DIGITAL SGNAL PROCESSINGLABORATORY
Assignment 5

1. Linear Phase Finite Impulse Response (FIR) Frequency Selective Filters

A causal FIR filter which has a real impulse response will have linear phase if and only if the
filter has an impulse response of the form

h[n]=h[N -1-n] 0<n<N-1
An FIR filter whose impulse response satisfies this criterion, has a frequency response of the form
N-1
. -] —w
HE'®)=Hw)e 2
whereH (w) is a real function anil is the length of the impulse response. If the impulse re-
sponse is shifted such thgfn] = h[n+(N-1)/2], then

- ~N-1 N-1
hs(n):%hﬁ( n) = <ns<S
EY

wheren OI for N odd andn I /2 (integers divided by 2) fdd even. Using the time shifting

theorem, the frequency responebs(ejw), of the shifted impulse responsg[n], can be written
as
_ j N-1 _ j N-1 ] N-1
H e “)=e 2 HE®)=e 2 Hwe 2 =HW).
SinceH¢ (') =H W), H¢(e™) is a real function, and the phasetbf(e!”) equals zero. Thus
H (w) is often called the zero phase frequency response or amplitude response. Given a desired

zero phase frequency responbl%,(ej‘*’), its corresponding impulse responkgfn], can be cal-
culated from the inverse discrete time Fourier transform,
Tt

— L joon

hgqln] = ang[_an(w)e dw ,
wheren [JI for N odd andn JL/2 (integers divided by 2) fdd even. If

Ha(w) = % Z)tlhjrlvo;zwu
then
sinfwyn] - sinfoyn]

TN

andhg[n] = hy[-n] . In general, the impulse responkg|n], is infinitely long. One method used
to obtain an FIR filter fronhy[n] is to multiply hy[n] by a finite duration sequenag{n], called
a window. Therefore the resulting impulse respohg] , is a finite length sequence of the form
N-1

hg[n] =

Plnwin] ol
ne[n] = hylriwfn] = 5
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To guarantee that the frequency respoiis@y) , of the resulting impulse respons$g[n] , is real
and has zero phase, the window sequence must have the form

win] = w-n]
wheren 01 for N odd andn [0l /2 (integers divided by 2) fdd even. The following are exam-
ples of such windows.

Rectangular Window

win]=1 In|< N2—1
Bartlett or Triangular Window
O 2n N-1
+1 - <n<o0
win] = D@N -1 2
2n N-1
EL— 0<n<
N -1 2
Hanning Window
1 1 02m [ N-1
n]==+=cos n|<
W] =S+ cosgy10 | 2
Hamming Window
02m O N-1
w[n] =0.54 + 0.46¢cos n|<
[l N -1H <=3

Blackman Window
4™ O N-1

w[n] = 0.42+ 0.5cos E%E+ 0.08 cos N—1o In|<

To obtain a causal FIR filter with impulse resporigg], from the noncausal FIR filter with im-
pulse responséy, [n], let

. _ _iN-1
ing fi - joo wy—g 177®
The resulting filter will have a frequency responsge’™) , whereHg(e™ ) =e H(w).
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Exercises

1. Modify yourMAaTLAB function,FIRdesign, so that it can calculate even and odd length im-
pulse responses.

2. Consider an FIR filter which minimizes the mean square error between the desired zero phase
frequency responsély(w) , and the filter's zero phase frequency respohde)) , where

Hy () = 1 0.4m<|w|< 0.6m
aF Ep otherwise

Determine an impulse responkp], of a causal linear phase FIR filter which satisfies this
criterion. Leth[n] have the lengthsl = 55 andN = 100.

1)  Usingstem ploth[n].

i) If you used one of the above windows, indicate which window, and plot the
magnitude of that window's frequency spectrum.

iii) Plot the magnitude of the filter's frequency response.

Iv) Give an expression as a functioruafor filter's phase response.

3.  Write MATLAB functions calledartlett, hanning2, hamming2 andblackman which gener-
ate Bartlett, Hanning, Hamming and Blackman windows respectively.

I) For each of the windows, plafn] for N = 55 and\ = 100.
i) Plot the magnitude of the frequency spectrum of each of the windowsNvhd®0.

Compare younanning2 andhamming2 functions to Matlab's built in functionsanning
andhamming.

4. Using each of the window functions your wrote in Exercise 3, design a series of causal linear
phase FIR filters of lengtlié = 55 and\ = 100 to a approximate the desired frequency re-

sponseH4(€'®), where

|Hd(ejw)|: % 04mn< k;,)lS 0.61t

otherwise

1) Plot the magnitude of the filter's frequency response.
i) Give an expression as a functiorufor filter's phase response.

5. Perform a pole zero plot of one of your filter designs whiereb5.
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