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Fig. 3 Results comparison on QPSK system with two 
different equalizers 

This result is applied in BPSK system. BPSK 
system has same structure like as I-channel of 
QPSK system and there is two states {0, 1} and has 
only I-channel. To introduce Q-channel signal, the 
Hilbert transform is adopted. Hilbert transform is 
represented as6)-7) 

(4)

It is obtained imaginary signal yQ(t) with a 90° 
phase shift from original real signal yI(t). The 
imaginary part of the binary data in modulation 
system m(n) is also calculated for estimation error 
calculation in Eq. (2). BPSK modulation, BPSK 
demodulation system with a real coefficient 
equalizer and a complex coefficient equalizer are 
shown as Fig. 4.

Fig. 5 shows the simulation results of two 
different equalizers on BPSK system.  

(a)

(b)

(c) 
Fig. 4 Block diagram of BPSK communication system 
(a) BPSK modulation system, (b) BPSK demodulation 
system with a real coefficient equalizer, (c) BPSK 
demodulation system with a complex coefficient 
equalizer

Fig. 5 Results comparison on BPSK system with two 
different equalizers 

3. Conclusions  
In this study, FFE with LMS algorithm is 

applied in QPSK system, and two real coefficients 
and a complex coefficient equalizers are adopted 
and compared the results each other. The Hilbert 
transform is applied in real coefficient BPSK 
system to get the complex coefficient BPSK system. 
The performance of a complex coefficient equalizer 
is also better than two real coefficient one in 
complex coefficient BPSK system. 
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