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14. DESIGN OF FIR DIFFERENTIATOR

If a continuous time signal x(t) is differentiated in the time domain, we have
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The Laplace transform of x’(t) is given by
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where initial condition is ignored.
If x(t) is applied to a differentiator, the output is given by y(t) = dx(t)/dt = x’(t).  The
Fourier transform of the output y(t) (= x’(t)) is given by
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The ratio of Y(ω) over X(ω) is defined as the transfer function H(ω) of the differentiator.
Thus,
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Similarly, the transfer function of a discrete time differentiator is defined as
H jd ( ) ,θ θ π θ π= − ≤ ≤
Notice that a differentiator introduce a phase shift of π/2, and that it emphasizes high
frequency components and de-emphasizes low frequency components.  The impulse
response of a differentiator is obtained by taking the inverse discrete time Fourier
transform of Hd(θ).  Thus,
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for k ≠ 0.  For k = 0, we have
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Notice that hd(k) is an odd function of k.
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The differentiator can be designed using Parks-McCllelan algorithm.  The following
MATLAB file illustrates differentiator design using Parks-McCllelan algorithm.  Notice
that we can design piecewise linear filter using Parks-McCllelan algorithm.

%File Name: diff1.m
%Written by Dr. James S. Kang, ECE Department, Cal Poly Pomona.
%Design of a differentiator using Parks-McCllelan algorithm.
[x,fs,bits]=wavread('chimes.wav');
%fs=sampling rate
disp('sampling rate = ')
disp(fs)
soundsc(x)   %or sound(x)
pause(2)
fs2=fs/2;
N=121;
f=[0,0.3,0.4,1];
m=[0,1,0,0];
h=remez(N-1,f,m,'differentiator');
a=[1];
[H,w]=freqz(h,a,100);
n=1:N;
stem(n-1,h);
grid
figure
plot(w/pi,abs(H));
grid
y=filter(h,a,x);
soundsc(y)   %or sound(y)
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DESIGN OF HILBERT TRANSFORMER

A Hilbert transformer is a device that shifts the phase of the input signal by −π/2 for all
frequency components.  In other words, a Hilbert transformer is a phase shifter with phase
shift of − π/2.  The transfer function of the Hilbert transformer is given by
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or
H(ω) = −j sgn(ω).
The Hilbert transform $( )x t of a continuous time signal x(t) with Fourier transform X(ω)
can be obtained in the frequency domain by

[ ]$ ( ) sgn( ) ( )x t F j X= −−1 ω ω .

In the time domain, the Hilbert transform of x(t) is obtained by the convolution of x(t) and
1/(πt), that is,
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In the discrete time domain, the transfer function of the Hilbert transformer is given by
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The impulse response of the Hilbert transformer is obtained by taking the inverse discrete
time Fourier transform of H(θ).  Thus,
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When k = 0,
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Notice that hd(k) is an odd function of k.



14-111

The Hilbert transformer can be designed using Parks-McCllelan algorithm.  The following
MATLAB file illustrates Hilbert transformer design using Parks-McCllelan algorithm.

%File Name: Hilbert1.m
%Written by Dr. James S. Kang, ECE Department, Cal Poly Pomona.
%Design of a Hilbert transformer using Parks-McCllelan algorithm.
[x,fs,bits]=wavread('chimes.wav');
%fs=sampling rate
disp('sampling rate = ')
disp(fs)
soundsc(x)   %or sound(x)
pause(2)
fs2=fs/2;
N=121;
f=[0.1, 0.9];
m=[1, 1];
h=remez(N-1,f,m,'Hilbert');
a=[1];
[H,w]=freqz(h,a,100);
n=1:N;
stem(n-1,h);
grid
figure
plot(w/pi,abs(H));
grid
y=filter(h,a,x);
soundsc(y)   %or sound(y)

Notice that the magnitude response is flat for the Hilbert transformer.  Hilbert transformer
is an allpass filter that changes the phase only.
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