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7.15. This filter requires a maximal passband error of 8 = 0.05, and a maximal stopband error of §, = 0.1.
Converting these values to dB gives : '

 Sp=-264dB
ds = ~20 dB
This requires a window with a peak approximation error less than -26 dB. Looking in Table 7.1, the
Hazming, Hamming, and Blackman windows meet this criterion.

Next, the minimum length L required for each of these filters can be found using the ”approximate
width of mainlobe” column in the table since the mainlobe width is about equal to the transition width.
Note that the actual length of the filteris L = M +1.

Hanning:
8x -
Oir = =
i M
M = 80
Hamming:
8&n
0.171' = -M-
M = 80
Blackman:
127
0.17!' = '—M—
M = 120
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7.36. (a) Since H(e’®) # 0 and H(e/™) # 0, this must be a Type I filter.
(b) With the weighting in the stopband equal to 1, the weighting in the passband is gf.

W(w)
1.6
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(d) An optimal (in the Parks-McClellan sense) Type 1 lowpass filter can have either L + 2 or L + 3
alternations. The second case is true only when an alternation occurs at all band edges. Since this
filter does not have an alternation at w = # it should only have L +2 alternations. From the figure,
we see that there are 7 alternations so L = 5. Thus, the filter length is 2L + 1 = 11 samples long.

(e) Since the filter is 11 samples long, it has a delay of 5 samples.
(f) Note the zeroes off the unit circle are implied by the dips in the frequency response at the mdlca’ced

frequencies.
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7.38. (a) A Type-I lowpass filter that is optimal in the Parks-McClellan can have either L +20r L+3
alternations. The second case is true only when an alternation occurs at all band edges. Since this

filter does not have an alternation at w = 0 it only has L + 2 alternations. From the figure we see
there are 9 alternations so L = 7. Thus, M = 2L = 2(7) = 14.

(b) We have
h]-jp[n] = -ej7mh[,p[n}
Hyp(e™) = ~Hypp(ef@m))
—~A (@~ emilu-m ¥
A (eI ¥
= B(e/?)e ¥
where

B(e/) = A, (e
The fact that M = 14 is used to simplify the exponential term in the third line above.

(©)

B,(")

(d) The assertion is correct. The original amplitude function was optimal in the Parks-McClellan
sense. The method used to create the new filter did not change the filter length, transition width,
or relative ripple sizes. All it did was slide the frequency response along the frequency axis creating

a new error function E'(w) = E(w — 7). Since translation does not change the Chebyshev error
(max |E(w)|) the new filter is still optimal.
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7.39 For this filter M = 2, so the polynominal order L is

No.te that h[n] must be a type-1 FIR generalized linear phase filter, since it consists of three samples,
and H(e?¥) # 0 for w = 0. h[n] can therefore be written in the form

hin] = ad[n] + bd[n — 1] + ad[n — 2] ( M "%b V@%‘M V%
Taking the DTFT of both sides gives - ST iy v Q’t\"\( 5{ hg’y‘))
H{elv)

a+be MY 4 gem I

e (ae + b+ ae™ )
» e™79 (b + 2a cosw)
A(e™) = b+2acosw

The filter must have at least I, +2 = 3 alternations, but no more than L+ 3 = 4 alternations to satisfy
the alternation theorem, and therefore be optimal in the minimax sense. Four alternations can be
obtained if all four band edges are alternation frequencies such that the frequency response overshoots
at w = 0, undershoots at w = %, overshoots at w = %> and undershoots at w = 7.

Let the error in the passband and the stopband be &, and 4,. Then,

. 1 +8p

A(e??) Jar=0 = 144, B

Ae™) lommss = 1-6, -8 LoD

A(e]:w) !w:r/2 = 58 ‘ SV

AE) s = =4, 8 e mnemd BLEW
Using A(e?¥) = b+ 2z cos w, S G I & Ny __ )

Ae™) lu=0 = b+2a g& T3 % ““*\5'

A(e"‘") ]w=ﬂ-/3 = b+a

A(e:’,w) ‘w:ﬂ'/z = b

Ale™) ly=r = b—2a

Solving these systems of equations for a and b gives
CSe neth \(MQ&\)

e =

b =

[P R SN FN N

Thus, the optimal (in the minimax sense) causal 3-point lowpass filter with the desired passband and
stopband edge frequencies is .

Rfn] = g&{n} + gs[n —+ gﬂn ~ 9






