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Abstract  —  The performance of a wireless 

communication system depends on amplifier’s nonlinearity. 
In this paper, Feed-forward amplifier implementation for 
wideband communication system are introduced. By adding 
a new distortion cancellation loop to the original feed-
forward structure, improved measurement for large linearity 
power output is presented. The intermodulation distortion 
(IMD) for two tone harmonic balance has been reduced to -
90.5 dBm. A UMTS downlink channel has been used as 
application case. 

 Index Terms  —  RF power amplifiers, Linearization, 
Feedforward technique. 

 

I. INTRODUCTION 

The performance of a wireless communications system 
depends on the transmitter, the receiver and the air 
interface over which the communication takes place. 
Actual communication systems require high linear 
amplification in their transmitters. If nonlinear 
components are used for a linear purpose, like amplifiers, 
besides performing the amplification task, they also 
generate undesired effects that are going to be considered 
as nonlinear distortion that generate new spectral 
components. There are two methods of realizing a linear 
power amplifier, namely, an amplifier with back-off 
operation from its 1dB compression point and an amplifier 
with added linearised circuits. Linear power amplifiers are 
required to have high efficiency and low distortion 
simultaneously. Power amplifier with high linearity has 
low efficiency [1-3]. However, there is a tradeoff between 
efficiency and linearity. In order to achieve both 
characteristics, several types of linearization technologies 
have been reported such as: predistortion, feedback and 
feedforward which are different in advantages. 

The Feedforward technique however is unconditionally 
stable and the distortion introduced by the main amplifier 
can be, theoretically, completely subtracted. Therefore the 
double loop feedforward topology, which is applied 
widely in many productions owing to its high 
performance, better linearization, wider available 
bandwidth. This linearization technique is open loop and 
unconditionally stable, so theoretically suitable for any 
wideband application. 

In this paper the optimized feedforward technology are 
introduced. By adding extra distortion cancellation loop 

improved measurement for large linearity power output is 
presented. Likewise, it has been notice the potential of the 
adjustment parameters to enhance the benefits of this 
linearization technique. Feedforward amplifiers 
implementation for wideband communication system are 
introduced. A UMTS downlink channel has been used as 
application case. Simulation results with                      
/4   modulation show significant reduction in 

Adjacent Channel Interference and considerable 
improvement in constellation quality for a power 
amplifier.   

II. FEEDFORWARD TECHNIQUE 

Figure 1 illustrates a typical feedforward system involves 
two cancellation loops. The aim of the first loop (error 
loop) is to sample the distortion introduced by the main 
amplifier, and the second one (distortion cancellation 
loop) uses the distortion sample obtained from the error 
loop to subtract the distortion component from the 
amplified main signal. 
The input signal (Vin) is divided in two by the first power 
splitter. One of split signal  (Vi) is amplified by the main 
amplifier and the other one (Vi) is used as a reference 
signal. The output of the main amplifiers is named as Vp 
and all the distortion introduced by the main amplifier is 
included in the Vd term. A directional coupler samples the 
amplified signal (Vc). The error loop (Loop 1) concludes 
with the subtraction of the reference signal (Vi) from the 
coupled signal (Vc) in a power combiner. The resultant 
signal is so-called the error signal and will be denoted as 
Ve. The error signal has again two components: a sample 
of the distortion signal on the one hand, and a sample of 
the main signal on the other hand. 
 
 

 
 
Fig. 1      Feedforward linearization basic architecture 
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                                            Fig.2   Fig2. Block-diagram of a feedforward topology 
 
 
The aim of the error loop is to get only the distortion 
component, so two phase and gain equations should be 
fulfilled (1) and (2): 

                                                                  (1) 

                                                                   (2) 

Where G , θ  and G , θ  are the gain and phase of 
main power amplifier and first coupler respectively. With 
those gain and phase conditions, the error signal (Ve) will 
have only the distortion sample. The distortion 
cancellation loop tries to cancel the distortion component 
of the amplified signal (Vp) by subtracting this error 
signal (Ve) correctly scaled. A directional coupler is used 
for the distortion cancellation in order to attenuate the 
main signal component as less as possible. The output 
signal (Vo) of the second directional coupler has one main 
component and two uncorrelated distortion components. If 
the distortion components must be subtracted, two gain 
and phase equations (3)  and (4) should be fulfilled. 

                                                 (3) 

                                                       (4) 

 
Where G , θ ,   G , θ  and G , θ  are the gain and 
phase of power splitter, error power amplifier and second 
directional coupler respectively. 
In this ideal case, the output signal (Vo) will have the 
input signal (Vin) amplified by the power amplifier gain 
factor (G2) and attenuated by the power splitter 
transmission loss (G1), but without any distortion (Vd). 
The total signal cancellation will not be feasible because 
of some of the most popular non-idealities such as : the 
error amplifier distortion, the isolation lack, and the main 
signal path loss. 

The models recommended for the Feedforward 
simulations are the AM-AM and AM-PM conversion 
models. The AM-AM is characterized with the 1dB 

compression point (P1dB), the output saturation power 
(PSAT) and the output third order intercept point (OIP3). 
The AM-PM, on the other hand, models the output phase 
vs. the input power.  

Figure 2 illustrates the block diagram of new 
feedforward topology. Here, by adding a new distortion 
cancellation loop (Loop3) to the original feed-forward 
structure and fine-tuning it adjustable parameters, resulted  
intermodulation distortion decreases. However it reduces 
the output power of the main signal. Utilizing an extra 
error amplifier can reduce effect of the new loop on output 
power of the main signal. Error power amplifiers are the 
common power amplifiers similar to the error power 
amplifier of the traditional feedforward. In the ideal case, 
these error power amplifier operate in the linear region but 
in practice the tree error amplifier are not absolute linear 
and generate distortion contents. 

III. SIMULATION AND RESULTS  

 
Figure 3 is the simulation circuit of the feedforward 
topology based on ADS software, which is simulated for 
the wideband signal used by the UMTS communication 
standard [4], by the two tone harmonic balance method of  
f1= 2135.835MHz and f2= 2139.165MHz and 3.33MHz 
separated, so the third order intermodulation products are 
located into the adjacent channels. ( The spectrum 
allocation in Europe, Japan, and Korea for the FDD mode 
is  2110–2170 MHz for the downlink). The adjustment 
method consists in variations of the attenuator and phase 
shifter value in loop1,2 and 3 and Delay Line  parameters 
until the third order intermodulation products of the output 
signal are minimal or until the intermodulation distance 
reach the maximum value.  
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Fig.3         The simulation scheme of a new feed-forward topology 
 

The simulation results are presented to achieve a better 
understanding on the behavior of the feedforward power 
amplifier.  Figure 4(a) shows the out spectrum without the 
feed-forward linearization method in the condition that the 
-4dBm power is employed in the main PA input port. Fig. 
4(b) displays the output spectrum of the feed-forward 
power amplifier. The intermodulation distortion (IMD) 
has been compressed to -90.5 dbm. 
 
 
 
 

For UMTS communication standard ,digital modulation 
formats such as QPSK and /4DQPSK  is used. These 
modulation types combine phase and amplitude 
modulation. Amplifiers handling such signals must be 
carefully characterized and designed if adequate amplitude 
and phase linearity are to be maintained [5]. This work 
presents modulation analysis using π/4 DQPSK in a 
2137.5MHz power amplifier. The simulation results are 
shown in figure 5.  

 

 

 

 

 

 

 

Fig4.  (a) The output spectrum without the feed-forward linearization method, (b) the output spectrum of the 
improvement feed-forward method in the paper. 
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Fig. 5 /4QDPSK simulation results 

The intermodulation distortion has been compressed to     
-85dbm. ACPR performance has been improved by 31 dB. 
These architecture reduced the occurrence of IMD which 
degrades the communication system’s performance. 

 

IV. CONCLUSION 

A new feedforward RF amplifier has been proposed. By 
adding a new distortion cancellation loop the 
intermodulation distortion for two tone harmonic balance 
has been reduced to -90.5 dBm. For UMTS 
communication standard the intermodulation distortion 
has been compressed to -85 dBm. 
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