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Abstract— This project paper provides a practical overview of
Filter DesignTechnique.Differ ent approachof FIR and IIR �lter
designare included in this project paper aswell asother relative
topics.

Index Terms— FIR Filter, IIR Filter

I . INTRODUCTION

D IGITAL Filter Design Techniqueare widely used in
different areas. It' s quite essentialto grasp different

kind of �lter design methods.This project will give us a
wonderful opportunity to practice some basic approaches.
Including different �lter type and �lter designfunctionsthat
provided by MatLab.

I I . PART A

A. Filter Speci�cations

A speech signal is corrupted by a bandlimited noise
(2500Hzto 4000Hz).Thesamplingrateof thesystemis 8kHz.

Sincethe samplingrateis 8kHz, from samplingtheory, the
highestfrequency that canbe properlysampledis given by

SamplingF requency
2

=
8000

2
= 4000(H z) (1)

The noise is in range2500Hz to 4000Hz.So the �lter is
a lowpass�lter . And sincethe signal is speechsignal,which
should in the frequency rangeof 80Hz to 400Hz, it' s very
safe to choosethe passbandedgefrequency as 2000Hzand
stopbandedge frequency as 2500Hz. It' s also very safe to
choosepassbandripple of 1dB while a minimum stopband
attenuationof 40dB, since the �lter will retain the desired
signalandcutoff thenoises.So the �lter speci�cationis given
by

FT = 8000H z

Fp = 2000H z

Fs = 2500H z

� p = 1dB

� s = 40dB (2)

Sincewe have

� p = � 20lg(1 � � p)dB

� s = � 20lg(� s)dB (3)

So

� p = 1 � 10� � p =20 = 1 � 10� 0:05 = 0:1087

� s = 10� � s =20 = 10� 2 = 0:01 (4)

Furthermore

! p =
2� Fp

FT
=

2� (2000)
8000

= 0:5�

! s =
2� Fs

FT
=

2� (2500)
8000

= 0:625�

! c =
! p + ! s

2
= 0:5625�

� ! = ! s � ! p = 0:125� (5)

B. FIR Filter Design

1) Fixed Window: We choosethe default Hamming win-
dow. From Table7.2 in the book

M �
3:32�
� !

= 26:56 (6)

ChooseM = 27, and �lter order N = 2 � M = 54. We
just useMatLab function �r1 to get the �lter coef�cients.

b = �r1(54, 0.5625);

The correspondingplot is shown in Figure1.

2) Adaptive Window: We use Kaiser Window, the
corresponding �lter order and coef�cients can directly
obtainedby usingMatLab function kaiserord andkaiser, then
apply the KaiserWindow to the �r1 function.

[N, Wn, beta,ftype] = kaiserord([0.50.625], [1 0], [0.10870.01]);

b = �r1(N, Wn, kaiser(N+1,beta));

The correspondingplot is shown in Figure2 (N = 36).

3) REMEZ Exchange Algorithm: By directly apply our
�lter speci�cationsto remezord andremezfunction.

[N, fpts, mag,wt] = remezord([20002500], [1 0], [0.10870.01], 8000);

b = remez(N,fpts, mag,wt);

The correspondingplot is shown in Figure3 (N = 19).

4) Comparison:From Figure1 to 3, we cansee
Transitionbandwidths

AdpWin (K aiser ) < Remez < F ixW in (H amming )

Maximum attenuation

AdpWin (K aiser )
�= Remez B etterThan F ixW in (H amming )
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Fig. 1. FIR - Fixed Window (HammingN=54)

Fig. 2. FIR - Adaptive Window (KaiserN=36)

Fig. 3. FIR - Remez(N=19)

In general,Remez gave us the best result since it can
attainverygoodfrequency responsewhenN=19.For Adaptive
Window Filter, althoughit gave us goodresultaswell, but it
needN=36 to achieve that.And theFixedWindow Filter gave
us relatively worseresult.

Furthermore,the trade-off canbe shown in thesethreeap-
proachesveryclearly. If wecanmaketheFIR �lter Equiripple,
which meanswe candistribute the ripples in a goodmanner,
we canachieve betterperformance.

C. IIR Filter Design

Three different IIR Filter approachesfollow the same
steps.First estimatethe �lter order, then designthe �lter by
using correspondingMatLab functions. Since the functions
provided by MatLab Signal ProcessingToolbox are using
bilinear transformationthemselves,we can directly usethem
without any Analog to Digital speci�cation translation.

1) Butterworth: We use buttord and butter to designthe
�lter . Plot is shown in Figure4 (N=14). And the codeis

[N, Wn] = buttord(0.5,0.625,1, 40);

[b, a] = butter(N, Wn);

2) Chebyshev: We choose Type I Chebyshev. We use
cheb1ord and cheby1 to design the �lter . Plot is shown in

Fig. 4. IIR - Butterworth(N=14)

Fig. 5. IIR - Chebyshev[I](N=7)

Fig. 6. IIR - Elliptic(N=5)

Figure5 (N=7). And the codeis

[N, Wn] = cheb1ord(0.5,0.625,1, 40);

[b, a] = cheby1(N,1, Wn);

3) Elliptic: We useellipord and ellip to designthe �lter .
Plot is shown in Figure6 (N=5). And the codeis

[N, Wn] = ellipord(0.5,0.625,1, 40);

[b, a] = ellip(N, 1, 40, Wn);

4) Comparison:From Figure4 to 6, we cansee
Orderof Filters

NE lliptic < NC heby shev [I ] < NB utter wor th

For frequency response,the Butterworth andChebyshev[I]
�lter both have quite �at responsein the passbandand
smoothlydecreasein the stopband.Elliptic �lter have ripples
in bothpassbandandstopband,andit alsoprovideusa narrow
transitionbandwidth.

D. Comparisonof FIR and IIR

In general,for the same�lter speci�cations,IIR �lter can
achieve the requirementin much lower �lter order. So it' s
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much ef�cient in practice.But when we need the �lter to
be linear phased,FIR �lter is preferedsinceit automatically
achieve linear phase.Furthermore,gain responseof IIR �lter
will keep decreasingin stopbandwhile most FIR will have
ripples in stopband.

I I I . PART B

A. M7.29

FIR bandpass�lter with Speci�cations ! s1 = 0:45� ,
! s2 = 0:8� , ! p1 = 0:55� , ! p2 = 0:7� , � p = 0:15dB,
� s = 40dB. So � ! 1 = ! p1 � ! s1 = 0:1� and
� ! 2 = ! s1 � ! p1 = 0:1� (� ! 1 = � ! 2).

1) Hamming Window: From Table 7.2 in the book we
have M = 3:32�

� ! 1
= 3:32�

0:1� = 33:2. So chooseM = 34, and
�lter orderN = 2M = 68. Since�r1 function useHamming
Wiondow by default, just use

b = �r1(68, [0.5 0.75]);

Plot shown in Figure7.

2) Hann Window: From Table 7.2 in the book we have
M = 3:11�

� ! 1
= 3:11�

0:1� = 31:1. So chooseM = 32, and �lter
orderN = 2M = 64. Use

b = �r1(64, [0.5 0.75], hanning(64+1));

Plot shown in Figure8.

3) Blackman Window: From Table 7.2 in the book we
have M = 5:56�

� ! 1
= 5:56�

0:1� = 55:6. So chooseM = 56, and
�lter orderN = 2M = 112. Use

b = �r1(112, [0.5 0.75], blackman(112+1));

Plot shown in Figure9.

4) Kaiser Window: From the �lter speci�cations,
� p = 1 � 10� � p =20 = 1 � 10� 0:075 = 0:0171 and
� s = 10� � s =20 = 10� 2 = 0:01. So use

[N, Wn, beta,ftype] = kaiserord([0.450.550.7 0.8], [0 1 0], [0.01 0.0171
0.01]);

b = �r1(N, Wn, ftype, kaiser(N+1,beta));

Plot shown in Figure10.

B. M7.35

From the Filter Speci�cationsin M 7.29,we directly use

[N, fpts, mag,wt] = remezord([0.450.55 0.7 0.8], [0 1 0], [0.01 0.0171
0.01]);

b = remez(N,fpts, mag,wt);

Plot shown in Figure11.

Fig. 7. FIR - Hamming(N=68)

Fig. 8. FIR - Hann(N=64)

Fig. 9. FIR - Blackman(N=112)

Fig. 10. FIR - Kaiser(N=45)

Fig. 11. FIR - Remez(N=36)
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C. RemezAlgorithm and Comparison

Remezdesignsa linear-phaseFIR �lter using the Parks-
McClellan algorithm, which usesthe Remezexchange algo-
rithm and Chebyshev approximation theory to design �lters
with an optimal �t betweenthe desiredandactualfrequency
responses.The �lters are optimal in the sense that the
maximumerror betweenthe desiredfrequency responseand
the actual frequency responseis minimized. Filters designed
this way exhibit an equiripple behavior in their frequency
responsesandarecalledequiripple�lters.

And we can see to achieve the same�lter speci�cations
(transitionbandwidthandotherspeci�cations)

NRemez < NK aiser < NH ann < NH amming < NB lack man

We cannot saywhich oneis muchbetterthanothers,since
althoughsomewindow needhigherorder, but they canprovide
you better attenuation.But In general if we can make the
desired�lter exhibit anequiripplebehavior, that�lter will have
lower orderandrelative goodperformance.

IV. PART C

We want to display that IIR �lter will distort the output
signalbut FIR �lter won't. To make the demostrationclearly,
we choosethe following signal

x(t) = sin(2� � 1 � t)=1 + sin(2� � 3 � t)=3

+ sin(2� � 5 � t)=5 + sin(2� � 7 � t)=7

+ sin(2� � 9 � t)=9 + sin(2� � 11� t)=11 (7)

So actually, we have a mixed signal which includes1Hz,
3Hz, 5Hz, 7Hz, 9Hz and11Hz elements.And our IIR or FIR
�lter will be designedas lowpass�lter which have passband
at 0:15� andstopbandat 0:25� .

A. HammingWindow FIR vs ButterworthIIR

The result is shown in Figure12.

B. Kaiser Window FIR vs Elliptic IIR

The result is shown in Figure13.

C. Comments

We canseefrom the Figure12 and13, the FIR �lter gives
us thedesiredoutputsignalexceptit hasa phasedelay, which
shouldnot bea big issue.But for IIR �lter , sincethenonlinear
phaseeffect,differentfrequency elementsexpressoutdifferent
phaseresponse.Overall the outputsignalof IIR �lter showed
up different shapeother than the input signal, which means
the outputsignal is distortedby nonlinearphase.

V. CONCLUSION

This project papercoveredthe basicDigital Filter Design
technique,including FIR Filter Design and IIR Filter De-
sign.Throughtthis project, when facing real application,we
should be able to choosecorrect �lter type and be able to
designa desireddigital �lter aswell.

Fig. 12. HammingWindow FIR vs Butterworth IIR

Fig. 13. KaiserWindow FIR vs Elliptic IIR
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