to this question has led researchers to digital modulation 

schemes that are more bandwidth-efficient, i.e., carry more bits per hertz when compared 

with a narrowband modulation. This enhancement, however, comes at a cost. The rapidly 

time-varying envelope of the resultant modulation is unsuitable for a nonlinear RF 

transmitter, or in particular, a power amplifier (PA). 

1.1 Motivation for the Research 
Power amplifiers have nonlinear characteristics in the most efficient region of operation. 

Any signal whose envelope is fluctuating inside this region is severely distorted 

depending on the variance of those fluctuations. The critical trade-off RF engineers have 

to make is between linearity and efficiency of a PA and, not surprisingly, the trade-off 

becomes increasingly complex as the modulation bandwidth increases. 

This thesis attempts to present the various distortion phenomena occurring in a power 

amplifier and the impact of those on WCDMA, which is a part of the 3G standard, 

promising increased capacities and improved reliability in a very dynamic, wireless 

channel. 
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1.1.1  Why Linear Amplifiers? 

The linearity requirement in a PA is based on the following simple rule: A linear 

modulation should be processed by linear blocks to limit distortion. With a nonlinear 

transmitter, the fluctuating envelopes of linear modulation schemes receive non-uniform 

amplification within the compression region, generating inter-modulation (IM) products. 

These products cause out-of-band emissions and in-band distortion, and are known as 

Inter Modulation Distortion (IMD). Out-of-band emissions, or spectral regrowth, result 

in an increased transmission bandwidth, and act as interference in adjacent channels, thus 

degrading system level performance. In-band distortion causes self-interference, which 

appears as distortion in signal constellation and increased bit-error rates at the receiver. 

1.1.2  Tradeoff between Linearity and Efficiency in a PA 

In a transmitter, a high value of power conversion efficiency is critical for effective 

resource utilization. Increasing this efficiency lowers the cost per output watt. The power 

conversion efficiency is defined in several ways, but the most common is the ratio of 

output power to the power required for DC bias. Thus, it is obvious that for a fixed DC 

bias, efficiency increases as the operating point moves closer to the saturation point that 

exists in the severely nonlinear region of operation. For a constant-envelope modulation 

this is easily achieved without compromising linearity, but distortion is inevitable when 

the input signal envelope fluctuates around the operating point.  

1.1.3  Linearization of a Nonlinear Amplifier 

The efforts to limit the amount of distortion, introduced by an amplifier have been 

continuing since the advent of power amplification theory itself. The simplest scheme for 

limiting distortion is to operate a PA in its linear region using “power back off,” or down-

scaling of the input signal power. However, the linear region of the PA has a very poor 

power conversion efficiency (Figure 1.1). As a result, amplifiers with very high peak-to-

average output power ratio have to be used, which results in increased maintenance cost 

and requires more space; a bottleneck, as the number of base stations, per square mile 
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continues to increase. The battery life for handsets1 is also reduced with such a power 

backoff scheme, which is unacceptable for the wireless industry as it works on 

introducing more features in smaller portable units requiring longer battery lives. Thus, 

power back off is not a solution for most transmitters today, and amplifier linearization is 

the only feasible option for the designer. 

 

Figure 1.1 – Efficiency vs. Input backoff for various power amplification methods (A and 
B refer to class-A, and class-B operation.)  

(Source: [Raab02], Copyright IEEE, 2002. Used with permission.) 
 

Linearization schemes process the signal in a transmitter chain so that the signal at the 

output of the transmitter is a linearly amplified version of its input. All linearizers use 

amplitude and phase of the input as a reference for comparison with the output, and use 

the difference in some form to cancel the IMD. There are several ways that this can be 

achieved; complexity, bandwidth of operation, performance, and implementation issues 

vary. Feedback schemes, Feedforward amplifiers, and predistortion, are common. Other 

schemes are being “re-introduced,” which use amplifiers in different configurations to 

produce linearly-amplified versions of the input. Examples of these schemes include 

                                                 

1 The terms handsets, user terminals, portable units, and cell phones refer to the same thing in this thesis. 
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Envelope Elimination and Restoration (EER) and Linear amplification using Nonlinear 

Components (LINC). Not all linearization schemes are suitable for a digital 

implementation, which is convenient with the growth of digital signal processing 

technology and software-defined radio architectures. 

This research effort is focused on predistortive linearizers in the digital domain. This 

form of linearization has distinct advantages with current digital reconfigurable 

architectures. We have focused on adaptive schemes, which are better suited for tracking 

drifts in the PA parameters and characteristics. 

1.1.4  Modeling and Simulation of RF Power Amplifiers 

The subject of numerical simulation and its advantages has been discussed extensively in 

the literature [Jeruchim92, Schneider93, Tranter88, and Tranter92]. Numerical 

simulations are almost unavoidable when doing accurate studies on nonlinear systems, 

due to the non-tractable nature of their mathematical analysis. These numerical 

simulations require a suitable model for the system under study.  

Nonlinear amplifiers have, traditionally, been modeled using mathematical functions 

characterizing their measured amplitude (AM-AM) and phase (AM-PM) nonlinearities. 

These traditional memoryless amplifier models, however, do not take the memory effects 

into account, which are visible in high power amplifiers operating on wideband signals. 

In order to perform the numerical simulation of amplifiers exhibiting nonlinearity and 

memory effects, there is a need for amplifier models with memory. The accuracy of a 

simulation is critically tied to the accuracy of the numerical models for the components. 

Therefore, it is necessary to spend considerable effort in devising accurate models for 

power amplifiers to conduct useful numerical studies on them. It should not come as a 

surprise however, that simulation-based study of an RF subsystem is not sufficient for 

their complete understanding due to their very complex nonlinear physical nature. 

Therefore, the subject of time-efficient numerical simulation of a nonlinear device is still 

in its infancy and an active area in research. 
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1.2 Outline of the Thesis 
The rest of the thesis has the following order. Chapter 2 presents the motivation and 

ground-work for the research. A brief discussion of memory effects is included, and some 

of the models developed for modeling these effects are outlined.2 Chapter 3 presents a 

literature study on common classes of linearization and linear transmitters. Emphasis has 

been put on predistortion-based linearization. Chapter 4 gives a detailed study of model-

based and model-less predistortion methods with memory cancellation. We have 

concentrated on Tapped delay line (TDL) schemes, but have included a description of 

Hammerstein systems. Algorithms are developed for the Hammerstein and TDL models 

and results are presented for the TDL scheme, given its several advantages over the 

Hammerstein system. The results are compared with traditional memoryless predistortion 

schemes. Chapter 5 concludes the thesis with recommendations for future research in this 

direction.  

                                                 

2 The detailed analysis and development of numerical models for power amplifiers with memory was not a 

part of the research effort conducted by the author. 
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22  --  DDiissttoorrttiioonn  AAnnaallyyssiiss  aanndd  MMooddeelliinngg  ooff  aa  
PPoowweerr  AAmmpplliiffiieerr  

2.1 Introduction 
Any system, mechanical, electrical, or electro-mechanical, has two basic regions of 

operation: Desired and Undesired. In order to optimally use a system, careful 

understanding of its behavior during optimal and suboptimal operation is critical. 

Likewise, proper understanding of the working of a power amplifier, along with the 

distortion introduced during its operation, is necessary for maximizing efficiency while 

keeping distortion at a minimum.  

This chapter begins with a discussion on the causes of distortion in a PA, including 

memory effects. Conventional modeling techniques for narrowband power amplifiers 

have been included before a brief discussion on modeling procedures for a PA with 

memory, along with the results of model estimation procedure.  

2.2 Nonlinear Power Amplifier 
Wherever there is wireless communication, there are transmitters, and wherever there are 

transmitters, there are RF power amplifiers (PA) [Cripps99]. Ideally, a power amplifier is 

required to amplify signals, before they are sent out on airwaves in a way that results in a 

constant gain over the entire dynamic range, or frequency spectrum, of the input. 

Unfortunately, this is not possible for input signal levels approaching the rated value of a 

PA, since it starts to saturate, resulting in gain compression or reduction in available gain. 

In addition, the input signal experiences phase variations near the compression region, 

causing synchronization error for analog modulations, or additional skewing of signal 

constellation in case of a digital modulation. A common artifact of amplifier distortion is 

spectral regrowth in the output spectrum (Figure 2.1). Skewing and compression of the 
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signal constellation, in the case of digital modulation, is another undesired effect, causing 

timing synchronization errors at the receiver. Figure 2.2 shows signs of amplifier 

distortion on the signal constellation of a 16-QAM signal.  

 

Figure 2.1 – Spectral regrowth in a single-carrier WCDMA 
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Figure 2.2 – Signal constellation for a 16-QAM signal at the output of a nonlinear 
amplifier showing phase rotation and amplitude compression. 
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2.3 Narrowband Distortion 
A power amplifier is benign, as long as it is operated in its linear region. However, when 

a power amplifier is operated close to the compression region using a time-varying signal 

envelope, it generates unwanted “by-products.” In order to develop a basic understanding 

of the generation process for these distortion products, mathematical analysis using 

suitable models is necessary.  

In this section, our purpose is not to explain a subject that is widely covered in many texts 

such as [Cripps99], [Kenington00], or [Tranter02] but to provide a useful overview in 

order to justify the need for the research outlined in this thesis.  

In order to develop a basic understanding for distortion in a nonlinear amplifier, we begin 

from the mathematical representation of a general nonlinearity. The most common 

representation is a polynomial or power series such as 

 2 3
1 2 3y a x a x a x= + +  (2.1) 

Here, “ 1a x ” is the desired output, and the rest of the terms are by-products. The number 

of terms after the linear component 1a x , depends on the position of the operating point 

and the severity of the compression region. Figure 2.3 outlines the linear and 

compression region of a typical amplifier. Modulations like FM, FSK, and PSK, have 

constant envelopes (Figure 2.4). Thus, their operating points can be set deep in the 

compression region, resulting in power efficient and distortion-less operation. Therefore 

these modulations are suitable for applications requiring high reliability, such as military 

communications. In commercial applications, however, they have been replaced with 

bandwidth efficient modulations such as QAM for carrying high data rates using minimal 

spectral resources.  
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Figure 2.3 – A modeled AM-AM envelope transfer characteristics of a PA (P1dB is the 
1-dB compression point). 

 

 
Figure 2.4 - An FSK signal having 1 bit per symbol. 
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Figure 2.5 illustrates the envelope of a QAM signal with a peak-to-average-power ratio of 

6.3 dB, which is severely distorted if PA is operated close to P1dB. Therefore, for 

minimal distortion the PA is operated deep in its linear region resulting in inefficient 

operation. 

 

Figure 2.5 - An RRC-filtered, 16-QAM envelope having 3 bits per symbol. 

 

When the theory of PA distortion was developed the modulations were narrowband, or 

satisfied the narrowband assumption, which states that a signal is narrowband compared 

with the bandwidth of an amplifier when (a) the carrier frequency is “much larger” than 

the signal bandwidth, and more importantly, (b) the amplifier gain is flat over the entire 

bandwidth of the signal. When a PA is operated with such a signal, the signal undergoes 

two mechanisms: An AM-AM mechanism translates the input voltage (power) into an 

output voltage (power), and an AM-PM mechanism, where the PA introduces a phase 

shift to the input depending on the instantaneous voltage (power) of the input. Since this 

characterization of the PA is based on the narrowband assumption of the input signal, the 
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resultant distortion is called Narrowband Distortion. Below we analyze the two distortion 

mechanisms in detail. 

2.3.1  AM-AM Distortion 

AM-AM in a PA occurs when the amplitude modulation of a signal is converted into 

another amplitude modulation accompanied by power amplification of the signal. If the 

PA is linear, AM-AM is just an amplitude-scaling operation. However, when the signal’s 

amplitude modulation, or envelope, has peaks in the compression region, the AM-AM 

process becomes nonlinear and introduces distortion. The resultant distortion is called 

AM-AM distortion. The simplest way to analyze this distortion mathematically is through 

a two-tone test.  

2.3.1.1 Two-tone power series analysis 

A two-tone input with equal amplitudes is of the form, 

1 2cos cosx v t v tω ω= + . 

When this signal is passed through the third order nonlinearity given in (2.1) the output is  
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According to (2.3), small amplitudes result in negligible distortion. However, as the input 

drive level surges, we can observe an increase in the strength of the distortion products.  

The second term in (2.3) shows a nonlinear increase in the amplitude of the fundamental 

frequency components. The cross-modulation terms, or terms carrying the various sums 

and differences of input harmonics, are collectively known as Inter-Modulation 

Distortion or IMD, since they smear or distort the original input spectrum. Two kinds of 

distortion terms can be observed in (2.3). The even order terms, or the terms having an 

even sum of harmonics, fall outside the band of interest, and are collectively termed as 

out-of-band distortion, while the odd order IM products that interfere with the 

frequencies of interest constitute the in-band distortion. Out-of-band spectral components 

are collectively termed as spectral regrowth, and quantified using Adjacent channel 

Leakage power Ratio (ACLR or ACPR). ACLR is commonly used to specify linearity 

specifications in terms of the allowable spectral regrowth. It is defined as the ratio of the 

RRC-filtered mean power, centered on the assigned channel frequency, to the RRC-

filtered mean power, centered on an adjacent channel frequency [3GPP02-03]. Strict 

limits on ACLR values are imposed by the Federal Communications Commission (FCC) 

for limiting adjacent channel interference. Table 1 shows the ACLR requirement at the 

output of a Base Station (BS) transmitter operating on a W-CDMA signal [3GPP02].  

 

BS channel offset below the first or 
above the last carrier frequency used 

ACLR limit 

5MHz 45 dB 

10MHz 50 dB 

 
Table 1 - Minimum ACLR requirements for a W-CDMA base station. 

 

The in-band distortion increases frame-error and bit-error rates, thus affecting end-to-end 

performance. In this context, Total Harmonic Distortion, or THD, is commonly used to 
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classify amplifiers with respect to their nonlinear behavior, defined as the ratio of power 

in all frequencies of the output signal other than the fundamental to the power in 

fundamental frequencies.  

Third-order terms severely degrade the end-to-end performance, since they have strong 

spectral components interfering with the desired band. However, as the nonlinearity 

becomes stronger, the effects of fifth and higher order terms become equally important. 

In (2.3) frequency components at 1 22ω ω− , 1 22ω ω+ , 2 12ω ω−  and 2 12ω ω+  are third-

order components. 1 22ω ω−  and 2 12ω ω−  are referred to as IM3 components. The 2nd 

order harmonics 12ω  and 22ω  generate additional IM3 components through secondary 

nonlinear mechanisms. Such mechanisms result in frequency-dependency of the envelope 

characteristics of a PA [Section 2.4.1.1].  

2.3.1.2 Two-tone envelope analysis 

In order to describe the distortion in terms of the signal envelope, a slight modification in 

the mathematical representation of our two-tone signal is needed. The two-tone signal is 

1 2cos cosx v t v tω ω= +  

The above expression can be written as 

1 2 1 22 cos cos
2 2

x v t tω ω ω ω+ −   =    
   

 

Now defining, 1 2 1 2and 
2 2 m

ω ω ω ωω ω+ −= =  we have,  

2 cos cosmx v t tω ω=       (2.4) 

Equation (2.4) represents a double sideband, suppressed carrier, AM-modulated signal, 

with a PAPR of 3 dB. The signal at the output of an amplifier, modeled as a polynomial 

nonlinearity, can be represented in the form [Cripps99], 
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= ⋅ + + + +

⋅ + + + +

…

… "
.  (2.5) 

In the above expression, the various harmonics of input, generated through the nonlinear 

process, interact with the harmonics of the carrier to generate IMD. If we assume that the 

modulating signal’s bandwidth is sufficiently small compared to the carrier frequency, 

then the higher distortion products, resulting from the interaction between input 

harmonics and higher carrier harmonics, are too far away from the distortion products 

around the fundamental carrier frequency, and are assumed to be completely filtered off 

using a zonal filter (Figure 2.6). In (2.5), the IM3 components are generated through the 

interaction between the “ 3 mω ” term and the fundamental harmonic of carrier.  

 

Figure 2.6 - Bandpass representation of a power amplifier. 
 

 

2.3.2  AM-PM Distortion 

AM-AM distortion is a properly-understood subject, and can be directly tied to gain 

compression of a nonlinear amplifier. Phase nonlinearity, however, is not as well-

understood. The base-collector capacitance in a BJT is a critical source of amplitude-

dependent phase shifts, whereas the depletion and junction nonlinear resistances 

introduce phase variations in an FET due to their dependency on the input signal level 

[Cripps99]. In any case, these level-dependent phase variations result in additional IM3 

products and rotation of the signal constellation in the case of digital modulation (Figure 
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2.2). The phase nonlinearity is also termed as quasi-static memory of the amplifier, since 

it depends on the instantaneous input, but introduces level-dependent delay at the output.  

2.4 Wideband Distortion 
In order to make efficient use of resources, a combination of multiple access techniques 

is typically used. One standard feature in 3G is to use CDMA with Frequency Division 

Duplex (FDD) or Time Division Duplex (TDD). In the FDD mode, individual WCDMA 

signals are modulated on separate carrier frequencies.  There are two basic techniques for 

the transmission of these carriers as outlined in Figure 2.7. The conventional setup uses a 

transmitter chain for each carrier having a single carrier power amplifier (SCPA) and a 

tunable cavity filter for limiting interference between carriers. The output signals are 

added together in an RF power combiner (RFPC) before being fed to the antenna. The 

alternative to an SCPA scheme is implementing the carrier combination stage at baseband 

and using a single transmitter with a multi-carrier power amplifier (MCPA). 

There are critical issues with the SCPA scheme. The precision of cavity filters becomes 

an issue for small carrier spacing at frequencies in the PCS band. The final power 

combination stage is nonlinear and lossy, resulting in further distortion. Although the 

MCPA scheme relieves the designer from issues like RF combiner-loss, the combined 

signal at baseband has a time-varying envelope regardless of the digital modulation. 

Thus, although the multi-carrier amplifier is a better option in terms of cost and 

maintenance, it has a more strict linearity requirement.  

Meeting these requirements becomes an even tougher problem, with wideband 

modulation in individual carriers. With wideband signals, a significant amount of 

hysteresis (Figure 2.8) is observed in a PA, showing signs of memory effects. These 

effects are also known as “frequency-dependent effects,” since they have a pronounced 

dependency on the instantaneous frequency of the signal as the bandwidth of modulation 

increases. In order to minimize the overall distortion introduced by a power amplifier 

operating on these signals, a detailed study of memory effects, along with the more 

common non-linearity issue, is a must. 
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Figure 2.7 - Two basic amplification schemes used in multi-carrier transmitters (RFPC 
denotes RF power combination and BBPC stands for baseband power combination). 
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Figure 2.8 - AM-AM curve for a 4-carrier W-CDMA signal showing hysterisis. 
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2.4.1  Memory Effects 

A system can be nonlinear, have memory, or be nonlinear with memory. A nonlinear 

system generates new frequency components as seen in the previous section, while a 

system with memory shapes existing frequency components. When an input signal does 

not justify the narrowband assumption, the envelope characteristics at the output of a PA 

do not remain static over the bandwidth of operation. These effects are visible as 

hysteresis in the envelope transfer characteristic curves. The word hysteresis is used for 

any residual effect, i.e., due to storage circuit elements in a PA the same input results in 

different output, depending on the state of the PA. In other words, the circuit parameters 

are unable to regain their original state after a transition. In order to understand the cause 

behind these effects, we start off by classifying them as electrical memory effects, due to 

frequency dependent envelope and node impedances in a PA, and thermal memory 

effects, due to level-dependent temperature variation and variation in envelope and 

component impedances resulting from this electro-thermal coupling. 

In addition to the hysteresis, the presence of memory effects can be observed by 

revisiting the two-tone test. As observed in the power series model for a PA, IM3 

components on both sides of the fundamental frequencies is given by 

 3
3

3IM3
4

a v=  (2.6) 

Now, (2.6) clearly states that the IM3 components are dependent on amplitude of the 3rd 

order coefficient, but independent of tone spacing, 2 1ω ω− . However, the IM3 generated 

in a typical PA does not behave in this manner. Figure 2.9 shows the actually measured 

and polynomial-modeled phase of the lower IM3 component versus tone spacing. We can 

observe the frequency-dependent variation at low and high modulation frequencies. This 

observation points towards the existence of memory effects that a polynomial 

nonlinearity model cannot depict. 
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Figure 2.9 - Measured and modeled phase of IM3 as a function of tone spacing  
(Source: [Vuolevi01], Copyright IEEE, 2001. Used with permission.) 

 

A discussion of the causes for electrical and thermal memory effects comes next. Since 

we are specifically interested in wideband operation, emphasis will be on electrical 

memory effects, followed by a brief outline for thermal effects. The above discussion, as 

well as the following two sections, is based on [Vuolevi01]. 

2.4.1.1 Electrical memory effects 

In order to develop an understanding of the causes for electrical memory effects, we need 

to realize that in a transistor, there is more than a single nonlinearity mechanism. These 

nonlinearities interact with each other producing additional IM components. 

We consider a simple case of two, 3rd order nonlinearities interacting in a transistor: 

Nonlinearity between the input and gate junctions, and another between the gate and 

output nodes, denoted by ‘H’ and ‘F’ respectively (Figure 2.10). H3 generates IM3 

components at the gate that are amplified by F1, while H1 produces fundamental 

frequencies used in the generation of IM3 components at F3. The second order 

components at the output of H2 and the first order linear components at the output of H1 

are combined in F2, creating IM3 at the output. Similar combinations result at other 

nodes. This simplified demonstration of interaction between nonlinearities in a PA 

(Figure 2.11), indicates the fundamental limitation of the narrowband nonlinear model of 

a PA. Figure 2.11 also reveals another observable artifact of memory effects, which is the 

unequal distribution of IM3 components, or adjacent channel power, on either side of the 
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band of interest (we will have more to say about this observation during the discussion on 

PA modeling results). 

 

Figure 2.10 – Schematic showing the interaction of the two nonlinearities  

(Source: [Vuolevi00], Copyright IEEE, 2000. Used with permission.) 
 

The nonlinearities discussed above are usually generated by voltage dependency of the 

gate and drain outputs on their respective node impedances, Zgg  and Zdd . These node 

impedances, in turn, depend on the internal and external impedances, where the external 

impedances are a combination of the bias and matching impedances at the respective 

nodes. Thus, nonlinearities are controlled by matching and bias networks, and their 

design is critical for minimizing the generation of IM3 components. The impedances, or 

reflection coefficients, a transistor wants to see looking at the source and load, are 

matched to the actual source and load impedances using networks made from inductors 

and capacitors. Typically, these networks are designed using single-tone measurements, 

but they are accurate enough over the entire bandwidth of a PA, operating on relatively 

narrowband signals. The problem occurs when wideband signals are used with very high 

power amplifiers. Any variation in gate (base) impedance can cause significant electrical 

memory effects. Also, bypass capacitors prove to be a significant source of memory 
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effects. In order to limit memory effects, the envelope node impedances must be kept 

very low or constant for the entire modulation bandwidth. 

 

 

Figure 2.11 - The generation of IM3 from secondary mechanisms  
(Source: [Vuolevi01], Copyright IEEE, 2001. Used with permission.) 

 
 

2.4.1.2 Thermal memory effects 

Thermal memory effects result from the electro-thermal coupling of the input and chip 

temperature affecting low modulation frequencies (Figure 2.9). The thermal model of a 

BJT is given in Figure 2.12, and the dissipated power for a BJT is given by 

 DISS CE CEp v i= ⋅  (2.7) 
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Figure 2.12 – Thermal model of a BJT in (a) physical and (b) electrical configuration, 
showing temperature at various levels  

(Source: [Vuolevi01], Copyright IEEE, 2001. Used with permission.) 
 

Since two fundamental signals are being multiplied, the spectrum of the dissipated power 

includes dc, second-order envelope, and second harmonics components. Due to the finite 

mass of the chip, the thermal impedance acts like a low-pass filter rather than being 

resistive in nature. Thus, the temperature variation of the chip is not instantaneous, and 

frequency-dependent phase shifts exist. The chip temperature depends only on the dc and 

envelope components of the dissipated power and the thermal impedances, due to the 

low-pass nature of the impedance. Therefore, the temperature has the following simple 

form. 

 

2 2 2 2

2 2

( ) ( ) ( )
Where, 
            = Chip temperature
              = Ambient temperature
            = Thermal resistance of the chip
           ( ) = Freq

CHIP A TH DISS TH DISS

CHIP

A

TH

TH

T T R p dc Z p

T
T
R
Z

ω ω ω ω

ω ω

= + ⋅ + − ⋅ −

−

2 2

uency-dependent thermal impedance
           ( ), ( ) = Envelope and dc component of 
                                                     the dissipated power

DISS DISSp p dcω ω−

 (2.8) 
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From (2.8) the fact that temperature variation is dependent on the frequency spectrum of 

the signal, is evident. This signal-dependent variation in chip temperature affects 

impedances and circuit components. Thus, thermal memory effects are unavoidable for 

any temperature-dependent electrical parameters of the transistor such as gain, output 

conductance, capacitance, etc. The generation of thermal memory effects is a two-step 

process. Signal modulation variation changes the chip temperature. Chip temperature 

variations result in changes in the electrical characteristics of circuit elements, 

introducing distortion. Accordingly, the process is termed Thermal Power Feedback. 

2.4.2  Characterization of Memory Effects 

There is growing interest in the characterization of memory effects, and research efforts 

at various levels are continually taking place. A two-tone test, although being a good test 

for memory effects, is not capable of the detailed characterization that is needed to better 

understand its causes. Thus schemes, using real modulated signals, are being developed. 

The direct impact of PA distortion on these modulations can be monitored and analyzed. 

This leads to recommendations for amplifier design and compensation techniques that are 

“customized” for the specific signal format.  

A two-tone test can be used to appreciate the presence of memory as outlined in 

[Bosch89 and Vuolevi01]. The two-tone test cannot measure the memory effects due to 

the IM components and thus [Vuolevi01] has modified the basic two-tone test to include 

an IM distortion signal with two tones to measure the optimal input signal for canceling 

IM memory effects. A more accurate method of characterizing memory effects is to drive 

a PA with real modulated test signals, and analyze the resultant distortion. This 

customized analysis can result in better strategies to counter PA distortion for the tested 

signal environment. Boumaiza has presented a measurement setup (Figure 2.13) with the 

capability of generating and characterizing PA distortion for arbitrary complex 

modulation schemes, which is very useful for 3G signal formats and amplifiers 

[Boumaiza02]. 

Memory effects have a negative impact on the degree of linearization possible through 

the use of a specific linearization scheme (linearization schemes are dealt with in the next 
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chapter). Therefore, it is necessary for PA designers to carefully calibrate the matching 

networks in order to minimize these effects. As a case study, Bosch and Gatti [Bosch89] 

have shown the reduction of memory effects using adjustment in bias impedances of a 

20W bipolar amplifier. In terms of performance of a linearization scheme, memory 

effects must be sufficiently suppressed, or cancelled, before any significant suppression 

of IM3 components can be achieved. 

 

Figure 2.13 - Measurement setup for characterizing 3G amplifiers. 
 

2.5 Behavioral Modeling of Power Amplifiers 
A behavioral model of a device is defined as numerical mapping between its input and 

output, depicting a specific characteristic or behavior of the device. Modeling of devices 

is very important for computer-aided design of systems. Such models are necessary for 

conducting numerical simulations on systems, for which analysis using traditional paper-

and-pencil approach is at least, too tedious.  

2.5.1  Envelope Simulation of Power Amplifiers 

One of the established facts from the discussion in the previous section is that PA 

distortion analysis is tractable only for very simple scenarios. As the envelope 

frequencies increase, or in time-domain, as the envelope variations become increasingly 

random and rapid, distortion worsens. The analysis in such a case becomes too tedious 
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for the paper-and-pencil approach, and CAD tools need to be used. Therefore, the 

existence of “sound” numerical models for these complex scenarios is very important for 

analyzing distortion effects using powerful CAD tools. Agilent’s Advanced Design 

System is one such CAD tool which uses the “Harmonic Balance” method to solve 

nonlinear differential equations for the circuit model of an amplifier. However, a short 

simulation run can typically take many hours. Therefore, for time-efficient simulations, 

emphasis should be put on simple models that accurately depict behaviors useful for the 

specific study being conducted. In other words, rather than using generalized complex 

circuit models, task-specific models should be developed in order to reduce simulation 

runtime.  

A clear difference between envelope simulation of a linear and nonlinear subsystem, is in 

the required sampling rate. For a linear system, the sampling rate, or simulation 

bandwidth, can be set twice that of the envelope bandwidth, using the Nyquist criterion 

for reasonably accurate studies (it may be set to more than twice the signal bandwidth in 

order to account for numerical inaccuracies). However, since a nonlinear system 

generates additional frequency components, or expands the envelope bandwidth of the 

signal, the simulation bandwidth has to be much larger than that suggested by the Nyquist 

criterion. The actual sampling rate to be used depends on the order of the nonlinearity and 

the number of significant IM components.  

2.5.2  Narrowband Amplifier Model 

For a narrowband3 baseband signal envelope ( )bbx t , the complex output envelope of an 

amplifier is given by 

 ( ) ( )( ) ( ) ( ) exp ( )BB BB BB BBy t x t x t j x t = ⋅ Α ⋅Φ   (2.9) 

                                                 

3 Here, and in the rest of the thesis, the word narrowband means that the signal satisfies the narrowband 

criterion or assumption. 
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Here, the functions ( )Α ⋅  and ( )Φ ⋅ , respectively, represent AM-AM and AM-PM 

nonlinearity. ( )Α ⋅  and ( )Φ ⋅  are typically modeled using a Taylor or power series as 

shown in (2.1). The modeling is based on single-tone measurements at the carrier 

frequency since the envelope characteristics of a PA do not change considerably over the 

spectrum. A Single-tone model is accurate enough for conducting studies on a variety of 

modulations such as 4π -DQPSK, OQPSK, etc.  

High power amplifiers operating on wideband modulation generate frequency-dependent 

effects, which appear on the envelope characteristics of a PA as hysterisis loops. Simple 

narrowband models, based on single-tone data, fail to capture envelope behavior for these 

modulations. Therefore, a different strategy is required to model nonlinearity in the 

presence of memory. 

2.5.3  Models with Memory 

Dynamic systems, or systems having memory, are the most common member of the 

nonlinear class of systems. Almost all systems have delay associated with them and that 

delay appears as phase shifts between input and output. Systems which show an 

instantaneous phase variation, apart from a nonlinear gain pattern, are called quasi-

memoryless systems, and the single-tone model is well-suited to represent them. A 

nonlinear system with memory, such as a PA operating on wideband signals, is most 

comprehensively modeled using a Volterra series. 

2.5.3.1 Volterra models 

The Volterra series is commonly known as a Taylor series with memory. A third-order 

Volterra series for a discrete-time system with ( )x n  and ( )y n  as its input and output 

respectively, can be written as 
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Here, 
(1)

kh , 
(2)

,k lh , and 
(3)

, ,k l mh  are the first-, second- and third-order discrete Volterra kernels, 

while 1N , 2N , and 3N  are memory lengths for each order. The number of kernels 

required to represent such a model is 2 3
1 2 3N N N+ + . Obviously, computational 

complexity for even a simple third-order system is prohibitive. Thus, some of the 

accuracy of the Volterra model can be traded off with simpler schemes.  

2.5.3.2 Wiener models 

A conceptually simpler method to model nonlinearity with memory, is to independently 

model nonlinearity and memory. A linear filter can be used to model memory of the 

system, followed by a quasi-memoryless nonlinearity using a narrowband polar model. 

The accuracy of such a model depends on the amount of memory in the system and the 

degree of its nonlinearity, and is reasonable only for a weakly nonlinear PA with short 

memory. 

 

Figure 2.14 - The Wiener structure for nonlinear systems with memory. 
 

2.5.3.3 Nonlinear Tapped delay line (TDL) models 

The narrowband model of the PA is accurately represented using a complex-gain 

polynomial. A straightforward extension for systems with memory can be obtained by 

using a time-delay structure, where the complex polynomials at each tap of the delay line 

model the combined effect of memory and nonlinearity in the system, as depicted in 

Figure 2.15. This model is in fact a truncated form of a Volterra series. Mathematically, 

LINEAR 

FILTER 

AM-AM & 

AM-PM 
x(n) y(n) 
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Figure 2.15 - Time-delay line model for a PA. 
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The delay between the taps can be adjusted to obtain better accuracy; one sample delay is 

used under normal circumstances. [Kim01] shows results for using such a scheme for 

modeling a PA operating on 1 and 3 UMTS carriers. The results show a marked 

improvement in the mean-squared estimation error, when the PA is operating on a 3-

carrier signal.  

2.5.4  Modeling Results for a Power Amplifier with Memory 

In order to fully appreciate the need for models with memory, performance comparison 

between memoryless models and models with memory is necessary. In this section, we 

describe the data collection procedure along with the simulation methodology for 

modeling of a PA with memory, and compare estimation results with memoryless 

(narrowband polynomial) models and a TDL model with memory. 
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2.5.4.1 Data collection setup 

Instead of using direct measurements from a real power amplifier, circuit envelope 

simulation on Agilent’s Advanced Design System® is used to generate data for 

developing the models. A circuit model for a two-stage base-station amplifier operating 

at 917.5MHz is used. The exciting signal is a multi-carrier W-CDMA, with 32 DPCH per 

carrier with a spreading factor of 128, based on the Test Model One specification 

[3GPP02]. The simulator is designed to enable selection of up to four carriers, added 

together in baseband using exponential modulators and an ideal combiner (Figure 2.17). 

The average envelope power at the input of the PA is normalized by the total number of 

carriers and baseband sampling frequency. 

2.5.4.2 Circuit Modeled and TDL-Modeled envelope characteristics 

In this section, we have presented measured and modeled envelope characteristics for a 4-

carrier, 32 DPCH per carrier, W-CDMA downlink signal. The RF bandwidth of the 

signal is around 20MHz.  

The models have been estimated using the standard linear least squares (LS) method. The 

basic algorithm formulation can be found in any standard signal processing text [Kay93] 

or [Haykin01]. The output envelope magnitude (Figure 2.18) clearly shows the increased 

accuracy of the TDL model, compared with the polynomial case. The TDL model results 

in a -25 dB normalized mean-squared envelope error (NMSE) as compared to the -22 dB 

for the polynomial scheme. Note that NMSE is mathematically defined as, 

2

1

2

1

( ) ( )
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( )

N
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n
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n

y n y n

y n

=

=

−
=
∑

∑
 

The envelope transfer characteristic for amplitude nonlinearity is shown in Figure 2.19. 

Since the polynomial model cannot model the hysterisis, we can see a reasonably close 

match between the measured AM-AM and that modeled using a 4 tap, 10th order TDL. 

The power spectral density (Figure 2.20) shows a clear picture of the memory effects in 
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the frequency domain. As mentioned during the discussion on memory effects, an artifact 

of memory is unequal distribution of IM3 components on either side of the spectrum of 

interest. For a polynomial nonlinearity, the IM3 components are equally-distributed 

around the desired band, visible in the figure using line AB. The TDL model, however, 

comes very close to the measured spectrum, apparent in the unbalanced IM3 distribution, 

and a close overlap between the measured and TDL-modeled spectral components. 

2.6  Summary 
To fully realize the need for the linearization of an amplifier, a discussion of distortion 

effects in a PA is necessary. Based on [Cripps99], we have presented a brief, but useful 

numerical analysis of Inter modulation distortion (IMD) using a simple nonlinearity with 

two-tone signal. Generation of IMD is the fundamental issue with nonlinear power 

amplifiers. Third-order products are most critical in determining the end-to-end 

performance. Another distortion phenomenon is the appearance of frequency-dependent 

memory effects in a PA as the bandwidth of modulation grows. A brief section, covering 

the causes for these effects is presented, followed by a discussion of behavioral modeling 

methods for a nonlinear amplifier. Traditionally, for TWT amplifiers, a polynomial 

function has been sufficient to model gain and phase nonlinearities, assuming that the 

envelope bandwidth is very small compared with the carrier frequency, so that the PA 

offers a flat gain to the entire input spectrum (known as the Narrowband Assumption). 

However, the polynomial model becomes inaccurate for solid-state amplifiers operating 

on wideband-envelope signals and showing memory. Models with memory, such as 

Wiener, Tapped Delay Line (TDL), and Volterra schemes, provide increased modeling 

accuracy, in that order. The chapter is concluded with model estimation results for a 4-

tap, 10th order TDL model of a base-station amplifier operating on a four-carrier, 32-

DPCH-per-carrier, W-CDMA signal. 
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Figure 2.16 – Snapshot of the data-generating portion of the envelope simulator. 
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Figure 2.17 – PA circuit model section of the envelope simulator. 
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Figure 2.18 – Comparison between output envelope for 4-carrier WCDMA. 
 

 

Figure 2.19 - Measured and Modeled AM-AM characteristics (Polar method refers to the 
memoryless polynomial method). 
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Figure 2.20 - PSD comparison at the output of the PA for a 4-carrier WCDMA. 
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33  --  PPoowweerr  AAmmpplliiffiieerr  LLiinneeaarriizzaattiioonn  

3.1 Introduction 
The most common method applied to minimize distortion by a nonlinear amplifier is to 

avoid setting its operating point where the signal envelope fluctuates inside the 

compression region. Input power backoff can be used to force the amplifier to operate in 

the linear region and therefore, is a primitive form of linearization. However, input back-

off reduces the maximum amount of power, available at the output of an amplifier and 

thus is not a feasible solution for most applications. In such a case, a more efficient 

linearization scheme is required. In simple words, “Linearization” is a process which 

enables linear amplification of a signal in the presence of nonlinear components, by 

canceling the distortion introduced by them. Linearization schemes can be broadly 

classified as open-loop and closed-loop schemes. A closed loop technique generally 

results in better linearity, but it has limited correction bandwidth (defined as the 

bandwidth over which the linearization method can reduce distortion) due to the finite 

feedback loop gain and, in addition, suffers from stability issues. On the other hand, an 

open-loop technique results in slightly worse performance, but it has good correction 

bandwidth and is inherently stable due to the absence of feedback. In addition to 

Linearization schemes, there are amplifier architectures that avoid distortion. These 

“linear transmitters” have very good theoretical efficiencies, but they have 

implementation issues at RF. 

The following sections briefly discuss common linearization schemes covered in the 

literature. Comments on their shortcomings in the presence of frequency-dependent PA 

distortion, is included. 
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3.2 Canceling Nonlinear Distortion 
Only a few of the schemes mentioned in this section are suitable for a complete digital 

implementation. However, a basic understanding of all is the key to a proper 

understanding of the subject of digital linearization. 

3.2.1  Cartesian Feedback Method 

The basic Cartesian Feedback scheme is outlined in Figure 3.1 [Cripps99]. The Inphase 

and Quadrature signals, ( )I t  and ( )Q t , are filtered symbol sequences at baseband. The 

signals are fed through differential amplifiers into an I-Q modulator which modulates an 

RF carrier of frequency cf  to formulate the signal ( )S t , where 

 ( ) ( ) cos ( )sinc cS t I t w t Q t w t= +  (3.1) 

 

Figure 3.1 - Cartesian feedback transmitter. 
 

The signal ( )S t  is then fed to a PA. A small portion of PA output is coupled to the 

downconverter, which generates a distorted version of the Inphase and Quadrature 

symbol sequence at its output. The sequences are directly compared with the input 
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symbol sequence in the differential amplifiers generating the loop error. This loop error is 

then filtered to remove high frequency contents and fed to the PA. Due to the real-time 

adaptive nature of the scheme, it is particularly suitable to various drifts in PA 

characteristics due to aging and heating. Sufficiently high loop gain ensures stable 

operation and excellent reduction in distortion, over narrow bandwidths. 

There are several limitations in this scheme. Although the correction precision is very 

good, performance is tied to the gain of the feedback loop, the bandwidth of the 

differential amplifiers, carrier drift, and most importantly, the linearity of the 

downconverter and demodulators.4 Phase adjustments are required as shown in Figure 3.1 

to cancel imbalances and leakage in the modulators and demodulators. A DC gain offset 

is another detrimental by-product of the down-conversion stage and operational 

amplifiers, providing feedback gain. In this regard [Boloorian97] has proposed new 

methods to automate these adjustments and corrections.  

This scheme can be modified for digital implementations by applying the correction at 

baseband. However, the presence of memory can significantly reduce its effectiveness 

and the region of stable operation owing to its memoryless nature. Also this scheme is not 

suitable enough to handle wideband signals due to its high loop gain, which is necessary 

for stable operation. 

3.2.2  Feedforward Amplifier 

A feedforward amplification scheme cancels distortion by, in essence, isolating the 

distortion and subtracting it from the output. However, although simple in theory, there 

are several issues and complications with this scheme. Nonetheless, the feedforward 

scheme has been, and still is, the most popular linearization technique.  

                                                 

4 The linearity of the downconverters and demodulators is critical for all schemes utilizing any form of 

feedback.  
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Figure 3.2 shows the basic scheme of a feedforward amplifier. The output of the power 

amplifier is suitably attenuated before being combined with the reference, or input signal, 

in C1. The error signal, at the output of C1 is amplified using an error amplifier, and 

combined with the power amplifier output at C2; C1 and C2 are used as differential 

combiners. 

 

 

Figure 3.2 - Block diagram of a Feedforward system 
 

 

For a typical 10-dB coupling ratio at C2, 90% of the power from the main PA reached the 

load, while only 10% reaches from the error amplifier. The error amplifier, therefore, 

must produce ten times the power of the distortion in the main amplifier. This large 

difference in the PAPR between the desired and error signal, makes the error 

amplification process much less efficient than main power amplification. In addition, to 

enable reasonable correction, it may be necessary to operate one or both amplifiers well 

into backoff to improve linearity. The overall average efficiency of a feedforward 

transmitter may, therefore, be only 10%–15% for typical multicarrier signals [Raab02].  

There are several other sensitive issues that need to be addressed. A difference in aging 

and temperature characteristics of the two amplifiers results in a mismatched output, and 

C1

C2

T1

T2
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consequently, distortion due to an out-of-phase signal combination. However, with 

proper calibration, the sensitivity can be minimized. Furthermore, accuracy of the gain 

and phase tracking circuits in the two paths is critical for proper isolation and cancellation 

of distortion. The system is also sensitive to path delays, T1 and T2, which are inserted 

for time synchronization. A delay mismatch is magnified in the error amplifier, and may 

introduce more distortion as a result. Parsons quantifies the effect of shortening or 

removing these delay elements on the overall achievable correction [Parsons94]. As 

outlined in the previous paragraph, power efficiency of the system is a concern given the 

fact that the error signal, at the output of C1, needs to be small for a check on the size of 

the error amplifier.  

Several schemes are used to track and compensate for delay amplifier mismatch. The 

signal cancellation loop can be optimized by measuring and minimizing error signal, 

while the distortion cancellation loop can be tuned by minimizing out-of-band power 

[Sundstrom95]. Pilot-based schemes have been suggested where the level of the pilot 

signal can be used to tune the error and distortion cancellation loops [Narahashi91]. Since 

adaptive amplitude and phase matching is needed due to component aging, temperature 

drifts, and changes in the operating frequency, several gradient-based adaptation schemes 

have been presented in the literature for gain and phase tracking and have been 

implemented on a DSP [Grant96, Chen00]. A complete analog adaptive implementation 

for the gain-phase tracking block is suggested by Zozaya, combining simplicity with 

robustness [Zozaya01].  

For wideband input and error signals, the main and error amplifier may enhance or 

reduce the memory effects, depending on the power combination process at C1 and C2. 

Research is required in this area to reach an answer. 
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3.2.3  Predistortion 

The working principle of a predistorter (PD), shown in Figure 3.3, can be stated in 

following form [Muhonen01]. 

The input to the transmitter, inr , is mapped to the output of a PD, 

,pd outr , in such a way that ,pd outr , when operated with a nonlinear 

amplifier, produces a linear multiple of inr .   

Predistortion is a nonlinear mapping procedure applied before the power amplifier that 

attempts to produce equal and inverse IM components to those generated in a PA. The 

scheme, being an open-loop technique in principle, has worse performance in comparison 

to a cartesian feedback linearizer, but does not have stability problems, and has a much 

wider correction bandwidth, which is desirable for current and future modulation formats.  

 

Figure 3.3 – A basic predistortion transmitter. 
 

Before we present the several categories of predistorters, it is necessary to understand 

specific tradeoffs in its operation. Figure 3.4 illustrates a nonlinear and desired linear 

AM-AM envelope characteristics of a PA. Theoretically speaking, since an amplifier 

cannot operate above its rated value, the dynamic range of input power for linear 

operation (RLO or range of linear operation), decreases as desired linear gain is 

increased. Curve-1 shows the situation where the desired linear gain is equal to the gain 

of linear region of an amplifier, while Curve-2 has a lower gain setting and evidently, an 

increased RLO. Thus, there is a tradeoff between the desired power gain and RLO. Given 

a certain performance specification, one method to find optimal value for the desired gain 

inr ,pa out inr K r= ⋅ ,pd outr
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is to use input PAPR, i.e. a reduction in linear gain setting, for increasing input PAPR. 

However, a better and more efficient method to achieve this tradeoff, is to use envelope 

distribution for gain adjustment. Balister has shown that the PAPR value of a signal 

envelope can provide a very conservative measure of its time-variability, and does not 

provide a complete picture [Balister01]. The envelope distribution, in addition to PAPR 

value, must be used for making a more accurate observation of the signal behavior. Thus, 

the RLO can be increased above the conservative limit set by the PAPR method, based on 

the observation that an envelope may, in fact, only spend a considerably small amount of 

time near its peak value, resulting in only a fractional increase in distortion. 

 

 

Figure 3.4 - Relationship between RLO and linear gain of a general predistorted system. 
(Range-1 and Range-2 represent RLO for curve-1 and -2, respectively.) 

 

 

There can be several ways in which a predistorter can be implemented. We briefly 

mention important classes of predistorters. 
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3.2.3.1 Analog predistorter 

This category of predistorter is usually realized with diodes at IF frequencies to cancel 

third order IM components. However, schemes based on field effect transistors (FET), 

used as nonlinear devices, have been discussed in [Satoh83]. [Bernardini97] has 

discussed different adaptation schemes based on the MMSE criterion, using the inverse 

of PA for fifth-order cancellers. These schemes are most feasible for weak nonlinearities, 

and become prohibitively complex and inaccurate for more than fifth order cancellation. 

3.2.3.2 Digital predistortion 

As digital signal processing techniques at baseband continue to emerge, research and 

industry focus has shifted towards predistortion schemes implemented in baseband. High-

speed data converters continue to move baseband processing closer to the antenna. Some 

of the advantages of baseband processing are reliability, immunity to aging and 

temperature drift, compact implementation, ability to handle complex algorithms, and 

reconfigurability. The concept of digital IF is very important in this regard. Quadrature 

modulators can be implemented on a DSP, using Direct Digital Synthesis (DDS) 

techniques to generate and modulate a carrier at IF. The resulting IF signal is called a 

digital IF. This signal is A/D converted, using a single stage rather than I and Q stages for 

baseband, up-converted to RF, and transmitted. A similar technique is used for the 

demodulation stage. This procedure eliminates modulator imperfections and leakage 

between in-phase and quadrature paths, improving predistorter performance. 

3.2.3.2.a Look-Up-Table based predistortion 

Look-up tables (LUT) are perfect for digital implementation of any arbitrary function, 

including nonlinearities. The mapping between an input/output pair can be rectangular or 

polar in nature. Nagata describes a rectangular Mapping predistorter [Nagata89]. The 

predistorter has large tables that map input constellation points into any desired output 

constellation point. The mapping is calculated in a way that results in correction for all 

misalignments and imperfections, from the output of the PD to the output of the PA.  
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Figure 3.5 - Complex gain based Predistorter. 
 

A feedback path is necessary for adapting the table entries using a suitable cost function, 

and, therefore, any imperfections in the feedback path degrades the cancellation 

performance of the mapping PD. In contrast to the large number of entries required for a 

cartesian mapping table, a polar complex gain function can be implemented using few 

table entries, and has shown reasonable performance [Faulkner94]. The scheme performs 

complex multiplication between the input and complex gain entry corresponding to the 

amplitude of the input sample. The output is then modulated, upconverted, and amplified. 

The contents of the table are updated for tracking drift in the amplifier’s characteristics 

due to aging of the component aging, and variations in temperature. The spacing, 

between table entries is usually kept uniform for simple implementation. However, due to 

the nonlinearity of the gain function implemented by the LUT, a non-uniform spacing 

seems to be a better choice at first. Cavers has studied the optimal spacing method for 

table entries [Cavers99] and Muhonen has provided results based on this scheme 

[Muhonen00]. Cavers has compared different table-indexing methods, and has developed 

an optimal indexing function, which proves to perform slightly better than amplitude- 

indexing; hence amplitude-indexing is more common. Muhonen suggests another 

method, called 2r PDF method, which results in improved performance over the 

amplitude method, but it depends on the distribution (PDF) of the input signal, and is 

more complex. For all purposes, amplitude indexing appears to be the most reasonable 

choice.  
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Tables can be adapted using any suitable optimization rule, e.g. the least squares 

technique [Ghaderi94] or the secant method [Cavers90]. Lee has outlined a few 

algorithms in the rectangular and polar domain [Lee01]. Polar-gain algorithms have 

better convergence than rectangular algorithms, and provide reasonable improvement in 

IMD for many signal formats, including IS-95 and IS-136. An increase in the number of 

table entries reduces convergence time, and results in better IMD suppression. The 

correction bandwidth depends on the baseband sampling rates. LUT-based PD requires a 

few inexpensive components, and yet can provide effective adaptive cancellation. 

3.2.3.2.b Polynomial gain functions 

In analog predistorters, third and fifth order nonlinearities have been implemented using 

analog components. Similar, albeit complex, implementation for an arbitrary polynomial 

function is possible in the digital domain. Ghaderi has presented an I-Q polynomial 

implementation based on the post-distortion concept [Ghaderi96] and the same 

methodology can be used to implement a polar scheme. Stonik has used a stochastic 

gradient approach that depends on the gradient of the nonlinearity characteristics 

[Stonick95]. The adaptation process for a polynomial tends to be much more stable than 

an LUT, since a single input/output pair is used to update all the coefficients of a 

polynomial, rather than a single quantization bin in the case of an LUT PD. Any suitable 

optimization criterion, such as MMSE, can be used. 

3.2.3.2.c Predistortion with memory cancellation 

The presence of memory effects in a PA requires modification of traditional predistortion 

schemes. Memory is usually present in high power amplifiers operating on wideband 

envelopes, or in narrowband TWT amplifiers preceded by bandpass filters. The cascading 

of a linear filter, and a static or memoryless nonlinearity, results in a Wiener system, 

mentioned in the discussion on amplifier models, in the previous chapter. Accordingly, 

cancellation schemes for handling a nonlinearity with memory, are needed. Hammerstein 

systems are used to cancel distortion introduced by a TWT PA, preceded by a filter 

(Figure 3.6). These systems can be used to compensate for distortion from a PA with 

memory. However, the optimum method to cancel nonlinearity with memory, is through 
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schemes based on the Volterra series [Tummla97]. Unfortunately, such a scheme is 

prohibitively complex for real-time implementation. In Chapter 4, we discuss a scheme 

that used a truncated form of the Volterra series. 

 

Figure 3.6 - A Hammerstein-Wiener system pair. 
 

3.3 Linear Transmitters 
There are certain schemes that provide linear transmission by avoiding, instead of 

canceling, nonlinear distortion. These methods work on the fact that a nonlinear PA does 

not distort a constant-envelope signal. A major benefit of these schemes is the capability 

of using highly nonlinear and power-efficient amplifiers for distortion-less transmission. 

The following sections discuss two of these schemes.  

3.3.1  Linear Amplification using Nonlinear Components (LINC) 

The concept of LINC amplifiers has been around since 1935, when Chireix introduced 

the out-phasing technique for highly linear amplitude modulation [Chireix35]. Cox 

proposed the LINC, as we know it, in 1974 [Cox74]. However, the difficulties in the 

implementation of LINC have been the key reason for its hibernation, until recently. In 

LINC systems (Figure 3.7), the non-constant signal envelope is divided into two 

constant-envelope signals, and separately power amplified, before being combined and 

transmitted. The power amplification process is, theoretically, distortion-less. The 

constant envelope signals are generated in a way that any distortion at the output of the 

two amplifiers, if present, is in exact anti-phase, and cancels at the combiner, while the 

linear outputs combine in phase [Bateman88]. 

 

Linear Filter Linear Filter 
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Figure 3.7 – Basic outline of a LINC Transmitter. 
 

The basic analog scheme consists of splitting a bandpass signal into two phase-modulated 

signals. Mathematically, the input is of the form 

 [ ] max( ) ( ) cos ( ) , 0 ( )cs t r t t t r t rω φ= + ≤ ≤  (3.2) 

A signal separation scheme can result in two PM signals, 

 
[ ]
[ ]

1 max

2 max

( ) cos ( ) ( )

( ) cos ( ) ( )
c

c

s t r t t t

s t r t t t

ω φ α
ω φ α

= + +

= + −
 (3.3) 

where, 

 [ ]1
max( ) cos ( )t r t rα −=  (3.4) 

The difficulty in the accurate generation of an inverse cosine using analog signal 

processing, is just one of the difficulties that resulted in the almost non-existence of this 

scheme in practical applications until recently, when digital signal processing has revived 

it in the literature, and since accurate and cost-effective signal separation can now be 

performed at baseband.  
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An input baseband, non-constant envelope signal is given as, 

 [ ] max( ) ( ) exp ( ) , 0 ( )s t r t t r t rφ= ≤ ≤  (3.5) 

The input is split into two constant envelope baseband signals, as shown in Figure 3.8. 

This gives 

 1

2

( ) ( ) ( )
( ) ( ) ( )

s t s t e t
s t s t e t

= +
= −

 (3.6) 

where,   

 
2

max

2
( ) ( ) 1

( )
re t j s t
r t

= ⋅ ⋅ −  (3.7) 

and 

 [ ]1 2
1( ) ( ) ( )2s t s t s t= +  (3.8) 

The ' 'j  in (3.7), iterates the fact that ( )e t is the perpendicular projection of the input 

signal envelope onto the circle with radius maxr . 

There is significant literature on a variety of implementations for the signal separation 

stage at baseband. Conradi has shown simulation performance improvement of 70 dB in 

ACLR for a DQPSK4
π  signal, with a reduced one-dimensional table and increased 

instructions on the DSP [Conradi01]. A CMOS signal separator, at IF, has been designed 

by Shi and results in a performance improvement of 48 dB in ACLR for IS-95 signals 

[Shi00]. To counter the phase imbalance present due to the non-identical nature of the 

two amplifiers, predistortion can be performed before the signal division [Conradi02, 

Zhang01]. ACLR of 65 dB has been reported in [Conradi02] with a gain and phase 

imbalance of 1 dB± and 7%± , respectively. A big advantage of LINC architecture, is its 

ability to operate the amplifiers as close to saturation as possible. Class C, D, and E 

amplifiers can then be used, which result in dramatic cost reduction. 
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Figure 3.8 - Splitting of a non-constant envelope signal, into two constant-enveloped PM 
signals. 

 

The most critical issue facing researchers is the maximization of efficiency of the final 

power combination process at RF. If this power combination is performed using a simple 

4-port, Wilkinson combiner, significant power, at the difference output, is wasted in a 

dummy load. Sundstrom has discussed a more efficient scheme, where a significant 

portion of the difference power is returned back to the power supplies, by operating the 

amplifiers in out-of-phase [Shi01].  

3.3.2  Envelope Elimination and Restoration (EER) 

Constant-enveloped signals, such as a frequency-modulated carrier, enable highly-

efficient linear operation when used with nonlinear amplifiers, through their ability to 

operate a PA at rated condition. LINC architecture splits a signal, having a time-varying 

envelope, into two constant-enveloped, phase-modulated components, and uses two 

reasonably “similar” amplifier chains. Another technique, originally proposed by Kahn 

[Kahn52], is to split the incoming signal into an amplitude-modulated (AM), and a phase-

modulated (PM) signal, and drive a highly efficient, class E or F amplifier, with the PM 

signal, while modulating the AM signal on the linearly-amplified PM signal, using the 
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amplifier’s bias. The scheme is called Envelope Elimination and Restoration (EER), and 

is outlined in Figure 3.9.  

 

 

Figure 3.9 – Simplified block diagram of Kahn’s EER technique. 
  

The power amplifier, in this case, is required to provide a linear output for a time-varying 

bias voltage. [Funk96] presents an EER configuration using a Class E power amplifier 

and a Class S modulating amplifier for the envelope, before it is fed to the main PA. A 

64-QAM OFDM system is used with an EER-based transmitter configuration by Liu 

[Liu99], and the effect of delay mismatch between the amplitude and phase signals has 

been studied. This mismatch must not exceed one-tenth of the inverse of the RF 

bandwidth of the signal, with the RF bandwidth being at least twice of the envelope 

bandwidth [Raab02]. Jau has proposed a compensation technique for the delay mismatch 

between the bias and power amplifier chain, where linear interpolation is suggested for 

the fractional residual delay that has not been compensated by the delay estimation and 

correction methods implemented in the digital domain [Jau01]. Heimbach has shown a 

working prototype design for a multimode EER based transmitter using a power amplifier 

in switched mode, and has obtained about 7% improvement in the power-added 

efficiency in a typical handset, compared with the traditional transmit chain 

[Heimbach01]. Overall, there is growing interest in this scheme and, needless to say, 

extensive research is being carried out.  
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3.4 Summary 
In this chapter, a brief outline of various linearization techniques that are the focus of the 

RF research community, is presented. Closed loop techniques out-perform open-loop 

techniques, but suffer from serious stability and/or correction bandwidth issues. 

Predistortion-based schemes can have reasonable linearization property, but memory 

cancellation, in addition to linearization, is critical for a reasonable reduction in overall 

distortion when operating on wideband signals. Since the extent of baseband processing 

in a transmitter/receiver is ever increasing, digital cancellation schemes are valuable for 

cost-effective, reliable applications. It is observed that predistortion and linear 

transmitters, based on LINC and EER schemes, are particularly suitable for these 

effective solutions, and in particular, LINC and EER architectures are particularly 

immune to any form of nonlinear distortion, and provide high power efficiencies. Not 

surprisingly, therefore, they are the foci of current research by the linearization 

community.  
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44  --  PPrreeddiissttoorrttiioonn  wwiitthh  MMeemmoorryy  CCaanncceellllaattiioonn  

4.1 Introduction 
After the discussions in the previous two chapters, the advantages and disadvantages of 

traditional linearization schemes, and in particular predistortion, can be appreciated. In 

addition to that, the fact that predistortion for nonlinearity alone cannot cancel all of the 

distortion generated in a PA operating on wideband signals, calls for some form of 

modification in the scheme. In chapter 2, we outlined modeling schemes for nonlinearity 

with memory. It is obvious that in order to cancel the memory of a dynamic process, 

another dynamic process of the same form is necessary. Therefore, the schemes used to 

model nonlinearities with memory can be used to cancel the distortion generated by 

nonlinear amplifiers exhibiting memory effects. Thus, Volterra, Hammerstein, and tapped 

delay line schemes can be used as predistorters (PD) having memory. The Volterra 

scheme, however, is unsuitable for its complexity and thus is not studied in this thesis. 

The focus of this chapter is Tapped Delay Line (TDL) predistortion for canceling PA 

distortion due to nonlinearity and memory effects. However, we start by outlining the 

Hammerstein PD. The derivation indicates some issues present in the original scheme. 

An indirect learning scheme is presented next for the same scheme along with a 

discussion of its convergence. Finally, a TDL-based solution is explained, followed by 

simulation results, generated in MATLAB and ADS, using the TDL scheme. 

4.2 Hammerstein System 
Memoryless digital predistortion performs signal correction using instantaneous input/ 

output envelope samples. The assumption behind the scheme is that the output of PA 

depends only on its instantaneous input; a reasonable assumption for the low-power 

amplifiers, operated with narrowband signal envelopes. However, high-power amplifiers 



 

 51

show memory effects when operated with a signal with wideband envelope. Thus, a 

linearization scheme requires a memory mechanism to completely cancel PA distortion. 

A linear filter can provide that memory. 

4.2.1  Model-based Learning Scheme 

Figure 4.1 shows the block diagram for a Hammerstein-Wiener system. We divide the 

adaptation process into two independent procedures. Estimated model parameters for 

static nonlinearity of the PA is used to adapt inverse nonlinearity of the PD, while the 

memory model of PA is used to optimize the memory canceller or “pre-equalizer.”  

As shown in Figure 4.2, adaptation of the nonlinearity suppresser occurs independently. 

An inverse nonlinearity can be implemented as a complex-gain, LUT, or polynomial 

function [Chapter 2, Section 3.2.3.2]. Any suitable algorithm, including those described 

in [Lee01], can be used for LUT adaptation, while the RLS estimation algorithm can be 

implemented for optimizing complex-gain polynomial coefficients. The rest of the 

section is focused on memory compensation. 

Memory cancellation is performed by adapting the inverse filter coefficients, using filter 

coefficients of the PA model. Figure 4.3 shows the signals and parameters used in the 

adaptation process. A noteworthy point is that the cost-function does not depend on the 

whole system’s input and output, but depends on input to the memory canceller and 

output of the filter that is part of the model for the PA.  

The output of the PA memory filter, in terms of unknown parameters of the memory 

canceller, is 

 û(n) [ ] [ ]n n= Θb  (4.1) 

Where, 

ˆ ˆ ˆ[ ] ( ) ( 1) ( 1)Pn n n n N = Φ Φ − Φ − + 
T T Tb x x x"  
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Figure 4.1 – A Hammerstein-Wiener system. 
 

 

Figure 4.2 - Nonlinearity adaptation for the Hammerstein system. 
 

 

Figure 4.3 - Pre-equalization for PA memory effects. 
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0 1 1PNθ θ θ − Θ =  
T

"  

0 1 1PNφ φ φ − Φ =  
T

" , and 

[ ]ˆ ˆ ˆ ˆ( ) ( ) ( 1) ( 1)n x n x n x n M= − − + Tx "  

In the above relations, PN  and M , respectively, stand for the order of the polynomial at 

each tap, and the length of the delay line. This is a linear problem, and the sequential 

linear least squares estimation (LSE) method can be used to optimize the unknown 

parameter vector Θ .  

4.2.1.1 Least Squares Estimation (LSE) in complex domain 

The Least Squares Estimation (LSE) procedure is useful for problems where no a-priori 

information for the input statistics is available. The cost function is the sum of squared 

error between measured and desired quantities. Mathematically,  

 ( )
1

2

0
( ) [ ] [ ]

N

n
J x n s n

−

=
Φ = −∑  (4.2) 

Here, [ ](0), (1), , ( 1)x x x N= −x "  is the desired output observation vector,  

[ ](0), (1), , ( 1) Ts s s N= Φ = −s H "  is the measured output observation vector with ‘ H ’ 

being a full-ranked input observation matrix of size with ( )N P N P× > , and 

[ ]0 1 1, , , T
Pφ φ φ−Φ = "  is the coefficient vector. Equation (4.2) can be written as a vector in 

the form  

 ( ) ( ) ( )HJ Φ = − Φ − Φx H x H , (4.3) 

where HA is the Hermitian transpose of A . In order to minimize (4.3) using 

differentiation, we need to follow complex vector differentiation rules. Outlined below 

are the rules required for our purpose [Kay93]. 
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1. 
H

∗∂ Φ =
∂Φ
b b  and 

H∂Φ =
∂Φ

b 0
 
 

2. ( ) , where 
H

H∗∂Φ Φ = Φ =
∂Φ

A A A A  

where *A  is the conjugate of A . Differentiating (4.3) using the above two rules, we have 

( ) ( ) ( )H HJ ∗ ∗∂ Φ
= − − + Φ =

∂Φ
0 H x 0 H H 0 , and 

 ( ) 1H H−
Φ = H H H x  (4.4) 

Equation (4.4) is the Batch Least Squares Estimation, since coefficients are estimated 

using a vector (batch) of desired and measured values. However, for an adaptive, sample-

by-sample estimation procedure, equation (4.4) is tediously complex due to the presence 

of a matrix-inversion process. Fortunately, this matrix inversion can be done recursively, 

and therefore, coefficient estimates can be improved iteratively. This iterative 

formulation of the LSE is known as the Recursive Least Squares (RLS) algorithm and its 

derivation can be found in [Kay93]. The most important advantage, of the least squares 

estimation procedure is its quadrature dependence on the unknown coefficients. The 

resultant quadrature cost function has a parabolic geometry, ensuring a global minimum 

in cases where the tap input is sufficiently stationary. 

4.2.1.2 Solution to the Hammerstein Problem 

The following equations constitute RLS-estimation iteration [Kay93]. 

 [ ] [ ] ( )ˆ ˆ ˆ1 [ ] ( ) [ ] [ ]n n n x n n nΘ = Θ − + − ΘK b  (4.5) 

where  

 [ 1] [ ][ ]
[ ] [ 1] [ ]
n nn
n n nλ

Σ −=
+ Σ −

H

H

bK
b b

 (4.6) 
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The covariance matrix update is given by 

 ( )1[ ] [ 1] [ ] [ ] [ 1]n n n n nλ −Σ = Σ − − Σ −K b  (4.7) 

The factor λ  in (4.6) and (4.7) is called the forgetting factor of the algorithm, and can be 

set to a value between 0 and 1, with typical values between 0.9 and 1. The setting of the 

initial value for the covariance matrix is called regularization and should be done 

depending on the statistics of the input and the forgetting factor. Any detailed treatment 

on LSE and RLS, such as [Kay93], can be consulted in this regard. Bittanti [Bittanti88, 

91] and Park [Park91] have discussed useful information on how to set the value and to 

make it adaptive depending on the dynamics of the input signal. If convergence is an 

issue, the value should be set to 1, corresponding to infinite memory.  

4.2.2  Adaptation using Indirect Learning 

The model-based predistortion scheme requires additional algorithm complexity. Part of 

this complexity is due to the repeated training periods, required for the estimation of the 

amplifier model and for tracking the drifts in the amplifier’s envelope characteristics. The 

envelope characteristics of an amplifier change with aging and thermal memory effects, 

and in the case of multi-carrier operation, with changing input envelope characteristics 

due to switching of carriers and variation in the number of channels per carrier. This 

additional computational burden can be avoided if a predistorter is estimated directly 

using output signal envelope samples of the PA. Such a solution requires lesser real-time 

processing for the same level of tracking and adaptation. [Ghaderi96] has suggested that 

instead of directly adapting a predistorter, a post-distortion estimation can be used to find 

predistorter parameters, eliminating the need for model estimation of the amplifier.  

The basic block diagram for indirect adaptation of a Hammerstein system is shown in 

Figure 4.4. The basic configuration is laid out as a system identification problem. Instead 

of minimizing the error between the input and attenuated output of the system portion, 

consisting of predistorter and the amplifier, the adaptation process attempts to minimize 

the error between the input to the PA and the output of the post-distorting system, or the 

post-distorter is optimized as an inverse system of the power amplifier. The coefficients 
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of this post-distorter are used in the predistorter having a nonlinearity and filter of the 

same order and length, respectively. An important question at this point is whether the 

identified inverse of the amplifier can be used as a predistorter to minimize amplifier 

distortion. We can show that this is indeed the case when the coefficients have reasonably 

converged [See Appendix-A]. 

 

 

Figure 4.4 - Indirect learning scheme for a Hammerstein-type predistorter. 
 

 

Assuming unity gain for PA, we can write  

 
0

( ) ( ) ( )
P

i
i

i
v n a y n y n

=

=∑  (4.8) 

 
1

0

ˆ( ) ( )
M

j
j

u n b v n j
−

=

= −∑ . (4.9) 

Combining (4.8) and (4.9) 
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1

0 0

ˆ( ) ( ) ( )
M P

i
j i

j i
u n b a y n j y n j

−

= =

= − −∑ ∑ . (4.10) 

We can obtain a recursive solution for 'sia and 'sjb  by assuming initial values for them 

and formulating (4.10) accordingly [Ding02].  

To solve for 'sia , we can write (4.10) as 

 
1

0 0

ˆ( ) ( )
P M

i j i
i j

u n a b w n j
−

= =

= −∑ ∑ .    (4.11) 

In (4.11), ( ) ( ) ( ) i
iw n y n y n= . Using vector notation,  

 ˆ = ⋅NLu H a , (4.12) 

where ˆ =u [ ˆ ˆ( ), , ( )u N u M" ]T, =a [ 0 , , Pa a" ]T, =NLH [ 0 , , Ph h" ], and 

=ih [
1 1

0 0

( ), , ( )
M M

j i j i
j j

b w N j b w M j
− −

= =

− −∑ ∑" ]T. The least squares solution, minimizing the 

error between ( )u n and ˆ( )u n , is of the form 

 ( ) 1
ˆ

−
= ⋅H H

NL NL NLa H H H u , (4.13) 

with  =u [ ( ), , ( )u N u M" ]T
.  

 To solve for 'sjb , we can use (4.9) by writing it in the vector notation, 

 ˆ = ⋅LTIu H b . (4.14) 

Here ˆ =u [ ˆ ˆ( ), , ( )u N u M" ]T, =b [ 0 1, , Mb b −" ]T, =LTIH [ 0 , , −′ ′M 1h h" ], and 

′ =ih [ ( ), , ( )v N i v M i− −" ]T. The estimated coefficient vector, based on least squares 

minimization of error between ( )u n  and ( )u n′ , is 

 ( ) 1ˆ −
= ⋅H H

LTI LTI LTIb H H H u  (4.15) 
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with [ ]( ), , ( ) Tu N u M=u " . Equations (4.13) and (4.15) can be recursively solved using 

sequential LSE. 

Although the analytical framework presented above shows the existence of an optimal 

estimate for the coefficients of the Hammerstein PD, the simultaneous convergence of 

these two recursive procedures is a critical issue. The convergence of this scheme is 

guaranteed in the presence of white input [Bai98]. However, in our case the input does 

not have uniform spectral characteristics. Also, the presence of a complex PA model 

requires precise calibration for the RLSE to guarantee convergence. The simulations 

performed by us failed to converge for a reasonable number of different trial scenarios, 

and thus the scheme was not pursued further. 

4.2.3  Disadvantages of Hammerstein System 

We have encountered many issues with the Hammerstein scheme and we end this section 

with a summary of the scheme’s drawbacks in general, and for this research effort in 

particular. 

! In the case of model-based adaptation, a real-time modeling of the PA is necessary, 

and linearization performance is dependent on the accuracy of that model. 

! The procedure assumes that nonlinearity has been canceled to a significant degree for 

reasonable convergence of the memory cancellation loop. 

! Disjoint minimization for nonlinearity and memory distortion is not the theoretical 

optimal solution, since superposition does not hold for this system.  

! The indirect learning scheme could not converge for the WCDMA signal envelope 

used in the research. 
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4.3 Tapped-Delay-Line (TDL) Predistortion 
The Hammerstein PD demonstrates an acceptable performance when used with a model-

based estimation procedure. However, with an indirect learning architecture convergence 

is a significant issue with a WCDMA operating environment. Also, A Hammerstein 

system is better suited to model the inverse for a system having a linear filter followed by 

nonlinearity. Since a nonlinear TDL scheme is suitable for modeling a PA, it can also be 

used to implement a PD with memory. Figure 4.5 shows a 3-tap TDL system. It consists 

of complex-gain polynomials at each tap, with the addition of a dc term on the first tap. 

There are several advantages in using this method. The memory and nonlinearity are 

embedded inside a single process, which is closer to the behavior exhibited by an 

amplifier, and is desired for cancellation for distortion of that amplifier. Furthermore, the 

nonlinear TDL algorithm results in a cost function, which is linear w.r.t. the tap 

coefficient vector, and therefore, can be minimized using linear LSE algorithm.  

The TDL scheme is not a new method, and [Muhonen01] has shown results using a very 

simple TDL with complex-input-dependent polynomials as the tap weights. However, 

since the polar model is better suited to represent level-dependent nonlinearity than a 

complex-input-dependent model, the same argument is true for a predistorter. Hence, the 

polar TDL scheme used in this thesis has a better performance. [Eun95] has shown a 

Volterra-based scheme, the complexity of which becomes prohibitive in kernels of order 

three and up. 

 

Figure 4.5 – A generalized 3-tap, delay line structure. 
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4.3.1  Adaptation Procedure  

We begin by illustrating a block diagram of the scheme in Figure 4.6. Instead of 

minimizing the error between ( )x n  and ( )y n , the scheme estimates TDL coefficients for 

system-A by minimizing the error between ( )PDx n  and ( )PDy n using the RLS algorithm, 

and then uses the estimated parameters in the predistorter. Amplifier output ( )y n  is 

suitably attenuated and demodulated before being processed in system-A.  

For 1M −  delay elements and a -orderPth  complex-gain polynomial at each of the M  

taps, the output of system-A can be written as 

 
1 1

0,0 ,
0 1

( ) ( ) ( ) ( )
M P

j
PD i j

i j
y n y n a y n i a y n i

− −

= =

+= − −∑ ∑  (4.16) 

Or, in vector form,  

 ˆ( ) [ ]PDy n n= h a  (4.17) 

where, 

2

11

[ ] ( ) ( ) ( ) ( ) ( )

( ) ( ) ( 1) ( 1) ss NN
p p

n y n y n y n y n y n

y n y n y n N y n N
−−

= 
− + − + 

h "

"
 

0,0 0,1 1, 1ˆ
p sN Na a a − −

 =  
T

a "  

Equations similar to (4.5) thru (4.7) can be used to estimate â .  



 

 61

 

 

Figure 4.6 – Block diagram of the adaptation scheme for nonlinear TDL PD. 
 

4.4 MATLAB Simulation Results for TDL PD 
Simulations using a TDL-model of a power amplifier are performed on multi-carrier 

WCDMA signal. The envelope characteristics of the amplifier are assumed to remain 

static in terms of the aging and, in particular, thermal effects. Furthermore, the number of 

carriers and the number of DPCH per carrier is kept constant during a simulation run. We 

use a 2-dB input backoff with respect to P1dB of the envelope characteristics. 

In order to quantify the effectiveness of this predistortion scheme, we collect 

performance statistics for various scenarios. Normalized mean squared error (NMSE) 

between the input envelope of PD and output envelope of the PA is used as the 

performance metric and studied under different operating conditions. Normalized Power 

spectral density (NPSD) at the output of the PA is used to observe improvement in 

spectral regrowth. It should be obvious that NMSE values and NPSD curves directly 

show the linearity performance of a transmitter in the time and frequency domain, 

respectively. The improvement in end-to-end-performance metrics, e.g. Bit Error Rates 

(BER) and Error Vector Magnitudes (EVM), is indirectly guaranteed with improved 

linearity of transmitters. Hence, plots showing improvements in BER or EVM have not 
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been included. However, error power spectral densities normalized to the desired output 

power are used to show reduction in in-band distortion products. 

4.4.1  Spectral Improvement 

In order to observe performance in the frequency domain, we use normalized envelope 

power spectral density at the input and output of the amplifier (NPSD), and error power 

spectral density (EPSD) between the desired and obtained signal envelope at the output 

of the amplifier. Comparisons have been made between a memoryless and a memory 

predistorter with 4 taps in the delay line unless otherwise specified. 

Figures 4.7 to 4.10 show NPSD for a single- thru four-carrier WCDMA input, 

respectively. In all cases, marked improvement in ACLR numbers is evident, indicating 

suppression of spectral regrowth. Although the ACLR values realized using memoryless 

predistortion seems sufficient to meet specifications, the critical advantage of memory 

cancellation is in improved reduction of mean squared envelope error, which results in 

reduced error vector magnitudes and lower error rates at the receiver. 

 

Figure 4.7 – Spectral comparison for a single carrier W-CDMA. The TDL PD has a delay 
length of 3, and a 6th order polynomial at each tap. 



 

 63

 

Figure 4.8 – Spectral comparison for a two- carrier W-CDMA. The TDL PD has a delay 
length of 3, and a 6th order polynomial at each tap. 

 

Figure 4.9 – Spectral comparison for a three-carrier W-CDMA. The TDL PD has a delay 
length of 3, and a 6th order polynomial at each tap. 
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Figure 4.10 – Spectral comparison for a four-carrier W-CDMA. The TDL PD has a delay 
length of 3, and a 6th order polynomial at each tap. 

 

The comparison between spectral densities does not provide evidence of improvement in 

distortion within the frequency band of interest. Therefore, we plot power spectral density 

of the error between the desired and obtained signal envelope at the output of the PA, 

shown in Figures 4.11 through 4.14. The spectral densities have been normalized with the 

maximum power of the desired output signal. In all cases, we can appreciate the 

significance of the cancellation of PA memory in reducing in-band distortion. Although 

these plots cannot substitute for bit-error-rate curves or EVM, they do indicate that an 

improvement in these end-to-end performance metrics can be expected through 

predistortion with memory compared with memoryless predistortion. 
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Figure 4.11 – Comparison between EPSD for a single-carrier W-CDMA.  

 

Figure 4.12 - Comparison between EPSD for a 2-carrier W-CDMA. 
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Figure 4.13 - Comparison between EPSD for a 3-carrier W-CDMA. 

 

Figure 4.14 - Comparison between EPSD for a 4-carrier W-CDMA. 
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4.4.2  Mean Squared Envelope Error Analysis 

The power spectral densities are mostly used to study reduction in the out-of-band 

emissions. In order to gain insight into improvement in the time-domain, mean squared 

envelope error between the input and output of the system is used. Since the envelope 

characteristics change based on the bandwidth or number of carriers of the W-CDMA 

signal, we use normalized mean squared envelope error (NMSE) to compare performance 

between different number of carriers. NMSE is defined as  

 
2

2NMSE = Desired Obtained

Desired

x x

x

−∑
∑

 (4.18) 

We have plotted NMSE against the number of delay terms in a TDL PD for a fixed, 6th 

order polynomial at each tap in Figure 4.15. The NMSE values have been obtained by 

averaging over the last 40,000 error samples in a simulation run to reflect performance 

after convergence.  

 

Figure 4.15 – NMSE vs. the length of TDL PD with a 6th order polynomial at each tap for 
different number of WCDMA carriers. 
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According to the curve, the memoryless predistortion becomes increasingly inadequate 

with wider input bandwidth. Intuitively, the addition of a delay term should result in a 

better NMSE value for a 4-carrier W-CDMA compared with the single-carrier case. 

However, the observations prove otherwise. The improvement in NMSE after the 

addition of the first delay element, is 11.6, 15.4, 11.8, and 9.4 dB for 1-, 2-, 3- and 4-

carrier W-CDMA signals, respectively. The above values do not suggest a consistent 

pattern, but they do suggest that convergence of RLS is a key factor in eventually 

determining the error floor.  

Figure 4.16 plots NMSE versus the polynomial order at each tap, for a TDL PD with a 

delay line length of three, operating on a different number of carriers. As a representative 

case, a 4-carrier, 20MHz signal, can be corrected up to 120MHz by a 6th order PD, which 

is the correction bandwidth of the system having 32 SPC. Therefore, no improvement can 

be achieved beyond that point, as is evident in the figure. Similar arguments can be made 

for the other cases, as verified by their corresponding curves. 

 

Figure 4.16 - NMSE vs. polynomial order at each tap, for a 4-tap TDL PD, with different 
number of carriers. 
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There is no significant improvement in NMSE as the input is further backed off (Figure 

4.17), showing that the predistortion eliminates the need for large power backoff for 

better linearity. 

 

Figure 4.17 - NMSE vs. input backoff for a 3-carrier W-CDMA operating on a 4-tap, 6th 

order TDL PD. 

4.5 Simulations on Envelope Simulator in ADS 
In order to perform an independent verification of the results outlined in the previous 

section, we add a nonlinear TDL PD component to the envelope simulator, assembled for 

data generation from a circuit model of a PA using ADS. The component is written in the 

Ptolemy Language (PL) of ADS, which uses C++ as its engine. In addition to the 

verification of MATLAB results, the more important study conducted on the ADS 

simulator is to gauge performance for different values of the sampling rate. Such studies 

can help in determining suitable rates for the data converters. In order to simulate the A/D 

and D/A data conversion stages between the baseband and PA, we have implemented a 
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multi-rate scheme. Next, we describe in detail the envelope simulator and the 

modifications, followed by results. 

4.5.1  Envelope Simulator Description 

Figure 4.18 shows the schematic of a 2-carrier W-CDMA envelope simulator in ADS. 

The TDL PD performs signal predistortion before RF modulation. The sampling rate of 

the baseband signal is variable, with values of 8, 16, and 32 samples per chip (SPC) used 

for simulations. Each carrier has 32 data channels.  

Figure 4.20 shows the frame structure for a single slot of a W-CDMA downlink 

dedicated physical channel (DPCH), while Figure 4.21 shows the envelope of a 2-carrier 

W-CDMA, each carrying one DPCH slot. The switching between control and data 

information within the slot results in significant hysteresis visible on the AM-AM 

envelope characteristics of the PA, shown in Figure 4.22. Also shown, is the modeled 

AM-AM using a 4-tap, 10th order TDL. While the model exhibits reasonable accuracy for 

low envelope levels, it fails to represent the hysteresis effectively in regions that are close 

to and inside the compression region. It definitely proves to be a warning signal for ADS 

simulations in terms of convergence, while at the same time, suggests stable, model-

based simulations. MATLAB results confirm this anticipated stability and convergence 

behavior. However, there are convergence issues when the TDL PD is adapted in the 

ADS simulator, as highlighted in the results. 

The power amplifier circuit model is simulated at a resolution of 32 SPC to approximate 

analog operation, while keeping the simulation runtime within bounds. The FIR filter 

placed after the TDL PD is a combination of upsampler, followed by an interpolation 

filter, acting as a virtual D/A converter. Similarly, a second FIR filter placed in the 

feedback path combines an anti-aliasing filter followed by a downsampler, simulating an 

A/D stage. The up sampling and down sampling ratios are automatically adjusted 

depending on the baseband sampling rate, so that the signal sampling rate at input and 

output of the PA section is always 32 SPC.  
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4.5.1.1 Predistorter in ADS 

The predistorter component is written in Ptolemy Language (PL), which is a proprietary 

language used to create signal processing custom components for ADS. The PL is based 

on C++ but has additional data types to handle matrix operations, which is convenient for 

signal processing algorithms. Figure 4.18 shows a magnified view of the predistortion 

component. It takes in the attenuated amplifier output envelope samples and compares 

them with the amplifier’s input, or predistorter’s output samples, in a post-distortion 

scheme, and uses the error as a cost function for the RLS. In order to limit the envelope 

voltage swings during the iterations there are several user-settable parameters. 

“large_number” is used to initialize the covariance matrix, “Clip_Voltage” sets the output 

envelope voltage limit, “Error_Ratio_Ceiling” is used to restart the RLS when it is about 

to lose tracking, “Window_Size” is used to avoid RLS-restart due to instantaneous jumps 

in cost function value, “Adaptation_on” switches the predistorter from adapting to non-

adapting mode, and “transport_delay” is used to align the feedback and forward path 

samples.  

TDL PD

AdaptivePD
A3

transport_delay=2
Adaptation_on=0
Window_Size=64
Error_Ratio_Ceiling=0.5
Clip_Voltage=0.6
large_number=1000
cov_array=""
tap_array="(1.0,0.0)"
poly_order=6
filter_order=2

sample_fedback

sample_in

sample_out_fedback

sample_out

Delay
D2
N=1

 

Figure 4.18 - The Predistorter block designed for ADS simulations. 
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Figure 4.19 - Schematic of the ADS envelope simulator used to perform simulations for 
different baseband sampling rates. 
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Figure 4.20 - Frame structure of a downlink DPCH (Source [3GPP02]). 
 

 

 
Figure 4.21 - Magnitude of the signal envelope for a 2-carrier W-CDMA carrying one 

DPCH frame. 
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Figure 4.22 – Measured and modeled AM-AM characteristics for the PA operating on a 
2-carrier W-CDMA carrying one DPCH frame. 

 
 

4.5.2  Results 

4.5.2.1 Comparison between Memory less and TDL Predistortion 

The first set of results compare a 2-tap, 5th order TDL PD with a 5th order polynomial 

memoryless PD. A resolution of 16 and 32 SPC has been used for the baseband and PA 

section, respectively. Figure 4.23 compares the amplitude envelope characteristics for the 

three different cases. A plot of NMSE (Figure 4.24) highlights the convergence problem 

due to the rapid fluctuation of the input envelope. The NPSD plot (Figure 4.25) shows a 3 

dB improvement in ACLR, while a 7 dB improvement can be observed in the EPSD 

value (Figure 4.26) within the band of interest. Careful selection of the initial conditions 

and forgetting factor for the RLS estimation can result in some control over this problem.  
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Figure 4.23 - Comparison between measured AM-AM for a 2-carrier W-CDMA. 

 

 
Figure 4.24 - NMSE comparison for memoryless and memory predistortion. 
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Figure 4.25 - NPSD plots comparing memoryless and TDL predistortion schemes, 

 

 
Figure 4.26 - Comparison between EPSD for a 2-carrier W-CDMA. 

 

Lower and upper limit 
of the correction 

bandwidth for TDL 
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Figure 4.27 shows the mean phase shift of the PA for the input bins. The calculation 

gives an averaged glimpse of the phase correction as a result of predistortion. Notice that 

the amplifier has a constant phase offset of around 130 degrees, which is being cancelled 

by the PD. The reason for that lies in the adaptation algorithm of the PD, which attempts 

to remove any phase shifts at the output of PA - level-dependent or constant. Evidently, 

PD with memory achieves a better minimization of phase shift, compared with a 

memoryless PD. 

 

Figure 4.27 - Mean phase shift at the output of PA vs. input bins. 
 

4.5.2.2 Sampling rate studies 

A brief outline of a predistorter’s cancellation process is necessary in order to understand 

the significance of sampling rate studies. A predistorter attempts to produce IMD 

components that are equal in magnitude and anti-phase to the IMD components generated 

in an amplifier. Therefore, cancellation performance of a PD is directly tied to the 

accuracy of the distortion “information” that is fed back to the PD from a PA. When the 
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output of the PA is demodulated and A/D-converted in the feedback path, some portion 

of this information is lost, primarily depending on the resolution of the A/D stage. This 

loss of information suggests a reduction in cancellation achieved by a PD. Furthermore, 

the resolution of data conversion stages is required to be higher as the bandwidth of the 

input gets wider, or, as more carriers are added to the composite W-CDMA signal. 

We have studied performance of the TDL PD for two baseband sampling rates, of 8 and 

16 SPC, while running the amplifier section at 32 SPC. The NPSD plot (Figure 4.28) 

clearly shows a marked increase in ACLR, with a reduction in the baseband sampling 

rate. The increase in ACLR suggests that a portion of the adjacent carrier spectral 

information at the output of amplifier is lost as the baseband sampling rate is reduced. 

NMSE versus time plot (Figure 4.29), while showing considerable improvement for an 

increased sampling rate, continues to highlight convergence issues with the model. Mean 

Phase shifts seem to start off better in the linear region, but there are more ripples in the 

8-SPC case compared with a 16-SPC case (Figure 4.30.) 

4.5.2.3 Comments 

In spite of the many convergence issues, the results show sufficient verification of the 

importance of memory cancellation. However, a significant point in this context is that 

performance of a linearization scheme is closely tied with the design of a PA for the 

given signal format. It is very clear that the circuit model of the power amplifier used for 

these simulations has major problems with the switching nature of the envelope 

characteristics of a DPCH. Thus, power amplifiers must be designed, keeping in mind the 

linearization schemes that are required for their linear and efficient operation.  
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Figure 4.28 – NPSD plots for studying cancellation performance vs. the baseband 
sampling frequency for a 2-carrier W-CDMA input and a 2-tap, 5th order TDL PD. 

 
Figure 4.29 - NMSE plots for studying cancellation performance vs. the baseband 

sampling frequency for a 2-carrier W-CDMA and a 2-tap, 5th order TDL PD. 

Lower and Upper 
frequencies of the 

correction bandwidth for 8 
SPC 

Lower and Upper 
frequencies of the 

correction bandwidth for 
16 SPC 
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Figure 4.30 - Mean phase shift at the output of PA vs. input bins. 
 

4.6 Summary 
Memory effects in a power amplifier become increasingly critical and detrimental to any 

performance improvement achievable through the use of a linearization scheme, as the 

bandwidth of operation and power handling capacity of the amplifier increases. Suitable 

linearization schemes for future communication systems must take this fact into account 

to guarantee distortion minimization. In this chapter, we have presented a few methods to 

cancel the memory effects of a power amplifier along with its nonlinearity, and provided 

simulation results for one such scheme based on its superior performance. A clear 

reduction in spectral emissions and in-band distortion is observed, both in time and 

frequency domain, through the various spectral density and mean-squared error plots. 

The results have been verified using independent behavioral and circuit model 

simulations using MATLAB and ADS, respectively. 
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55  --  SSuummmmaarryy  aanndd  DDiissccuussssiioonn  

As the need for smaller portable wireless devices with broader range of applications 

grows, battery life and cost become increasingly critical issues for an RF engineer. The 

same concerns exist for base stations of the future where size takes the place of battery 

life. Although they have infinite power available at their expense, the need for power-

efficient operation is still needed due to the higher cost per watt for RF and microwave 

transmitting equipment. Any successful effort in minimizing the size of amplifiers results 

in reduced maintenance costs. Therefore, it is imperative that the focus of research must 

include resource optimization strategies for the RF section in a wireless communication 

system.  

The advancements in digital signal processing techniques have consistently moved 

baseband processing closer to the antenna. Unfortunately, or fortunately for some, power 

amplification is still an analog procedure, taking place at radio or microwave frequencies. 

High power, wideband amplifiers bring various issues that are invisible when dealing 

with low-power, narrowband systems, to the front. A major concern for service providers 

is the higher cost of maintenance, associated with high power amplifiers in a base station, 

while mobile phone manufacturers want their devices to use the minimal amount of 

battery power possible as they introduce further competitive features. Reduction in initial 

cost and increase in battery life for these hand-held devices is certainly going to be a 

direct boost to their sales, while lower costs for base station maintenance for service 

providers will help lower the subscription costs associated with the usage of mobile data 

and voice services; another incentive to pick up the pace of research in this area. 

As far as power amplifiers are concerned, linearization techniques are used to reduce 

spectral emissions into adjacent channels while improving end-to-end performance. 

However, for very high power amplifiers, simple linearization techniques fail to provide 
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reasonable correction. The static nature of these schemes makes them highly unsuitable 

for canceling frequency-dependent distortion, which becomes significant as the 

bandwidth of operation and output power capability of PA grows. In this thesis, we have 

tried to provide some detail about the frequency-dependent distortion mechanism, along 

with methods to counter its effects through modification of traditional linearization 

schemes. In order to keep the study within bounds, we have focused on predistortion type 

linearizers. 

5.1 Brief Summary 
This thesis starts off by developing a brief understanding of the memory effects in a PA. 

The discussion is very primitive in its scope, and the inquisitive reader is referred to the 

work done by Vuolevi [Vuolevi01] from where the discussion is derived. More detailed 

study of these effects is necessary for developing better techniques to cancel these effects. 

In this competitive and growing market, the importance of CAD tools in the design of 

any system cannot be understated. Time-efficient simulation methodologies for RF 

devices require accurate models for specific device characteristics under study. We 

outlined some of the methods used in modeling nonlinear systems with memory in 

general, and power amplifiers in particular, and presented some modeling results. 

Next, we have included a very brief, but essential literature study on common 

linearization architectures, and have highlighted their advantages and shortcomings from 

a system design point-of-view. The schemes are divided into two categories, with some 

canceling the distortion introduced by a PA, and others avoiding the distortions altogether 

by operating the PA with constant-envelope signals. We see that within the cancellation 

scheme category predistortion-based techniques are very promising for inexpensive, 

digital implementation. An equally promising technique in the distortion-avoiding 

category is EER and, work is in progress to produce designs for a multi-mode 

architecture, which is expected to be an essential feature of next generation mobile 

communication systems. 

We have described two schemes for compensation of amplifier distortion. The first one is 

based on a Hammerstein system, which is the inverse process for a Wiener system, 
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consisting of a filter followed by nonlinearity such as a TWT amplifier, preceded by a 

bandpass filter. The second cancellation scheme known as nonlinear Tapped Delay Line 

(TDL), is more accurate for nonlinear systems with memory and comes close to a 

Volterra series representation. A major advantage of a TDL scheme is its ability to adapt 

itself directly with input and output of a PA. We have shown through simulations that 

predistortion with memory cancellation can help in fulfilling the strict linearity 

requirements outlined in the first chapter in terms of the ACPR values.  

Simulation results using MATLAB and ADS envelope simulator are presented, which 

consist of a comparison between memoryless and memory-based predistortion schemes. 

Results for 1-4 carriers W-CDMA in the case of MATLAB, and 2-carrier W-CDMA for 

the ADS, are included. Normalized power spectral densities of signal envelope at the 

output of PA have been used for comparing reduction in spectral regrowth, and error 

power spectral plots show distortion improvement in the band of interest. Normalized 

mean squared envelope error has been used to gauge improvement in time domain. For 

the specific amplifier’s circuit model we did not observe a significant improvement in 

performance metrics with the proposed scheme compared with the simple polynomial 

predistortion during verification of the schemes on the ADS envelope simulator. 

Convergence failure due to the very strong memory effects of the PA for the WCDMA 

input seems to be the reason. Proper design of a power amplifier can limit the memory 

effects to a level where it can be properly cancelled using a scheme like the one presented 

in this thesis. The distortion in that case can be drastically lower when compared with a 

memoryless linearization solution. 

5.2 Future Work 
The study summarized above has been based entirely on simulations. In order to verify 

performance benefits and monitor the effects of imperfections at various stages, the next 

step is to implement the scheme and to compare the simulation studies with real-time 

measurements. The study should include, but should not be limited to, the effects of 

demodulator imperfections, implementation issues for a nonlinear TDL on a DSP, and 

quantization imperfections.  
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In order to consolidate simulation studies, there are several areas that can be explored 

further and documented such as, 

• The impact of changing the number of channels-per-carrier on performance and 

convergence for a 3-carrier W-CDMA, 

• Studies based on a baseband combination of unsynchronized carriers, 

• Dynamic tuning of the forgetting factor for the RLS algorithm based on estimation 

error 

• End-to-end performance improvement based on error rates and EVM, and 

• The use of PAPR reduction techniques with linearization in order to consolidate the 

advantages of the two. 

There are several issues that can only be characterized using a complete hardware 

implementation of the presented scheme. They include, 

• Effect of feedback loop imperfections and signal fidelity on linearity, 

• The required over-sampling rates for data converters to achieve a desired level of 

ACLR and/or error-rate reduction, 

• Efficient ways to implement the TDL predistorter in DSP, with studies focusing on 

trading off performance with hardware complexity for a given correction 

bandwidth, and  

• Other architectures capable of representing memory with nonlinearity and other 

cost functions useful for achieving global optimization for the cancellation 

schemes. 
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5.3 Concluding Remarks 
Although predistortion has many advantages for digital applications, some of which were 

outlined in this thesis, it still requires sufficient recognition as a stand-alone linearization 

technique. EER and LINC are equally attractive amplifier architectures, since they can 

make use of extremely nonlinear and highly efficient amplifiers and still be immune to 

distortion. EER-based solutions have crossed the experimental stage and carry much 

potential for achieving very high efficiencies along with satisfying strict linearity 

requirements. LINC and EER architectures are suitable for software defined radios, since 

very accurate, albeit complex signal-separation algorithms can be implemented on DSP.  
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AAPPPPEENNDDIIXX  AA  
  

EEffffeeccttiivveenneessss  ooff  PPoosstt--ddiissttoorrttiioonn  ffoorr  PPrreeddiissttoorrttiioonn  

In Chapter 4, we alluded to the following question: Does the minimization of the cost 

function for a postdistorter result in minimization of the overall amplifier distortion? Let 

us try to answer this question. 

Suppose [ ]f ⋅  is the predistorting as well as the postdistorting function, with inputs ( )x n  

and ( )y n , respectively.  

 

 

Figure A.1 – Block diagram of the indirect learning scheme. 
 

Considering the function to have memory ‘M’, we have, 

 
[ ]
[ ]

( ) ( ), ( 1), , ( 1)

( ) ( ), ( 1), , ( 1)

u n f x n x n x n M

u n f y n y n y n M

= − − +

′ = − − +

"

"
 (I) 
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For the system identification loop,  

 
[ ]

[ ]
( ) ( ) ( ), ( 1), , ( 1)

                       ( ), ( 1), , ( 1)

u n u n f x n x n x n M

f y n y n y n M

′− = − − +

− − − +

"

"
 (II) 

Now, when the error between ( )u n  and ( )u n′  is minimized in the least squares sense,  

( ) ( )u n u n′→ , or  

 [ ] [ ]( ), ( 1), , ( 1) ( ), ( 1), , ( 1)f x n x n x n M f y n y n y n M− − + → − − +" "  (III) 

The above expression highlights the fact that, in an averaged sense,  

 ( ) ( );   x n y n n M→ ∀ >>  (IV) 

Thus, when the post-distorter is used as a predistorter, minimization of post-distorter 

error leads to a corresponding minimization of the overall system error, i.e. the error 

between the input to the predistorter and the output of the power amplifier when the 

coefficients have sufficiently converged. Figure A.2 plots the post-distorter and system 

error for a single-carrier WCDMA with a 2-tap, 6th order TDL PD, and the agreement in 

the two is evident. 

 

Figure A.2 – Normalized mean squared post-distorter and overall system error. 
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AAPPPPEENNDDIIXX  BB  
  

DDeeffiinniittiioonnss  

AM-AM and AM-PM mechanism: An amplifier exhibits two forms of non-linearities: 

Amplitude nonlinearity, where the output envelope power is dependent on the amplitude 

or power of the incoming signal, and Phase nonlinearity, where there is a phase variation 

depending on the amplitude or power of the input signal envelope. The amplitude 

nonlinearity is termed as AM-AM, since the time-variation of the input envelope is 

altered. Similarly, the term AM-PM is used for phase nonlinearity, due to the translation 

of AM of the input into a phase variation. The nonlinearity characteristics of a PA are 

independent of the phase of its input. 

Efficiency: Three definitions of efficiency are common. Drain Efficiency is the ratio of 

RF output power to DC input power, or o iP Pη = . Power-added Efficiency (PAE) uses 

the effective RF output by subtracting the RF drive power from the output, 

i.e. ( )o DR iP P Pη = − . Overall Efficiency is defined as ( )o i DRP P Pη = − ; useful in all 

situations. It can be adapted to include drive DC input power, power consumed by any 

other supporting circuitry, etc. 

1-dB Gain Compression Point (P1dB): It is the operating point where the gain of a PA 

has been dropped by 1 dB compared to its ideal linear gain. Other compression points can 

be defined in a similar manner.  

Compression region: The gain of a power amplifier in the compression region begins to 

drop consistently, and somewhat exponentially. P1dB marks the end of the linear and 

beginning of the compression region. 
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Output Backoff (OBO): Output Backoff is defined as the rated to average power ratio at 

the output in dB. It is common to replace rated output power with the output power at 

P1dB. We can define Input Backoff in a similar manner. As the output is backed off, the 

operating point moves further down in the linear region, with a reduction in power 

efficiency of the PA. For a PA with a given rated output power (or P1dB), OBO reduces 

link margin, decreasing SNR while increasing bit error rate (BER) at the receiver 

Cutoff and Saturation point: A transistor is turned off at or below Cutoff point. At or after 

Saturation point, the output current of a transistor is fixed regardless of the input drive. 

This is the region of drooping of the gain pattern and maximum phase variations in a 

solid-state PA. 

Peak-to-Average Power Ratio (PAPR): It is a measure of envelope variation for a signal, 

defined as its maximum to average envelope power ratio, and is expressed in dB. A 

higher PAPR signal generates more distortion at the output of a PA, whose operating 

point is close to its P1dB. 

DPCH: Dedicated Physical channel (for a downlink WCDMA signal). 
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