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Introduction

¥ The signals of everyday reality are continuous in
time and in amplitude
B Vvoices
® urban noise
e musical listening

r In modern acquiring and transmission systemes,
information is binary (0/1)
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Sound digitization
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continuous signal
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Transduction

¥ Transduction is the mechanism for transforming o
physical signal into an electric and viceversa

B Sensors

transduction from acoustic to electric signals

e.g., microphone

p Actuators

transduction from electric to acoustic signals

e.g., speakers
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Transduction scheme

% ". = | .
&f{“_%&p{ & NI \ /v \/\/ Amplifier U:EII—

acoustic signal electric signal signal processing electric signal acoustic signal
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Principle of electromagnetic induction
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electric wire
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Faradays Law

Magnetic flux lines
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Electromagnetic induction

electric sound
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Analog components

media player

microphone

preamplifier

preamplifier
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Digital components

Cliow
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Analog to Digital Converter
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x(t)
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x4(n)

Phases of the ADC process

Xq(n)
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Analog signal

analog signal

Amplitude (x(t))

Analog signal temporal representation
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Analog signal sampling

x4 (n) = x(nT)

samples

Analog signal temporal representation
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Pulse Code Modulation (PCM)

<) > Q) m) s
[]

s(t)

s(t) is a periodic impulse sequence (0(t), delta di Dirac)
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Pulse Code Modulation (PCM)

Sampled signal x_(t)

/

Source signal x(t)
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Pulse Code Modulation (PCM)

Impulse sequence

-3T. -2T . -Te 0 T,

x, (1) = x(1)s(2)
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Sampling theorem

¥ The minimum sampling frequency which is
necessary to avoid distortions in the signal

reconstruction

» Introduced by Harold Nyquist, and appeared in
1949 in an article authored by E. C. Shannon

» Given a signal with a limited and known
bandwidth, the minimum sampling frequency of
this signal must be at least twice its highest

ISP — Audio Digitization
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Sampling theorem

» A continuous-time signal x(t) with a spectral band
B strictly limited (X(f) = O for | f | > £ B) can be
uniquely reconstructed from its sampled version
Xx(nN)(in=0,x1, 2, t3,..)if the sampling

frequency f_ = 1/T_satisfies the following relation

1
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Sampling theorem

x(t)

frequency domain transform
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Sampling theorem

A
X(f) ;\ x(t) frequency band
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Sampling theorem

f.<2B

X(f) X(f+1) X(f-f.) +0o0

aliasing

2B

Subsampling of the signal
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Sampling theorem

X(f) X(f+f.) X(f-f.) o

no aliasing

2B

Oversampling of the signal
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Signal recontruction
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Real filters

+00
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Example

Reconstruct signal

o= Source signal with
alias —

foofy<f, | | frequency f,

y W’W\
\W

it Gnt i

Samples with
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e
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Quantization
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» Quantization is the procedure of constraining
something from a continuous set of values (such as the
real numbers) to a relatively small discrete set (such
as the integers)

» Quantization replaces each real number with an
approximation from a finite set of discrete values

(levels)

e values are represented as fixed-point words or floating-
point words

B common word-lengths are 8-bit (256 levels), 16-bit (65,536

levels), 32-bit (4.3 billion levels

26



Example of quantization

x(t)

Xg(n) ———— 1 g
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Coding
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Coding

» With N bits K = 2N quantization levels are
obtained

p at each level a code of N bits can be associated

ISP — Audio Digitization
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Bit rate

¢ Bit rate

e number of bits per second

k product between the sampling frequency and the
number of quantization bits

bitrate = f - N
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Non-linear quantization

non-uniform quantization
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Logarithmic quantization
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Example
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Example
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Comparison
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Comparison

r Quality

¥ the dynamic range of the 8-bit logarithmic quantization
corresponds to 13-14 bits linear quantizer

¢ Signal to Noise Rate (SNR)

E a 8-bit logarithmic converter is better than a 8-bit
linear at low amplitudes, but worse at high amplitudes

ISP — Audio Digitization
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Python code (Tono_Puro.py)

import numpy as np
import sounddevice as sd
import matplotlib.pyplot as plt

# Signal frequency
frequency = 440

# Amplitude
amplitude = 100

# Sampling frequency
sampling rate = 44100

t = np.arange (U, num samples-1)

c
:2 # Seconds of the sequence

ﬁ sec = 1

=

o

A # Number of samples

o num samples = sec * sampling rate
:§

< # time

I

o

D

# sinusoidal wave
sine wave = amplitude*np.sin(2 * np.pi * frequency * t / sampling rate)
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Python code

# Function plot

plt.plot (t/sampling rate, sine wave, color='blue', label="tono puro'")
plt.title('Tono Puro')

plt.xlabel ('t")

plt.ylabel ("y(t)")

plt.legend()

plt.show ()

# Sound of the signal
sd.play(sine wave, sampling rate)
sd.stop ()

ISP — Audio Digitization



Python IDE: IDLE

[ ] @ Tono_Puro.py - /Users/angelociaramella/Documents/Documents/Lectures/A A 201...

Python 3.7.2 (v3.7.2:9a3ffc0492, Dec 24 2018, 02:44:43) P*!/usr/birj/env python3

[Clang 6.0 (clang-600.0.57)] on darwin # -¥- coding: utf-8 -*-

Type "help", "copyright", "credits" or "license()" for more information.

>>> Created on Sat Mar 9 09:16:02 2019

@author: angelociaramella
m typing import List
tmport numpy as np

tmport matplotlib.pyplot as plt

# frequency is the number of times a wave repeats a second
frequency = 440 # 1000

sampling_rate = 44100 # 48000.0

sec = 1 # seconds

num_samples = sec * sampling_rate # 48000

# The sampling rate of the analog to digital convert
amplitude = 100 # 16000

file = "test.wav"

ion

t

sine_wave = [amplitude*np.sin(2 * np.pi * frequency * x / sampling_rate) for x 1

nframes = num_samples

igitiza

comptype = "NONE"

compname = "not compressed"

Ln: 4 Col: ¢ Ln: 1 Col: 0
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Python IDE: PyCharm

1 Tono_Puro_1 = g Tono_Puro . Tono_Puro ¥

¥ €© = R — [ TonoPuro
SEMPTLiy_iatc —
v | Tono_Puro_1
e Tono_Puro
» il External Libraries

Po Scratches and Con:

I 1: Project

num_samples = sec * sampling_rate
t = np.arange(0,num_samples-1)

sine_wave = amplitude * np.sin(2 * np.pi * frequency * t / sampling_rate)
Figure 1

plt.plot(t, sine_wave

plt.title( ) Tono Puro
plt.xlabel('t")

plt.ylabel(

plt.legend()

plt.show()

sd.play(sine_wave,sampling_rate)

sd.stop() ;
— [ONno puro

ion

t

(]
7: Structure

igitiza

Run: # Tono_Puro
/Users/angelociaramella/Tono_Puro_1/bin/python /Users/angelociaramella/PycharmPro 0 10000 20000 30000 40000

a€rra=

¥ 2: Favorites

B Terminal @ Python Console Q) Event Log
4spaces + ‘I
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Python IDE: Anaconda

e () Anaconda Navigator

{0 ANACONDA NAVIGATOR

T

ﬁ Home

Applications on| base (root) v|  Channels Refresh

JupyLcl Laow [RIVIRSIVIVIVEN VSRSV VIS
~

. Environments
0.35.3 5.7.4 A 443

An extensible environment for interactive Web-based, interactive computing notebook = PyQt GUI that supports inline figures, proper

° L i and reproducible computing, based on the environment. Edit and run human-readable multiline editing with syntax highlighting,

g Learning Jupyter Notebook and Architecture. docs while describing the data analysis. graphical calltips, and more.

an Community
Launch Launch Launch

&

c
(o) Spyder Glueviz Orange 3
@ —
"5 A 332 0.133 3190
N Scientific PYthon Development Multidimensional data visualization across Component based data mining framework.
o= EnviRonment. Powerful Python IDE with files. Explore relationships within and among Data visualization and data analysis for
o— advanced editing, interactive testing, related datasets. novice and expert. Interactive workflows
Documentation debugging and introspection features with a large toolbox.
Developer Blog Launch Install Install
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Python IDE: Spider
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[ ] ® @ Spyder (Python 3.7)

D [ — o —] @ > a‘ al .I) e Nl = EE P> ] B x ’ a (- <> gnal Processing/python-machine-learning-book-master/ML a [ —% L)

© O Editor - fUser /O / s/A A 2018-2019/Il semester/intelligent ... © © . Help

QI Pemeptron.py| Script_1.py l TOHOJ’UI’O-PVJ & Source Console E Object a (" - %
1
3 o |
4

Created on Sat Mar 9 ©9:16:02 2019
5

6 @author: angelociaramella

7 File explorer @

8 from typing import List
9

o0 IPython console
i&; import numpy as np (1= l Console 1/A Y &Y
12
13 In [2]:
14
15 In [2]: runfile('/Users/angelociaramella/Documents/Documents/Lectures/A A 2018-2019/II
16 import matplotlib.pyplot as plt senjester/IntelLigent_Signal Processing/python-machine-learning-book-master/ML/Tono_Puro.py',
17 wdir='/Users/angelociaramella/Documents/Documents/Lectures/A A 2018-2019/11 semester/
18 Intelligent Signal Processing/python-machine-learning-book-master/ML")
19
20 Tono Puro
21 frequency = 440
22 100 1
23 sampling_rate = 44100 7
24
25sec =1 50 4
26
27 num_samples = sec * sampling_rate 25 4
28
29 § 0 — tono puro
22 -25 1
31 amplitude = 100
32 -50
33 file = "test.wav"
34 =75 1
35
36 sine_wave = [amplitudexnp.sin(2 * np.pi * frequency * x / sampling_rat -100 . . . . .
gé 0 10000 20000 30000 40000
t
39
40 nfra = num_samp
41 mes un_samples In [3]:
42 comptype = "NONE" |Python console [JRZIGIALY]
Permissions: RW End-of-lines: LF  Encoding: UTF-8 Line: 71  Column: 2 Memory: 62 %
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Homework

» Python code

¥ Implementing a class by code on the Tono_Puro.py

ISP — Audio Digitization
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