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Problems

Problem 8.1

Given an analog filter with the transfer function

(s) = 1000
41000

convert it to the digital filter transfer function and difference equation using the BLT if the DSP system has a
sampling period of T=0.001 s.

solution
£ = 1/T = 1000 Hz
() — 1000 | ~0.3333 +0.33332
T 541000 =2 T T 1.-0.3333;-1

14271

The difference equation

[1—-0.33332 ']V (2) = [0.3333 + 0.33332 '] X(2)
y(n) — 0.3333y(n — 1) = 0.3333z(n) + 0.3333z(n — 1)

Thus, y(n) = 0.3333z(n) + 0.3333z(n — 1) + 0.3333y(n — 1)
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Problem 8.3

The normalized lowpass filter with a cutoff frequency of 1 rad/s is given as

1
s+1

HP(S) =

1. Use HP(s) and the BLT to obtain a corresponding IIR digital high-pass filter with a cutoff frequency of 30
Hz, assuming a sampling rate of 200 Hz.
2. Use MATLAB to plot the magnitude and phase frequency responses of H(z)

solution

1. wy = 27 x 30 rad/s, fs = 200 Hz

w,
wsp = 25 tan( f” ) = 203.8102

w,

Then substitute s’ =

., high-pass filter

S

1 S
H(S) = / ‘ ) =
s+19== s +203.8101
Then with BLT
0.6625 — 0.6625z 1
H(z) = H(s)|_, 101 = -
=2f 1—-0.3249z
2. Plot the magnitude and phase frequency responses of H(z)
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Problem 8.6

Design a first-order digital lowpass Butterworth filter with a cutoff frequency of 1.5 kHz and a passband ripple
of 3 dB at a sampling frequency of 8000 Hz.

1. Determine the transfer function and difference equation.
2. Use MATLAB to plot the magnitude and phase frequency responses.

solution
1. w,y = 27 x 1.5 x 10° rad/s, f, = 8000 Hz

wep = 2, tan(—22) = 10690.8582
2fs

The first-order digital lowpass Butterworth filter

Then substitute s’ = ——, low-pass filter
sp

1 10690.8582

H — ) Wsp —
(8) = S 1lv=2 = S 70690.8582

Then with BLT, transfer function

~0.4005 + 0.40052"
e=2f, = T T 1 - 0.19892 1

The difference function

[1—0.198921]Y(2) = [0.4005 + 0.4005z ] X (2)
y(n) — 0.1989y(n — 1) = 0.4005z(n) + 0.4005z(n — 1)

Thus, y(n) = 0.4005z(n) + 0.4005z(n — 1) + 0.1989y(n — 1)

2. Plot the magnitude and phase frequency responses of H(z)
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Problem 8.9

Design a second-order digital bandpass Butterworth filter with a lower cutoff frequency of 1.9 kHz, an upper
cutoff frequency 2.1 kHz, and a passband ripple of 3 dB at a sampling frequency of 8000 Hz.

1. Determine the transfer function and difference equation.
2. Use MATLAB to plot the magnitude and phase frequency responses.

solution

T w,y = 27 x [1.9 x 10%,2.1 x 10%] rad/s, f, = 8000 Hz

wep = 2f, tan( ;"f” ) = [14790.2479, 17308.7025]
S

The 2nd-order digital lowpass Butterworth filter
1
§'2 +1.4142s' + 1

band-pass filter

H(s') =

s +wsp [O]WSP (1]

. ;o
Then substitute s’ = PERITETRX

6.3426 x 10652
s +3.5616 x 10%s3 + 5.1834 x 10852 +9.1178 x 105 + 6.5536 x 106

Then with BLT, transfer function

H(s) =

0.0055 — 0.0111272 + 0.00552*
-1 =
fo 1+ 1.7786z2 + 0.8008z*

H(z) = H(s)| _,

The difference function

[1+1.778622 4 0.8008z*]Y(z) = [0.0055 — 0.0111z"2 + 0.00552 4] X(2)
y(n) 4+ 1.7786y(n — 2) + 0.8008y(n — 4) = 0.0055x(n) — 0.0111z(n — 2) + 0.0055z(n — 4)

Thus, y(n) = 0.0055z(n) — 0.0111z(n — 2) + 0.0055z(n — 4) — 1.7786y(n — 2) — 0.8008y(n — 4)

2. Plot the magnitude and phase frequency responses.
H(e)|

04
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If order of Butterworth filter n = 1

1. The 1st-order digital lowpass Butterworth filter

1
H(s') = ——
s +1
Then substitute s’ = %, band-pass filter
2518.45465s

H(s) = — 8
s* + 2518.4546s + 2.56 x 10

Then with BLT, transfer function
~0.0730 — 0.0730z 2
‘T 1+0.854122

The difference equation
y(n) = 0.0730z(n) — 0.0730z(n — 2) — 0.8541y(n — 2)

2. Plot the magnitude and phase frequency responses.
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Problem 8.15

Design a second-order bandstop digital Chebyshev filter with the following specifications:

e (Center frequency of 2.5 kHz

e Bandwidth of 200 Hz

e 1-dBripple on stopband (should be passband)
e Sampling frequency of 8000 Hz.

1. Determine the transfer function and difference equation.
2. Use MATLAB to plot the magnitude and phase frequency responses.

solution

1. Determine the transfer function and difference equation.

Because gfj”f—r}t; = 271']0”28—;‘“" > %% = %, and tan®(z) < tan(z — Az) tan(z + Az) forz >

For wilder passband, that means attenuation at 2.4kHz, 2.6kHz should < 1dB
<=> bandwidth <200 Hz

Here we can find Az’ < Az, satisfy

tan®(z) = tan(z — Az) tan(z + Az’)

Then, the bandwidth 22 [Az + Az'] < 2L:[2Az] = 200 Hz
T 27

wr = 2fs tan(z — Az) = 22022.1107

2f, t 2 :
2fstan(@)]” W0 _ oeian 0949
2fstan(x — Az)  wp

wy = 2fs tan(z + Azx') =

Seenter w2
Here, z = 271'% =x= 2%22520,Am =27 2f/s = 271';(}(:

Design Chebyshev filter, A, = 1dB, e = 1/10%/% — 1 = 0.5088

Now with order n = 2,e = 0.5088, design the Chebysheuv filter, n is even

H(s') = . :
con—1 Hgf_z)l (3’2 N [2 « sh X.S'(m)]sl + [Sh2 +1 — 52 (m)})
0.9826

s?2 +1.0977s + 1.1025

Here, sh = sinh( L arsinh(%)),s(m) = sin(%(%) o (%))

n

—wr,

Then substitute s’ = % band-stop filter

WHWL

0.8913s% + 1.0221 x 10%s2 + 2.9303 x 107
H(s) =

s +3.9978 x 10°s3 + 1.1614 x 10952 + 2.2923 x 1025 + 3.2878 x 107
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Next with BLT H(z) = H(s)| o, 1t , transfer function
z=

S 141

~0.8233 +1.2602z ' + 2.12882 % + 1.2602z * + 0.8233z ¢
~ 1+1.46852"1 +2.378522 + 1.359523 + 0.85752 4

H(z)
The difference equation

[1+1.46852" +2.378522 4 1.35952° + 0.85752 %Y (2)
= [0.8233 + 1.26022 ' + 2.12882 % + 1.26022 % + 0.82332 4] X(2)
y(n) = 0.8233z(n) + 1.2602z(n — 1) + 2.1288z(n — 2) + 1.2602z(n — 3) + 0.8233z(n — 4)
— 1.4685y(n — 1) — 2.3785y(n — 2) — 1.3595y(n — 3) — 0.8575y(n — 4)
2. plot the magnitude and phase frequency responses.
e
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If order of Chebyshev filtern =1
1. For wilder passband, that means attenuation at 2.4kHz, 2.6kHz should < 1dB
Design Chebyshev filter, A, = 1dB, e = 1/10%/1° — 1 = 0.5088

Now with order n = 1, = 0.5088, design the Chebyshev filter, n is odd

1 1
H() = 21 (5)-1
¢ (s+sh)I[,.2, ~ (s2 +[2 x sh x s(m)]s + [sh® + 1 — s2(m)])
~1.9652
s+ 1.9652

Here, sh = sinh(%arsinh(%)),s(m) = sin(%(%) +r (%))
s(wg—wr)

Then substitute s’ = —
S twhywr,

, band-stop filter

s2 +5.7340 x 108
s2 + 2043.1146s + 5.7340 x 108

Next with BLT H(z) = H(8)|z:2f .1, transfer function

S 1421

H(s) =

0.9621 + 0.7363z"! + 0.962122
1+ 0.7363271 + 0.924222

H(z) =
The difference equation

y(n) = 0.9621z(n) + 0.7363z(n — 1) + 0.9621z(n — 2) — 0.7363y(n — 1) — 0.9242y(n — 2)

2. plot the magnitude and phase frequency responses.
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Problem 8.19

Consider the following Laplace transfer function:

H(s) = 10

s+ 10

1. Determine H(z) and the difference equation using the impulse invariant method if the sampling rate
fs=10 Hz.

2. Use MATLAB to plot the magnitude frequency response |H(f )| and the phase frequency response ¢(f)
with respect to H(s) for the frequency range from 0 to fs/2 Hz.

3. Use MATLAB to plot the magnitude frequency response |H(e/?)| = |H(e/>™T)| and the phase frequency
response ¢(f ) with respect to H(z) for the frequency range from 0 to fs/2Hz.

solution
1. Laplace inverse transform
h(t) = L [H(s)] = 10e %

Substitute fs = 10Hz,t = nT = n/fs

1 n
T x h(n) = — x h(t)|,_,p = e G5) =¢e™
s
Z transform, H(z)

. -n_—n 1 1
H(z) = Z[T x h(n)] = Ze Tl e 1 1-03679,1

n=0
The difference equation: y(n) = z(n) + 0.3679y(n — 1)

2. Plot the magnitude and the phase frequency response with respect to H(s), H(z) for the frequency range
from O to fs/2 Hz.
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Problem 8.23

A second-order notch filter is required to satisfy the following specifications:

e Sampling rate = 8000 Hz
e 3-dB bandwidth: BW=200 Hz
e Narrow passband centered at f;=1000 Hz.

Find the transfer function and difference equation by the pole-zero placement method.

solution

Set H(z)

(z — &) (z 4 e %)
(z—roel®)(z — rge=i%)
22 —cos(fy)z + 1
22 — 2rg cos(y)z + 7

First, calculate ry with approximate formula

5B
ro = 27 X O5BW 92146
fs
compute the 6
0y = 27rﬁ = 0.7854
fs

Then, compute K

(14 72) — 21y cos(by)

= 0.9320
2 —2cos(6))

K =
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Thus, transfer function

0.9320 — 1.3180z ! + 0.932022

H(z) =

The difference equation

y(n) = 0.9320x(n) — 1.3180x(n — 1) + 0.9320xz(n — 2) + 1.3031y(n — 1) — 0.8491x(n — 2)

1—1.3031z71 + 0.8491~2
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Problem 8.25

A first-order lowpass filter is required to satisfy the following specifications:

e Sampling rate = 8000 Hz
e 3-dB cutoff frequency: f, = 3800 Hz
e Zero gain at 4000 Hz.

Find the transfer function and difference equation by the pole-zero placement method.

solution
Set H(z)
1
H(z) = K25
zZ—«
First, compute a
1-— tan(w%)
a = fs = —0.8541
1+ tan(Trf—c)
Then compute K
1—af
K = = 0.9270
Thus, transfer function
0.9270 + 0.92702~*
H(z) = i :

1+0.8541z71

The difference equation y(n) = 0.9270z(n) + 0.9270z(n — 1) — 0.8541y(n — 1)
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Problem 8.26

A first-order highpass filter is required to satisfy the following specifications:

e Sampling rate = 8000 Hz
e 3-dB cutoff frequency: f,= 3850 Hz
e Zero gain at 0 Hz.

Find the transfer function and difference equation by the pole-zero placement method.

solution
Set H(z)
z—1
H =K
(2) PO
First, compute a
1-— tan(w%)
o= fs = —0.8886
1+ tan(Trf—c)
Then compute K
1
i1l g oss7
Thus, transfer function
0.0557 — 0.0557z"1
H(z) = ©

1+ 0.88862z71

The difference equation y(n) = 0.0557z(n) — 0.0557z(n — 1) — 0.8886y(n — 1)

= H(e)| = H(e")|
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MATLAB Projects

Problem 8.52

Digital speech and audio equalizer Design a seven-band audio equalizer using fourth-order bandpass filters
with a sampling rate of 44.1 kHz. The center frequencies are listed in Table 8.14. In this project, use the
designed equalizer to process a stereo audio (“No9seg.wav").

e Plot the magnitude response for each filter bank.
e |isten and evaluate the processed audio with the following gain settings:

1. each filter bank gain=0 (no equalization)
2. low-pass filtered

3. band-pass filtered

4. high-pass filtered

Table 8.14 Specification for Center Frequencies and Bandwidths

Center Frequency (Hz) 160 320 640 1280 2560 5120 10,240
Bandwidth (Hz) 80 160 320 640 1280 2560 5120
solution

Original signal

Original No9seg.wav (ch 1) Original No9seg.wav (ch 2)
20000 1 20000 4
e 0 c 0
x *x
_20000 7 _20000 -
T T T T T T T T T T T T T T T T
0 25000 50000 75000 100000 125000 150000 175000 200000 0 25000 50000 75000 100000 125000 150000 175000 200000
Time index n Time index n

Ay (dB)
Ay (dB)

T T T T AL T T T T T T L
10? 10° 10* 10? 103 10*
Frequency (Hz) Frequency (Hz)


af://n279
af://n280
af://n316
af://n317

Band-pass filter
Here we design the filter:

e Chebyshev I filter: order n = 3

e Passband A, =1dB

e Filter type: band-pass

e center frequency f. = [160, 320, 640, 1280, 2560, 5120, 10240]
e Band-width BW = [80, 160, 320, 640, 1280, 2560, 5120]

e Sampling frequency f; = 44.1 kHz

|H(e™)|
0_

o lllll' llll'l llll' llll'l llll'l
T -20 -
u
L
a
o —40
1]
E:
I% —60 | {"li"
=

_80 _

-100 +— : — . b N NS

102 103 104

Frequency (Hz)

Design Chebyshev filter, A, = 1dB,e = / 104/1 — 1 = 0.5088
Now with order n = 3,e = 0.5088, design the Chebyshev filter, n is odd

1 1

g2n1 ()1
(s +sh)[L,.2%

= 0.4913 x

H(s) =

(s2 + [2 x sh x s(m)]s + [sh* + 1 — s2(m)))
1
X
s+ 0.4942  s2 4+ 0.4942s + 0.9942

Here, sh = sinh(Larsinh(1)),s(m) = sin(Z (%) + « (2))
)

2 n

s(wg—wr,

Then substitute s’ = —
s“twhywr

, band-stop filter

Here with w = (2f;) x tan(ﬂ'fi) = (2f5) x tan( 227;f)

we have wy, = [754.0,1508.11,3017.1,6041.28,12139.51, 24747.84, 53725.46]

and wy = [1340.5,2681.49, 5367.0,10766.21,21794.31, 45827.05, 115719.83]
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H(s)
— 0.4913 % 586.4957s
1.0s% + 289.8289s + 1010735.0299
343977.2177s>

X
st 4 289.8289s3 + 2363453.7874s2 + 292940262.0727s + 1021585300762.115
1173.382s
= 0.4913 x
1.0s2 + 579.8509s + 4043990.9005
1376825.381952
st + 579.8509s3 + 9456827.9109s2 + 2344911788.4637s + 16353862403450.79
2349.89255
= 0.4913 x
1.0s2 4+ 1161.2478s + 16192794.6791
5521994.9345>
s* 4+ 1161.2478s3 + 37875582.0497s2 + 18803847462.5707s + 2.6221 x 104
4724.9293s
= 0.4913 x
s2 4 2334.9212s + 65041670.5048
y 22324957.049s2
s4 4 2334.9212s3 + 152278915.7077s2 + 151867173966.5871s + 4.2304 x 10%°
9654.8014s
= 0.4913 x
s2 +4771.119s + 264572327.7615
93215190.0733s>
s4 4 4771.119s3 + 621819625.0523s2 + 1262306072671.3513s + 6.9999 x 106
21079.2088s
= 0.4913 x
s2 +10416.7253s + 1134120477.0311
444333041.5525s2
1.0s% + 10416.7253s% + 2709998902.0356s2 + 11813821511707.322s + 1.2862 x 10'8
61994.3763s
= 0.4913 x
s2 + 30635.7984s + 6217101105.0179
3843302690.77425>

X

X

X

X
1.0s* + 30635.7984s3 + 16255231373.6225s2 + 190465856278593.03s + 3.8652 x 107

[1st]

[2nd]

[3rd]

[4¢h]

[5¢h]

[6h]

[7th]



Thus, H(z)

H(z)

= [(1.4345 x 1077 — 4.3035 x 10 7272 — 0.0z +4.3035 x 10 "2~* — 1.4345 x 10 "2 79)

/(1.0 — 5.9852271 +14.927627% — 19.85882 % + 14.86242 * — 5.93327° 4 0.98692%)] [1st]
= [(1.1398 x 107% —3.4194 x 10 °272 4 0.0z 4+ 3.4194 x 10 ®27* — 1.1398 x 10 ¢279)

/(1.0 — 59672 + 14.8421272 — 19.69852 % + 14.71272* — 5.863327° + 0.9741279)] [2nd]
— [(8.9896 x 1078 —2.6969 x 10 °272 — 0.0273 4 2.6969 x 10 °2z~* — 8.9896 x 10 6279)

/(1.0 — 5.920727" +14.632727% — 19.32252 % + 14.37862 % — 5.71692° + 0.9488279)] [3rd]
= [(6.9757 x 107 — 0.0002093z 2 + —0.0z"* + 0.00020932* — 6.9757 x 10 °2 %)

/(1.0 — 5.789327! +14.06832 % — 18.36592 % + 13.58462 % — 5.398127° + 0.90042 %)) [4th)]
— [(0.0005209 — 0.001563z 2 + 0.0z~ + 0.001563z"* — 0.0005212"%)

/(1.0 — 5.3813271 +12.445327% — 15.79992 % + 11.60862 * — 4.68262° + 0.81227%)] [5th]
= [(0.0035 — 0.0z~ — 0.01062"% + 0.01062* + 0.02° — 0.00352"%)

/(1.0 — 4.087227" +8.11942 2 — 9.56952 % + 7.08962 % — 3.11492° 4 0.66692 °)] [6th]

= [(0.0183 — 0.05482 % + 0.05482* — 0.01832 %)
/(1.0 — 0.551127 " +2.0431272 — 0.78912 % + 1.64732"% — 0.33622° 4 0.48222 %) [7th]



7
Y(2) = X(2) + Z Gaing X H(2)rX(2)
k=1

7
y(n) = z(n) + Z Gainy, X [hg(n) * z(n)]

no equalization

Gain = [0,0,0,0,0,0, 0]

Filtered No9seg.wav (ch 1) Filtered No9seg.wav (ch 2)
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low-pass filtered

Gain = [1,1,1,0,0,0, 0]

We can see there are 3 peaks [160, 320, 640] in the filtered spectrum,
components in these band [80, 160, 320] are strengthened by the low-pass filter.

We can hear low frequency components more clearly.

Filtered No9seg.wav (ch 1) Filtered No9seg.wav (ch 2)
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band-pass filtered

Gain = [0,0,1,1,1,0,0]

We can see there are 3 peaks[640, 1280, 2560] in the filtered spectrum,

components in these band[320, 640, 1280] are strengthened by the band-pass filter.

We can hear the frequency components in specific frequency band more clearly.

Filtered No9seg.wav (ch 1)
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high-pass filtered

Gain = [0,0,0,0,1,1,1]
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Filtered No9seg.wav (ch 2)
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We can see there are 3 peaks[2560, 5120, 10240] in the filtered spectrum,

components in these band[1280, 2560, 5120] are strengthened by the high-pass filter.

We can hear low frequency components more clearly.

Filtered No9seg.wav (ch 1)
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Filtered No9seg.wav (ch 2)
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Here is the main Python script with my IIR implementation library.

The lIR library implements:

Calculation, substitution of Polynomial, Fraction of Polynomial H(s), H(z)
BLT, unit low-pass filter H(s') to low-pass, high-pass, band-pass, band-stop
Magnitude|H|, Phase /H of H(s), H(z)

FFT to calculate Ay, of X(k), Y (k)

Butterworth, Chebyshev I filter: H(s)

IR filter: y(n) = Yoneg bez(n — k) — Yo, ary(n — k)

Pole-zero Placement parameters

Plot of Impulse invariance

from scipy.io.wavfile import write, read # save sounds

from iir_filter.fftld import plot_spectrum_dB

from iir_filter.frac import Frac, convert_s2z

from iir_filter.poly import Poly, Polyz

from iir_filter.util import convert_omega_z2s, filter_subs, calc_omega_pass
from iir_filter.calc_mag_angle import calc_mag_angle, plot_mag_freq_multiple
from iir_filter.protype import chebyshev_protype, calc_cheby_eps2

from iir_filter.iir_filter import iir_filter

from math import pi, sqrt, ceil

from functools import reduce

f_sample, Tist_input = read("./No9seg.wav") # sample rate, input
Tist_input_chl, Tist_input_ch2 = Tist_input.T[0], list_input.T[1]
plot_spectrum_dB(list_input_chl, f_sample, path_fig="../p8_52_input_chl.png",
str_title="0Original No9seg.wav (ch 1)")

plot_spectrum_dB(list_input_ch2, f_sample, path_fig="../p8_52_input_ch2.png",
str_title="0riginal No9seg.wav (ch 2)")

Tist_f_center = [160, 320, 640, 1280, 2560, 5120, 10240]

Tist_Bw = [80, 160, 320, 640, 1280, 2560, 5120]

Tist_omega_pass_low = [2*pi*(f_center - 0.5 * BW) for f_center, BW in
Tist(zip(list_f_center, Tist_Bw))]

Tist_omega_pass_high = [2*pi*(f_center + 0.5 * BW) for f_center, BW in
Tist(zip(list_f_center, Tist_Bw))]

Tist2D_omega_pass_z = list(zip(list_omega_pass_low, 1list_omega_pass_high))
num_filter = len(1ist2D_omega_pass_z)

order = 3

Ap =1

epsilon = sqrt( calc_cheby_eps2(A_p) )
print("epsilon = " + str(epsilon))

Tist_H_s = chebyshev_protype(order, epsilon)
print(Tist_H_s)
Tist_H_z = []
Tist2D_mag, list2D_omega = [], []
for ind in range(num_filter):
Tist_omega_pass_z = 1ist2D_omega_pass_z[ind]
Tist_omega_pass_s = calc_omega_pass(list_omega_pass_z, f_sample,
str_filter_type="band_pass")
print(1ist_omega_pass_s)



Tist_H_subs = [filter_subs(H_s, list_omega_pass_s, str_filter_type="band_pass") for
H_s in Tist_H_s]
print(1ist_H_subs)
H_subs = reduce(lambda x,y: x * y, Tist_H_subs)
print(H_subs)
H_z = convert_s2z(H_subs, f_sample)
print(H_z)
Tist_H_z.append(H_z)
Tist_mag, list_angle, list_omega = calc_mag_angle(H_z, num_point=4096)
Tist2D_mag.append(1ist_mag)
Tist2D_omega.append(1ist_omega)
plot_mag_freq_multiple(list2D_mag, 1list2D_omega, f_sample, path_fig="../p8_52_H_z.png")
# band_gain = [1] + [0, O, O, O, O, O, O] # the first 1 represent original input gain: no
equalization
# band_gain = [1] + [1, 1, 1, 0, 0, O, 0] # low pass
# band_gain = [1] + [0, O, 1, 1, 1, O, 0] # band pass
band_gain = [1] + [0, O, O, O, 1, 1, 1] # high pass
Tist2D_output_chl [Tist_input_chl]
Tist2D_output_ch2 = [list_input_ch2]
for H_z in Tist_H_z:
Tist2D_output_chl.append( iir_filter(Tist_input_chl, H_z) )
Tist2D_output_ch2.append( iir_filter(list_input_ch2, H_z) )
Tist2D_output_chl = Tist(map(list, zip(*Tist2D_output_chl))) # transpose
Tist2D_output_ch2 = Tist(map(list, zip(*T1ist2D_output_ch2)))
Tist_output_chl, Tist_output_ch2 = [], []
for out_chl, out_ch2 in Tlist(zip(list2D_output_chl, Tist2D_output_ch2)):
Tist_output_chl.append( int(sum([elem * gain for elem, gain in Tist(zip(out_chl,
band_gain))]1)) )
Tist_output_ch2.append( int(sum([elem * gain for elem, gain in list(zip(out_ch2,
band_gain))1)) )
plot_spectrum_dB(Tist_output_chl, f_sample, path_fig="../p8_52_output_high pass_chl.png",
str_title="Filtered No9seg.wav (ch 1)")
plot_spectrum_dB(list_output_ch2, f_sample, path_fig="../p8_52_output_high pass_ch2.png",
str_title="Filtered No9seg.wav (ch 2)")
import numpy as np
Tist_output = np.asarray([list_output_chl, list_output_ch2]).T
max_output = max(np.max(list_output), -np.min(Tist_output))
factor = (2**(16-1)/max_output)
Tist_output_scaled = np.floor(list_output * factor).astype(np.intl6)
write("../No9seg_high pass.wav", f_sample, list_output_scaled)
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