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A b s t r a c t 

The use of linear modulation and complex access schemes has increased the lin

earity requirements of the power amplifiers used in wireless communication systems. 

To maintain system capacity and avoid interference, external linearization circuitry 

must be added to correct the distortion created by the amplifier. Feedforward lin

earization is a technique commonly used in wireless base station applications, as it 

offers a wide bandwidth and excellent linearity correction. However, this lineariza

tion technique is expensive, complex, and very difficult to implement. 

This thesis presents a hybrid linearization technique that integrates DSP into the 

structure of the basic analog feedforward linearizer. This allows the implementation 

of equalizers to correct the frequency response of the components in the system. The 

novel linearizer maintains the excellent performance of feedforward, while overcoming 

many of its drawbacks. An experimental circuit is designed and tested to demonstrate 

the capabilities of the hybrid linearizer. 
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C h a p t e r 1 

I n t r o d u c t i o n 

The worldwide demand for wireless service, both voice and data, is experiencing 

explosive growth. In the past, the demand was mostly for paging and voice service, 

which require lower data rates. Today there is an increasing demand for additional 

services which require much higher data rates, such as wireless internet and video. 

In addition to the demand for higher voice quality, more services, and higher data 

rates, the number of users of wireless systems is increasing at an unbelievable rate. 

Current cellular system designs will be unable to handle the number of users and 

required data throughput if these trends continue. Thus, cellular service providers 

and equipment manufacturers are developing new standards for third generation 

cellular to meet the future demands on the system. 

Another emerging application of wireless systems is in the "last mile" problem of 

broadband data delivery to the home. The traditional twisted pair will be unable to 

accommodate the bandwidth of data required in the future. Wireless has emerged 

as a contender to solve this problem. Although this is a fixed rather than mobile 

application, the system issues are much the same — how to get a large volume of 

data to a large number of users. 

The demand for more users and more data throughput on a system is not a simple 

problem to tackle. The obvious solution would be to add capacity by utilizing more 

frequency spectrum. However, as the third generation spectrum license auctions 

around the world have shown, spectrum allocations are perhaps one of the most 
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valuable commodities to be found. There is intense competition for the allocations, 

and billions of dollars are spent to acquire them. Thus, the focus must instead be on 

utilizing existing spectrum more efficiently. This is accomplished by using spectrally 

efficient digital modulation techniques like QAM or QPSK. These linear modulation 

techniques improve the capacity by carrying information in both the amplitude and 

phase of the signal. Further gains in system capacity can be achieved by using 

access schemes such as CDMA or OFDM that allow multiple users to occupy the 

same bandwidth. These methods will without a doubt be used in virtually all future 

wireless systems. 

The use of spectrally efficient modulation schemes, complex access techniques, 

and high data rates impact the characteristics of the signals used in the system. 

Because of the high data rates and multi-user composition, the signals have a very 

large bandwidth. Also, the linear modulation schemes and multi-user access schemes 

result in a signal with a large peak-to-average ratio. These signal characteristics will 

place stringent performance demands on the RF hardware in future wireless systems, 

particularly on the power amplifier. 

The power amplifier is one of the key components in a wireless communication 

system. It provides the final amplification before the signal is broadcast via the 

antenna. Several power amplifier and system design issues dictate that the amplifier 

be operated very close to its maximum power level. However, when operated in 

this manner, the amplifier behaves in a non-linear manner. When a linearly mod

ulated signal with a high peak-to-average ratio is applied to a non-linear amplifier, 

additional frequency components are generated. The signal is spread in frequency, 

and thus the output signal occupies more bandwidth than the input signal. This 
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is obviously an undesirable effect, as it reduces the spectral efficiency of the system 

and causes interference. 

External linearization circuitry can be added to the amplifier, to compensate for 

the non-linearity. This allows the non-linear amplifier to be used to amplify signals 

utilizing spectrally efficient linear modulation techniques without causing interfer

ence. Of the many linearization techniques available, feedforward linearization is 

the best choice for applications such as the ones discussed above. It features a wide 

bandwidth and excellent linearity performance. However, the feedforward technique 

has many drawbacks, as it is expensive, complex, and very difficult to implement. 

This thesis proposes a new linearization technique for wireless communication 

systems. The proposed technique is a hybrid of the basic analog feedforward lin

earizer that integrates DSP into the structure. The addition of DSP allows the new 

linearization technique to offer performance similar to basic analog feedforward in a 

less expensive and simpler implementation with fewer restrictions. The integration 

of DSP offers many advantages over the basic feedforward linearizer, with very few 

drawbacks. To the author's knowledge, this type of approach to feedforward lin

earization has not been attempted before. Additionally, the feedforward linearizer 

presented in this thesis offers superior bandwidth to any published before. 

This thesis discusses the design, implementation, and testing of the hybrid lin

earization technique. Chapter 2 provides an overview of the distortion generated by 

an RF power amplifier and the resulting effects on a communication signal. Chapter 

3 offers an overview of existing linearization techniques, briefly discussing the advan

tages and disadvantages of each. Chapter 4 presents the theory behind feedforward 

linearization. The advantages and disadvantages of this system are discussed, and 
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the limitations on the performance are explained. Chapter 5 contains the implemen

tation and experimental results of a feedforward linearizer. These results provide a 

comparison point for the performance of the hybrid linearizer. Chapter 6 introduces 

the hybrid linearization technique, which is a variation on the feedforward linearizer. 

The basic concept of using a DSP generated reference signal is discussed, and the 

hardware and software used in the system are presented. The performance and lim

itations of the system are also examined. Chapter 7 details the implementation and 

experimental results for the hybrid linearizer. A comparison to the basic feedforward 

results is also provided. Chapter 8 offers conclusions and suggests future research 

avenues in this area. 



C h a p t e r 2 

R F P o w e r A m p l i f i e r D i s t o r t i o n 

The base station power amplifier is possibly the most important component in a 

wireless communication system. It is responsible for amplifying the information 

signal prior to transmission by the antenna. This amplification is required to ensure 

the received signal power at the mobile terminal is adequate. This allows the receiver 

to correctly detect the transmitted information. A power amplifier is also employed 

in the mobile terminal to transmit the signal on the reverse link, from the mobile 

terminal to the base station. However, the methods and techniques discussed in this 

thesis are primarily intended for use with a base station power amplifier, as slightly 

different design constraints exist in the development of mobile terminal hardware. 

Ideally the power amplifier should introduce no distortion to the transmitted 

signal — the output should merely be an amplitude scaled and time delayed replica 

of the input signal. However, the non-linear characteristics of a practical amplifier 

introduce distortion to both the phase and amplitude of the signal. This distortion 

can be seen in effects such as amplitude compression, phase distortion, and generation 

of excess frequency components. Also, an amplifier may exhibit linear distortion of 

both the amplitude and phase. These types of distortion and their effects on a real 

communication signal will be discussed in this chapter. 
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2.1 R F P o w e r A m p l i f i e r C h a r a c t e r i s t i c s 

2.1.1 Non-Linear Distortion 

Non-linear distortion in an amplifier is a result of the characteristics of the transistors 

used to provide the amplification and of the signal limits imposed by the power 

supply. This causes distortion of both the amplitude and phase of the amplified 

signal. 

Non-Linear Amplitude Distortion 

An ideal amplifier should have a linear relationship between the input and output 

voltage. However, this is not the case in a practical amplifier. As the input power 

level increases, this relationship becomes non-linear, and causes distortion in the 

output signal. This is also known as AM/AM distortion. If the non-linearity of an 

amplifier is weak and the response is memoryless1, the output voltage v0(t) can be 

related to the input voltage Vi(t) by a simple power series representation [1]: 

voit) = hvi{t) + k2v2l{t) + k3vf(t) + ... (2.1) 

If the amplifier has memory, it may be modeled more accurately using a Volterra 

series representation [2, 3]. For the following sections, a simple power series repre

sentation of the amplifier input-output voltage characteristic will be assumed. 

Gain Compression If an input signal consisting of a single sinusoidal frequency 

component Vi(t) = J4cos(cj1t) is applied to a device that can be represented by an 

1 Considering an amplifier memoryless assumes that the output voltage is an instantaneous func
tion of the input voltage, and does not depend on previous input voltages. For narrowband systems, 
this is a reasonable assumption, although it breaks down as the bandwidth increases. 
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amplitude power series representation such as described in Equation 2.1 then the 

output voltage will be: 

va(t) = -k2A2 + (kiA + jk3A3*) cos (uit) + \k2A2 cos {2uxt) + jk3A3 cos (Surf) 
2 V. 4 / 2 4 

(2.2) 

This result shows that in addition to the fundamental (cos(a>i£)) frequency com

ponent, the output also contains a DC term and the second (cos (2uit)) and third 

(cos (3u>it)) order harmonics of the input signal. Examining Equation 2.2, it can be 

seen that the gain of the amplifier at the fundamental frequency is: 

Gfund = ki + ^hA2 (2.3) 

We can see that the gain is not linear — it is a function of the input signal ampli

tude. The gain can be either expansive or compressive, depending on the sign of k3, 

although most practical devices are gain compressive (with k3 < 0). Even with this 

simple power series representation, we can see that at higher input signal voltages, 

the gain of the fundamental will begin to deviate from the linear gain fci. Using 

a more sophisticated amplifier model with more terms in the power series will just 

introduce higher odd order terms into the expression for the gain at the fundamental 

frequency, which will also contribute some expansion or compression of the gain. 

A common way to characterize the non-linear amplitude distortion of an amplifier 

is with the 1 dB compression point. This is the point at which the amplifier gain 

drops 1 dB below the linear gain. Figure 2.1 shows the output power and gain 

characteristics versus input power for a Mini-Circuits ZHL-4240 amplifier operating 

at 1.8 GHz. The 1 dB compression point is also shown. It can be seen from this plot 

that the output power of the amplifier begins to saturate and the gain compresses 
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Figure 2.1: Amplifier Output Power and Gain Characteristics 

at high input power levels. As the gain at the fundamental begins to compress, the 

DC and harmonic content of the output waveform is increasing. This corresponds 

to the changing shape of the output waveform as the sinusoid becomes increasingly 

clipped. 

Intermodulation Distortion Now consider an amplifier represented by the same 

power series, this time excited with two equal amplitude sinusoids at different fre

quencies. The input signal will be Vi(t) = Acos^t) + Acos(u2t). If we make a 

narrowband assumption2 this will result in an output voltage of: 

v0(t) = k2A2 + (kxA + ^3A3^) cos [uit) + (kiA + ^A3^ cos (u2t) + 

+k2A2 cos ((u>i + u2) t) 4- k2A2 cos ((u2 -u>i)t) + 
2The assumption here is that the two signals are separated in frequency by a small enough 

amount that the coefficients in the power series representation will be the same at both frequencies. 
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3 3 
+-^k3A3 cos ((2a;! - u2) t) + -^k3A3 cos ((2u2 - UJx) t) + 

113 
+ -k2A2 cos (2uxt) + -k2A2 cos (2u;2i) + j h A 3 cos ( ( 2 ^ + LU2) t) + 
2 2 4 
3 1 1 

cos ((wi + 2u2) t) + ~ h A 3 cos (3u;it) + -^hA3 cos (3w2*) (2.4) 

Graphically, this spectrum can be seen in Figure 2.2. 

DC 

lx>2 — U!\ 2ô2 + wi 
2tJi + W2 2wi - u>2 

Figure 2.2: Amplifier Output Spectrum with Two Input Sinusoids 

The output spectrum contains of a number of different components. In addition 

to the DC, fundamental and harmonics seen with a single tone input, second order 

(u>2 ± UJI) and third order (2UJX ± ui2 and 2UJ2 ± ux) intermodulation products have 

appeared in the output. Although not shown here, if more terms are included in the 

power series, higher order harmonics and intermodulation products will also appear 

in the output spectrum. Other than the fundamental, these components are all 

unwanted distortion created by the amplifier. Also, as with the single tone case, 

the two fundamental frequency components contain the A;3 term from both self- and 

cross-modulation. This will again appear as gain compression at higher input powers. 

A common way to characterize the non-linear amplitude distortion of an amplifier 

under a two tone input is using the third order intercept point. This is the oper

ating point where the power in the fundamental and the power in the third order 

intermodulation product are the same. In practice, this point cannot be reached due 
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to saturation effects in the amplifier, but it can be measured by extrapolating the 

curves at a lower power level as shown in Figure 2.3. 

30 

20 

I 0 

-30 -

-50 

Third Order Intercept 

Fundamental Power 
Third Order Intermodulation Power 

-20 -15 
Input Power (dBm) 

Figure 2.3: Amplifier Fundamental and Third Order Intermodulation Power Char

acteristic 

It can be seen that because of the cubic relationship, the power in the third order 

intermodulation product increases at three times the rate of the fundamental. The 

output power where the two would intersect is the third order intercept point, and 

is a good indicator of the linearity of an amplifier. 

Non-Linear Phase Distortion 

In addition to distorting the amplitude of a signal, the amplifier also introduces 

distortion to the phase. This is know as AM/PM distortion, and is shown in Figure 

2.4. The figure shows the output phase response versus input power for a Mini-

Circuits ZHL-4240 amplifier operating at 1.8 GHz. With a single tone input, this 
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-30 -25 -20 -15 -10 -5 
Input Power (dBm) 

Figure 2.4: Amplifier Output Phase Characteristics 

type of distortion causes a phase shift that varies with input power, although for 

this amplifier the effect is quite small. Non-linear phase distortion like this can be 

modeled by making the coefficients (k\, k% ka,...) in the power series representation 

of Equation 2.1 complex rather than real, to reflect the dependence of the output 

phase on the input voltage. Under a multi-tone input, this type of distortion also 

introduces intermodulation products similar to non-linear amplitude distortion. 

2.1.2 Linear Distortion 

In addition to the above effects, the amplifier can also exhibit variations with fre

quency. This is not a non-linear effect, and does not vary with the input power. It 

is merely due to the components in the amplifier exhibiting differing behavior across 

the desired frequency band. This causes different frequency components of the signal 
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to be scaled and phase shifted differently. It will also cause some problems with the 

performance of feedforward linearization, as will be discussed in section 4.2.3. 

Gain Variation With Frequency 

One source of linear distortion is a non-flat gain across the band. This can be seen 

in the Mini-Circuits ZHL-4240 amplifier frequency response shown in Figure 2.5. 

From the plot, it is clear that the average gain of the amplifier is around 43.3 dB, 
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Figure 2.5: Amplifier Gain and Delay Frequency Response 

but there is some variation in the response. Ideally, all frequency components of 

the signal should be amplified equally, but a practical amplifier has some variation 

across the band due to the characteristics of the circuitry used to match the power 

transistors. Careful design can reduce this variation, but it cannot be completely 

eliminated. The amplitude variation with frequency is generally not a significant 

problem for narrowband systems, where the signal bandwidth is small enough that 
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the amplifier response is basically flat. However, newer generation systems are using 

much broader bandwidth signals, so this type of distortion is becoming more of a 

consideration. 

Phase and Group Delay Variation 

In a similar fashion, the phase behavior of the amplifier will vary across the band

width of the system as well. For the ideal situation where the amplifier has a constant 

delay across the band (and thus all frequency components are delayed equally), the 

phase response is perfectly linear. The deviation from linear phase can be analyzed 

using the group delay, which is defined as the slope of the phase response over fre

quency: 

T M = - — (2.5) 

If the phase response is linear, then the group delay will be constant, and no dis

tortion will be introduced. However, in a practical amplifier, this is not the case. 

This can be seen in the measurements presented in Figure 2.5, where significant 

delay variation can be seen across the band. The variation in delay causes different 

frequency components to be delayed differently, causing inter-symbol interference. 

Again, this is more of an issue as the data rates increase and the system bandwidth 

becomes wider. 

2.2 RF Signal Distortion 

When a real communications signal passes through an amplifier, it is distorted in 

the same manner as a single tone or multi-tone sinusoid. However, the effects are 

not as simple to measure. The amplitude and phase distortion of the amplifier will 
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distort the signal constellation, rotating and scaling i t . This is especially significant 

for higher order modulation schemes, where constellation points are very close to

gether and even a small amount of distortion can corrupt the received constellation. 

Also, intermodulation products and harmonics will appear in the amplifier output 

in addition to the original spectral content. 

The amount of distortion in the output signal generated by an amplifier is de

pendent on a number of factors. The characteristics of the amplifier itself, both the 

linear and non-linear effects, are of obvious importance. However, the characteristics 

of the signal are very important as well. The signal power, spectral characteristics, 

and peak-to-average ratio all play a role. 

2.2.1 RF Communication Signal Characteristics 

The power of the input signal to the amplifier is a very significant factor in the amount 

of distortion generated. If the input signal is quite small, the amplifier will operate 

in a linear fashion. This is because the input voltage never pushes the amplifier into 

its non-linear region, where we would see gain compression. However, if the input 

power is larger and the amplifier is operating close to its 1 dB compression point, 

the non-linear distortion will be significant. Unfortunately, it is a requirement to 

operate the amplifier very close to the maximum possible output power. This is due 

to the cost of the amplifier, which by some estimates makes up around one third of 

the cost of the entire base station in a cellular system. It is not practical to deploy an 

enormous amplifier to achieve linear amplification due to the prohibitive cost. Also, 

there are design, efficiency, and power issues that dictate an amplifier be operated 

at power levels close to its maximum. 
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Another determining factor in the amount of distortion is the characteristics of 

the signal being amplified. For a simple constant envelope signal, such as analog FM 

or digital PSK, the information is contained completely in the phase, and the signal 

constellation contains no amplitude fluctuations. This means the non-linear behavior 

of the amplifier is of no concern, as the signal has a constant power. However, modern 

communications systems use far more complicated modulation schemes, such as pulse 

shaped DQPSK and QAM. Also, the increasing use of spread spectrum techniques 

(such as CDMA and OFDM) impacts the signal characteristics. All these types of 

signals carry information in both the phase and amplitude. The fluctuations in the 

signal envelope result in distortion of the amplitude and phase of the constellation 

during amplification. Systems utilizing these types of modulation schemes require 

linear amplification to avoid corrupting the information. 

Another important characteristic of the amplifier input signal is the range of 

amplitude fluctuation, which is usually characterized by the peak-to-average ratio. 

For many modern communications signals using complex modulation schemes, the 

instantaneous peak power can be 13 dB or more larger than the average signal power. 

The amplifier may be operating at a quite low average power, but the large peak 

excursions will push the signal very far into the amplifier's non-linear region. In this 

situation, distortion due to the non-linear behavior of the amplifier is unavoidable. 

2.2.2 Adjacent Channel Interference 

In any practical wireless communications system, the amplifier output is filtered 

prior to being transmitted by the antenna to avoid transmitting excess frequency 

components into the wireless channel. Filtering can easily eliminate the harmonic 



2.2 R F Signal Distortion 16 

frequencies and the even order intermodulation products, as Figure 2.2 has shown 

these components to be significantly separated from the frequency of the desired 

signal. Thus, the interference due to these frequency components can basically be 

neglected when designing or measuring an amplifier. However, the odd order inter

modulation products fall very close to the desired signal, and are in the passband 

of the system. This means they cannot be eliminated via filtering. These inter

modulation products are a primary concern in the system design, as they cause the 

amplified signal to occupy significantly more bandwidth than the original signal. 

This will either reduce the spectral efficiency of the system or cause interference, 

neither of which is acceptable. These intermodulation products must be reduced as 

much as possible to ensure maximum system capacity. 

Although the two-tone third order intercept point is a valid measure of the lin

earity of an amplifier, it doesn't adequately characterize the performance in a real 

system with an actual communication signal. A real signal does not just contain one 

or two frequency components, it is spread across a larger band of frequencies, and 

consequently the non-linear distortion created by the amplifier also occupies a range 

of frequencies. Figure 2.6 shows the effects a non-linear amplifier will have on the 

power spectrum of a real communications signal, with both the input and distorted 

output signal shown. The input signal is a 125 ksymbol/s f DQPSK modulated 

signal. A square root raised cosine filter with a rolloff factor of j3 = 0.35 was used to 

limit the signal bandwidth to approximately 125 kHz. It can be seen that the input 

signal in Figure 2.6 is constrained nicely in this bandwidth. The output spectrum 

shown is after amplification with a Mini-Circuits ZHL-4240 amplifier operating very 

near its 1 dB compression point. We can see that at this high power level, the non-
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Figure 2.6: Amplifier Input and Output Spectrum 

linearity of the amplifier has caused the output signal to be spread in frequency. In 

the center of the band, the output signal has a similar characteristic to the input 

signal, but outside the original bandwidth we can see the output contains additional 

frequency content. This is the same effect that resulted in odd order intermodula

tion products with a two tone input signal. In this case, the third order non-linearity 

has caused the first set of shoulders on the output signal, which are around 45 dB 

down from the signal peak. We can also see the spreading due to the fifth order 

non-linearity which is further out in frequency and at a lower level (around 58 dBc). 

This output signal is unacceptable from a system perspective, as the distortion spills 

out of the channel used by the signal and into nearby channels that are occupied by 

signals from other users. This is known as adjacent channel interference, and reduces 

the spectral efficiency of the system. 



C h a p t e r 3 

A m p l i f i e r L i n e a r i z a t i o n T e c h n i q u e s 

The non-linear distortion generated by a power amplifier has a number of negative 

effects on the performance of a wireless communication system. The additional 

frequency components generated by the intermodulation distortion process cause 

the amplified signal to occupy a broader bandwidth, possibly causing interference 

with signals in nearby frequency channels. The interference either causes a decrease 

in the capacity of the system by reducing the achievable data rate, or a decrease 

in the spectral efficiency by requiring guard bands between channels. As the recent 

frequency spectrum auctions have shown, spectrum allocations are one of the most 

valuable commodities around. There is extreme pressure to achieve high levels of 

spectral efficiency, and squeeze the largest possible capacity out of a given allocation, 

even if it requires a significant increase in system cost or complexity. In response to 

the need to correct the amplifier's non-linear distortion, a number of power amplifier 

linearization techniques have been developed, and a significant amount of research 

is ongoing in this area. 

There are a number of different figures of merit that can be used to evaluate the 

performance of a power amplifier linearization technique, some of which are listed 

here: 

• degree of distortion cancellation 

• bandwidth 
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• complexity 

• stability 

• reliability 

• cost 

• effect on amplifier efficiency 

• physical size 

There is no "perfect" linearization scheme that achieves excellent performance under 

all these criteria. Thus, the choice of linearization scheme depends on the priorities 

and requirements for a particular system. For base station power amplifiers in wire

less communications systems, the above list is approximately ordered by importance. 

Issues like size, efficiency, and cost are of less importance in these types of systems, 

where bandwidth and linearity are the primary system requirements. 

3.1 Output Power Reduction 

The simplest and most obvious linearization technique is the brute force approach, 

where the amplifier is operated in such a way that it does not exhibit non-linear 

characteristics. This involves running at a power level that is significantly below the 

amplifier maximum, so that even the most extreme peaks of the signal do not push 

the amplifier into non-linear operation. Referring to Figure 2.1, this would mean 

reducing the input power so the amplifier is operating well down on the curve, far 

from the region where the gain starts to compress. In this region, the operation 
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of the amplifier is basically linear. Another way to achieve linear operation in this 

manner is to maintain the output power at a high level, but employ a larger amplifier 

with an even higher power rating. Again, this will keep the amplifier operating in 

the linear region. 

However, neither of these brute force approaches to linearization is practical in 

a real system. This is due to several factors, some of which haven't been considered 

yet, such as the efficiency of the amplifier. A measure of efficiency commonly used 

for RF power amplifiers is power added efficiency. It is defined as the ratio of the 

added RF power to the DC input power: 

P — P. 
1 outRF 1 inRF ,0 n x 

VPAE = p (3.1) 

Power added efficiency is a good metric for high power amplifiers, such as wireless 

base station amplifiers, where the RF input power can be significant. 

The DC input power is the power required to bias the transistors in the amplifier 

to the proper operating point. In a class A amplifier (the most linear operating 

mode), the DC input power is somewhat insensitive to the signal power. Thus, when 

the signal power is decreased, the DC input power changes little. Alternatively, if a 

larger amplifier is employed, there will be an increase in DC input power requirement, 

but no increase in output signal power. Using either of these approaches will decrease 

the efficiency of the amplifier. Decreased efficiency has a number of negative effects, 

such as higher operating temperatures and decreased device life. This makes it 

desirable to operate the amplifier at a highly efficient operating point. 

A second factor to consider is that the system requires a certain output power level 

to achieve the required coverage and capacity. Thus, reducing the output power to 
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eliminate interference is not a possibility. However, operating at the required output 

power and achieving linear performance by using a larger amplifier is prohibitively 

expensive, if even possible. For an input signal with a large peak-to-average ra

tio, this would require an amplifier capable of thousands of watts of output power. 

Devices do not exist at these frequencies with output power capability that large. 

Thus, achieving linearity by running an amplifier in a reduced power manner is not 

appropriate for modern wireless communications systems. A more sophisticated lin

earization technique is required, one that allows the amplifier to be operated close 

to its 1 dB compression point for efficient operation and acceptable cost while still 

providing a linear output. 

3.2 Feedback Linearization 

Feedback is a technique first developed by H.S. Black, patented in 1938 [4]. Feedback 

linearization encompasses all methods where the amplifier output is fed back and 

compared to the amplifier input, and this difference signal is applied directly to the 

input to eliminate the distortion. 

3.2.1 Passive RF Negative Feedback Linearizer 

A simplified feedback linearizer is shown in Figure 3.1. This type of feedback network 

is best described as passive RF negative feedback. This is because only a passive 

element is used in the feedback path, and because all the signal manipulations take 

place at RF. The operation shown in the figure is the closed loop case - any distortion 

that appears at the output is fed back to the input and subtracted. This acts to 
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Figure 3.1: Simplified Feedback Linearizer 

eliminate the distortion at the output, and results in linear amplification. For this 

type of system, the intermodulation products generated by the amplifier will be 

reduced by the loop gain 1+CH- However, because the original input signal is fed 

back and subtracted from the input along with the distortion, there is also a similar 

reduction in the overall amplifier gain. 

Two significant design problems exist for feedback linearizers. The first is the 

delay in the feedback path. At higher frequencies, this delay can be several cycles 

of the carrier or more in electrical length, severely restricting the bandwidth over 

which the linearizer can operate. The other design problem is stability. The system 

must be carefully designed to have a gain of less than one at any frequencies where 

oscillation is possible. This requires proper filtering in the loop to limit the gain to 

a certain bandwidth. Significant design trade-offs must be made between loop gain 

(and thus linearity improvement), stability, and bandwidth. 

3.2.2 V a r i a t i o n s O f T h e Feedback L i n e a r i z e r 

Many other variations of the feedback technique exist. By including an active element 

in the feedback path, the dynamic range of the system can be increased. This is 
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referred to as active R F negative feedback. 

Another possible modification is to eliminate the original signal component in 

the feedback signal, and thus feedback to the input only the intermodulation prod

ucts generated by the amplifier [5]. This system has the advantage of reducing the 

intermodulation distortion without reducing the gain of the desired signal. 

Still more variations on feedback can be implemented if the feedback is not done at 

RF frequencies. The feedback signal can be downconverted to an IF or to baseband, 

and then the correction can be applied prior to the upconversion of the original 

signal. This allows the non-linear behavior of the mixers to be compensated for as 

well. The IF or baseband correction can be done in a polar (amplitude and phase) 

or Cartesian (in-phase and quadrature) form. 

When the correction is implemented at an IF or at baseband, another possibility 

is implementing the correction using DSP, rather than using analog hardware. The 

use of DSP allows adaptive gain adjustment, phase shift, and filtering in the feed

back path, meaning the feedback linearizer achieves the best performance possible 

while ensuring stability. Most modern feedback systems are realized using an IF or 

baseband DSP implementation. 

3.3 Predistortion 

Conceptually, predistortion is the simplest linearization technique, and this simplic

ity is also seen in the implementation. A simplified predistortion linearizer is shown 

in Figure 3.2. A simple two tone example is shown, where the predistortion signal 

containing the inverse of the anticipated intermodulation distortion products is gen-



3.3 Predistortion 24 

Input Signal 
Amplifier 

Output Signal 

Predistorter 

F 

\ 

Predistorted Signal 

Figure 3.2: Simplified Predistortion Linearizer 

erated by the transfer function F. The resulting amplifier output will consist only 

of a linearly amplified replica of the input signal. The predistorter basically has a 

non-linear transfer function that is the inverse of that of the amplifier, meaning the 

overall cascade of the two responses is linear over a broader power range. Another 

perspective is that the predistorter adds extra power to the original signal to over

come the gain compression of the amplifier, and also applies a signal to cancel the 

distortion resulting from the non-linear amplification. 

The concept and implementation of predistortion are very simple, however, the 

generation of the predistorted signal is very difficult. There are two techniques to 

generate the predistorted signal. The first is to use a second non-linear analog device 

to generate a set of distortion products. These are then properly scaled, phased, and 

added to the original signal to create the predistorted signal. The second method 

involves using a DSP solution. A model of the amplifier non-linearity is contained 

in the DSP, and is used to implement a non-linear transfer function that is the 

inverse of that of the amplifier. This DSP model can also be made adaptive by 
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sampling the amplifier output, measuring the amount of distortion, and updating 

the model to minimize the distortion [6]. This allows the model to be adapted 

for temperature, aging, different frequency channels, and other variations. Modern 

predistortion systems almost exclusively use DSP to generate the predistorted signal. 

Predistortion can be implemented in a number of ways. An RF predistortion 

system uses an active or passive analog non-linear element operating at the radio 

carrier frequency to generate the predistorted signal. IF predistortion implements 

the predistortion at some intermediate frequency, possibly allowing the system to 

be used at a number of different carrier frequencies. The final implementation of 

predistortion is baseband predistortion, where the inverse transfer function is applied 

prior to upconversion of the signal. This is obviously the system most amenable to 

DSP generation of the predistorted signal. 

The performance of a predistortion linearizer is limited by a number of factors. 

The most significant is the intimate knowledge of the non-linearity that is required. 

One major area of current research is into the characterization and modeling of 

the memory effects of the amplifier [7], to incorporate this knowledge into the pre

distortion model used in the DSP. Incomplete characterization of the non-linearity 

and poor implementation of the inverse model restricts the bandwidth and linear

ity improvement of the predistortion linearizer. This is partly overcome by some 

adaptive predistortion linearizers that don't require a model, merely adapting the 

transfer function to achieve the best performance. Another limitation in a predis

tortion system is the capability of the digital hardware used. For a large distortion 

reduction, predistortion requires complex DSP algorithms, a very fast processor, and 

large memory resources to implement the complex inverse model. 
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3.4 L i n e a r A m p l i f i c a t i o n U s i n g N o n - L i n e a r C o m p o n e n t s 

The linear amplification using non-linear components (LINC) system is a slightly 

different approach to linearization. Rather than an attempt to improve the perfor

mance of an existing amplifier, LINC attempts to provide linear amplification using 

amplifiers that can be highly non-linear. Most of the other solutions discussed in 

this chapter are better suited to improving the performance of an existing amplifier 

that only has a mild non-linearity. 

A simple schematic of a LINC system is shown in Figure 3.3. The basic principle 
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Figure 3.3: Simplified L INC System 

of the LINC system is to take the input signal, which contains information in both 

amplitude and phase, and split it into two constant envelope signals [8]. The signal 

separation can be done using analog components, but most modern implementations 

of LINC use DSP based component separation. While the original signal required 

linear amplification, the constant envelope signals contain only phase modulation 

and can be amplified by non-linear amplifiers without causing distortion. Although 

the component signals are completely different from the original signal, they are 

designed in such a way that when they are re-combined, they produce an amplified 
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replica of the input signal. 

LINC has a number of attractive features. The use of highly non-linear amplifiers 

is a significant advantage, as these amplifiers can be designed to have very high 

efficiencies. Despite the loss introduced by the output combiner, LINC still achieves 

better efficiency than most other linearization methods. 

A significant design difficulty in LINC is that the two RF paths must be very 

well matched in gain and phase for the re-combination at the output to work prop

erly. This usually requires the incorporation of adaptive gain and phase shift in the 

structure, to maintain the balance and ensure proper operation. Another drawback 

of the LINC system is that the non-linear transformation used to generate the con

stant envelope signals from the original signal is basically imposing AM/AM and 

AM/PM onto the signal, causing it to be spread in frequency. These extra frequency 

components are canceled when the signals are re-combined, but the result is that the 

constant envelope component signals have a significantly larger bandwidth than the 

original signal. This means the LINC system requires very broadband amplifiers to 

operate properly. 

3.5 Envelope Elimination and Restoration 

The envelope elimination and restoration (EE&R) system is somewhat similar in 

principle to the LINC system. As with LINC, it involves the separation and recom

bination of the input signal to allow the use of a very efficient, highly non-linear 

amplifier. This technique was first developed by L.R. Kahn in the 1950's [9]. 

A simplified EE&R system is shown in Figure 3.4. 
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Figure 3.4: Simplified EE&R System 

The input signal to the system is separated into a phase component and an enve

lope component, and the phase component is used to phase modulate the amplifier 

input signal. As with LINC, this signal has no amplitude fluctuations, so a highly 

non-linear amplifier can be used. The envelope component of the input signal is 

used to modulate the output voltage of the amplifier, usually by controlling the 

power supply. The output signal will contain the re-combined phase modulation and 

amplitude modulation of the original input signal. 

As with LINC, EE&R utilizes highly efficient amplifiers for both the phase mod

ulated signal and the envelope signal, and thus has the potential to achieve both 

linearity and efficiency. However, the EE&R system has a number of drawbacks. 

The modulation of the output voltage using the envelope component of the input 

is a very difficult undertaking. If the input signal has a high peak to average ratio 

and thus fluctuates over a large range, it is often not possible to achieve this. Also, 

modulating the output voltage via the power supply is highly non-linear, so some 

sort of correction must be made to account for this. Additionally, for a wideband 

system, the envelope fluctuations can be very fast, making this even more difficult. 
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In practice, E E & R has not been applied in a commercial wireless base station appli

cation. 

3.6 Thesis Focus 

The linearization schemes presented above are certainly not a complete evaluation 

of all the different techniques and variations of those techniques available. However, 

they give a basic overview of some available solutions, and evaluate some of the ad

vantages and disadvantages of these choices. Obviously, tradeoffs have to be made 

in choosing a linearization technique to match the requirements for a particular ap

plication. For this thesis, the focus is on base station power amplifiers for wireless 

communication, in particular cellular systems operating in the PCS band. In this 

frequency range, at the required operating powers, and under the primary perfor

mance criteria for this application, one of the most attractive solutions is feedforward 

linearization, which will be discussed in detail in the next chapter. 



C h a p t e r 4 

F e e d f o r w a r d L i n e a r i z a t i o n 

Feedforward is a linearization technique developed in the 1920's by H.S. Black [10]. 

However, at the time, it was overshadowed by the simplicity and easy implementation 

of feedback techniques. It was only in the 1960's [11, 12] when research into feedfor

ward began in earnest. As the carrier frequencies and system bandwidths increased 

in some applications, the only practical linearization scheme was feedforward. Feed

forward linearization has since found application in many modern communication 

systems, such as HF military communication, cable TV amplifiers, satellite ampli

fiers, and cellular radio [13]. 

4.1 Feedforward Linearization Concept 

4.1.1 Basic Operation 

A simplified adaptive feedforward linearizer is shown in Figure 4.1. This shows 

the structure of the linearizer, as well as the two tone signal spectrum at various 

locations. The feedforward linearizer consists of two cancellation loops which act in 

an identical manner. The first is the signal cancellation loop, followed by the error 

cancellation loop. 

Signal Cancellation Loop 

The signal cancellation loop is designed to generate an error signal that consists only 

of the distortion from the main amplifier. In this loop, the input signal to be ampli-
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Figure 4.1: Simplified Adaptive Feedforward Linearizer 

fied is split with the input coupler Cin. One component goes to a vector attenuator 

and then to the main power amplifier, which is the amplifier to be linearized. The 

vector attenuator is merely a combination attenuator and phase shifter. The other 

component from the input coupler goes through a delay line, and acts as a reference 

signal. The distorted main amplifier output signal contains not only a linearly am

plified version of the original signal, but also linear and non-linear distortion. The 

amplifier output signal passes through coupler Cdist, to split off some of the energy. 

The coupled signal is attenuated to roughly match the amplitude to that of the 

reference signal and is then applied to coupler CeTT, where the cancellation actually 

occurs. 

The reference signal used in the signal cancellation loop is generated by delaying 

the original input signal. The length of the delay line is set to match the delay 
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through the path containing the vector attenuator, main amplifier, coupler Cdist, and 

the attenuator. The reference signal and the sample of the main amplifier output 

are then added together in coupler Cerr. By carefully designing the delay line and 

the attenuator, these two signals arrive with the same amplitude and at the same 

time. The vector attenuator that precedes the main amplifier is used to provide fine 

tuning of the amplitude and to place the two signals out of phase with each other. 

This means that the reference signal will cancel the linearly amplified component of 

the main amplifier output signal, leaving only the distortion. This error signal is an 

exact replica of the distortion generated by the main amplifier. 

Error Cancellation Loop 

The error cancellation loop shown in Figure 4.1 is designed to take the error signal 

and use it to cancel the distortion in the main amplifier output. This loop operates 

in a very similar manner to the signal cancellation loop. The error signal is fed into 

the lower branch of the second loop, where it is amplified by the error amplifier. This 

amplifier boosts the power level in the error signal so that it will match the power 

of the distortion in the main amplifier output. The amplified error signal is applied 

to the output coupler Cout. 

The main amplifier output signal is delayed and then also applied to the output 

coupler. The second delay line is carefully designed to match the delay experienced 

in the generation of the error signal, which is the combined delay of the attenuator, 

coupler Cerr, vector attenuator, and error amplifier. The error signal and the dis

torted main amplifier output signal arrive at the output coupler at the same time 

and amplitude, and are added together out of phase. Again, the vector attenuator 
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is used to fine tune the amplitude and phase to ensure proper cancellation. The re

sult is that the amplified error signal will cancel the distortion in the main amplifier 

output signal, leaving only a linearly amplified version of the original input signal. 

The system has thus achieved its goal of providing a linear output by eliminating 

the distortion generated by the main amplifier. 

4.1.2 Advantages 

Bandwidth 

Feedforward linearization has a number of advantages over other techniques. One 

important advantage is that feedforward achieves distortion correction over a much 

broader bandwidth than any other linearization scheme. One reason for this is the 

time alignment in feedforward. In feedback, the biggest drawback was the time delay 

in the feedback loop, such that the input and output signals were not aligned in time 

when they were compared. This limited the bandwidth. In feedforward, the delay 

lines in each loop are designed to align the signals in time. This results in feedforward 

having a much broader bandwidth than feedback. 

Another reason for the broadband capability of feedforward is the fact that all 

the components in the system are analog. All of the cancellation and signal ma

nipulations are done at RF by analog components which can be designed to have a 

very broadband response. The use of analog components as opposed to some type 

of DSP implementation avoids any limitations due to quantization, sampling rate, 

or frequency response of the digital hardware. 
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S t a b i l i t y 

Another advantage of feedforward over feedback is that feedforward doesn't suffer 

from the stability problems inherent in feedback techniques. If the feedforward struc

ture is carefully analyzed, there do exist paths by which signals could be fed back 

to the input. Thus, it is theoretically possible that at some frequencies there would 

be enough gain and the proper phase to cause the structure to become unstable. 

However, if this analysis is completed [14], it becomes obvious that if the couplers 

used in the system have even a tiny amount of directivity, reaching an unstable 

operating condition is impossible. Thus, we basically consider feedforward to be un

conditionally stable, and don't take stability into consideration when designing the 

system. 

Direct Generation of Error Signal 

Predistortion is a linearization technique that has received a lot of interest, and is 

another viable choice for linearization of power amplifiers for wireless base station 

applications. However, as discussed in Section 3.3 the performance of predistortion 

suffers due to the limitations of the inverse non-linear models used. Feedforward 

has the advantage of not requiring any knowledge or model of the non-linearity of 

the amplifier. The signal cancellation loop generates an error signal that is an exact 

replica of the amplifier distortion. This allows feedforward to achieve very high levels 

of distortion cancellation, in excess of the capabilities of any other technique. 
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4.1.3 Disadvantages 

Cost and Complexity 

The most obvious disadvantage of feedforward linearization is the cost and complex

ity increase. To linearize the main power amplifier, the system requires a significant 

increase in the amount of hardware. A second power amplifier is required, along 

with vector attenuators, couplers, fixed attenuators, and delay lines. This adds to 

the cost and size of the system. 

Design Effort 

Another negative aspect of feedforward is the design effort required, as a feedforward 

linearizer requires very careful design to work properly. The overall linearity correc

tion is very sensitive to a number of parameters — the amplitude, phase, and delay 

in each loop of the feedforward must be designed very carefully to achieve maximum 

cancellation. Also, to achieve the best possible bandwidth, all of the components 

in the system must be designed to have an ideal response over a broad bandwidth. 

This means that designing and implementing the system is quite difficult and time 

consuming. 

Gain and Power Reduction 

Feedforward linearization operates by adding the distortion products back to the 

amplifier output in antiphase. To accomplish this requires placing a delay line and 

two couplers after the main amplifier output. This is the high power portion of 

the circuit, and any loss here reduces the available gain and output power of the 

circuit. Although these components can be designed to be as low loss as possible, 

there will still be some reduction. The reduction in gain is not a significant problem, 
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as this can be compensated for by adding a little more gain on the low power side of 

the amplifier. However, the loss in output power is more important — to maintain 

the output power level required by the system necessitates either driving the main 

amplifier harder and causing more distortion, or using a more expensive amplifier 

with a higher output power rating. Thus, every design effort must be made to 

minimize the loss in the high power portion of the circuit. 

4.2 Feedforward Linearization Performance and Limitations 

4.2.1 Error Amplifier Requirements 

One primary issue in the implementation of a feedforward linearizer is the design of 

the error amplifier, as this is one of the most important components in the system. 

The error amplifier acts to increase the power of the error signal such that it can be 

used to cancel the distortion of the main amplifier. 

The most important note about the error amplifier is that this amplifier is not 

linearized in any way — the distortion correction provided by feedforward is applied 

only to the main amplifier. Any distortion generated by the error amplifier is not 

corrected, and is added directly to the overall output [15]. Thus, for feedforward 

to work, the error amplifier must operate in a highly linear manner and generate 

very little distortion. Because of this requirement, the error amplifier is usually 

implemented as a highly linear class A amplifier that is operated well below its 

maximum output power to avoid any distortion. 

One additional comment is that the cancellation in the signal cancellation loop 

has an effect on the the error amplifier. Incomplete cancellation of the original signal 
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component of the error signal will increase the error signal power. This is because 

the original signal component is at a much higher level than the distortion. If the 

cancellation does not reduce the original signal component sufficiently, the error 

amplifier will be driven too hard and create distortion that will appear at the output 

of the linearizer. 

Output Coupling Ratio 

The distortion component of the main amplifier output signal is at a much lower 

power than the original signal component, even if the main amplifier is driven close to 

its 1 dB compression point. Since the error signal should contain only the distortion, 

it will be quite low power. One would assume therefore that the error amplifier 

would need not have a very high power rating. However, this is not necessarily the 

case — a number of factors come into play here. The error signal is added back into 

the output through the output coupler Cout, by driving it back through the coupled 

port. Thus, the error signal experiences a loss equal to the coupling ratio. The main 

amplifier output signal passes through the coupler, where it experiences only a small 

loss. 

The theoretical relationship relating the coupling ratio C and the loss through 

the coupler L is given as: 

L{dB) = -10 log 
-C(dB) 

1 - l o — — 
(4.1) 

If a low coupling ratio is used, the error signal does not suffer as much loss from 

being driven back through the coupler. However, from Equation 4.1, it can be seen 

that in this case there will be more loss in the main (high power) path through the 

coupler, which as mentioned before results in less gain and less output power. Thus, 
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the system demands the through loss to be as small as possible, dictating a high 

coupling ratio (at least 10 dB). However, the drawback of this is that since the error 

amplifier has to drive the error signal back through the coupled path, the error signal 

must be amplified to a higher power level. 

As an example, if a 20 dB output coupler is used instead of a 10 dB coupler, 

the theoretical main path loss will decrease from 0.458 dB to 0.044 dB. This 0.4 

dB difference can be a significant amount of power for a high power base station 

amplifier. However, at the same time, the error amplifier would need 10 dB more 

gain, and more importantly, 10 dB more output power to still provide the proper 

power level to cancel the distortion at the output. Obviously this means the error 

amplifier must have a higher output power rating, to avoid generating irreducible 

distortion itself. There is a clear tradeoff between the loss of the high power main 

amplifier signal and the power rating of the error amplifier. 

Error Signal Characteristics 

Another difficulty in the design of the error amplifier is with the characteristics of 

the error signal. This signal ideally contains only the distortion created by the main 

amplifier. Although the distortion is at a low power, it tends to have a very high 

peak-to-average ratio. Obviously this is dependent on the modulation scheme used, 

but it is possible for the error signal to have a greater peak-to-average ratio than 

the original signal. Additionally, as described in Section 2.2.2, the intermodulation 

distortion contained in the error signal has a bandwidth three to five times larger 

than that of the original signal. Thus, the error amplifier has to have a significantly 

wider bandwidth than the main amplifier and a high enough output power rating to 
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handle the large peak-to-average ratio without generating distortion. 

All of these factors result in significant demands on the error amplifier. Because 

of the requirement to overcome the output coupling ratio, the large peak-to-average 

of the error signal, and the need to avoid generating irreducible distortion in the 

overall output, the error amplifier often has to be almost as large in power capability 

as the main amplifier. It also needs to have a broader bandwidth than the main 

amplifier. This makes the error amplifier one of the most important components in 

the feedforward linearizer, requiring careful design and implementation. 

4.2.2 Path Balance 

The basis of the operation of a feedforward linearizer relies on the cancellation of the 

signals traveling the two paths through each loop. The better the cancellation in each 

loop, the better the overall linearity performance. The depth of the cancellation in 

the loops depends on how well the amplitude, phase, and delay characteristics of the 

two signals are matched. To get optimum linearity performance, extreme accuracy is 

required. The inclusion of the vector attenuators allows fine-tuning of the amplitude 

and phase between the paths through the loops, and ensures the best performance. 

The operation of each loop in the feedforward linearizer can be viewed as the 

summation of two signals, each having a slightly different amplitude, phase shift, 

and delay. In one branch through the loop, this is the combined response of the 

amplifier and the vector attenuator (along with the appropriate couplers). In the 

other path through the loop, the response is that of the delay line and couplers. In a 

simplified manner, using a complex baseband notation, the cancellation loop could 

be viewed as in Figure 4.2. 
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9i(t) = a ( t ) e ^ l 
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Figure 4.2: Simplified Cancellation Loop 

The input signal Si(t) contains a real envelope component a(t) and a phase com

ponent 9{t). The output signal from the cancellation loop s0(t) will be: 

s0{t) = si(t) + s2(t) 

So(t) = aio(*-Ti)e*w*-Tl)+*ll+a2o(t-^)^(t-,a)+*a] (4.2) 

The amount of cancellation achieved by the loop will be given by: 

So(t) 
cancellation = 

cancellation — 

si(t) 

cancellation(dB) = 20 log 

axa(t - r1)eJ'[e(£-Ti)+^] 

a,a{t - n ) ^ - ^ ^ + a2a{t - ^ [ ^ 2 ) + ^ } 

axa(t - rOeJ'W-^+H 

(4.3) 

The goal of the cancellation loop is to minimize the output signal by choosing the 

proper values for the scaling, phase shift, and delay in each branch of the loop. 

Amplitude Matching 

To analyze the required amplitude matching accuracy, we will assume that the two 

signals are antiphased and time aligned properly through the use of the vector atten

uator and the proper length of delay line. Under these assumptions, <j)2 — cf)\ +7r and 
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r2 — rx. If the amplitude error in dB between the two signals is given by e, then we 

state that a2 = 10so"ax. Under these conditions, the maximum possible cancellation 

given in Equation 4.3 will become: 

axa(t - T1)eJW-T1>+*1] + 10*Qia(i - Tx)ej^t~T^+'>n+^ 
cancellation(dB) = 20 log 

= 20 log 

= 20 log 

axa(t - n^W-^+'W 

1 + \ m e ^ 

1 - 10*5 (4.4) 

Thus, if the goal of the system is to achieve 30 dB of cancellation in a loop, Equation 

4.4 shows us that the amplitude of the two signals would have to be within ±0.27 dB. 

This level of accuracy must be kept over the entire bandwidth over which distortion 

cancellation is to be applied, making it a very difficult design constraint. Keep in 

mind this assumes perfect time alignment and also that the signals are exactly out 

of phase. 

Phase Matching 

Similar stringent requirements are placed on the phase accuracy. From the starting 

point of Equation 4.3, in this case we assume that the two signals to be canceled 

are amplitude scaled to the same level and time aligned correctly. Under these 

assumptions, a2 = ax and r2 = rx. If the two paths through the loop are not quite 

out of phase, with a phase error of 5 radians, then we state that <fo — 0i + TT + 5. 

Under these conditions, the maximum possible cancellation will become: 

axa{t - n)eW-Ti>+*] 4- axa(t - Tl)e^t-T^l+n+^ 
cancellation(dB) = 20 log 

- 20 log 

= 20 log 

axa(t - Tl)eW(t-Ti)+*i] 

1 + e 

1 
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10 log 2 - eJ0 - e S „-j6 

10 log [2 - 2 cos (5)} 

20 log 2 sin | i (4.5) 
2t 

Thus, if again the goal of the system is to achieve 30 dB of cancellation in a loop, 

Equation 4.5 shows us that the phase of the two signals would have to be within 

±1.8°. 

Delay Matching 

The delay between the two paths in the loops in the feedforward linearizer is matched 

at the center frequency by designing the delay line to be the proper length. However, 

due to limitations of components and long-term drift, the delay will not be, exactly 

matched. This means that even if the vector attenuators were adjusted to give the 

required scaling and phase shift for good cancellation at the center frequency, as 

the signals move away from that frequency (or for a very wideband signal), the two 

branches will become mismatched in phase. This will occur even for small differences 

in delay, and will decrease both the cancellation in the loop and the overall linearity 

of the linearizer. 

The delay matching requirement is a little more difficult to analyze, as it depends 

on factors we didn't need to consider for the amplitude and phase matching. A 

difference in delay between the two paths (r2 ^ T{) means the two signals will arrive 

at the output of the loop at different times. This has two effects, firstly that the 

RF carriers will be slightly out of phase due to the difference in delay. The second 

effect is that the information used to modulate the carrier will be slightly offset, 

which is much tougher to analyze. The implications of this will depend heavily on 
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the characteristics of the modulation scheme used to generate the data symbols, 

including considerations like the symbol rate and the degree of pulse shaping. 

It is difficult to quantify the effects of the mismatch in delay with regards to 

the data sequence. However, the delay differences that will appear in an actual 

feedforward system are very small compared to the symbol time of even the most 

broadband signals. We thus assume that the data has not effectively changed, and 

merely analyze the effects of the delay of the RF carrier. To do this, we realize that 

for a sinusoidal carrier a difference in delay merely introduces a phase error as you 

move away from the design center frequency. If we assume the amplitude and phase 

are exactly matched at the desired center frequency, we can develop an expression 

relating the delay mismatch and the cancellation. If u> is the bandwidth of the signal 

to be canceled and AT = r2 — T\ is the delay mismatch, then the phase error at 

the band edges will be given by 5 = \OJAT. Under these conditions, the maximum 

possible cancellation over the entire band for a given delay mismatch can be found 

from Equation 4.5: 

cancellation(dB) = 20 log 

- 20 log 

2 sin 

2 sin 

2 

UAT 
(4.6) 

4 

If the goal of the system is to achieve 30 dB of cancellation over a 50 MHz bandwidth, 

Equation 4.6 shows us that the delay mismatch between the two signals in the loop 

would have to be less than ±201 ps. 

Adaptation 

It is obvious that for the feedforward linearizer to achieve good performance, the 

requirements for the amplitude and phase balance in the loops are very stringent. 

file:///ojAt
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Figure 4.3 shows the combined result of Equations 4.4 and 4.5 as a contour plot. 

Clearly, any slight amount of drift from the optimum amplitude and phase balance 
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Figure 4.3: Cancellation vs. Amplitude and Phase Mismatch 

will severely decrease the amount of cancellation in the loops, and thus decrease the 

overall linearity. The vector attenuator adjusts the amplitude and phase to get it as 

close to the optimum as possible. 

In most modern applications, some type of adaptation is used to control the path 

balance, in most cases using a DSP based system. The DSP uses pilot signals or 

correlation to monitor the performance of the cancellation in the two loops, and 

applies control signals to the vector attenuators to maintain the optimum amplitude 

and phase balance. This compensates for drift due to temperature, aging, power 

level, frequency channel, etc. A great deal of research has been completed in the 

area of techniques and algorithms to control the adaptation, for more information 
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on this topic see References [16, 17, 18, 19]. 

One additional note is that the delay lines are fixed in the feedforward system, 

and can't be adapted. Although the vector attenuators can compensate for this 

at a single frequency, a delay mismatch will still decrease the bandwidth of the 

feedforward linearizer. 

4.2.3 Frequency Response 

One of the biggest limitations of the feedforward linearizer is the non-ideal frequency 

response of the components in the system. As discussed in Section 2.1.2, ideally the 

components should have a flat amplitude and linear phase response with frequency. 

As was shown in Figure 2.5, this is not the case for real components. Thus, the 

response of both paths through the loops in the feedforward linearizer will exhibit 

some variation with frequency, even if carefully designed. 

For a narrowband signal, this is not a problem, as the response is virtually ideal 

across the small bandwidth. The amplitude, phase, and delay can be set very pre

cisely to provide near perfect cancellation at and very near to the center frequency. 

The linearity correction provided by the feedforward linearization technique will be 

excellent in this situation. However, with the emergence of larger bandwidth sys

tems, such as third generation cellular and wireless broadband internet delivery, this 

is not the case. There will be significant variation in the component response across 

the signal bandwidth. Away from the design center frequency, the signals travel

ing through the two paths will have different amplitudes and no longer be out of 

phase. This decreases the cancellation for broader bandwidth signals, and reduces 

the linearity correction offered by the linearizer. 
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B a s i c F e e d f o r w a r d L i n e a r i z e r E x p e r i m e n t a l 

Results 

A basic feedforward linearizer was implemented to provide a baseline performance 

measure for the modified system discussed in Chapter 6. The center frequency of 

the design was 1.8 GHz, which would be appropriate for a possible application to 

the wireless PCS band. However, this frequency was primarily chosen to match the 

frequency of amplifiers and filters available in the lab. 

5.1 Design and Implementation 

The feedforward linearizer was implemented, wherever feasible, using existing con-

nectorized modules available from commercial manufacturers. This was done to 

speed up the design cycle as much as possible. Also, an effort was made to utilize 

components with as broad a bandwidth as possible, to achieve the best possible 

bandwidth from the linearizer. Broadband components will have a more ideal fre

quency response with less variation, and thus improve the cancellation bandwidth of 

the linearizer. 

The final implementation of the feedforward linearizer is shown in Figure 5.1. 
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Output Amplifier 
Mini-Circuits ZHL-4240 Coupler C'dut 

ATM C123E-2I 

COMW D*l*v Line 
S ) 0 0 

Signal Cancellation Loop Error Cancel l»t ion Loop 

0 0 0 
Coupler 
ATM C123E.30 

Pre-Araplifa 
Mini-Citauta ZFL-2,™ 

Output Amplifier 
Mini-Cirruils ZHL-42K1 

Figure 5.1: Basic Feedforward Linearizer Implementation 

5.1.1 Power Amplifiers 

In this feedforward implementation, the main and error amplifiers were chosen to 

be identical. This ensures that the error amplifier power rating is high enough 

that the non-linear distortion generated by the error amplifier will not affect the 

overall linearity. The amplifiers were chosen to have sufficient gain such that the 

upconversion mixer output could be used directly as the feedforward amplifier input. 

To achieve this, two amplification stages were required — a low power pre-amplifier 

and a higher power output stage. 

The pre-amplifier and output stage specifications are shown in Table 5.1. Note 

that amplifiers with a broadband characteristic have been chosen, to ensure maxi

mum linearizer bandwidth. 

Pre-Amplifier Output Amplifier 

Mini-Circuits ZFL-2500 ZHL-4240 

Frequency Range 500-2500 MHz 700-4200 MHz 

Gain 28 dB 40 dB 

Gain Flatness ±1.5 dB ±1.5 dB 

1 dB Compression Point 15 dBm 28 dBm 

3rd Order Intercept Point 27 dBm 38 dBm 

Table 5.1: Pre-Amplifier and Output Amplifier Specifications 
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5.1.2 D e l a y L i n e s 

The delay lines used for the feedforward structure are standard coaxial cables. The 

delay through the amplifier path in each loop was measured using a network analyzer, 

and the delay line was assembled to match it as closely as possible. The delay lines 

were tuned by adjusting the length in each loop to achieve the maximum cancellation 

bandwidth centered at 1.8 GHz. The final delay length through the reference path 

in the signal cancellation loop was 7.29 ns. In the error cancellation loop, the delay 

from the main amplifier output through the delay line to the output coupler was 

7.75 ns. 

5.1.3 Vector Attenuators 

There are a number of different ways to implement the vector attenuator in each loop 

of the feedforward linearizer. One possibility is using a separate variable attenuator 

and variable phase shifter, and thus using a polar type of implementation. Another 

possibility is building a quadrature structure. This requires power splitters or hy

brid couplers to separate and recombine the two components, and either variable 

attenuators or variable phase shifters in each arm of the design. Regardless of the 

implementation, the hardware used has to be designed very carefully to achieve the 

desired broadband performance. 

Desirable Characteristics 

There are several important characteristics in designing or choosing a structure for 

the vector attenuator. The first is that a reasonable tuning range of both attenuation 

and phase is required. For the attenuation range, the feedforward linearizer should 
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already be designed such that the amplitudes in each loop are close to balanced, and 

the only need is for fine tuning. Thus, the attenuation range can be quite small, only 

a few dB. However, the required phase shift to put the two paths through the loop 

out of phase with each other will require 360° of tuning range. 

Another important requirement for the vector attenuator is a small delay vari

ation over the tuning range. This is important because the delay lines are fixed in 

the feedforward structure, and are set in each loop to match the delay between the 

two paths. However, if the delay changes significantly when the vector attenuator is 

adjusted, the delay becomes imbalanced and the bandwidth will suffer. 

The final important characteristic for the vector attenuator is the oft-mentioned 

desire for flat amplitude and linear phase response with frequency. 

Design and Implementation 

Because of the need to satisfy these requirements, a specialized component was cho

sen to implement the scaling and phase shift functions in each loop. The part chosen 

was the surface mount MPT1820VA from Micro-Precision Technologies [20]. It uses 

a quadrature implementation, utilizing bi-phase attenuators in each arm to achieve 

a large attenuation range and 360° phase range. It is specifically designed for feed

forward and other similar applications. The specifications of the vector attenuator 

are shown in Table 5.2. 

Two control voltages are required to operate the vector attenuator — they control 

the bias on the PIN diodes used to implement the bi-phase attenuators. The control 

voltages are manually adjusted to vary the attenuation and phase shift. This was 

used to tune each loop of the feedforward structure for the best cancellation. 
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Micro-Precision Technologies MPT1820VA 

Frequency Range 1800-2000 MHz 

Minimum Insert ion Loss 10 dB 

Attenuation Range 20 dB 

Maximum R F Signal Input 20 dBm 

Input 3rd Order Intercept Point 40 dBm 

Time Delay Variation ±100 ps 

(with Attenuation Range 10 to 20 dB) 

Table 5.2: Vector Attenuator Specifications 

Since the MPT1820VA is a surface mount part, simple circuit boards were de

signed and built for mounting these devices. The boards were based on an evalua

tion board design supplied by Micro-Precision Technologies. The completed board 

is shown in Figure 5.2. The board contains the vector attenuator part, SMA connec

tors for the RF input and output, resistors, and decoupling capacitors on the control 

voltage lines. 

Figure 5.2: Vector Attenuator Board 
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The vector attenuator performance as measured on a network analyzer is shown in 

Figure 5.3. This plot shows S21 in polar format for the vector attenuator for a sweep 

of both the I and Q control voltages. S2i is the forward transmission coefficient, a 

measure of the complex gain (or loss) of a device. This device is well matched, so 

the input and output reflection coefficients Sn and are low enough they need 

not be considered. 

It can be seen that as the control voltages are adjusted, the in-phase and quadra

ture components of the output signal change, which results in a controlled attenua

tion and phase shift. Note that the curves for adjusting the I and Q components of 

the signal are not completely perpendicular, and also curve a little bit. This means 

that the two components are not completely independent. However, in almost any 

implementation this small impairment in the response will be compensated for by 

the system controlling the adaptation of the vector attenuator. In addition, it is clear 
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Figure 5.3: Vector Attenuator S21 
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from the unequal spacing of the lines in the plot that the change in the in-phase and 

quadrature components is a non-linear function of the control voltage. Again, this 

can be corrected by the control system. Although some small impairments exist, the 

response of this component is better than that of most other implementations. 

One advantage of this component is that the surface mount implementation is 

significantly smaller than implementations using connectorized components. Smaller 

size results in less delay through the component. This may seem relatively unim

portant, but consider the vector attenuator in the error cancellation loop of the 

feedforward structure. If this vector attenuator has excessive delay, the delay line 

opposite it must also be made longer to match. A longer delay line in the second 

loop introduces additional loss, which reduces the overall amplifier output power. 

Thus, minimal delay in the vector attenuator is an attractive feature. 

A disadvantage of this vector attenuator is its minimum loss specification of 10 

dB. To have the ability to tune the attenuation both lower and higher, the nominal 

attenuation must be set even higher than this. This large loss is primarily due to 

the loss in splitting and recombining the quadrature implementation. In fact, the 

integrated implementation used here will have lower loss than any connectorized 

implementation. 

Vector Attenuator Placement 

The placement of the vector attenuator in the system needs also be considered. It 

can be placed in either path through the loop, and would still fulfill its purpose of 

balancing the amplitude and phase. 

In the signal cancellation loop, the vector attenuator is placed in the main am-
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plifier path. In this position, any distortion generated by the non-linearity of the 

vector attenuator would be canceled in the same manner as the amplifier distortion. 

In the error cancellation loop, the vector attenuator is positioned with the error 

amplifier. If placed in the other path with the output delay line, it would be in 

the high power portion of the circuit after the main amplifier output. The large 

loss in the vector attenuator would severely reduce the overall output power of the 

structure. Thus, it is placed in the low power error path through the loop. 

Also, Figure 5.1 shows that the vector attenuator has been placed between the 

pre-amplifier stage and the output amplifier stage in both loops of the feedforward 

structure. This choice has to do with the noise figure of the circuit [21]. The vector 

attenuator has already been shown to have a large base loss. By placing this loss 

at the very input of a chain of devices, we are severely degrading the noise figure of 

the circuit. By placing the vector attenuator after the pre-amplifier, we reduce its 

contribution to the noise by a factor equal to the gain of the pre-amplifier stage. 

5.1.4 Directional Couplers 

The directional couplers used in the system have similar requirements to the other 

components in the system. To ensure good performance, broadband couplers from 

Advanced Technical Materials were used in the feedforward linearizer. The direc

tional coupler specifications are shown in Table 5.3. The coupling ratios used are 

very important parameters in the feedforward structure, as previously discussed in 

Section 4.2.1. 

For the output coupler Cout, a 10 dB coupling ratio was used. This avoids any 

irreducible distortion at the output by lowering the error amplifier output power. 
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Advanced Technical Materials C123E-10 C123E-20 

Frequency Range 1-4 GHz 1-4 GHz 

Coupling Ratio 10 dB 20 dB 

Maximum Insertion Loss 0.4 dB 0.4 dB 

Coupling Flatness ±1.0 dB ±1.0 dB 

Directivity 23 dB 23 

Maximum R F Power 47 dBm 47 dBm 

Table 5.3: Directional Coupler Specifications 

However, the drawback is that there is more loss in the high power portion of the 

circuit, so the overall output power will be slightly decreased. This is acceptable, as 

out focus in this design is on maximum linearity and bandwidth, not on the overall 

output power achieved. 

A 20 dB coupling ratio was used for the distortion coupler Cdist- Since this coupler 

is after the main amplifier, minimizing the loss will ensure maximum output power. 

A 20 dB coupler was also used for Cerr. 

For the input coupler Cin, a 10 dB coupler was chosen. This balances the 10 dB 

loss in the error loop imposed by the error coupler. By choosing the input coupler to 

match this, we can use the exact same amplifier and vector attenuator chain in both 

loops. Basically, it makes the two loops absolutely identical, simplifying the design. 

Finally, one additional 20 dB coupler was added to the structure, as shown in 

Figure 5.1. This coupler allows the error signal to be monitored during operation 

without disconnecting any components. 

5.1.5 Attenuator 

The final component used in the feedforward amplifier is the attenuator used on 

the coupled signal. This attenuator acts to roughly balance the signal levels in 
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the two paths through each loop so less attenuation tuning range is needed for 

the vector attenuators. To keep the implementation flexible, a manually adjusted 

variable attenuator was used rather than a fixed attenuator. The specifications of 

the Advanced Technical Materials variable attenuator used in the system are shown 

in Table 5.4. 

Advanced Technical Materials AV083E-20 

Frequency Range 1-4 GHz 

Attenuation Range 20 dB 

Maximum Insertion Loss 0.5 dB 

Maximum R F Power 38 dBm 

Table 5.4: Variable Attenuator Specifications 

5.2 L i n e a r C a n c e l l a t i o n M e a s u r e m e n t 

These measurements reflect the linear performance of both loops of the feedforward 

linearizer. For these measurements, a network analyzer was used to sweep the fre

quency of a tone at a low enough power to ensure the loops operated in a linear 

manner. 

5.2.1 Signal Cancellation Loop Linear Performance 

For this measurement, the network analyzer tone was applied to the overall amplifier 

input, and the response was measured at the output of the error coupler (Cerr). Since 

the power is low enough that the amplifier will be operating in a linear fashion, there 

will be no distortion generated by the main amplifier, and therefore no error signal. 

Thus, the signals should cancel perfectly, and no power should be seen at the error 

coupler output. 
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Figure 5.4 shows the cancellation performance in the signal cancellation loop. In 

an ideal situation, this plot would be perfectly flat with frequency, and would have 

a very low value. This would reflect perfect broadband cancellation. However, due 

to slight delay mismatch and the imperfect frequency response of the components in 

the system (despite their broadband nature), this can not be achieved. 

1.5 1.6 1.7 1.8 1.9 2 2.1 
Frequency (GHz) 

Figure 5.4: Basic Feedforward - Signal Cancellation Loop Linear Performance 

The actual performance of the loop can be explained by looking at the response 

of the two paths through the loop. Figure 5.5 shows the amplitude response of the 

two paths through the loop — one path through the vector attenuator and main 

amplifier chain, and the other through the reference path, passing through the delay 

line. Similarly, Figure 5.6 shows the phase difference between the two paths. 

We can see that at the design center frequency of 1.8 GHz, the two paths have 

the same amplitude response and are 180° out of phase. This gives us the excellent 



5.2 Linear Cancellation Measurement 57 

2 

-3 

V 

— Main 
Refer 

Amplifier Path 
snce Path 

\ 

<r «. . 

•4 — 1 1 1 1 1 1 
1.5 1.6 1.7 1.8 1.9 2 2.1 
Frequency (GHz) 

Figure 5.5: Basic Feedforward - Signal Cancellation Loop Amplitude Response 

cancellation (over 60 dB) at the center of the band. Thus, a narrowband signal at 1.8 

GHz applied to this loop will see almost complete cancellation of the linear portion, 

thus creating an error signal containing only the main amplifier distortion. 

However, as we depart from the center frequency, the performance decreases. 

This can be explained by the characteristics in Figure 5.5. Away from 1.8 GHz, we 

can see the amplitude response of the two paths is no longer the same. The path 

containing only the delay line and couplers is virtually flat, but the main amplifier 

path obviously has significant amplitude variation. Although the other components 

(couplers, vector attenuator, etc.) make some contribution, this is almost completely 

due to the variation in the frequency response of the main amplifier. According to the 

relationship in Equation 4.4, this amplitude variation will decrease the cancellation 

of the two signals. 
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Figure 5.6: Basic Feedforward - Signal Cancellation Loop Phase Difference 

Similarly, the phase response in Figure 5.6 shows that away from 1.8 GHz, the 

two signals are no longer exactly antiphase. This phase mismatch is mostly due to 

variation of the delay through the amplifier over the frequency band, especially at 

higher frequencies. As shown in Equation 4.5, this phase difference will also act to 

reduce the cancellation. 

The result of Figure 5.4 shows that if the system is used to amplify a very broad

band signal, 60 dB cancellation performance is no longer possible. 40 dB of can

cellation is available over a 25 MHz bandwidth, and the system is capable of 30 

dB cancellation over 66 MHz. The performance continues to degrade for broader 

bandwidths. However, the performance of the feedforward linearizer is quite excep

tional, and it achieves better bandwidth than any other linearization scheme. This 

is due to the advantages of feedforward outlined in Section 4.1.2, and also due to 
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careful design and choice of components with a good broadband frequency response. 

However, the mismatch in amplitude, phase, and delay contributed by the non-ideal 

frequency response of the components limits the achievable bandwidth. 

5.2.2 Error Cancellation Loop Linear Performance 

For this measurement, the network analyzer was applied to the distortion coupler 

(Cdist), and no signal was applied to the error coupler input. With no reference 

signal for cancellation, the error signal and the main amplifier output are the same, 

and these signals should cancel perfectly at the output coupler. Figure 5.7 shows 

the performance of the error cancellation loop. As with the signal cancellation loop, 

ideally this plot should be perfectly fiat at a very low value, but the non-ideal fre

quency response of the components has reduced the bandwidth of the cancellation. 
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Figure 5.8 shows the amplitude response of the two paths through the loop — 

one path traveling to the overall output through the couplers and output delay line, 

and the other through the error amplifier path. Figure 5.9 shows the phase difference 

between these two paths. 
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Figure 5.8: Basic Feedforward - Error Cancellation Loop Amplitude Response 

As with the first loop, we can see that the excellent cancellation at 1.8 GHz is 

due to the two paths having the same amplitude and being exactly out of phase. 

Away from the center frequency we see that the paths are no longer well matched. 

We can see from these plots that the error cancellation loop has performance 

almost identical to the signal cancellation loop. Indeed, we would expect this, given 

that the two loops are designed the same and use identical components. Thus, 

similar comments can be made about this loop, that the narrowband performance 

is excellent, and although the bandwidth is very good, it is limited by the frequency 
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Frequency (GHz) 

Figure 5.9: Basic Feedforward - Error Cancellation Loop Phase Difference 

response of the components. The primary source of the non-ideal amplitude and 

phase matching between the paths is the non-ideal frequency response of the error 

amplifier. 

5.3 Narrowband tt/4 DQPSK 

To demonstrate the capability of the feedforward linearizer, a performance test was 

done using a narrowband 7r/4 DQPSK signal. In this case, narrowband refers to the 

signal bandwidth being a small fraction of the carrier frequency. 

5.3.1 Signal Characteristics 

The signal used for this test is a standard 7r/4 DQPSK signal at 125 ksymbols/s (250 

kbits/s). The test signal was 256 symbols long, and was pulse shaped using a square 
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root raised cosine pulse using a rolloff factor j3 = 0.35. It was output on a 64 MHz 

IF and lowpass filtered at 70 MHz to eliminate the aliases from the D/A conversion. 

The signal was then upconverted to the final frequency of 1.8 GHz and bandpass 

filtered with a 50 MHz bandwidth to remove the lower sideband and carrier. This 

signal was then applied to the feedforward amplifier input. The final signal had a 

peak-to-average ratio of 5.75 dB. 

5.3.2 Signal Cancellation Loop Linear Performance 

The first measurement performed was to ensure the signal cancellation loop was 

operating correctly. Although it was verified in Section 5.2.1 and Figure 5.4 that 

the loop was performing very well, it is interesting to see the operation with a real 

signal and re-tune to ensure the best performance for this particular bandwidth. 

When operating under normal conditions, the in-band distortion generated by the 

amplifier will hide the performance of the cancellation in the first loop, making it 

difficult to verify what depth of cancellation is possible. To reduce the distortion 

level and achieve linear operation, the input signal to the amplifier was attenuated 

by 10 dB. This allows the cancellation performance of the first loop to be easily seen. 

The frequency spectrum of the input signal and error signal at the error coupler 

output are shown in Figure 5.10. From this plot, we can see that the first loop is op

erating properly, and that the original input signal component of the main amplifier 

output is being canceled by the reference signal. Indeed, for this narrowband signal, 

we see cancellation on the order of 50 dB. Thus, when the power is increased and 

there is distortion present in the main amplifier output, the error signal will contain 

only the distortion. 
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Figure 5.10: Basic Feedforward - Signal Cancellation Loop Linear Performance with 

TT/4 DQPSK Signal 

One additional note to make from this plot is that although the input signal is 

a reasonably linear 7r/4 DQPSK signal, there is already some non-linear distortion. 

This can be seen in the "shoulders" on the signal, at a level of approximately -55 

dBc. This is already present at the amplifier input, and is due to the non-linearity of 

the mixers used to generate the signals. This distortion already present at the input 

can not be canceled, and will appear at the output no matter how well the system 

works. 

5.3.3 L i n e a r i z e r P e r f o r m a n c e 

In this section, the overall performance of the feedforward linearizer was measured 

with the narrowband 7r/4 DQPSK signal. For this test, the input was applied at full 
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power, so distortion would be generated by the main amplifier and corrected by the 

feedforward structure. 

Figure 5.11 shows the spectrum of the amplifier input signal and the error sig

nal. Examining the error signal, we can see that the original input signal has been 
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Figure 5.11: Basic Feedforward - Input and Error Signals with 7r/4 DQPSK Signal 

canceled, and the error signal contains only the distortion from the amplifier, which 

is spread out over a broad frequency range. The main amplifier is being driven quite 

hard, and distortion due to the third, fifth, and even a small contribution from the 

seventh order non-linearity can be seen. The signal cancellation loop has caused the 

125 kHz band centered around 1.8 GHz to be reduced by 20 dB. Note that we do not 

see 50 dB cancellation in-band as we would expect given the earlier linear result. In 

fact, the loop is still achieving 50 dB of cancellation of the linear component of the 

error signal. However, the distorted main amplifier output contains not only out-of-
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band non-linear distortion, but also in-band distortion. The in-band component of 

the error signal is due to this distortion, not due to poor performance of the signal 

cancellation loop. 

Figure 5.12 shows the spectrum of the feedforward amplifier output, with and 

without the linearization operating. The overall feedforward amplifier output power 

is 29.51 dBm. The amount of distortion in the unlinearized output is not surprising, 
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Figure 5.12: Basic Feedforward - Linearized and Distorted Output Signals with 7r/4 

DQPSK Signal 

given the power level the main amplifier is operating at. The power measured at 

the main amplifier output is 30.31 dBm. The 1 dB compression point for the Mini-

Circuits ZHL-4240 used as the output stage is 28 dBm, so the main amplifier is 

operating 2.31 dB beyond its rated compression point. When the linearization is 

applied, the output shown in Figure 5.12 is a perfect linearly amplified replica of 
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the input signal. Thus, the feedforward linearizer has corrected the distortion of 

the amplifier, even at this very high drive level. We can see that the third order 

distortion is reduced by 30 dB, and the fifth and seventh order distortion is reduced 

to the noise floor. Also notice that the distortion has been reduced to the same 

level as was present in the original input signal, and no additional cancellation is 

possible. Thus, even though we don't see a full 50 dB cancellation of the distortion, 

the linearizer has canceled all the distortion that was created, and still has correction 

to spare. 

5.4 48 MHz Broadband PN Sequence 

To demonstrate the wideband performance of the feedforward linearizer, a perfor

mance test was done using a signal generated from a bandlimited pseudo-noise (PN) 

sequence. This is a deterministic signal with noise-like characteristics, including flat 

spectral content. 

5.4.1 Signal Characteristics 

A maximal length PN sequence was created using 16 shift registers, to create a 

sequence 65,535 chips long. This sequence was generated at 64 Msamples/s, and 

then pulse shaped using a square root raised cosine pulse shaping filter with a 48 

MHz bandwidth and a rolloff factor j3 = 0.15. The pulse shaped signal was output 

from the AWG on a 64 MHz IF, lowpass filtered at 100 MHz, upconverted to 1.8 

GHz, bandpass filtered with a 50 MHz bandwidth, and applied to the feedforward 

amplifier input. The final signal had a peak-to-average ratio of 9.23 dB. 
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5.4.2 S i g n a l C a n c e l l a t i o n L o o p L i n e a r P e r f o r m a n c e 

Similar to the measurements for the narrowband 7r/4 DQPSK signal, the signal 

cancellation loop was tested with the 48 MHz broadband signal to determine its 

performance under linear operation (with 10 dB of input attenuation). Figure 5.13 

shows the spectra of the input and error signals in the first loop. From this plot, 
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Figure 5.13: Basic Feedforward - Signal Cancellation Loop Linear Performance with 

48 MHz P N Sequence Signal 

we can see that the first loop is performing well, even with this broadband input 

signal. From the plot in Figure 5.4, we would anticipate 33 dB cancellation for this 

bandwidth of signal. From Figure 5.13, we indeed see between 30 and 35 dB of 

cancellation in the signal cancellation loop. Thus, for this 48 MHz bandwidth signal, 

the error signal will be generated properly. 
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5.4.3 L i n e a r i z e r P e r f o r m a n c e 

In this section, the overall performance of the linearizer is measured for the 48 MHz 

bandwidth PN sequence input. Figure 5.14 shows the spectrum of the feedforward 

amplifier input signal and the error signal generated in the first loop. Again, we can 
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Figure 5.14: Basic Feedforward - Input and Error Signals with 48 MHz P N Sequence 

Signal 

see that the reference signal has effectively canceled the original signal component 

in the distorted main amplifier output, leaving only the distortion. 

Figure 5.15 shows the spectrum of the feedforward amplifier output, with and 

without the linearization operating. The overall feedforward amplifier output power 

at the error coupler output is 25.45 dBm. From this plot, we can again see that the 

distortion created by the main amplifier is being canceled, although not to the level 

seen for the narrowband signal. At this bandwidth, we are starting to see the effects 
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Figure 5.15: Basic Feedforward - Linearized and Distorted Output Signals with 48 

MHz PN Sequence Signal 

of the degradation of the cancellation curves due to the non-ideal frequency response 

of the components. However, if the input signal and the output signal are compared, 

the performance is actually quite good when the difference in noise floor is taken 

into account. We can see that the input waveform has a noise floor of around -50 

dBc, while the linearized output has distortion products at -47 dBc. 

Note that the output power for this signal is significantly less than that of the 

narrowband signal, despite all the equipment being set up the same. This is due to 

the characteristics of the signals used — the broadband PN sequence has a higher 

peak-to-average ratio, so although the two signals have the same peak-to-peak voltage 

swing at the AWG output, the average power of the broadband signal is lower. 
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To further test the broadband performance of the feedforward linearizer, a test was 

done using an even broader bandwidth PN sequence, to push the feedforward lin

earizer to its limits. 

5.5.1 Signal Characteristics 

The broadband PN signal used for these tests was a maximal length sequence 65,535 

chips long, generated at 225 Msamples/s. It was then pulse shaped using a square 

root raised cosine filter with a 190 MHz bandwidth and a rolloff factor ft — 0.15. 

The signal was output from the AWG on a 225 MHz IF, lowpass filtered at 450 MHz, 

upconverted to 1.8 GHz, bandpass filtered with a 200 MHz bandwidth, and finally 

input to the feedforward amplifier. The final signal had a peak-to-average ratio of 

8.98 dB. 

5.5.2 Signal Cancellation Loop Linear Performance 

Linear measurements were also taken for the 190 MHz bandwidth signal. Figure 5.16 

shows the cancellation performance of the first loop. Under this very broadband ex

citation, we can see that the signal generation capabilities of the system are being 

severely taxed. Although the amplitude distortion generated by the D/A con

verter in the AWG is being properly compensated, significant slope of the waveform 

amplitude can still be seen. This is due to some additional impairment of the AWG, 

likely arising from the very high 900 Msamples/s sample rate required to output the 

broadband signal on a 225 MHz IF. 
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Figure 5.16: Basic Feedforward - Signal Cancellation Loop Linear Performance with 

190 MHz P N Sequence Signal 

Also note in this result that the input signal has a significant frequency component 

at 1.575 GHz, which is the LO carrier frequency used for the final upconversion. 

The feedthrough of this signal is due to limitations of the test system. The high 

IF required and the limits of the sampling rate of the AWG resulted in very little 

separation of the desired signal from the carrier. The final bandpass filter did not 

have enough attenuation to completely reject the carrier. 

The results of Figure 5.16 show that the performance of the first loop is starting 

to degrade compared to the narrower bandwidth results. At the center of the signal 

there is still over 30 dB of cancellation, although the cancellation achieved across the 

signal is limited to around 20 dB. This is basically what would be expected, based 

on the network analyzer measurement of Figure 5.4. However, 20 dB of cancellation 
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over 190 MHz of bandwidth is still a very good result, and the signal cancellation 

loop is still operating well enough to generate a reasonable error signal. 

5.5.3 L i n e a r i z e r P e r f o r m a n c e 

The behavior of the feedforward linearizer under higher power operation (without the 

input attenuation) is measured in Figure 5.17. The spectrum of the amplifier input 

and error signal are shown. From this plot, we can see that the linear component 
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Figure 5.17: Basic Feedforward - Input and Error Signals with 190 MHz P N Se

quence Signal 

of the error signal has been canceled, leaving only the distortion from the main 

amplifier. However, because the first loop is reaching the limit of its performance 

and the input signal is not being canceled as well, the remaining portion of the input 

signal is at a similar level to that of the in-band distortion, ranging from 20-35 dB 
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down. We can also see from this result that the input signal contains a significant 

amount of the carrier used as the mixer LO. Also note that some additional spurious 

mixing products have appeared. 

Figure 5.18 shows the spectrum of the linearized and distorted output of the feed

forward amplifier, operating at an output power of 25.73 dBm. This plot shows that 
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Figure 5.18: Basic Feedforward - Linearized and Distorted Output Signals with 190 

MHz P N Sequence Signal 

the feedforward amplifier is still achieving reasonably linear performance, even for 

this very large bandwidth. There is approximately 15 dB of cancellation of the third 

order distortion, which is significantly less than was seen for the narrower bandwidth 

signals. The distortion has been reduced to -42 dBc, which is the noise floor for the 

input signal, so the linearized output is still basically identical to the input. This 

is a very impressive result — with the main amplifier operating at 27.41 dBm, it 
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very close to its l d B compression point. Despite this, the feedforward linearization 

technique achieves reasonably linear amplification of a 190 MHz bandwidth signal. 

5.6 Summary 

This chapter has presented the results of measurements on a feedforward linearized 

amplifier. The system has excellent performance for narrowband signals, achieving 

linear amplification even when driven well beyond the 1 dB compression point. Very 

good performance was also seen for broadband signals driven at a level very close 

to compression, although for a 190 MHz bandwidth both the feedforward structure 

and the test setup were being pushed to their limits. 

However, it is important to recognize that the system used to generate these 

results was built to be an experimental lab system, and many of the design choices 

made would be impractical in a commercially designed feedforward amplifier. In 

particular, the focus on bandwidth with no consideration of cost or manufacturabil-

ity would not be practical in any real system. The modified feedforward structure 

discussed in Chapter 6 attempts to provide performance equal to that of the basic 

feedforward linearizer shown here, in a simpler, easier to design, and less expensive 

manner, with less stringent requirements on the performance of the system compo

nents. 



C h a p t e r 6 

D S P G e n e r a t e d R e f e r e n c e S i g n a l 

As the computational power of DSP increases, it is being utilized in many new 

applications. Also, with faster, higher precision D/A converters becoming available, 

the use of digital hardware becomes feasible in applications previously restricted 

to analog hardware. One possible way to overcome the inflexible nature of the 

feedforward linearization technique is to integrate DSP into the actual signal path, 

instead of just using it as an accessory to control the adaptation. 

All modern digital communication systems already contain a significant amount 

of digital hardware, likely including a DSP or some more customized alternative. 

Thus, the DSP can be upgraded to increase the computational power, and used 

to replace some of the analog hardware in the feedforward linearizer with a more 

flexible and adaptive digital implementation. This chapter presents a novel hybrid 

linearization architecture that combines the linearity correction of the basic analog 

feedforward linearizer with the flexibility of DSP. 

6.1 DSP Generated Reference Signal Concept 

The system discussed in this section is referred to as having a DSP generated refer

ence signal. This name implies that rather than generating the reference signal using 

an analog coupler or splitter as seen in the basic feedforward linearizer of Chapter 

4, the reference signal is generated in digital hardware. 
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6.1.1 H a r d w a r e D e s c r i p t i o n 

The feedforward linearizer with a DSP generated reference signal is shown in Figure 

6.1. As the feedforward concept is the basis of this linearizer, this system looks 

very similar to the basic feedforward linearizer already presented and operates in an 

identical manner. 
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Figure 6.1: Feedforward Linearizer with a DSP Generated Reference Signal 

The novel concept of this circuit is the method of generating the reference signal 

in DSP, rather than an analog coupler and a delay line. Basically, the input coupler 

that splits the main amplifier input signal and the reference signal is implemented 

digitally. From Figure 6.1, it can be seen that both signals are output from the DSP, 

then upconverted and filtered. One of the signals goes to the main amplifier input, 

while the DSP generated reference signal goes directly into the error coupler CeTr. 

The scaling, phase shift, and delay required to cancel the original signal and generate 

the error signal are all implemented in the DSP. 

From this point on, the structure is identical to that of the basic feedforward 

linearizer. The error signal is amplified, then added out of phase to the delayed 

main amplifier output. This results in a linearly amplified output signal, in which 
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the amplifier distortion has been canceled. 

6.1.2 Software Description 

One of the advantages of using a DSP generated reference signal is the flexibility 

achieved by moving components of the system into software. The input coupler, delay 

line, and vector attenuator have been eliminated from the system, and the functions 

of these components must be implemented in DSP. Two possible implementations of 

the DSP software are considered in this thesis. 

Software Delay Line 

The implementation using a software delay line is shown in Figure 6.2. This imple-
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\ D/A 1 D/A 
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to IF 

Figure 6.2: Software Delay Line Implementation 

mentation of the DSP generated reference signal is the simplest and closest to that 

of the basic feedforward linearizer. The functionality of the analog components elim

inated has merely been transferred directly into an identical digital implementation. 

The vector attenuators have been implemented as a scaling and phase shift in DSP, 

where they are merely a couple of simple multiplications. The analog delay line has 
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been moved into the digital domain as well, and is just a simple digital delay block. 

To show how the software implementation of the delay line will work, consider the 

complex baseband model of a simplified signal cancellation loop shown in Figure 6.3. 

Some components in the system have been omitted in this model, but it is sufficient 
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Data Signal 

s(t) 

digital 

-.m,..r(')n S«mp.lF(t) 

analog 

Figure 6.3: Simplified Signal Cancellation Loop 

to demonstrate how the software delay line achieves cancellation. We consider a very 

simple model for the amplifier, where it is represented at the design center frequency 

by a scaling factor a, a phase shift <f>, and a delay ramp. The other components in 

the amplifier path are considered ideal for this analysis, although their contribution 

can just be combined with that of the amplifier with no loss in generality. We also 

consider the reference path to be perfect, with unity gain, no phase shift and no 

delay. Again, this can be done by accounting for the contribution of the reference 

path components in the amplifier model. We also consider the D/A conversion and 

upconversion to be ideal for the purpose of this analysis. The system will use the 

DSP components (scaling a, phase shift ip, and software delay Tdei) to balance the 

amplifier characteristics to achieve cancellation. 

The pulse shaped data sequence is given by s(t) — a(t)ej9^\ where a(t) is the 

envelope component and 6{t) is the phase. This signal acts as the input to both 
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paths through the model. In the amplifier path, the signal undergoes scaling, phase 

shift, and upconversion to an IF. It is then converted to analog, upconverted to RF, 

and applied to the amplifier model. The signals in the amplifier chain are as follows: 

s(t) = a{t)e^ 

sampjF(t) = 0a(ty6We^e^rt 

sAMP,RF(t) = /to(t)e*<VV<w"+w»* 

samp,out(t) = aPa(t-Ta^)^^'^*e^e>^^IF)^^) (6.1) 

The signals traveling through the reference path will be: 

s{t) = a{t)e?e® 

SreS,out{t) = a(t-rdel)e^t-r^e^RF+UJ'F)t (6.2) 

The goal of the signal cancellation loop is to have these signals cancel at the 

output of the loop. To achieve this, we set the outputs of the two paths from 

Equations 6.1 and 6.2 to sum to zero: 

a0a(t - ramp)e^(t"ramp)ejV>eiV'ei("'RF+aJ/F)(t-T^) = -a(t - Tdel)em-Td'l)ej{"RF+UJIF)t 

Examining only the amplitude component of Equation 6.3, we see: 

a/3a(t - TAMP) = -a(t - rde[) (6.4) 
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From this result, we can see that if the software delay is set to match the delay 

through the amplifier path {JM = ramp), then (5 = -K This means, as we would 

expect, that the scaling required in DSP is just the the negative of the inverse of the 

amplitude response of the amplifier path. 

In a similar manner, if we examine only the phase component of Equation 6.3, 

we see: 

From this, we can see that if the delays in the two paths are equal (jdei = 

Tamp), then tp = (URF + uJiF)ramp — <j>. Thus, the phase correction required for 

cancellation contains two components — the negative of the amplifier phase shift 

and the negative of the phase accumulated by the final RF carrier while traveling 

through the amplifier. 

For both the above results, we have assumed that the software delay line was 

able to exactly match the delay through the amplifier. Obviously this is not possible 

— there will be a finite resolution on the achievable software delay length. Thus, 

there will always be some delay mismatch. The effect of this mismatch will be the 

same as for the basic feedforward, as discussed in Section 4.2.2 — the information 

component of the two signals arriving at the error coupler will be slightly offset in 

time. In theory this will limit the cancellation. However, if the software delay is 

implemented properly, the actual delay difference will be small and not a significant 

factor. 

This simple analysis has shown that implementing the scaling, phase shift, and 

delay in software works in an identical fashion to the analog implementation. In the 

real system, there will be a number of additional factors to consider, as the system 
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has more impairments than described above. However, the capability to adapt the 

amplitude, scaling, and delay will allow the system to maintain good error signal 

generation despite additional impairments. The performance will be similar to that 

of the basic feedforward, but this implementation offers some advantages. 

Equalizer 

A second, more powerful implementation of the DSP generated reference signal is 

shown in Figure 6.4. In the DSP generated reference signal implementation, we have 
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Data 
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Data 
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Main Amplifer 

Path Equalizer 

Reference 

Path Equalizer 

) D/A 1 D/A 

D/A ) D/A 

Upconversion 

to IF 

Figure 6.4: Software Equalizer Implementation 

access to the main amplifier input and the reference signal independently in DSP, 

which was not the case for the basic feedforward. This allows manipulations that 

were not possible before. In particular, it let us insert a digital equalizer into these 

signal paths. The equalizer provides the same functionality as the scaling, phase 

shift, and software delay described above. However, rather than only correcting at 

a single frequency and having the correction degrade away from that frequency, the 

equalizer corrects across the whole band. This has the advantage of correcting the 

amplitude and phase frequency response for both the main amplifier path and the 

reference path, making the combined path response appear ideal. 
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A n example of the equalizer concept is shown in Figure 6.5. These plots show the 

amplitude response of an amplifier, the equalizer used to correct it, and the combined 

response. 

Frequency 

Amplifier Response 

+ I 

Frequency 

Equalizer Response 

Figure 6.5: Equalizer Theory 

Frequency 

Combined Response 

The equalizer has a response that is the inverse of that of the amplifier, and 

thus when the two are placed in cascade, the overall response is flat across a broad 

frequency band. Although only the amplitude is shown here, the equalizer also 

corrects the phase response to achieve a linear phase. It has been discussed several 

times that the variation in the frequency response was the limiting factor on the 

bandwidth of the cancellation. By equalizing both paths through the loop to have 

the same response, perfect broadband cancellation can be achieved. 

6.2 D S P G e n e r a t e d R e f e r e n c e S i g n a l P e r f o r m a n c e a n d L i m 

itations 

The use of DSP to generate the reference signal offers several improvements over 

the basic feedforward linearizer. It allows the elimination of some of the analog 

hardware in the feedforward system, as the input coupler, delay line, and vector 
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attenuator are no longer required in the signal cancellation loop. It also increases 

the flexibility of the system, and allows additional signal manipulations since the 

signals are available in the DSP. However, this approach requires some additional 

DSP processing power, as well as more D/A and upconversion hardware, as a second 

signal must be generated. 

6.2.1 Digital Delay 

From Figure 6.1, we see that the long and bulky handcrafted delay line in the signal 

cancellation loop can be eliminated with this hybrid architecture. The delay is 

instead implemented in the DSP prior to the reference signal being output. The 

length of the delay line is one of the most important parameters in ensuring the 

performance of the feedforward linearizer, and must be carefully designed such that 

the signals to be canceled arrive at the error coupler at the same time. Thus, the 

software delay must be very accurate, certainly with much more resolution than that 

of a single sample period in the DSP. As discussed in Section 4.2.2, the delay must be 

accurate to a fraction of a nanosecond. However, if for example the DSP is running 

at 100 Msamples/s, the time resolution between samples is only 10 ns. Obviously 

this degree of accuracy is grossly inadequate, and sub-sample resolution is required. 

To realize this accurate sub-sample delay with a software delay line, poly-phase 

filtering is used [22]. From a large oversampled filter, a number of different, smaller 

filters are generated through decimation at different offsets. These new decimated 

filters have a flat passband response and linear phase, but slightly different delays. 

The differences between the delays of these filters are a fraction of the sample time, 

allowing fine control of the effective length of the software delay. This allows the 
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software delay length to be accurately set, and effectively the system performs the 

same as the basic feedforward. 

In the implementation using an equalizer, the concept of a software delay is 

taken a step further. Rather than using a single delay to match the slope of the 

phase at only the center frequency, the equalizer attempts to match the response 

accurately across the entire band. This is equivalent to matching the amplitude 

and phase at every frequency point, and thus the variation in delay is taken care 

of. Basically the equalizer is fixing the impairments in the frequency response of the 

analog components in the system, which as discussed earlier is the primary limitation 

on the bandwidth of feedforward. Thus, the equalizer will improve the bandwidth of 

the cancellation of the signal cancellation loop by making the two paths more alike 

across frequency. 

6.2.2 Scaling and Phase Shift 

Generating the reference signal using DSP allows the main amplifier input signal and 

reference signal to be manipulated independently. This eliminates the need for an 

analog vector attenuator to realize the required scaling and phase shifting, which is 

a saving in cost and size. For the implementation using a software delay line, these 

operations are done using a very simple complex multiplication in the DSP. For the 

equalizer implementation, the required scaling and phase shift at every frequency 

across the band are built into the equalizer characteristic. 
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6.2.3 A d a p t a t i o n 

One of the major advantages of implementing a portion of the first loop in digital 

hardware is the capability for adaptation of the delay. This was not possible when 

the delay was implemented using a physical piece of coaxial transmission line. With 

either the software delay line or the equalizer implementation, the delay can also 

be adapted, in addition to the amplitude and phase. This will allow the system to 

better track the shifting characteristics of the analog hardware, and achieve better 

cancellation in the first loop. 

The characteristics of the analog hardware can change for a number of reasons, 

including long-term aging and temperature. Additionally, the operating conditions 

can change, such as a shift in the center frequency, a power level change, or a change 

to the characteristics of the signal, for example due to the addition of a new user in 

the system. The adaptation allows the signal cancellation loop to respond to these 

changes, maintaining its performance. 

6.2.4 Design Effort 

One very substantial advantage of using a DSP generated reference signal over the 

basic feedforward is in the simplicity of the design. The ability to adapt the delay 

in the signal cancellation loop makes the system design much easier. Rather than 

handcrafting and meticulously adjusting a physical line length, the delay can be 

automatically adjusted through software adaptation algorithms to its optimal value 

under any conditions. 

The equalizer implementation has even more advantages. With the software 

delay line, beyond the adaptation capability, the operation is identical to the basic 
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feedforward, as are the limitations. It is still the variation in amplitude and phase of 

the components with frequency that limits the bandwidth. The best solution to this 

problem was to implement the design very carefully, using analog components with 

a very broadband response. This very careful and sensitive design is very difficult, 

time consuming, and expensive. 

However, with the equalizer, any impairments in the frequency response are cor

rected, lifting the constraints on the components used in the signal cancellation loop. 

The equalizer can fix the component's response, so therefore the components do not 

have to be as carefully designed and specified to start with. This allows the use of 

less expensive components with less ideal frequency responses, and thus reduces the 

cost and design effort for this loop. This is especially important in the design of 

the high power main amplifier, which is normally the most expensive and least ideal 

component in the system. With the equalizer, the design constraints are much easier 

to meet. 

6.2.5 Error Amplifier Requirements 

The capability for adaptive delay and the addition of equalization improves the band

width of the cancellation in the signal cancellation loop, resulting in the error signal 

containing less power. This is because the higher power original signal component is 

canceled more effectively, leaving only the lower power distortion component. This is 

especially true with very broadband waveforms, where the cancellation of the loop is 

being pushed to the limits. For the 190 MHz PN sequence waveform of Section 5.5, 

we saw that the original signal component was at the same level as the in-band dis

tortion because the cancellation was limited for that bandwidth. By improving the 
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cancellation of the original signal component for these large bandwidths, the power 

in the error signal is minimized. This will lower the requirements on the power rating 

of the error amplifier, and keep it from generating distortion from its own non-linear 

characteristics. 

One important thing to note is that although the bandwidth of the cancellation 

will increase using the equalizer implementation, the actual depth of cancellation 

achieved will not be as good as the basic feedforward below a certain bandwidth. 

A system using a DSP generated reference signal will likely not be able to achieve 

cancellation of over 60 dB seen with the basic feedforward. This is because we 

are relying on two waveforms that have been generated digitally to be as alike as 

possible. The limitations of the number of bits and the quantization noise of the 

D/A converters, along with other impairments, will limit how similar the waveforms 

can be. This will limit the cancellation depth that can be achieved. 

One interesting note is that the cancellation characteristic of the hybrid system 

with a DSP generated reference signal is flat with bandwidth — in theory, it should 

achieve the same cancellation depth regardless of bandwidth, as long as the equal

izer is working properly. The performance degradation is not really a function of 

bandwidth, it is a function of the performance of the digital hardware in generating 

the two signals. This is different from the basic feedforward, where the narrowband 

performance is very good, and degrades as the bandwidth increases. This is why the 

primary advantage of a DSP generated reference signal is in broader band systems, 

although the advantages in the simplicity and ease of design still hold regardless of 

system bandwidth. 

The limited cancellation depth of the hybrid system may seem to be a significant 
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drawback. However, as noted earlier, in a practical system the cancellation of the 

original signal component of error signal needs only to drop it below the level of the 

in-band distortion. Once it is below this level, further cancellation has no effect on 

the overall linearity performance. Although it can't achieve the cancellation depth of 

the basic feedforward, the hybrid implementation still achieves sufficient cancellation 

of the original signal component to avoid overdriving the error amplifier, which is 

the only issue that is important from a system perspective. 

6.2.6 Overall Linearity Performance 

The hybrid architecture presented here, using a DSP generated reference signal, 

offers many advantages in terms of less analog hardware, increased flexibility, and 

simpler design with less constraints. As well, the bandwidth of the signal cancellation 

circuit will be improved. However, keep in mind that the error cancellation loop is 

identical to that of the basic feedforward. This portion of the circuit will still require 

very careful design and implementation to function well, using broadband parts and 

under all the same design constraints as with the basic feedforward linearizer. The 

hybrid technique focuses on the ease of design and broadband performance of the 

signal cancellation loop only, and thus there will be basically no overall increase in 

linearity performance compared to a very carefully designed, expensive, broadband 

feedforward amplifier. 

6.2.7 Additional Hardware 

One advantage of using a DSP generated reference signal is that the input coupler, 

vector attenuator, and delay line in the first loop are eliminated. However, this is 
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offset by some additional hardware that is required in this system. Because we are 

generating two signals instead of just one, we require twice as much signal generation 

hardware — an extra D/A converter, along with an additional mixer, filters, etc. 

Implementing the software delay line or the equalizer has a cost as well. This 

will require an increase the computational power of the DSP used in the system. 

However, this is not a significant disadvantage, as DSP processing power is seem

ingly becoming cheaper by the day. Indeed, the trends towards software radios and 

software reconfigurable hardware encourage this type of approach. 

6.3 Other Improved Feedforward Linearizer Structures 

Several other systems have been proposed in literature that are similar to the system 

shown here. The first was proposed by Smith and Cavers [23] [24]. They propose a 

new cancellation structure using two parallel delay line paths, each with a delay 

and a vector attenuator. The delays in these branches are set to straddle that of the 

amplifier delay, rather than using a single delay set as close as possible. This structure 

can basically be seen as a two tap analog FIR filter. The use of two branches acts 

to improve the bandwidth of the distortion correction, and also allows compensation 

for a range of amplifier delays that are within the range of the delays in the two 

branches. As with the hybrid solution presented in this thesis, it simplifies the design 

by reducing the requirements on the frequency response of the components, lowers 

the requirements on the error amplifier, and improves the cancellation bandwidth. 

This technique proposed by Smith has an additional advantage that it can be applied 

to both loops of the feedforward linearizer. 
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Considering the structure as a two tap FIR filter makes the comparison to the 

DSP generated reference signal implementation of this thesis very simple. The Smith 

system uses a very simple two tap analog equalizer, while the hybrid approach of this 

thesis utilizes a multi-tap digital equalizer. Thus, the implementations are similar, 

although by using a DSP implementation the number of taps in the filter can be 

increased with basically no incremental cost. On the other hand, improving the 

analog FIR filter performance by adding more analog branches is expensive, as each 

requires an additional delay line and vector attenuator. 

The other similar system was developed by Hau, Postoyalko, and Richardson 

[25] [26]. They propose the use of analog phase equalizers to match the non-linear 

phase response of the amplifier. The phase equalizers are implemented as all-pass 

microstrip structures. This technique helps in correcting the variation in group 

delay of the components in the system, and has similar advantages to the system 

developed by Smith, including the ability to apply it in the second loop. However, 

the improvement offered by this technique is limited, as it only corrects the phase 

response, and thus degradation in performance due to amplitude variation is still 

present. The digital equalizers used for the DSP generated reference signal are 

superior in that they correct both the amplitude and phase response. 



C h a p t e r 7 

D S P G e n e r a t e d R e f e r e n c e S i g n a l E x p e r i m e n t a l 

Results 

A feedforward system using a DSP generated reference signal was implemented to 

demonstrate the performance of this new hybrid implementation. The system uses 

the basic feedforward system described in Chapter 5 as a starting point — the 

same operating frequency is used, and most of the components are the same. The 

measurements taken to gauge the performance of the system are identical to those 

of the basic feedforward, to allow comparison of the performance of the two systems. 

7.1 Design and Implementation 

As with the basic feedforward linearizer, the hybrid system was built up from con-

nectorized modules to save design time. As the design is very similar, only the 

differences from the the basic feedforward design of Section 5.1 will be discussed. 

The implementation of the feedforward linearizer with a DSP generated reference 

signal is shown in Figure 7.1. 

7.1.1 Hardware 

Much of the hardware is shared between the basic feedforward implementation and 

the DSP generated reference signal implementation. The most prominent similarity 

is that the error cancellation loop is identical between the two systems. In the signal 
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Figure 7.1: DSP Generated Reference Signal Implementation 

cancellation loop, the same two stage main amplifier design is used as is discussed 

in Section 5.1.1. Also, the balancing attenuator, distortion coupler Cdist, and error 

coupler CeTT are unchanged. 

As discussed in Section 6.1.1, the difference between the two systems is in the 

generation of the reference signal. The input coupler C,ra and delay line used to create 

the reference signal have been eliminated. This signal will instead be generated by 

the DSP. Also notice the vector attenuator in the signal cancellation loop is gone, as 

this adjustment will be done in the DSP software. 

Signal Generation 

In the hybrid linearizer implementation shown in Figure 7.1, the main amplifier 

and reference input signals are generated using an arbitrary waveform generator, 

rather than using a DSP and separate D/A converters. The primary reason for this 

approach was the speed of implementation. Using DSP, the computational power re

quirements would be significant, requiring code optimization and development time. 

Also, the signal out of the DSP would likely be limited to a low sample rate. This 

would in turn require several stages of upconversion and filtering, complicating the 

design process and making the implementation more difficult. By using the AWG, 
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the signal processing was done in Matlab, then the signals are converted to the proper 

format and downloaded to the AWG. The Sony/Tektronix AWG520 is capable of out

put sample rates as high as 1 Gsamples/s, which allows the signals to be output at a 

high enough IF that only one simple upconversion stage to 1.8 GHz is required. This 

approach does not allow any adaptation during operation — to implement a change 

the Matlab code must be updated, then the new waveforms downloaded to the AWG. 

However, the savings in implementation time and simplicity are significant, and this 

approach is suitable for a prototype such as this. 

Main Amplifier Path Attenuators 

Note that the vector attenuator and input coupler have been eliminated from the 

signal cancellation loop of Figure 7.1. To maintain the system balance, the attenu

ation provided by these components needs to be replaced. By adding a 10 dB fixed 

attenuator to compensate for the coupling and a variable attenuator to compensate 

for the vector attenuator loss, the required input power to the main amplifier and 

reference signal paths are close to the same. This lowers the dynamic range require

ments and maximizes the signal-to-noise ratio by using the full range of both the 

D/A converters in the AWG. If one signal being generated was significantly smaller 

than the other, the system noise floor might start to impact the overall performance. 

The attenuator used to compensate for the 10 dB coupler loss is a M/A-COM 

2082-6193-10. The attenuator used to compensate for the vector attenuator loss 

(around 15 dB) is the Advanced Technical Materials AV083E-20 variable attenuator. 

One system design issue is that these two attenuators are incurring a lot of loss in 

the system while serving no real useful purpose. In a more practical implementation, 



7.1 Design and Implementation 94 

this loss could be taken out of the system, and less gain would be required from 

the pre-amplifier stage. However, rather than design a new pre-amplifier with less 

gain, for simplicity's sake the same pre-amplifier was used and thus the additional 

attenuation had to be added to roughly balance the paths. 

Bandpass Rejection Filters 

The bandpass rejection filters are an important part of the system for the hybrid 

linearizer, as these are contained in the RF portion of the paths in the signal cancel

lation loop. The purpose of these filters is to reject the carrier and lower sideband 

of the upconverted signal, leaving only the desired upper sideband. The filters used 

in the system are dependent on the waveform's characteristics. For both the nar

rowband 7r/4 DQPSK and 48 MHz PN sequence signals, 50 MHz bandpass filters 

are used. An RLC Electronics F-973 filter was used in the main amplifier path, and 

a Lorch Microwave 7DF6-1800/50-S filter was used in the reference path. For the 

190 MHz PN sequence, Lorch Microwave 7DF6-1800/200-S filters with a 200 MHz 

bandwidth were used in the main and reference paths. 

7.1.2 Software 

Since a significant portion of the signal cancellation loop of the feedforward linearizer 

with a DSP generated reference signal is implemented in DSP, the signal processing 

done in software is an important part of the system. This section discusses two 

possible software configurations. 
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Software D e l a y L i n e I m p l e m e n t a t i o n 

The first possible software configuration is to use the software delay line discussed 

in Section 6.1.2. This is the closest implementation to the basic feedforward, and 

has similar advantages and disadvantages. Since one major disadvantage is the poor 

performance of a single delay line in matching the broadband delay characteristics 

of the amplifier, this type of implementation is best suited to narrowband signals. 

Thus, this is the implementation used for the narrowband 7r/4 DQPSK signal. A 

diagram of the Matlab and AWG software used to generate the amplifier input signal 

and the reference signal is shown in Figure 7.2. 

M H E r - L H ir/4 DQPSK 

Figure 7.2: Delay Line Software Diagram 

First, 7r/4 D Q P S K symbols are pulse shaped and interpolated to the final output 

sampling frequency. This signal is split for the amplifier and reference paths. The 

next step is to apply the proper delay. The required delay of the reference signal 

is found by measuring the path difference of the RF portion of the system using a 

network analyzer. This delay is split into two parts, the portion that is an integer 

number of digital samples, and the remainder. The reference path is delayed by the 

appropriate number of integer samples, and the remainder is realized using filters, 

which will be discussed in Section 7.2.1. 

The scaling (5 and phase shift ip required to balance the two paths through the 
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signal cancellation loop are applied next. The signals are then upconverted and 

filtered to compensate for the D/A distortion [27]. Next the signals are made an

tiphase by inverting one of them, normalized to the proper levels for the AWG, and 

downloaded to the AWG. 

Although we have already compensated for the scaling and phase shift difference 

between the two paths through the loop using /3 and tjj, there are some differences 

between the paths that we were unable to characterize. Although the scaling, phase 

shift, and delay are set to provide cancellation, these values were based on the char

acteristics of the RF hardware from the network analyzer measurements. Any dif

ferences between the D/A converters, the baseband lowpass anti-aliasing filters, the 

cables, or the upconversion mixers in each path are not measured or compensated 

for. This can introduce imbalance between the paths. To help correct for any possi

ble imbalance between paths, additional scaling factors 7 and p, and a phase shift £ 

are implemented in the AWG software. This allows fine tuning of the relative scaling 

and phase shift of the waveforms during operation. Note however that no adjustment 

can be made to the delay, as this was implemented in the Matlab code, and can't be 

adjusted on the fly. Thus, the performance of the hybrid linearizer will be slightly 

degraded by these uncompensated variations between the two paths. However, if a 

true adaptive DSP solution is used, the adaptation algorithm would correct for all 

differences between the two paths to attain the optimum performance. 

Equalizer Implementation 

The other implementation of the DSP generated reference signal software is using 

equalizers, as discussed in Section 6.1.2. For a narrowband signal, most of the 
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components can be considered to have a flat amplitude response and a linear phase 

over the signal bandwidth. Thus, the equalizer implementation is only really useful 

for the broadband 48 MHz and 190 MHz PN sequence signals. Over this larger 

bandwidth, the frequency response of the components varies more, and affects the 

performance. Equalizers can be used to reduce the resulting degradation in the 

cancellation. 

A diagram of the Matlab and AWG software used to generate the amplifier input 

signal and the reference signal is presented in Figure 7.3. 

Reference SigiiHj 
Reference Path Interpolation 
Equalizer 

Figure 7.3: Equalizer Software Diagram 

The first function of the software is to generate the maximal length P N sequence 

and split it for the two paths, where the equalization is applied to the two signals. 

The equalizers are designed with the inverse characteristic of the RF components in 

the respective path. This means that after equalization, the frequency response of 

the two paths will be identical in amplitude, phase shift, and delay. Next the signals 

are interpolated to the final output sampling frequency, put out of phase with each 

other, and upconverted to the IF frequency. The signals are then downloaded to the 

AWG, where again the signals and code are designed in such a manner to allow final 

adjustment of the amplitude and phase. 



7.2 Narrowband TT/4 D Q P SK 98 

7.2 N a r r o w b a n d t t / 4 D Q P S K 

To demonstrate the capability of the feedforward linearizer with a DSP generated 

reference signal, a performance test was done using a 125 ksymbols/s 7r/4 DQPSK 

signal. The characteristics of the signal are identical to the signal used in testing the 

basic feedforward linearizer in Section 5.3.1. 

To determine the required scaling, phase shift, and delay to be implemented, the 

characteristics of the RF hardware in the two paths through the signal cancellation 

loop need to be measured. The path characteristics at 1.8 GHz are shown in Table 

7.1. These values will be used in the DSP software to manipulate the amplitude, 

M e a s u r e m e n t M a i n A m p l i f i e r P a t h Reference P a t h 

Amplitude 0.6598 0.6604 

Phase (°) -101.97 66.03 

Delay (ns) 51.58 36.43 

Table 7.1: Hybrid Linearizer - Signal Cancellation Loop Path Characteristics 

phase, and delay of the main amplifier input and reference signals, such that they 

will cancel at the error coupler. 

7.2.1 Software Delay 

To achieve delay accuracy of less than a sample, the simplest solution is to interpolate 

the signal by a large factor, shift by a few samples at the higher sample rate, then 

decimate back to the original sampling frequency. This accomplishes the goal of 

a better resolution of the delay. However, this brute force approach is not very 

practical or possible in a real system, as the higher sample rates after interpolating 

may not be easily achieved. Thus, a more refined solution is required. 
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One important note about interpolation is that it is achieved by first inserting 

zeros into the original time sequence, then applying a lowpass filter to interpolate 

values between the original samples. Thus, prior to filtering, the interpolated signal 

contains a large number of zeros, and very few actual sample points. Also, in this 

situation, we plan to discard a significant number of samples when we decimate the 

filtered signal after shifting it [22]. So if we want to have an accuracy of ^th of a 

sample, only 1 of every 20 samples going into the lowpass filter would be non-zero, 

and we would only be using 1 out of every 20 samples at the output. 

To take advantage of this situation, we perform the sub-sample delay as follows. 

An oversampled lowpass filter is generated, with a flat passband response over the 

bandwidth of the signal. This filter is then decimated at different offsets to create 

a set of smaller filters. These filters operate at the original sampling rate, and have 

two important characteristics — a flat amplitude response over the signal bandwidth 

and slightly different delays. Thus, by using the same filter in both branches, there 

is no relative delay. However, if filters of different offsets are used, a small relative 

delay is introduced between the paths. This very simple implementation requires no 

interpolation at all, as the filter coefficients are just stored in memory, and a set with 

a particular offset is chosen based on the required delay. 

For this system, the output sampling rate from the AWG was 512 Msamples/s. 

Thus the sample period was 1.953 ns. Since this is already a very high sample rate, 

a relatively small interpolating factor of 20 was chosen to give a delay accuracy of 

97.66 ps. The frequency response of the 60 tap oversampled lowpass filter is shown 

in Figure 7.4. 
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Figure 7.4: Oversampled Delay Filter Response 

The response of this filter is a little more complicated than the simple lowpass 

interpolating filter discussed above. A lowpass achieves the same result, but in 

this case there are only certain bands that will wrap back into the passband when 

decimated — the remaining spectrum wraps back into a band we don't care about. 

Thus, the number of taps can be minimized by designing for maximal attenuation 

only in certain stopbands. You can see that the oversampled filter has a flat passband 

response, and that the bands that will wrap back into the passband after decimation 

have maximum attenuation. 

From this oversampled filter, we decimate by a factor of 20 to create 20 new 

filters, each generated with a different offset. The response of a few of the decimated 

filters are shown in Figure 7.5. These filters are the ones actually used in the system 

to provide the delay difference between the paths. We can see that each has a flat 
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Figure 7.5: Poly-phase Delay Filter Response 

amplitude response and a linear phase in the passband. However, for each filter there 

is a slightly different slope to the phase, indicating a different delay. Each of these 

filters contains only 3 taps, and are thus very easily implemented. The filters require 

so few taps partly because of the high output sample rate and low interpolation 

factor used. For a more realistic sample rate, the interpolation factor would have 

to be correspondingly higher to achieve comparable delay resolution, and the filter 

specifications would become tighter, requiring more taps. 

From Table 7.1, we see that an additional delay of 15.15 ns is required in the 

reference path to balance the two paths. To achieve this, we first delay by 7 complete 

samples to get 13.67 ns of delay. Then the delay filters are used to delay an additional 

|| of a sample, or 1.46 ns. This gives a total delay of 15.13 ns. Thus, using poly-phase 

delay filters, we have realized the required delay to within 20 ps. 
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7.2.2 S i g n a l C a n c e l l a t i o n L o o p L i n e a r P e r f o r m a n c e 

The first performance measure for the narrowband signal is the performance of the 

signal cancellation loop under linear operation. To ensure the loop operates in a 

linear fashion, 10 dB of attenuation was added to each input path. This test is the 

true demonstration of the performance of the DSP reference signal implementation 

— if the first loop operates properly, the overall linearity improvement should be 

identical to that of the basic feedforward. 

The spectrum of the reference input signal and the error signal are shown in 

Figure 7.6. 
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Figure 7.6: Hybrid Linearizer - Signal Cancellation Loop Linear Performance with 

TT/4 DQPSK Signal 

From this plot, we can see the original signal component of the error signal is 

being canceled by 40 dB. Although this is not quite as good as the 50 dB cancellation 
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achieved by the basic feedforward, it is more than enough to ensure a good error 

signal is generated under non-linear operation. 

7.2.3 Linearizer Performance 

This section presents the overall performance of the feedforward linearizer with a 

DSP generated reference signal under full power conditions. Figure 7.7 shows the 

spectrum of the amplifier input, reference signal, and error signal. We can see from 
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Figure 7.7: Hybrid Linearizer - Amplifier Input, Reference, and Error Signals with 

TT/4 D Q PSK Signal 

this plot that as expected, the main amplifier input and reference signals are ba

sically identical. The error signal shows that the linear portion of the error signal 

is being canceled by approximately 25 dB, and thus the error signal contains only 

the distortion from the main amplifier. As with the basic feedforward, we do not 
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see the same degree of cancellation as the linear case. The in-band distortion from 

the amplifier is at a high enough level that the limit on the cancellation can not be 

seen. One alternative way to view this is that as the main amplifier begins to go into 

gain compression the error amplifier starts providing in-band power to maintain the 

overall output power. 

Figure 7.8 shows the spectrum of the feedforward amplifier output with and 

without linearization. The overall output power is 28.90 dBm. From this plot, we 

-10 

£ -30 
Q. 
E 
< -40 

i \ 

Linearized Output Spectrum 
Distorted Ouptut Spectrum 

i \ 

1 1 \ 

: /' 1 

: i 
S K \ 

t 
.„/,>,,A>!,'';. 1 

i 
\ \ 

1 
,1 

: : *W 

{ \ 
• V \ 
• V^.Va, : "'V.'J 

1 i i i i -70 
1.7996 1.7997 1.7998 1.7999 1.8 1.8001 1.8002 1.8003 1.8004 

Frequency (GHz) 

Figure 7.8: Hybrid Linearizer - Linearized and Distorted Output Signals with 7r/4 

DQPSK Signal 

can see that despite operating the main amplifier well past its 1 dB compression 

point, the output is perfectly linear. The third order distortion has been canceled by 

30 dB, and reduced to the same level as was present in the input signal. The hybrid 

system has performance that is identical to that of the basic feedforward linearizer. 
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Indeed, this is no surprise, as we see the signal cancellation loop works almost as 

well, and the error cancellation loop is identical. 

These results show that the implementation of the adaptive software delay line 

had provided the same level of performance for a signal at the design center frequency 

of 1.8 GHz. However, if the signal was moved away from the center frequency, the 

hybrid system would adapt the delay line length to match the response of the com

ponents at the new frequency, and provide the same level of cancellation shown here. 

The basic feedforward, on the other hand, would suffer severe degradation of perfor

mance as it moves away from the null in the center of its cancellation characteristic. 

In this situation, the advantage of the hybrid linearizer is clear. 

7.3 48 MHz Broadband PN Sequence 

We have seen that the hybrid linearization technique has matched or exceeded the 

performance of the basic feedforward linearizer with narrowband stimulus. This sec

tion shows the results with the 48 MHz bandwidth PN sequence discussed in Section 

5.4.1. The performance of the software delay line will be somewhat limited for this 

broader bandwidth, so the equalizer structure will be used for these measurements. 

7.3.1 Equalizer 

The goal of the equalizers is to correct the impairments in the frequency response 

of the components in both the main amplifier path and the reference path. By 

equalizing these two paths, the signals arriving at the error coupler will cancel over 

a broader bandwidth, generating a better error signal. 
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To achieve this, we first measure the response of the main amplifier path. The 

response from the mixer output to the error coupler output is measured using a 

network analyzer to find the response we want to correct. The ideal equalizer would 

just be the inverse of the response, giving a flat response across the entire system 

bandwidth. However, this is not practical in a real system. At the edges of the band, 

the amplifier response response begins to drop off due to the bandpass response of 

the filters. At these frequencies, the equalizer would have to provide a great deal 

of gain to compensate. As the path response gets small and approaches zero, the 

equalizer response would be forced towards an infinite gain. 

When implemented in an FIR filter with a limited number of taps, the large 

gain at the band edges would mean the response in the rest of the band would not 

be implemented properly. To combat this effect, rather than trying to achieve a 

combined response that is flat across the whole band, a target response is chosen 

that has a slightly smaller bandwidth. This means the target goes to zero before the 

amplifier response, so instead of going to infinity, the equalizer response at the band 

edges will go to zero. Basically, this forces the equalizer response to be the inverse of 

the amplifier path response in-band, but out-of-band it follows the target response 

to zero. 

For this application, the target was chosen to be a square root raised cosine re

sponse, with a bandwidth of 48 MHz and a roll-off factor (5 = 0.15. These values were 

chosen such that the target went to zero at a lower frequency than the characteristic 

of the 50 MHz bandpass filters used in the system. The square root raised cosine 

was chosen to be the target shape so the equalizer serves two purposes — correcting 

the path response and also performing pulse shaping on the signal. 
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The main amplifier path, target, and main amplifier equalizer amplitude re

sponses are shown in Figure 7.9. We can see from this plot that the main amplifier 
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Figure 7.9: Amplifier Path, Target, and Equalizer Amplitude Response with 50 MHz 

Bandpass Filters 

path has a 50 MHz bandpass response contributed by the filter. Also note that there 

is significant amplitude variation across the band that would limit the cancellation 

in the loop if not corrected. We can see that the equalizer response is the inverse 

of the amplifier response in the middle of the band, and goes to zero at the band 

edges. Although not shown here, the phase response is corrected across the band by 

the equalizer in the same manner. 

The reference path equalizer is designed in much the same way. First the response 

of the components in the path are measured over the desired bandwidth on a network 

analyzer. The equalizer is then designed to correct the response to match the target. 
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The reference path, target, and reference equalizer amplitude responses are shown in 

Figure 7.10. We see that the reference path has a different 50 MHz bandpass response 
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Figure 7.10: Reference Path, Target, and Equalizer Amplitude Response with 50 

MHz Bandpass Filters 

than the amplifier path, as a different filter is used. Also note that there is very little 

ripple in this response, as the reference path does not contain active components 

with poor responses. However, even the small amplitude variation shown in this 

response would limit the cancellation in the loop. The same target is used for the 

reference path as was used for the amplifier path. Thus, at the output of the error 

coupler, the equalizer will correct the amplitude and phase response of the reference 

path, resulting in a combined frequency response of a 48 MHz bandwidth square 

root raised cosine. This will exactly match the amplitude, phase, and delay of the 

main amplifier path response and give excellent broadband cancellation. 



7.3 48 MHz Broadband P N Sequence 109 

7.3.2 S i g n a l C a n c e l l a t i o n L o o p L i n e a r P e r f o r m a n c e 

The linear performance of the signal cancellation loop was tested using the broadband 

48 MHz PN sequence signal as an input. Figure 7.11 shows the spectrum of the 

input signal and error signal of the first loop of the hybrid feedforward linearizer. 

From this plot, we can see that the signal cancellation loop is achieving 25-30 dB of 
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Figure 7.11: Hybrid Linearizer - Signal Cancellation Loop Linear Performance with 

48 MHz P N Sequence Signal 

cancellation. This is not quite as good as the performance of the basic feedforward 

linearizer. One of the major reasons for this is that there is no adaptation due to 

the use of the AWG rather than DSP. Only the RF hardware was characterized 

using the network analyzer and any imbalance between the IF and upconversion 

hardware in the paths is not compensated for by the equalizers. This will decrease 

the performance of the hybrid system. However, when a true DSP implementation 
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is introduced, an algorithm to minimize the error signal power by adapting the 

equalizer will not differentiate between RF or IF component impairments. It will 

merely adjust the equalizer to give the best possible performance. Although we did 

not quite achieve performance equaling that of the basic feedforward linearizer in this 

case, once adaptation is added there is no reason the equalizer should not achieve 

the 40 dB performance seen with the narrowband signal in Section 7.2.2. This would 

exceed the performance of the basic feedforward linearizer at this bandwidth. 

7.3.3 Linearizer Performance 

In this section, the overall performance of the feedforward linearizer with a DSP 

generated reference signal is presented. Figure 7.12 shows the spectrum of the main 

amplifier input signal, the DSP generated reference signal, and the resulting error 

signal. From this plot, we see that the main amplifier and reference input signals are 

very similar. The reference signal is a little bit lower power, to compensate for the 

decrease in main amplifier output power due to gain compression. This reduces the 

in-band power in the error signal and avoids over-driving the error amplifier. We can 

see that the original signal component has been successfully canceled and the error 

signal contains only the distortion from the main amplifier. 

The linearized and distorted amplifier output are shown in Figure 7.13. The 

overall output power was measured to be 26.11 dBm. We can see that the linearizer 

is performing very well, reducing the third order distortion by 25-30 dB. All the 

distortion has been reduced to a level below that of the input noise floor, so the 

linearizer is providing excellent correction. 
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Figure 7.12: Hybrid Linearizer - Amplifier Input, Reference, and Error Signals with 

48 MHz P N Sequence Signal 
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From these results, we see that the use of a DSP generated reference signal and 

equalizers in both paths is generating a good error signal. The overall linearity 

performance basically matches that of the basic feedforward. If adaptation of the 

equalizer is added, the performance will only improve. The adaptation capability 

will allow the hybrid linearizer to adjust to correct any component non-ideality in 

the signal cancellation loop. It is not possible to do this with the basic feedforward 

technique. 

7.4 190 MHz Broadband PN Signal 

To push the capabilities of the DSP generated reference signal to the limit, a test 

was done using a very broadband 190 MHz PN sequence. Section 5.5.1 describes the 

characteristics and generation of this signal. 

7.4.1 Equalizer 

The equalizer for this signal is designed in the same manner as that of the 48 MHz 

signal. The responses of the two paths through the signal cancellation loop are 

measured, the target response is generated, and the response of the equalizer for 

each path is created by dividing the target by the path response. 

The amplifier path, target, and amplifier equalizer amplitude responses are shown 

in Figure 7.14. We can see that the response of the amplifier path has a 200 MHz 

bandpass response due to the rejection filter. We also see significant deviation from 

the ideal flat amplitude response. The response has some amplitude slope and drops 

off quickly at the upper band edge. When this response is divided from the target, 
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Figure 7.14: Amplifier Path, Target, and Equalizer Amplitude Response with 200 

MHz Bandpass Filters 

we get the equalizer response shown. To compensate for the drop in amplifier gain 

at high frequency, we can see the equalizer has a pronounced "bump" in its response. 

When the main amplifier input is conditioned by the equalizer prior to being applied 

the the amplifier, the overall response will be the 190 MHz bandwidth square root 

raised cosine target. 

The reference path, target, and reference equalizer amplitude responses are shown 

in Figure 7.15. We see from this plot that the rejection filter used has also given the 

reference path a 200 MHz bandwidth response. Also note that the reference path has 

a far more ideal response than the amplifier path, but there is still amplitude varia

tion evident across the band. The equalizer corrects the variation in the amplitude 

response, and although not shown, also corrects any deviation from linear phase. 
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Figure 7.15: Reference Path, Target, and Equalizer Amplitude Response with 200 

MHz Bandpass Filters 

The target here is the same square root raised cosine, so from the input mixer to the 

error coupler, the two paths will have the same frequency response, and broadband 

cancellation will result. 

7.4.2 S i g n a l C a n c e l l a t i o n L o o p L i n e a r P e r f o r m a n c e 

This section presents linear measurements of the signal cancellation loop perfor

mance. Figure 7.16 shows the input signal and error signal spectra. From these 

results, we can again see that the signal generation equipment is being severely 

taxed. A PN sequence has flat spectral content, but we can see a significant slope 

on the waveforms as a result of the impairments of the signal generation hardware. 

Feedthrough of the LO can also be seen in the input waveform. 
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Figure 7.16: Hybrid Linearizer - Signal Cancellation Loop Linear Performance with 

190 MHz P N Sequence Signal 

From this plot, we can see that despite the large bandwidth and the large ampli

tude variation of the main amplifier, the equalizer has corrected the path response 

to achieve around 25 dB cancellation of the original input signal component. The 

capability for adaptation that will be possible with a true DSP implementation will 

only improve the performance. 

7.4.3 L i n e a r i z e r P e r f o r m a n c e 

The main amplifier input signal, reference signal, and error signal for the 190 MHz 

bandwidth PN sequence are shown in Figure 7.17. This plot presents some inter

esting results. At first glance, it would seem that the signal cancellation loop is not 

operating properly, as there is less than 15 dB of cancellation of the in-band portion 
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Figure 7.17: Hybrid Linearizer - Amplifier Input, Reference, and Error Signals with 

190 MHz P N Sequence Signal 

of the signal. However, we have already shown in the previous section that the sig

nal cancellation loop is operating well even for this large bandwidth and is capable 

of cancellation of 25 dB. Thus, the conclusion is that this in-band power is due to 

distortion from the main amplifier. At some points across the band cancellation of 

20 dB is seen, but at the center of the band the error signal contains a strong peak. 

One other note from this plot is that the operation of the equalizers can be 

observed. At the higher end of the signal bandwidth, the main amplifier input 

contains more power than the reference input. This is the contribution of the "bump" 

in the equalizer response — once the signal passes through the main amplifier, the 

lower gain of the amplifier path at high frequencies will make these two signals 

identical again. 
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The output of the hybrid linearizer with and without the linearization enabled is 

shown in Figure 7.18. The overall amplifier output power was 25.44 dBm. 
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Figure 7.18: Hybrid Linearizer - Linearized and Distorted Output Signals with 190 

MHz PN Sequence Signal 

We can see from this plot that the linearizer is still providing some distortion 

correction even for this very broadband signal. About 15 dB of linearity improvement 

is apparent, dropping the distortion to -42 dBc. If the linearized output is compared 

to the original input signal, we can see that the input noise floor was -45 dBc, so 

the spectrum of the linearized output is very close to that of the input. Thus, the 

feedforward linearizer using a DSP generated reference signal is working properly, 

and is linearizing the output to match the input signal. 

On interesting note is the in-band spectral content of the linearized and distorted 

output. Although the plot is noisy, it shows that the distorted output signal has 
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a slightly different shape than the input signal — it does not contain the slight 

notch at the middle of the band. This explains the reason for the large error signal 

component at the center of the band. The main amplifier was contributing some in-

band distortion right at the center frequency, so the error signal contains a component 

to cancel it and match the spectrum at the linearized output to that of the input 

signal. 

7.5 System Comparison 

It is clear from the results presented here that the hybrid linearizer using a DSP 

generated reference signal provides excellent performance, equal to that of the basic 

feedforward linearizer. The addition of adaptive algorithms will compensate for 

impairments in the IF and upconversion hardware, as well as for any drift in the 

component response. This should give the hybrid linearizer performance superior to 

that of the standard analog implementation. 

However, one of the most important advantages of the DSP generated reference 

signal was not discussed nor really capitalized on in the results presented here. This 

advantage is that less expensive, less ideal hardware can be used with no loss in 

performance. With the basic analog feedforward, any slight deviation from ideal 

behavior of the components acted to reduce the bandwidth and depth of the can

cellation. Thus, very expensive, carefully designed components had to be used in 

the system. Also, the system itself required careful assembly and handcrafting of 

the delay lines. The hybrid implementation using equalizers does not suffer from 

the same restrictions. The components in the signal cancellation loop, including the 
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main amplifier, can have a less ideal response without having any impact on the 

overall performance. The adaptive equalizers will correct the component response to 

make them seem ideal from a system perspective. 

Although not really mentioned, the measurements in Chapters 5 and 7 do not re

ally offer a fair comparison of the performance of the two systems presented. For the 

basic analog feedforward, the system was set up with expensive, nearly ideal compo

nents, carefully designed and balanced to offer excellent bandwidth and cancellation. 

This system offers performance equaling any previously published. 

For the DSP reference based system, additional components were included that 

impaired the performance. To reject the carrier and lower sideband, bandpass filters 

were added to the system. We then tried to make the signal bandwidth almost as 

wide as the filters. This meant the paths contained filters that at the signal edges 

were already starting to roll off. This is equivalent to making the path less ideal, and 

making the equalizers work much harder to fix the response. This could especially 

be seen for the 190 MHz signal, where the amplifier equalizer had to compensate 

for around 5 dB of gain variation across the band. Because the basic feedforward 

implementation did not contain these filters, the path responses were more ideal and 

the performance was better. If the basic feedforward had to contend with this level of 

non-ideal behavior, it would very quickly have fallen behind in performance. 5 dB of 

amplitude mismatch would completely ruin the cancellation of the basic feedforward 

linearizer. 

This point exactly highlights the advantage of the use of a DSP generated ref

erence signal with equalization on both paths through the signal cancellation loop. 

Although we degraded the correction by adding more variation to the path response, 
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the DSP reference system maintained performance that was identical to that of the 

basic analog feedforward. This is a very impressive result. It is easy to extend this 

concept to a situation where the additional impairment was due to a less ideal, less 

expensive amplifier — the DSP reference signal based system would maintain its 

performance, while the basic feedforward would not. 

To attempt to demonstrate this, some additional results were prepared. Figure 

7.19 shows the signal cancellation loop performance for a number of real and simu

lated systems. The first curve is the signal cancellation loop linear result from the 

broadband basic feedforward system already seen in Figure 5.4. The three points on 

the plot show the signal cancellation loop linear performance from the three sets of 

DSP generated reference signal measurements. 
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Figure 7.19: Signal Cancellation Loop Performance Comparison 
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The other two curves are simulation results designed to provide a more fair per

formance comparison. They basically present the maximum performance of a basic 

feedforward linearizer operating with the same bandpass filters in the main amplifier 

and reference paths as were present in the hybrid linearizer. 

From these two simulation curves, we can see that even when tuned to the opti

mum operating point, the basic feedforward has a great deal of trouble maintaining 

its performance. For the basic feedforward operating with the 50 MHz bandpass 

filters included in the path response, the performance degrades very quickly. Oper

ating with a 48 MHz bandwidth signal, it can only achieve 13 dB of cancellation, 

compared to 33 dB using the broadband system without the filters. Obviously the 

additional impairment introduced by the filters has really reduced the performance. 

With the same signal, the hybrid linearizer is achieving 25 dB of cancellation with 

the filters in the response. With the identical amplifier and reference path response, 

the hybrid linearizer is achieving 12 dB better performance. 

Similar results can be seen for the measurements using 200 MHz bandpass fil

ters. The basic feedforward could only achieve 6 dB of cancellation for a 190 MHz 

bandwidth signal. This is because the main amplifier and filter response start to roll 

off at higher frequencies and limit the cancellation. However, the equalizer in the 

system using a DSP generated reference signal can compensate for this, and provides 

21 dB of cancellation at the same bandwidth. 

Note that for the narrowband 7r/4 DQPSK measurement, the DSP generated 

reference signal was able to achieve 40 dB of cancellation. If adaptation is intro

duced to adjust the equalizers to compensate properly for all the impairments in the 

system, there is no reason why this same result can not be achieved at the broader 
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bandwidths. Thus, a final curve was added to show just how good the cancellation 

of the hybrid linearizer could be if implemented correctly. 

These results show that when carefully designed and built with very expen

sive components, the feedforward linearizer can provide excellent broadband per

formance. However, with the addition of less ideal components, the performance 

quickly degrades. The hybrid linearizer presented in this thesis does not suffer from 

this effect. The use of equalizers allows the frequency response of the components to 

be corrected, and achieves excellent broadband cancellation in the signal cancellation 

loop. This is achieved regardless of the source or severity of the impairment, allowing 

less ideal, less expensive components to be used. Additionally, the ability to adapt 

the equalizers simplifies the design of the system. In a commercial manufacturing 

environment, where price, time constraints, and yield issues don't allow as tight tol

erances in the design and implementation of the system, the linearizer using a DSP 

generated reference signal has significant advantages over the basic feedforward. 



C h a p t e r 8 

C o n c l u s i o n s a n d F u t u r e W o r k 

This thesis has presented a novel hybrid linearization technique that integrates DSP 

into the structure of the basic feedforward linearizer. The hybrid technique is based 

on the use of DSP to generate the reference signal to cancel the linear portion of 

the main amplifier output. This novel structure has the advantage of reducing the 

amount of hardware needed to implement the structure, thus reducing the complexity 

of the system. This makes the linearizer easier to design and implement than the 

basic feedforward linearizer. 

The integration of DSP allows one of the delay lines in the feedforward linearizer 

to be replaced by a digital realization. Two different digital implementations are 

considered. The first is to use a digital filter to implement the delay. This allows 

the delay to be adapted to provide better performance for narrowband signals across 

a broader frequency range. The second, more powerful implementation is to apply 

equalizers to the two paths through the signal cancellation loop. This allows the 

correction of the non-ideal frequency response of the RF components that previously 

limited the bandwidth of the feedforward linearizer. The equalizers can also be made 

adaptive, allowing them to provide excellent broadband cancellation by correcting 

for component variation, signal characteristics, temperature, aging, and any other 

source of impairment in the system. 

The hybrid linearizer using equalizers was compared to a basic feedforward lin

earizer. The basic feedforward was very carefully designed using expensive broad-



8.0 Conclusions and Future Work 124 

band components, and has performance as good as any published feedforward lin

earizer. However, it is definitely a research quality design, and would never be 

possible for commercial production. Despite the cost, complexity, and careful design 

of the basic feedforward linearizer, the hybrid linearizer was nearly able to match 

the performance of the basic feedforward. At broader bandwidths, the hybrid im

plementation was able to match or exceed the performance of the basic feedforward. 

When impairments were introduced to the basic feedforward linearizer to provide 

a better comparison, the hybrid implementation outperformed the basic feedforward. 

For a system using 50 MHz bandpass filters, with a 48 MHz bandwidth signal, the 

hybrid performed 12 dB better. For a system using 200 MHz bandpass filters and a 

190 MHz wide signal, the difference was 15 dB. 

The biggest drawback of the proposed hybrid linearizer is that it only offers a 

performance improvement of the signal cancellation loop of the feedforward. The 

error cancellation loop is unchanged, and thus limits the performance. However, the 

advantages of using cheaper, less ideal components and simpler design are still very 

attractive in a commercial application. The capability for adaptation is also very 

advantageous. The broad bandwidth, flexibility, and simplicity of the new hybrid 

linearizer is very well suited to future wireless communications applications. 

There is a large pool of future work possible in this area. The most obvious is 

to actually implement the hybrid linearizer structure in DSP. This would allow the 

claims of the performance gains realized through adaptation of the equalizers to be 

validated. 

Another future avenue would be to reconfigure the equalizers to equalize the 

entire path from input to output. In this thesis, the equalizer corrected the response 
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from the input to the error coupler. It would be advantageous to correct for the 

entire path, to get the target frequency response at the output. This would require 

characterizing more of the system, and adjusting the equalizer response accordingly. 

Finally, the goal of this research was to integrate more of the feedforward struc

ture into a cheaper, more flexible, simpler DSP implementation. An exciting future 

implementation would be one that eliminates the output delay line. This would 

reduce the loss at the amplifier output and improve the performance of the error 

cancellation loop. The ultimate hybrid implementation of feedforward would be an 

implementation using only two amplifiers and a combiner, all being driven by dig

itally synthesized signals. An implementation like this would provide broadband 

linear amplification with a minimum number of components, regardless of the non-

idealities of the amplifiers used. 
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