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Lec. 9 Digital Filter Design

9.1 Introduction:

A discrete time filter takes a discrete time input sequence x(n) and produces a discrete
time output sequence y(n).
A special class of a discrete time shift-invariant system can be characterized by a unit

sample response h(n), a system function H(Z), or difference equation.

N M
D a, yn—k)=> b, x(n—k) (9.1)
k=0 k=0
M
dYbZ*
H(Z)=*—— (9.2)
Z a, 7™
k=0

HE") =4, Z=" 9.3)

A filter may be required to have a given frequency response, or specific response to an
impulse, step, or ramp, or simulate a continuous analog system. The simulation of analog filter is

shown in Fig. (9.1).

Discrete
Xa(t) A/D converter x(n): time filter Y(nz D/A converter | Ya()
(1/T) samples / H(Z) (1/T) samples /
sec. sec.

Equivalent analog filter

Fig. (9.1) Equivalent analog filter
A/D converter consists of sampler, quantizer, and coder.

D/A converter consists of decoder, sample and hold, and low-pass filter.

9.1.1 Definitions

1. If unit sample response h(n) is of finite duration, the system is said to be a finite impulse

response (FIR) system. Eq. (9.1) represents FIR system if ap# 0 and ax = 0 for k=1, 2,..N.
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2. If unit sample response h(n) is of infinite duration, the system is said to be an infinite
impulse response (IIR) system.

3. IIR filter is usually implemented by recursive realization (is one in which the present
value of the output depends on both the input present and or past values), i.e., with
feedback.

4. FIR filter is usually implemented by either a nonrecursive realization (without feedback)

or an FFT realization.

9.1.2 A comparison between FIR and I IR filters:

FIR IR

1- Finite impulse response h(n) 1- Infinite impulse response h(n)

n <n <mnm n <n < o

2-Complex requires large number of | 2- Simple, does not require large

computations number of computations

3- Due to large number of computations, | 3- Dose not require large memory

it requires large memory

4- Always stable because its poles lie at | 4- Stable only if its poles lie inside the

the origin unit circle of the Z-plane

5- Linear phase characteristics 5- nonlinear phase characteristics

9.2 Infinite Impulse Response (I11R) filter format

An IIR filter is described using the difference equation (9.1) as:

vin) = bgxin) + byxln — 1)+ -« + bpgxin — M)

—apn=1)—---—ayvin— N).
| | (9.4)
The IIR filter transfer function given in eq.(9.2) as:
¥iz b h :_l oot h :—H
Hiz) (z) Byp+Dz7 + +.w_‘
Xz l4azt4-- fayz™
9.5)

Example (1): Given the following IIR filter:
y(n)=0.2x(n)+04x(n—1)+0.5y(n—1),

Determine the transfer function, nonzero coefficients, and impulse response.

Solution:
F(z) 0.2+ 0427
Hi:z .
@) Xizy 1-051
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by =0.2, by =04, and a; = —0.5.

Using the inverse z-transform and shift theorem, we obtain the impulse response as

hin) = 0.200.5 u(n) + [}.4-}'[}.5:|”_|H[u - 1.

9.3 Techniques for designing H(Z) for IIR filter:

9.3.1 Design by using numerical solutions of differential equations:

A continuous time linear filter is specified by the following difference equation:

i ¥ d5x (¢
Z ya( ) dk d);’-g;{( ) (96)

k=0 k=0
M

Zd st
N

2.

k=0

H,(S)= (9.7)

Approximate the derivates using first backward differences:
VO [y(m)]=[y(n) - y(n-1]/T (9.8)
Higher order backward differences are found by applying the first backward difference

repeatedly, as follows:

VO [ym]=Vv? [VED [ym]] 9.9)

Using the k™ order differences as approximations to the derivatives given in eq. (9.6), we have:
. k S k

> e VO Iy, ()= d, V¥ [x,(nT)] (9.10)

k=0 k=0

The Z. Transform of the 1* and k™ order differences are given below:

Z{vO ym)=Y(2)1-2"31/T (9.11)

ZvO yml=v(z) [1-2")/T) (9.12)

Letting x(n) = x,4(n T), and y(n) = y,(n T). Taking the Z. Transform of eq. (9.10):
Y@ [(-Z2"W/T) =3d X(Z) [(1-Z"}/T]
v(2) ;dk [(1-Z")W/T]

H(Z)= N° (9.13)
X@) Se, 1=/

Comparing eq. (9.7) and eq. (9.13), we find:

64



DSP | By Asst., Prof. Maha George

HZ)=H,(®) |
(Z) a(S) g -z (9.14)
T
HW: If H(S) =;use the numerical solutions of differential equations to obtain
S+ (S+2)

H(Z) for,a) T =1 sec., and b) ;=100 Hz.

9.3.2 Bilinear transformation (BLT) Design method:

Figure (9.2) illustrates a flow chart of the BLT design used

Digital filtar
specifications

l 1. Transfomrnation with frequancy warping

| Analog fiter specifications |
i 2. Transfommnation by lowpass prototype filtar

| Analog filtar transfer function |

l 3. Bilinear transfomation

Digital filter transfer function
and fraquency response verfication

Fig. 9.2 General procedure for IR filter design using bilinear transformation.

H(Z)=H(S) \S%

2(1-27") (9.15)
T (1+27")
S:E@
T 1+Z7"
_ oV
Q:E(le—w) (9.16)
T (I+e’")

9 o W GIWI2 _ =W 2

Q=— ? e WL LIV iV
Q:%tan(%) , rad / sec (9.17)
W =2tan" (%) , rad (9.18)

As (W/2) becomes smaller, we get more linear characteristics [ (W/2) << 1 ]. If the bilinear

transformation is applied to an Hy(S) with critical frequency ., the digital filter will have

critical frequency We.
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QT
W, =2tan" ("T) (9.19)
If the resulting H(Z) is used in an A/D-H(Z)-D/A structure, the equivalent critical frequency
becomes:
w=Q,,T (9.20)
2 QT

Q. =—tan" (—— 9.21

ceq T ( 2 ) ( )

Which will give Q. only if Q. T / 2 is so small, that tan'l(Q T/2)=QT/2.
In bilinear transformation, the design of digital filter does not depend on the sampling
rate (T =1, prewarp case). For a low-pass filter, with S — S/ Q. , and applying eq. (9.17), then:

2 (1-zhH _ -z
TA+zZHQ,

(1+Z7h tan(VZ")

Example (2): Design and realize a digital low-pass filter using bilinear transformation method to
satisfy the following c/cs:

1. —3.01 dB cutoff frequency of 0.5 & rad

2. Magnitude down at least 15 dB at 0.75 = rad.
Solution:

Step (1): applying eq. (9.17), where T=1 (prewarp case)

Q, =2 tan(%):Z tan(0.5 7/2)=2
’ W2
Q' =2 tan( EY )=2tan(0.75 7 /2) = 4.8282

Step (2) : applying eq. (8.4) and (8.5a):

log,, { (10 -1/ (10" -1}
2log,, (1/€Q,)

0.1k

3.01/10

_[1og, £10*"" =1/ (10°° 1)}

=[1.9412]=2
2 log,, (2/4.8282)

Q =2/10""° -1 "* =2 rad /sec
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Referring to lecture 8, Table (1) to write the normalized Butterworth LPF equation, and then

using LP — LP transformation:

1 4
S2 42 S +1 [ sos02 8242285 +4

Step (3): Applying bilinear transformation, eq.(9.15), T =1

H,(8)=

H(Z) = 4 B 1+2Z2'+ 77
A 200-2"  3.4142135+0.5857865 Z 2
(202D p 202 )y
(1+zZ7) (1+z7)

y(n) =0.2928932 { x(n) + 2 x(n—1) + x(n—2) } —0.1715729 y(n—2)

9.3.3 Digital-to digital transformation design method

1. Use digital specifications to calculate the order of digital unit bandwidth low-pass
Butterworth prototype and corresponding critical frequency Wp. The order of the digital

filter can be obtained by using eq. (9.17) of the prewarped digital frequencies Q , and

u?’

Q' in the standard formula for the analog Butterworth filter { eq. (8.4) }, as:

log,, { (10" —1)/ (10" 1)}
2 log,, { tan(W, /2)/ tan(W, /2)} ©-22)

W,=2tan"" {(107%"" —1) 7> tan( W, / 2)} (9.23)
Note: Refer to lecture 8, Table (2) to substitute for Q, in eq. (9.22) in terms of eq.(9.17).
Table (1) Digital-to digital transformation

Type
: ign formulas
formation Design
. To ‘ Transl
Low pass —» Low pass L sin Hﬁ,. - {"p)/?-]
w a1 s [ R TP YT
()1 20 log [ H(e/“) 0‘“ z Hl = sin|(6, + w,)/2]
. K s
Ky s W 1 o, w

P

4
Low pass — High pass

: cos [(0, - 0,)/2]
20 log |H(e!*)! 0 I :_ta = - ——
Op= o o 1 +az-! cos (0, 4 m”)/Z]
Ky Ky w - -
“p

; W
?
2ak k=1
Low pass —* Bandpass \ IS 2 _k I: 'y T . ?(‘SI(U)I + Wz)/zl
o8 dlugl % I i cos (@, = 0)/2] :
b @ ol v I\_:l 3--—2—“—“;2 | k= cot [(w, = @)/2] tan (0,/2
' o e Tk
20 1=k .
Low pass — Bandstop :-2___k: L m .- c_mllw, ' wl)/"-l
(]1 20 log lH(e!) [][: : Z-—l_,__li_.;—-———m cos [(w, = o)/
, rd h _k 2a o _"2:“2
K w K AR |__:—z____z- Ve k= tan{(w, w,)/2] tan (0,/2)
OP 1 W2 T+ k |
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_sin{(6, -W,)/2}
Csin{ (6, +W,)/2}

3- From Table (1), calculate ¢ (9.24)

4- Table (2) gives Hg, (Z) for normalized low-pass Butterworth digital filter. Calculate
H(Z)=Hy(2) | = ., (9.25)
z'>

(I+az™h

Example (3): Use Digital-to digital transformation method. Find H(Z) for LP digital filter that
satisfies the following requirements:

1- A —3.0102 dB cutoff digital frequency of 0.5 x rad.

2- Attenuation at and past 0.75 « rad is at least 15 dB
Solution:

0.30102 1.5
. log,, { (10 -1) /(10" —-1)} =|—1'9412—|=2
2 log,, {tan(0.57/2)/tan( 0.757/2)}

W, =2tan"" {(10°"" —1) 7" * tan(0.57/2)} = 0.57, 6p= 1 (normalized)

g = SAA=057) 12} 593401993
sin{(1+0.57)/2}

Using Table (2) that gives Hg, (Z) for normalized low-pass Butterworth digital filter

0.144106 1+ Z7")?

H, (Z)=
(%) 1-0.677496 Z7' +0.253921Z°

Applying €q.(9.25) , then:

H(Z) = (1+Z7"
3.4142+0.5858 72

9.3.4 Impulse invariant design method

If hy(t) represents the response of an analog filter to a unit impulse 8(t), then the unit

sample response of a discrete-time filter used in an A/D-H(Z)-D/A structure is selected to be the

sampled version of h(n).
H2Z)=Z{hn)}=Z{h,O)| .} (9.26)

If an analog filter with system function Hy(S) is given, the corresponding impulse invariant

design filter has

-
HZ) =Z{L" H/(S)| .1} 9.27)
Example (4): Find H(Z) corresponding to the impulse invariant design using sampling rate of
(1/T) samples / sec. for an analog filter H,(S) specified as: Hy(S) =A/(S+a)
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Solution:

hy)=L "HyS)=Ae *" u(t)

h(n) = hy(t) (car=A e *"T u(nT)

AZ
H(Z)=Z {h(”)}:ﬁ
ooy A .
‘ aU )‘_(a2+Q2)1/2 §=jQ
W Ae’" B A W
He’ )_ejW_efaT_l_efjWefaT , Z=e!

. - AejQT
Heq(]Q):H(ej )‘W_)QTZW 5 Q<7Z-/T

. A
H,(jQ) =——7 ——— , Q<zn/T
{l1—-e“ cos(QT)}+je ™ sin(QT)
. A
H, (jQ)|= ,  Q<zx/T
e —2aT —arl
l+e -2e cos(QT)
A Analog response
|, (i)
1.0
0.8
0.6 +
0.4 +
0.2 +
i f +H t ¢ H——— f ; 1
0 1 2 3+ 4 5 (:T 7 280 29 30 31* fl
T T 10r
A Bquivalent analog response
(b) (a) | H o iS)|
10522 1582 - Pty
/ \
8418 1.205 T / \
\
\ 7 \
6.313 0949 T i \
"l-____—"
4.209 0.633 T
1104 0316t )
f ‘ = I ———H—
0 | 2 Jf 4 5 6h 7 28 29 938 3|J‘l 1
‘
m m 107

(a) Representsa=1, T=0.1, | H, (] Q) | and | Heq(G 2) | are very close.

(b) Representsa =1, T =1, | H, (j Q) | and | Heg(j Q) | are different.
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Good results using impulse invariant design are obtained when the time between samples is

selected small.

9.4 Pole-Zero Placement Method for Simple Infinite Impulse Response Filters Design

This section introduces a pole-zero placement method for a simple IIR filter design. Let
us first examine effects of the pole-zero placement on the magnitude response in the z-plane
shown in Fig .(9.3).

In the z-plane, when we place a pair of complex conjugate zeros at a given point on the
unit circle with an angle 0, we will have a numerator factor of (z — ¢! ®)(z — ¢ °) in the transfer
function. Its magnitude contribution to the frequency response at z = ¢ Wis (e Wl 9)(e W e
%). When W = 0, the magnitude will reach zero.

When a pair of complex conjugate poles are placed at a given point within the unit circle,
we have a denominator factor of (z — r e’ *)(z — r ¢7 %), where r is the radius chosen to be less
than and close to 1 to place the poles inside the unit circle. The magnitude contribution to the
frequency response at W = 0 will rise to a large magnitude, since the first factor (¢ '® —re %) =
(1 —1)e"? gives a small magnitude of 1 — r, which is the length between the pole and the unit
circle at the angle W = 0. Note that the magnitude of e % is 1.

Therefore, we can reduce the magnitude response using zero placement, while we increase the
magnitude response using pole placement. Placing a combination of poles and zeros will result in
different frequency responses. such as lowpass, highpass, bandpass, and bandstop. It is easy to
compute filter coefficients for simple IIR filters. Practically, the pole-zero placement method has
good performance when the bandpass and bandstop filters have very narrow bandwidth
requirements and the lowpass and highpass filters have either very low cutoff frequencies close

to the DC or very high cutoff frequencies close to the folding frequency (the Nyquist limit).

sl W

/ \)\ Factor in numerator = (z— &'®)(z— e 7%)
S

f"'!'.“ 2 |I ) ‘:' i II| . r i
T — ID * Magnitude response in numerator at z= ¢’

N

4 z=olW

/ - Z|\ Factor in denominator = {z— re/?)( z—- re @)

f./2 f ‘ | g 1 ) . . v
| 1 l » Magnitude response in denominator at z=e"

Fig. (9.3) Effects of pole-zero placement on the magnitude response.

w
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9.4.1 Second-Order Bandpass Filter Design

By Asst., Prof. Maha George

Poles in a band-pass filter are complex conjugate, with the magnitude r controlling the

bandwidth and the angle 0 controlling the center frequency. The zeros are placed at z = 1,

corresponding to DC, and z = -1, corresponding to the folding frequency.

The poles will raise the magnitude response at the center frequency while the zeros will

cause zero gains at DC (zero frequency) and at the folding frequency. The following equations

give the band-pass filter design formulas using pole-zero placement:

raz1— (BWsygg /f,) = m, good for 0.9 =r < |

g = (J{Tﬂ) % 360"

Kz-Diz+1) K(z2—1)

H{:} = [: — r{:_ff‘.l'}[: — rf_-’_J'.H} - [:2 —_ EF: cOs H T rz} ’

(1 —r)v1—2rcos26 + 2

K = .
2|sin @]

(9.28)

Im(z)
S
.-’/ J;\\

2 allll 3 "I ¢ EII Re(
e : g— Re(z)
Y :

\______ /
] =(%)x360

Where, K is a scale factor to adjust the band-pass filter to have a unit pass-band gain

Example (5): A second-order bandpass filter is required to satisfy the following specifications:

1. Sampling rate = 8,000 Hz

2. A 3 dB bandwidth: BW =200 Hz

3. Narrow passband centered at f, = 1,000 Hz

4. Zero gain at 0 Hz and 4,000 Hz.

Find the transfer function using the pole-zero placement method.

Solution: Applying eq.(9.28),

r=1—(200/8000)7 = 0.9215

1000 o
6= (M) % 360 = 45°,

(1 —0.9215)v/1

—2 % 0.9215 x cos2 = 4530 +0.92152

."fl\'\
x"f : II'\
/ , \_
/ . \\_—_ |
? fl fs/ 2
o 2] 180°
= 0.0755.

2|sin 459

0.0755(z2 = 1)

0.0755 —0.0755z2

M) = 222092152005 450 1 0.92157)

[ —1.3031z 1 +0.8491z 2
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9.4.2 Second-Order Bandstop (Notch) Filter Design

For this type of filter, the pole placement is the same as the bandpass filter. The zeros are

placed on the unit circle with the same angles with respect to the poles. This will improve

passband performance. The magnitude and the angle of the complex conjugate poles determine

the 3 dB bandwidth and the center frequency, respectively.

S H.
<
fl2| Ne ‘ /

I'-, : .I'IC' . /
s J | |

\ . / \ .

—| o ANV
0 fo fol2

Design formulas for band-stop filters are given in the following equations:
res 1 — (BWiag/fs) =<, good for 0.9 <r < 1
b= (fi) x 360"
fs

K(z — e/®)(z + ) _ K(z? = 2zcosf + 1)

(z —red®)(z —re %) (22 — 2rzcosf +r2)°

Hiz)=

X [I—Ercmﬁ—rz}

T Yee A '
(2 —2cosf) (9.29)

Example (6): A second-order notch filter is required to satisfy the following specifications:

1. Sampling rate = 8,000 Hz

2. A 3 dB bandwidth: BW = 100 Hz

3. Narrow pass-band centered at f, = 1,500 Hz:

Find the transfer function using the pole-zero placement approach.

Solution:

re1—(100/8000) x 7 = 0.9607,

1500 0 7 50
0 — (m) % 360° = 67.5°.
o (1=2x09607c0567.5° +09607)

(2 — 2cos67.5%)
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0.9620(z% — 2zcos 67.57 + 1)
(22 — 2 % 0.9607z cos 67.5% + 0.96072)

10,9620 — 0.7363z7"' +0.9620z*

Hiz)=

9.4.3 First-Order Low-pass Filter Design

The first-order pole-zero placement can be operated in two cases. The first situation is
when the cutoff frequency is less than f /4. Then the pole-zero placement is shown in Fig. (9.4a).

As shown in Fig.(9.4a), the pole z = a is placed in the real axis. The zero is placed at z = -

1 to ensure zero gain at the folding frequency (Nyquist limit). When the cutoff frequency is

above fg/ 4, the pole-zero placement is adopted as shown in Fig.(9.4b).

P | T i
T 0 ?1 I.- \ / —

¢ /2 A 0 [
Fig. (9.4a) Pole-zero placement for the Fig.(9.4b) Pole-zero placement for the
first-order lowpass filter with f. <fs/4. first-order lowpass filter with f; >f/4.

Design formulas for lowpass filters using the pole-zero placement are given in the following

equations:
Kiz+1)
H(iz)=——,
(2) (z — o)
. (1 —a)
K = 5

(9.30)
Example (7): A first-order lowpass filter is required to satisfy the following specifications:
1. Sampling rate = 8,000 Hz

2 A 3 dB cutoff frequency: f. = 100 Hz
3. Zero gain at 4,000 Hz.

Find the transfer function using the pole-zero placement method.

Solution: Since the cutoff frequency of 100 Hz is much less than f; / 4 = 2,000 Hz, we determine

the pole as:
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a2l — 2 (100/8000) x 7 = 0.9215,

Which is above 0.9. Hence, we have a good approximation. The unit-gain scale factor is

calculated by:

_ 2 1
k= “,;9“15] — 0.03925,

0.03925(z + 1) 0.03925 + 0.03925:7!

Hiz)=
) (z—0.9215) 1 —0.9215z-1

Note that we can also determine the unit-gain factor K by substituting Z = ¢ =1 to the transfer
function H(Z) = (Z + 1) / (Z - o), then find a DC gain. Set the scale factor to be a reciprocal of

the DC gain. This can be easily done, that is,
DC oain — z+ 1 B 1 +1 B
ST T T09215| T 1-09215

Hence, K = 1/25.4777 = 0.03925.

25.4777.

9.4.4 First-Order High-pass Filter Design

Similar to the low-pass filter design, the pole-zero placements for first-order high-pass

filters in two cases are shown in Figures (9.5a) and (9.5b).

-
]
[

fs.'llz Ill a’

\
4

: .

l.__\\h
—|—"——$‘-’! .
|/

fl2 7

e

/

0

|
i
i
i
|
fe

1
f S.'I. 2

Fig.(9.5a) Pole-zero placement for the Fig.(9.5b) Pole-zero placement for the

first-order highpass filter with f; <f/4. first-order highpass filter with f, >fJ/4.

Formulas for designing highpass filters using the pole-zero placement are listed in the following

equations:

When f. < f/d, a = 1 =2 < (f./fs) » m, good for 0.9 <r < 1.

When f. > f/d, a = —(1 =7+ 2 < (f./f;) xm), good for —1<r<-09
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Kiz—1)

(z—a)

Hiz)=

(1 +a)

2

K =
(9.31)
Example (8): A first-order highpass filter is required to satisfy the following specifications:
1. Sampling rate = 8,000 Hz
2. A 3 dB cutoff frequency: fc = 3800 Hz
3. Zero gain at 0 Hz.
Find the transfer function using the pole-zero placement method.

Solution:
Since the cutoff frequency of 3,800 Hz is much larger than fs / 4 = 2,000 Hz, we determine the

pole as:

arz —(1 —a+ 2 x (3800/8000) < ) = —0.8429,

1 —0.8429
K = ( ) = 0.07854

~

_ 0.07854(z—1) 0.07854 — 0.07854z~"

(z +0.8429) l + 0.8429z-1

80 = _1 into

Note that we can also determine the unit-gain scale factor K by substituting Z = ¢
the transfer function H(Z) = (Z -1) / (Z - ), finding a passband gain at the Nyquist limit fy/2 =
4,000 Hz. We then set the scale factor to be a reciprocal of the passband gain. That is,

z—1 —1 -1

- | - — 12.7307.
2108429 _, —1+o0sa29 7

passband gain =

Hence, K = 1/12.7307 = 0.07854.

9. 5 Application: Digital Audio Equalizer

For an audio application such as the CD player, the digital audio equalizer is used to
make the sound as one desires by changing filter gains for different audio frequency bands.
Other applications include adjusting the sound source to take room acoustics into account,
removing undesired noise, and boosting the desired signal in the specified pass-band. The
simulation is based on the consumer digital audio processor—such as a CD player—handling the
16-bit digital samples with a sampling rate of 44.1 kHz and an audio signal bandwidth at 22.05
kHz. A block diagram of the digital audio equalizer is depicted in Fig (9.6).
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A seven-band audio equalizer is adopted for discussion. The center frequencies are listed
in Table (2). The 3 dB bandwidth for each band-pass filter is chosen to be 50% of the center
frequency. As shown in Fig (9.6), go through ge are the digital gains for each band-pass filter
output and can be adjusted to make sound effects, while yo(n) through y¢(n) are the digital
amplified bandpass filter outputs. Finally, the equalized signal is the sum of the amplified
bandpass filter outputs and itself. By changing the digital gains of the equalizer, many sound
effects can be produced. A IIR bandpass Butterworth filters are chosen for the audio equalizer.

The coefficients are achieved using the BLT method.

Bandpass filter
r Ty

I N

Bandpass filter

# T

]
xim) _‘;\_

Bandpass filter
F_ Al

Fig. (9.6) Simplified block diagram of the audio equalizer.

Table (2) Specifications for an audio equalizer to be designed.

Center frequency (Hz) 100 200 400 1000 2500 6000 1 5000
Bandwidih (Hz) 50 100 200 00 1250 3000 7500

Filtar gain

10! 102 10% 104 108
Fraquency (Hz)

Fig. (9.7) Magnitude frequency responses for the audio equalizer.
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The audio test signal having frequency components of 100 Hz, 200 Hz, 400 Hz, 1,000

Hz, 2,500 Hz, 6,000 Hz, and 15,000 Hz.

=10; g6 =

=10;2=0;23=0; g4=0; gs

10; g
10. The frequency components at 100 Hz, 200 Hz, 6,000 Hz, and 15,000 Hz will be boosted by

20 10g10 10

The gains set for the filter banks are: g,

20 dB. The top plot in Fig. (9.8), shows the spectrum for the audio test signal,

while the bottom plot depicts the spectrum for the equalized audio test signal. Before audio

digital equalization, the spectral peaks at all bands are at the same level; after audio digital

equalization, the frequency components at bank 0, bank 1, bank 5, and bank 6 are amplified. The

operation of the digital equalizer boosts the low frequency components and the high frequency

components.

Audio spectrum

101

Equalized audic spectrum

I

+ H

102
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101

(Hz)

Fig. (9.8) Audio spectrum and equalized audio spectrum.
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