Digital Filtering: Realization

Digital input Digital output
2] J|  Digital filter y(n) .
(digital filtering)
M N
Digital Filtering:  y(n) = Z bix(n— i) — Zujy(n — 7).
i=0 j=1

S B=[01:A=[10 —0.5]:

Matlab Implementation: > x =[10.50250.125];

3-tap (2" order) IIR filt
ap (2" order) ilter Sy = filter(B. A. x)

y:
0 1.0000 0.5000 0.7500




z-transform input

X(2)

Transfer Function

Differential
Equation:

z-Transform:  ¥Y(z) = b X(2) + le(:):—l 4o f?MX(:):_M

>

e . Y(2)
Digital filter transfer function

z-transform output

H(2)
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v(n) = box(n) +byx(n — 1)+ -+ byyx(n — M)
—aqpyin—1)—---—ayvin—N).

—aq1 Yo)z = —ay YY)z

Transfer
Function:

H(z) = —

Y(z) bo+biz7t+ - by M

X{:) | +fI1:_1 i +”N:_N

>



Example: Transfer Function

[ Given:  y(n) = x(n) — x(n —2) — 1.3p(n— 1) — 0.36(n — 2) J

7~ Transform: Y(z) = X(2) — X(2)z2 = 1.3Y(2)z" —0.36Y(2)z"

Rearrange:  Y(2)(1 + 1.3z7" +0.36z7%) = (1 — 279X (2)

ion: Y(z) ] —z72
Transfer Function: H(z) = _ |
| X(z) 1+13z714036z72
-2 1
Given: H(z) = - |
[ ) 32+132+036J

Rearrange: H(:) _ (:2 - 1)/32 | _ ] — 22 | |
) E T I3 0302 T 13T 10362

v(n) =x(n) —x(n—2)— 1.3p(n—1) — 0.36(n — 2) J ;

[Differential
Equation:




Pole - Zero from Transfer Function

H(z) — = (.57
14+ 1227 4 0.4522

(z7! —0.527%)2 z—0.5 (z —0.5)

H(z)

(1122715045022 2241224045 (2+0.6—,03)(z+ 0.6 +,0.3)

Im(z)

The system is stable.

The zeros do not affect
system stability.

Re(z)




System Stability

Depends on poles’ location

y(n)=h(n)=(0.5)"u(n)

1

y(n)=h(n)=(1.5)"u(n)

Im{z) -
hizy= z-0.5
Re(2)
y{n)=x(n)+0.5y(n-1)
x(n)=s(n) 1 x(n) _y Slable . ¥(n)
1 n system
01 2
Im(2) z
R B
Re(z)
1 y{n)=x(n)+1.5y(n-1)
n)=a(n) ® 1 x(n Unstable n
x(n)=a(n) R L}_.. aysiom __p ¥(n)
01 2
/— Im(2)
Hiz)=
rD Re(2) (2) z-1
/1 y(n)=x(n)+ y(n 1)
=&ln*1 Marginally
s s x{::l_"mahle el dde
o1 2

Im(2) z
H(z)=
Re(2) G y)=h(n)= (-1)"u(n)
yinmy=x(n)=yin-1) 1 1
x(n)=4(n) 1 x(n) Marginally
T i n_*stablesystem_*ﬂn}T : T _—
|u g 2 ]u 11 2 la 4
-1 -1
z
H[:Z:|=—§{z_1}

yn)=x(n -1)+2y(n-1)-y(n-2) s 4
x(n)=(n) 9 1 x(n) _y| Unstable | o y(n) | 1 T ......
______ "
111N ) Lolt T T — n
01 2 Tn1 2 3 4
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Example: System Stability

22 4+ 2405
H(z) = .
(z—D(z+ D)z —0.6)
Zeros are z = —0.5 & jO.5.
Poles:z=1, |z|=l.z=1, |z|=1,z=—1, |z2| = 1 z= 0.6, |z] =0.6 < 1.

Since the outermost pole is multiple
order (2" order) at z =1 and is on the
unit circle, the system is unstable. O

- Re(z)




Digital Filter: Frequency Response

H(z)|._or= H(™") = |H(™")|/H(T)

Magnitude frequency response \

Phase response
Putting Q = T \ /

H(e") = H(z)|._o= |H(™|/H(™)

Example: Given y(n) = 0.5x(n) + 0.5x(n — 1) Sampling rate = 8k Hz

Y(z)
X(2)

Transfer function: H(z) = = 0.5+ 0.5z71

Complete Plot!

Frequency response: g (e/t) = 0.5 + 0.5¢ 7%

= 0.5+ 0.5cos(£2) — j0.5sin (L)

|H (™) :\/(0.5+U.ﬁcos(n))3+(n.5sin(ﬂ))3 and JH(E,;H)ZMH_I( —0.5sin(£2) ) 7

0.5+ 0.5cos ({2)



Digital Filter: Frequency Response - contd.

1+8p

i ST [N

1-8,

Passband
Transition | | Transition

Passbandé Trahsition Stopband \\ ‘,/

Stopband Stopband

0 Qp QS T 0 QSL QpL Q,OH QSH T
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Low Pass Filter (LPF) Band Pass Filter (BPF)

[ Matlab: Frequency Response [h, w] = freqz(B, A, N). J




Impulse Response of FIR Filters

Frequency response of ideal LPF:

Impulse response of ideal LPF:

After truncating 2M+1 major components:

H(z) = h(M)zM + .- 4 (2" + h(0) + h(1)z™" + -+ + h(M)z

symmetric

Making causal,

H(e/®)
=7 —A2y D, & "
h(n)
| .TTT. L g & .TTT. . > N
T o I

H(E) — b{} + b]z_l 4+ ... 4 bZM(ZM)E_ZM

Where, b, =hn— M)forn=20,1,...,2M.

Copyright 2007 by Academic Press. Al rights reserved



Ideal Low Pass Filter

Impulse e n=0

hin) =< °
Response: MO forn £0 —-M<n<M
[ Example:}

3-tap FIR LPF with cutoff freq. = 800 Hz and sampling rate = 8k Hz.

Q. =2 [Ty =2 x 800/8000 = 0.27 radians

Q. 0.27
M0) === forn=0 h0) = ——= =02
aao o
I ' sin[0.2 1
) — sin (Qen) _sin (U.ZTTF’I), for 1 £ 1 H(1) = 50 [. mx 1] 0.1871
nir ni | xm

Using symmetry: Ai( — 1) = /A(1) = 0.1871

10



Ideal Low Pass Filter - contd.

M =1 sample, by =h(l1 —1)=h0)=0.2 -
by =h(2—1)=h(1)=0.1871

coefficients

Transfer function H(z) = 0.1871 +0.2z7" +0.1871z72

Differential Eq: v(n) = 0.1871x(n) + 02x(n — 1) + 0.1871 x(n — 2)

Frequency response  H(e/t) = 0.1871 + 0.2¢7? + 0.187 172
= 7201871 + 0.2+ 018717

= ¢72(0.2 +0.3742cos () €I e = 2cos(x)

Magnitude: |H(e/*)| = (0.2 + 0.3472 cos O Complete Plot!
O —Q) if 0.2 +0.3472cos{) >0
Phase: and /H(e") =
—Q+m7 i 0.2+ 0.3472¢cosQ < 0 1



Linear Phase

If filter has linear phase property, the output will
simply be a delayed version of input.

Let, 17-tap FIR filter with linear phase property.

sin(0.05*pi*n)
\

x1(n)

8 samples delay

Matching x1(n)
0 5 10 15 20 25 30 35 40 45 50

RE ???ﬁ’@% @?m' e,

sin(0.15%pi*n) y1(n)
M

0(5 o i O ]
P W e
S0 5 15 20 30 35 40 45 50
x 2 T T I T
~  |e—T> i | |
8 samples delay = ccoaoune %&)w m%mg&@dﬁm% |
” | M=8 | ——39Y Matching x2(n) l

_2 1 1
0 5 1 0 1 5 20 25 30 35 40 45 50

n
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Nonlinear Phase

Input: x(n) = xy(n) + xa(n) = sin(0.05mn )u(n) — % sin(0. 15mn )u(n)

. 1
Linear phase filter output: (1) = sin[0.057(n — 8)] — § sin[0.157(n — 8)]
. 1
90 d phase delay filter output: y»(n) = sin(0.057n — 7 /2) — = 5111(0 157n — 7 /2)
g 2 I I 1 I 2 I
R I ! ! Combined two |
ey I sinusoidal input !
gty oI L i . ?TTT

% 5 0 é 1|0 1I5 2IO 2|5 30 35 4EO 4I5 50

(—:—) i ' T ?‘/F Llnt;ar phajse fllterloutput
Linear phase filter output: € oceo@@@{qm@@éoﬁﬁ?: -} 9%@@@%%&;[)%&@”@@%

|
M=8 | > Matchlng x(n)

y1(

. 0 I5 10 1 5 20 2I5 3IO 35 4EO 45 50
2 I | I T I ' : :
1 . | } ! ' Output waveform shape is
90 d phase delay filter output: , Mﬁmﬁﬁm different from the one of x(n)
S USRI o seges e m;[,@mw‘
- i ' 90 degree phase shift
DIStOrtEd ! W i for x1(n) and x2(n)
20 5 10 15 20 25 30 50 13

n



Linear Phase: Zero Placement

* A single zero can be eitheratz=1or
z=-1.(BorD)

* Real zeros not on the unit circle
always occur in pairs with r and r1. (C)

* If the zero is complex, its conjugate is
also zero. (E) [on the unit circle]

* Complex zeros not on the unit circle
always occur in quadruples with r and
ri. (A)

Im

14



Example: FIR Filtering With Window Method

Design a 5-tap FIR| band reject filter |with a lower cutoff frequency of

Problem: 2,000 Hz, an upper cutoff frequency of 2,400 Hz, and a sampling rate
of 8,000 Hz using the Hamming window method.
, Qp =27 T = 27 x 2000/8000 = 0.57 radians
Solution: _
Qn =2mfuT = 27 x 2400/8000 = 0.67r radians
241 =
;( ) TT—ﬂTHT-I—ﬂL n— U
n) = ’ .
- hlnEETHn} + amiilry.'] n 75 0 D<p<?
— () () — 0.6 0.5
oy — TR T BOT OO g
o
h(1) — sin [0.57 x 1] B sin [0.67 x 1] — 0.01558
I x 7 I x 7 h(—1) = h(1) =0.01558
ho) — sin[0.57 > 2] sin[0.67 x 2] 0.09355 h( —2) = h(2) = 0.09355

2 X T 2 X T

Symmetry e



Example: Window Method - contd.

0
D n(0) = 0.54 + 0.46 cas( - “) — 1.0
Hamming 2

window | %7 Wram( — 1) = Wham(1) = 0.54
(1) = 0.54 + 0.46 cos —0.54 | |
function / | ) ( 2 ) $ "W:mn( - 2) — ”U:mn{_z) = 0.08.

2 Xar

Wham(2) = 0.54 + 0.46 cas( ) —0.08  Symmetry

Windowed I, (0) = h(0)wpem(0) =09 x 1 =0.9

impulse (1) = B(1)Wham(1) = 0.01558 x 0.54 = 0.00841
response Io(2) = h(2)Wham(2) = 0.09355 x 0.08 = 0.00748
B — 1) = h( — Dwpam( — 1) = 0.00841

I — 2) = h( — 2)Wham( — 2) = 0.00748

By delaying h,,(n) by M = 2 samples,
bo = by = 0.00748, by = b3 = 0.00841, and h> = 0.9

[H(_::) — 0.00748 + 0.00841z71 +0.9272 4+ 0.00841z7> + 0.00748-~* ]

16




FIR Filter Length Estimation

Stopband
Window Window Window Passband  Attenuation
Type Function w(n), — M=n=M Length, N Ripple (dB) (dB)
Rectangular 1 N =0.9/Af 0.7416 21
Hanning 0.5+4+0.5 ms(%) N =3.1/Af 0.0546 44
Hamming  0.54 + 0.46 cms(%) N =33/Af 0.0194 53
Blackman ~ 0.42 +0.5cos(%%) + 0.08 cos(ZZ) N = 5.5/Af 0.0017 74
1+4,

: Af = [fsr0p — Foass|/Fs
Transition Stopband / .; - (/ j:}aw + / ;‘mp)/ 2

8, dB = 20-logy (1 +8,)

Passband

17



Example: FIR Filter Length Estimation

Problem: Lower stopband = 0-500 Hz

Passband = 1,600-2.300 Hz

Design a BPF with | Upper stopband = 3,500 4,000 Hz

Stopband attenuation = 50 dB

Passband ripple = 0.05 dB Use Hamming window
Sampling rate = 8,000 Hz

Solution:
Afy = [1600 — 500[/8000 = 0.1375 : Ny =3.3/0.1375 =24

Af> = (3500 — 2300[/8000 = 0.15 N, =33/0.15=22

Choose nearest higher odd N = 25
Cutoff frequencies:

1600 + 500)/2 = 1050 H Normalizec 1050 < 2
Ji=( +500)/2 = 1050 Hz O = — <A 0.26257 radians
f> = (3500 + 2300)/2 = 2900 Hz 8000
2900 x 2 )
Qp = SU;U T 0.7257 radians

Now design the filter with hint from slide 15. 18



Application: Noise Reduction

4
Input waveform:
sinusoid + :

Q.

broadband 5
noise p : : : :

0 50 100 150 200 250

Number of samples

1.5

Spectrum: LN s i v i, I Y o, S

§ Want to remove th|s nojse

Amplitude IX(f)!

i ; ] : H : e —
00 500 10006002000 2500 3000 Q:ﬂi‘ﬂn‘%

Frequency (Hz)

Copyright @ 2007 by Academic Press. AN rights raserved.

Specification: LPF

Pass band frequency [0 — 800 Hz] Pass band ripple < 0.02 dB
Stop band frequency [1000 — 4000 Hz] Stop band attenuation = 50 dB

19



Application: Noise Reduction —contd.

133- tap FIR filter,
so a delay of 66

Sample value

0 50 100 150 200 250
Number of samples

However, noise
reduction in real
world scenario is

not so easy!

Amplitude IY(f)!

100045002000 2500
Frequency (Hz)

Copyright & 2007 by Academic Press. Al rights resenved.
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Frequency Sampling Design Method

Simple to design

Filter length =2M +1

N

H; at (), =

2k
(2ZM + 1)

for k=0,1,..., M

N\

Magnitude response in the range [ 0 ~ 7]

Calculate FIR filter coefficients:

h(n) =

2M + 1

M
{H.:.+ ZZH;;CDS(
k=1

forn=0,1,.... M.

2ak(n — M)

2M + 1

)

Use the symmetry:

h(n) = hQM —n) forn =M +1,..., 2M.

21



Example: Frequency Sampling Design Method

Problem: Design a linear phase lowpass FIR filter with 7 taps and a cutoff fre-
quency of £, = 0.37 radian using the frequency sampling method.

Solution:

2 .
N=2M+1=7 —> M=3 |:> ﬂ-k:;k radians, k =0, 1, 2, 3.

—

for 0y = 0 radians, Hy = 1.0 h(n)

.n=0,1,..., 3.

{1 +ZZH;\ cos [2mk(n — 3)/7]}
for 1) = %‘J’T radians, H; = 1.0
{1

+ 2 cos [2m(n — 3)/7]}

“-II'—' '-JI'—'

for €}, = ;‘J’T radians, H, = 0.0
1
h(0) = {1 + 2cos (~ 6m/7)} = ~0.11456

6 .
for {13 = ?ﬂ- radians, H; = 0.0.

h(1) = ;{1 +2cos( — 4m/7)} = 0.07928

By symmetry:
h(4) = h(2) = 0.32100 / h(2) = %{1 +2cos( —2m/7)} = 0.32100
h(5) = h(1) = 0.07928

1
h(6) — h(0) — —0.11456. h(3) = = {1 + 2cos(— 0 x 7/7)} = 0.42857. .



Coefficient Quantization Effect

Filter coefficients are usually truncated or rounded off
for the application.

. . K
jl'ra.n.sfer funf:tllon with H(z) = Zb”z_n byt biz bz K
infinite precision: =0

Transfer function with  gre(;) = iqu—n bl bl b
guantized precision: =0

K
(H(™) — HY™N)| = |(by — bDe™™
Error of the magnitude =0

frequency response: K .
<3 [ba— B8] < (K4 1) 277! = tap
n=>_0
[ Example ] 25 —tap FIR filter; 7 bits used@ Error is bounded by
Let infinite precision coeff. =0.00759455135346 <25/256 =0.0977

0.00759455135346 x 27 = 0.9721 = I(rounded up to the integer)
Quantized coeff. = 1 /27 = 0.0078125 ”



Complementary Example - I

Consider a signal that is the sum of two real exponentials:

x[n] = (3)" uln] + (=1)" w[n).

The z-transform is then

X@ =3 {(4)"uln + (~4)" all}

$m  z-plane

e
= 2 ()ulnlz "+ 37 (=4)"ulmlz”
= () T (A .
n=l) n=0 z transformof a"u(n) =
1 2(i=d) z-a
R AT (e [ (Rt o
2z(z- 13) 1—az™

T )

24




Complementary Example - II

Given:

yln] = (3)" x[n)

n 2
y[n] = (%) zn] = Y(z) = X(22) = 421 +11

z—3

D s

zeros =3
poles 1,00

(3N

Given:

dah
E¥

25




IIR Filter Design: Bilinear Transformation Method

Digital filter
specifications

¢ 1. Transformation with frequency warping

Analog filter specifications

¢ 2. Transformation by lowpass prototype filter

Analog filter transfer function

¢ 3. Bilinear transformation

Digital filter transfer function
and frequency response verification

Copyright & 2007 by Academsz Press. AN rights resened.
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Bilinear Transformation Method

2 wy T
For LPF and HPF: w®, = —=tan|{ ——

r : <:| Frequency
2 T 2 T '
For BPF and BRF: wy = — tan (“”T) ah = tan(‘”’z ) Warping
W) = +/ Wg]Wgaj, W = wa — wql
From LPF to LPF:  H(s) = Hp(s) |S=%
From LPF to HPF:  H(s) = Hp(s)|,_ea <:| Prototype
Transformation

From LPF to BPF:  H(s) = Hp(s)| ...

= T

From LPF to BRF:  H(s) = Hp(s)|,__w_

2
= tw
0

[Obtained Transfer Function:  H(z) = H(s)|;_2z1 J
. 27




Example 1: Bilinear Transformation Method

Design a first-order digital highpass Chebyshev filter with a cutoff fre-
quency of 3 kHzand | dB ripple on passband using a sampling frequency
of 8,000 Hz.

Problem:

Solution:

wg = 27 [ = 2mw(3000) = 60007 rad/sec, and T = 1/ f, = 1/8000 sec.

w, =% tan(%4F) = 16000 x tan (L0750 — 38627 x 10* rad/sec.

s

1.9652
s+ 1.9625

First-order LP Chebyshev filter prototype:  Hp(s) =

1.9652 1.9652s
Applying transformation  H(s) = Hp(s)|s = & =
¢ 2419652 1.9652s + 3.8627 x 10*

LPF to HPF:
N
:>H[“] T 5+ 1.9656 x 104

\)

s+ 1.9656 x 104

0.4487 — 0.4487z!
H(z) = -

Applying BLT: H(z) =
s=16000(z— 1)/(z+1) 1 +0.1025z"! -




Example 2: Bilinear Transformation Method

Problem:

Solution:

Design a second-order digital bandpass Butterworth filter with the fol-
lowing specifications:

m an upper cutoff frequency of 2.6 kHz and
m a lower cutoff frequency of 2.4 kHz,

m a sampling frequency of 8,000 Hz.

wy = 27 fi, = 2m(2600) = 52007 rad/sec
w; = 27 fi = 2m(2400) = 48007 rad/sec, and T = 1/ f; = 1/8000 sec.

@y = 2 tan (L) = 16000 x tan (w) = 2.6110 x 10* rad/sec
wy = 16000 x tan(“L) = 16000 x tan(0.37) = 2.2022 x 10*rad/sec
W = way — wg = 26110 — 22022 = 4088 rad/sec

0f = W X @y = 5.7499 x 10°

A first-order LPF prototype will produce second-order BPF
prototype. 29



Example 2: Bilinear Transformation Method

Contd.
|

15t order LPF prototype: Hp(s) = ——

P vP Ps) s+ 1
Applying transformation

Ws 4088 s
LPF to BPF: H(s) = Hp(s) 2. > = =
) { )l':,ﬁ s>+ Ws +wj s> +4088s + 5.7499 x 108
4088s

Applying BLT:  H(z) =

52 + 4088s + 5.7499 x 108

=

0.0730 — 0.0730z>
I +0.7117z71 4+ 0.8541z2

s=16000(z—1)/(z+1)

H(z) =

30



Pole Zero Placement Method
Second-Order BPF Design

r: controls bandwidth
0: controls central frequency 4;
Location of poles & zeros: fs/2 N 0
\ » Re(2)

controls magnitude
Location of pole:
determines stability
Number of zero:
determines phase linearity

| l—{BWgtm‘fr_ﬂ)b{ﬂT &:(?)K3ﬁﬂﬂ

(1 —r)V1 —2rcos 20 +r2

K = :
HE) K(z—D(z+1) K(zZZ -1 2|sin 6|
z) = , _ —]
(z —re/®)(z—re %) (22 —2rzcosf +r?)

31



Pole Zero Placement Method
Second-Order BRF Design

r=1-— {BWM;‘,{.;} Xar 0 = (?ﬂ) % 360"

(2 — 2c0s67.5%)

f./2 R
HE) K(z—-ez+e7") K(z2—2zcosh+1)
Z)] = - - p—
(z —re®)z —re7?) (22 —2rzcosf + r?)
o (1 —2rcos@ + 1)
[ Example ] ~ (2—2cos6)
'Sampling rate = 8,000Hz |
B 0 2
'3 dB bandwidth: BW = 100 Hz | g = (122X 09607¢0567.5 +09607) _ 56
|
|

:Narmw passband centered at fy = 1,500 Hz.

L e e e e M Moo |
r~1—(100/8000) x 7 = 0.9607 H(z) = 0.9620(z% — 2zc0s67.5° + 1)
1500 T (22 x0.96072¢0567.5 + 0.96072)
_ 0o 0
0= (—3000) x 360" = 67.5 10,9620 — 0.7363z~" + 0962022
N 1 —0.7353z-1 + 09229 32




Pole Zero Placement Method

First-Order LPF Design
A A

SNRYAnY
S

When f, < fi/4, a =1 -2 x (f./f;) x 7

£./2

When £, > fi/d, a ~ —(1 — 7+ 2 % (fo/f.) x 7).

- K(z+1) - -a k= _02'9215)=0.03925
H(z) = z—a) D)
H(z) 0.03925(z + 1)  0.03925 + 0.03925z!
E p— p—
e — — —1
Examp|e ] Sampling rate = 8.000 Hz (z —0.9215) 1 —0.9215z
\ 3 dB cutoff frequency: f. = 100 Hz

100 Hz < /s/4 = 2,000 Hz

33
a=1-2x(100/8000) x 7 = 0.9215



Pole Zero Placement Method

First-Order HPF Design
A A

wi
\_

2, AR
v N

When f, < f. /4, a=1—-2x(f./f,) xm When f. > fi/4, a = —(1 — 7w+ 2 x (f./f;) x )

K(z—1)
(z—a) 2 Practice examples.

(1 + a)

S
|

H(z) =

34



Application: 60 - Hz Hum Eliminator

Hum noise: created by poor power supply or electromagnetic interference
and characterized by a frequency of 60 Hz and its harmonics.

Digital signal Digital signal
Hum i Notch fil Notch fil Notch fil DR
.. otch filter otch filter otch filter
eliminator ¥ 60Hz " 120Hz > 180Hz ;
. 0
FEquUenty  Gain (dB)
response of
Hum —30 T
eliminator
-60 % % % fHz
60 120 180
q 60-Hz Hum
Corrupte : 120-Hz Harmonic
Input signal :
byhum&  spectrum *——— 180-Hz Harmonic
harmonics ; | : fHz
60 120 180 35
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ECG Pulse

QRS Complex

IIIIIIIIIIIIIIIIII

iiiiiii

e e B e S

- = - - P S S

lllllll doemmmm =
Q ©
o o
apnydwe reubis H9H3
T
- ~
9 . oc An m
s = = S
£> 3 3
oo +
N E S -
S c
e © =
e || £
T = ©
+ w o (]
O & = £
O E < =
©
w O Q
I
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Heart Beat Detection Using ECG Pulse

@ Enhanced ECG signal 3 )Signal for
Input ECG _f . heart rate
signal o Bandpass filtering detection
60-Hz eliminator [——» passband:
0.25Hz to 40 Hz

| m | ) M \ To filter muscle
@ 0 1, ||.II 0 DALY LA I IR i .1||__I.' |. ._I,I-.I |.|:‘._..|l Tyt bl .
il ! ! | noise = 40 Hz

Practice
- L ' : .
B O 0.5 1 1.5 2 2.5 example
3
®
— 1 1 1 :
c O 0.5 1 1.5 2 2.5

Time (sec) 37
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