GEORG

UNIVERSITY

Signal Processing 101

Kathleen E. Wage
George Mason University

Discovery of Sound in the Sea Webinar
12-October-2022




1984

Signal Processing 101

Kathleen E. Wage

George Mason University
How do we record and

Discovery of Sound in the Sea Webinar ~ analyze signals in 20227
12-October-2022 @ How fast to sample?

@ How to use a bank of
filters to make a
spectrogram?

sof K. E. Wage Signal Processing 101



This talk uses a 1-minute recording of a humpback

whale from a hydrophone at the mouth of Glacier Bay

:*T National Park Service

! «:" B ﬁ# T . ) 4{,&,

e

Sounds Recorded in Glacier Bay

2020 humpback whale song audio a...  Share & Download Link to Glacier Bay
i sound clips

Click here to
download the
Nov. 2020
humpback recording
from the NPS site
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https://www.nps.gov/glba/learn/nature/soundclips.htm
https://www.nps.gov/media/video/view.htm?id=D83247CA-55B0-4740-BFBC-BBB96166B7A7

Recording and analysis system consists of three basic

components: ADC, DAC, Filterbank

. Analog-to-Digital samples Digital-to-Analog
o — Converter Converter I
N

F, = 7- Hz F, = # Hz

electrical
signal

Spectrum
Analyzer
Filterbank

Designing the system requires answering the following questions:
@ How fast should we sample the signals? What is Fs?

@ How many filters should we use and what determines the
resolution of the spectrogram?
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Analog-to-Digital Converter (ADC) measures an

electrical signal and produces a set of samples

Analog-to-Digital

electrical Converter . samples

ignal
signa _ 1
F, = A Hz

sin(27rF0t) F0=4 Hz Fs=6 Hz Ts=0'67 TO

15¢ 1.5 ——original =-—-linear interpolation |

TO TO ® samples

0 0.25 0.5 0.75 1 0 0.25 0.5 0.75 1
t (seconds) t (seconds)

Higher sample rate Fs (smaller sample period Tg) — better plots
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Analog-to-Digital Converter (ADC) measures an

electrical signal and produces a set of samples

electrical
signal
sin(27rF0t) F0=4 Hz
15¢
TO
-~

0 0.25 0.5 0.75 1
t (seconds)

Analog-to-Digital

Converter — samples
_ 1
Fs = ng Hz
_8 Hz T =050T
s 0
15 fonglnal --=-linear mterpolanon
® samples

{ ——
0

?vvv

0.25 0.5 0.75
t (seconds)

Higher sample rate Fs (smaller sample period Tg) — better plots
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Analog-to-Digital Converter (ADC) measures an

electrical signal and produces a set of samples

Analog-to-Digital

electrical Converter . samples

ignal
signa _ 1
F, = A Hz

sin(27rF0t) F0=4 Hz Fs=10 Hz Ts=0.40 TO

15¢ 1.5 ——original =-—-linear interpolation |

TO TO ® samples

0 0.25 0.5 0.75 1 0 0.25 0.5 0.75 1
t (seconds) t (seconds)

Higher sample rate Fs (smaller sample period Tg) — better plots
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Analog-to-Digital Converter (ADC) measures an

electrical signal and produces a set of samples

. Analog-to-Digital
electrical

o > Converter —— samples
signa - 1
F, = T Hz

sin(27rF0t) F0=4 Hz Fs=20 Hz Ts=0.20 TO

15¢ 1.5 ——original =-—-linear interpolation |

0 0 ® samples

0 0.25 0.5 0.75 1 0 0.25 0.5 0.75 1
t (seconds) t (seconds)

Higher sample rate Fs (smaller sample period Tg) — better plots
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Analog-to-Digital Converter (ADC) measures an

electrical signal and produces a set of samples

| cal Analog-to-Digital
electrica Converter I samples

signa _ 1
F, = A Hz

sm(27rF0t) F0=4 Hz Fs=1 00 Hz Ts=0.04 To
15¢ 1.5 ——original =---linear interpolation [
TO TO ® samples

1F 1
0.5

0¢ 3
-0.5
-1
15} 1.5

0 0.25 0.5 0.75 1 0 0.25 0.5 0.75 1

t (seconds) t (seconds)

Higher sample rate Fs (smaller sample period Tg) — better plots
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Digital-to-Analog Converter (DAC) reconstructs an

electrical signal from a set of samples

Digital-to-Analog lectrical

electrica
samples —» Converter ol <)

F, = TL Hz signa
s
F =6 Hz T.=067T, F0=4 Hz Fs=6 Hz Fr=2 Hz
15¢ ——original =-=-linear interpolation || 15 ——original ——reconstructed |{

T ® samples ® samples

15 Aliasing! reconstructed # original
0 o.és 0.‘5 0.55 1 0 0.25 0.5 0.75 1
t (seconds) t (seconds)

Can reconstruct signal if we have more than 2 samples per period
— Ts < Dor Fs > 2F,
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Digital-to-Analog Converter (DAC) reconstructs an

electrical signal from a set of samples

Digital-to-Analog
samples — Converter
_ 1
FS = T_s Hz
Fs=8 Hz T =0.50 T
15¢ ——original =-=-linear interpolation |1

® samples

e AAA

-1.5¢

t (seconds)

0 0.25 0.5 0.75 1

electrical

signal 2D

F=4Hz F =8Hz F =0Hz
0 s r

15 ——original ——reconstructed |1
® samples

1

ARG

0
T

-1

15 Aliasing! reconstructed # original

0 0.25 0:5 0.‘75 1

t (seconds)

Can reconstruct signal if we have more than 2 samples per period
— Ts< 0 or Fg > 2F
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Digital-to-Analog Converter (DAC) reconstructs an

electrical signal from a set of samples

Digital-to-Analog .
samples — Converter ele.ctrlcal =7
F, = TLS Hz signal
F =10Hz T.=040T, Fs=4Hz F =10Hz F=4Hz
15¢ T ——original =-=-linear interpolation |1 15 —original — reconstructed |1
« 0 , [ © samples ® samples

0 0.25 0.5 0.55 1 0 0.25 0.5 0.75 1
t (seconds) t (seconds)

Can reconstruct signal if we have more than 2 samples per period
— Ts < Dor Fs > 2F,
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Digital-to-Analog Converter (DAC) reconstructs an

electrical signal from a set of samples

Digital-to-Analog lectrical
ri
samples —»| Converter elec Cla )
F, = TL Hz signa
s
F =20 Hz T.=020T, F=4Hz F =20Hz F =4Hz
0 S r
15¢ ——original =-=-linear interpolation || 15 ——original ——reconstructed |{
T ® samples ® samples

0 0.25 0.5 0.55 1 0 0.25 0.5 0.75 1
t (seconds) t (seconds)

Can reconstruct signal if we have more than 2 samples per period
— Ts < Dor Fs > 2F,
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Digital-to-Analog Converter (DAC) reconstructs an

electrical signal from a set of samples

Digital-to-Analog lectrical
ri
samples — Converter e e.c Cla — b
_ 1 signa
FS = T_s Hz
F,=100 Hz T,=0.04T, F,=4Hz F_=100Hz F=4Hz
15¢ T ——original =-=-linear interpolation || 15 —original — reconstructed |1
1 e« 0 p © samples ® samples
[ 1
0.5 0.5
0¢ > 0¢ p
-0.5 -0.5
At -1
1.5 -1.5
0 0.25 0.5 0.75 1 0 0.25 0.5 0.75 1
t (seconds) t (seconds)

Can reconstruct signal if we have more than 2 samples per period
— Ts < Dor Fs > 2F,
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Sampling theorem guarantees that we can reconstruct

a signal if we sample it at a high enough rate

Conclusion from the previous examples:

We can reconstruct the signal from its samples if
@ F5 > 2F; or equivalently,
0 Ts< %

This assumes there is only one sinusoidal signal and we know
its frequency (Fp)

What if the whales aren’t singing just one note all the time?
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We can synthesize a whale signal by adding sinusoids

with different frequencies, amplitudes, and phases

0 10 20 30 40 50 60
Time (secs)
0.7

——original

0.6

synth = Z Amcos(2mfm + dm) sl
m

0.4 ]

0.3

0.2

0.1r

0 .
1.85 1.9
Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 25 3 35 4
Time (secs)
0.7

——original

0.6

synth = Z Amcos(2mfm + dm) sl
m

0.4 ]

0.3

0.2

0.1r

0 .
1.85 1.9
Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
061 —-—-synthesized (1 cosine)

synth =Y " Ancos(2nfn + ¢m) 44l
m

0.4 ] n n n
Cosine 1: frequency = 0.0 Hz
03 w
041 7 02l
02r
0.1
0 .
1.85 19 1.95 0 )
Time (secs) 185 19

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
—-—-synthesized (2 cosines)
0.6
synth = E Amcos(2fm + ¢m) o5l
m A1
0.4 1
Cosine 2: frequency = 359.9 Hz i
0.2 T
0.3
0.1 4
: \I\I\N\NVWW\MI\NVVW\NVWWNV\NVU\N il
o o1t
0.2 L
1.85 1.9 1.95 0 )
Time (secs) 185 18

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

——original
—-—-synthesized (3 cosines)

0.6
Synth == E Am COS(27Tfm + ¢m) 05
m
0.4
Cosine 3: frequency = 369.9 Hz
0.2 - 1
0.3
0.1 4
o 1 o1
0.2 .
1.85 1.9 1.95 0 ‘
Time (secs) 185 19 195
Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
—-—-synthesized (4 cosines)
0.6
synth = E Amcos(2mfm + dm) s
m
0.4
Cosine 4: frequency = 349.9 Hz d
0.2 T
0.3
0.1 4
o 1 ot
0.2 L
1.85 1.9 1.95 0 )
Time (secs) 185 18

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
—-—-synthesized (5 cosines)
0.6
synth = E Amcos(2fm + ¢m) o5l
m
0.4 f
Cosine 5: frequency = 379.9 Hz 1
0.2 T
0.3 [fil:
0.1 4
o 1 o1r
0.2 L
1.85 1.9 1.95 0 )
Time (secs) 185 18

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
—-—-synthesized (6 cosines)
0.6 .
synth = E Amcos(2fm + ¢m) o5l
m
0.4}
Cosine 6: frequency = 339.9 Hz
0.2 T
0.3
0.1 4
o 1 o1r
0.2 L
1.85 1.9 1.95 0 )
Time (secs) 185 18

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
—-—-synthesized (7 cosines)
0.6
synth = E Amcos(2fm + ¢m) o5l
m
0.4}
Cosine 7: frequency = 329.9 Hz J
0.2 T
0.3
0.1 4
AWV -+ ©2
L
o 1 o1r
0.2 L
1.85 1.9 1.95 0 )
Time (secs) 185 18

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
—-—-synthesized (8 cosines)
0.6

synth = Z Amcos(2fm + ¢m) o5l
m

il

Cosine 8: frequency = 389.9 Hz

0.2 03
0.1 1
OMVWAWVWWMVAVWAAY —+ ©2
o 1 oaf
0.2 .
1.85 1.9 1.95
i 0 '
ime (secs) i85 19

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7
——original
—-—-synthesized (9 cosines)
0.6
synth = E Amcos(2fm + ¢m) o5l
m
0.4
Cosine 9: frequency = 779.8 Hz
0.2 T
0.3
0.1
]
0 02r * ]
o o1t
0.2 L
1.85 1.9 1.95 0 )
Time (secs) 185 18

Time (secs)
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We can synthesize a whale signal by adding sinusoids
with different frequencies, amplitudes, and phases

1 1.5 2 2.5 3 3.5 4
Time (secs)
0.7 T
——original
—-—-synthesized (10 cosines)
0.6
)
synth = E Amcos(2mfm + dm) 45l
m
0.4
Cosine 10: frequency = 769.8 Hz d
0.2 T
0.3
| ol
0 02f
o o1t
0.2 L
1.85 1.9 1.95 0 )
Time (secs) 185 18

Time (secs)

Choose a sample rate Fs > 2Fmax
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Sampling theorem tells us how to choose Fq

To avoid aliasing:
Fs > 2Fnax Hz

To make smooth plots from our samples:
Fs >> 2Fyax Hz

Use a lowpass anti-alias filter before Analog-to-Digital Converter to
remove signals above & Hz

Sample rate shouldn’t be too low (aliasing!) or too high (costly to
store and to process!)

Like Goldilocks, we want Fs to be just right
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Filter processes samples to enhance signals, e.g., freq.-selective

filter removes unwanted frequencies, leaving desired signal alone

Finite Impulse
samples
I Respor.lse (FIR) —— y[n] = Z bizln — ]
Filter
Moving average filter: yln =7 Z x[n—1] b=1
Moving avg is a lowpass filter (removes high frequencies)
NI - .
b
3r| 4 i 3
L
2 "| i 'nl 2
RIRIRY
LIRS 1
i
Oomed| & 4 0
0 10 20 30 40 50 0 10 20 30 40 50
t
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Filter processes samples to enhance signals, e.g., freq.-selective

filter removes unwanted frequencies, leaving desired signal alone

Finite Impulse
samples
I Respor.lse (FIR) —— y[n] = Z bizln — ]
Filter
Moving average filter: yln =7 Z x[n—1] b=1
Moving avg is a lowpass filter (removes high frequencies)
IRRR R : T
3 1 ‘| 3
H
2 {1 2 ;
id
o
Olﬂl é 0%
0 10 20 30 40 50 0 10 20 30 40 50

t
Longer lowpass filtters have better rejection

.. but they take longer to respond to changes in input
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Filter processes samples to enhance signals, e.g., freq.-selective

filter removes unwanted frequencies, leaving desired signal alone

Finite Impulse
samples
I Respor.lse (FIR) —— y[n] = Z bizln — ]
Filter
Moving average filter: yln =7 Z x[n—1] b=1
Moving avg is a lowpass filter (removes high frequencies)
4 i-"‘ _________ 4 :32‘3;?2?{9[ —+—32-pt Hanning filter
iy
3r it
t
[
SRy
' 1
N
g
0

10 20 30 40 50 0 10 20 30
t

Longer lowpass filters have better rejection

.. but they take longer to respond to changes in input
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We can design a bank of filters that pass different

ranges of frequencies

— Filterbank design parameters:
fe=kafHz [ KandL
: @ K + 1 filters in the
Filter 2 filterbank
et [ = 287 e e f, is the center frequency
R — of the filter
Jo= AT R @ kth filter has f, = KAf
Filter 0 @ Resolution determined by
o = 01 the length L of the filter

Longer filters have higher frequency resolution
... but they take longer to respond to changes in input
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Spectrogram is output of bank of filters

Filter K 8 0
.
fe=KAf Hz 7 -10
AG -20
N
T
5 e -30
Filter 2 < = b
| fo = 2Af Hz §4 A i -40
: 5 :
ot S L
Filter 1 w
- . -60
fo = Af Hz
70
g -80
Filter O 10 15
fe=0Hz Time (secs)

Spectrogram filterbank parameters:
@ Length of filter (L) — time window width
@ Number of filters (K + 1) — size of the transform (FFT size)
@ Type of filter — window used (e.g., Hanning)
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Spectrogram of the humpback whale signal displays

its frequency content

8 ‘! O
N6t » 20 .
= Filter length =
> 0.10 secs
c4 -40
(0]
35
2 .
T 2 -60 Longer filters
have higher
0 -0 frequency
‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ resolution and
lower time
resolution

-0.4 1 1 1 1 1
2 4 6 8 10 12 14 16 18
Time (secs)
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Spectrogram of the humpback whale signal displays
its frequency content

2% Filter length =

0.01 secs
-40

60 Longer filters
have higher

80 frequency
resolution and
lower time
resolution

2 4 6 8 10 12 14 16 18
Time (secs)
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Spectrogram of the humpback whale signal displays

its frequency content

Frequency (kHz)
i

(o]
T

8 10 12 14
Time (secs)
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-20

-40

-60

-80

Filter length =
1.00 secs

Longer filters
have higher
frequency
resolution and
lower time
resolution




Recording and analysis system consists of three basic

components: ADC, DAC, Filterbank

. Analog-to-Digital samples Digital-to-Analog
o — Converter Converter I
N
o (ce)

F5=%SHZ Fs=T%HZ

electrical
signal

Spectrum
Analyzer
Filterbank

Designing the system requires answering the following questions:
@ How fast should we sample the signals?
Fs > 2Fmax Hz
@ What determines the resolution of the spectrogram?
Length of the filter (time window) determines the time/frequency
resolution of the spectrogram
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For more information

@ Watch some videos, e.g.,
https://www.youtube.com/ProfKathleenWage

@ Talk to students who are taking signal processing

@ Take a class: signals and systems or signal processing
(electrical/computer engineering, ocean engineering)

@ Read a book, e.g., DSP First 2nd Edition by McClellan, Schafer,
Yoder
https://dspfirst.gatech.edu

@ Consult an expert signal processor
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https://www.youtube.com/ProfKathleenWage
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