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Note about this expanded version (December 2021)Substantially updated with a new chapter

on the use of Octave for DSP applications. The new chapter aims to bring together many of the

threads of discussion from earlier chapters all under the umbrella of the DSP workflow

process. A large number of new diagrams are added to aid in understanding the concepts.In

detail, the book describes what is meant by a digital signal and illustrates it with examples of

real audio signals. After introducing the notion of a signal and what it looks like, we then explain

how to view, modify, and review signals using DSP. No mathematical background is needed.

The book can be read in its entirety or the reader can follow along and run the examples in

parallel. Running the examples is easy using the open source Audacity application.The

examples include how to execute a simple low-pass filter and then verify the result. Verification

of signal modification is really important in DSP. This is because it is all too easy to corrupt a

signal, e.g., if you are experimenting with some handcrafted code and inadvertently write a

bug. For this reason, the book includes a description of a simple DSP process. Another

common DSP problem is signal visualization. Graphical tools, such as, the signal screens in

Audacity, may not give you sufficient detail when examining some part (or all) of a given signal.

Usually, this is Mother Nature giving you a hint that a change in perspective is required. For

this, it may be beneficial to change to using some other tooling element. The book describes

the need for a flexible perspective on the part of the DSP practitioner.
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64DedicationAlways and ever for Siobhán.IntroductionDigital signal processing (DSP) is a

complex field. As I look at my bookshelf I have ten reference books on the subject of DSP. It's a

tough subject to break into. What makes DSP a little unusual is its exotic mix of mathematics,

engineering, and its broad (and growing) application to so many fields.One reason why

perhaps there is so much interest in DSP is the sheer depth of the subject. DSP encompasses

mathematics, physics and computing. For example, you'll often see the case where a given

artifact of interest in a time domain signal can be viewed in a limited way only. An example of

this is when you try to determine the existence of a given frequency component in a signal.

Determining the signal frequency exists may be relatively simple, however, determining the

time domain location of that frequency component may be very difficult or impossible. This

sounds a little like the Heisenberg Uncertainty Principle and is one example of the richness of

the DSP discipline.There are techniques that can help in managing this difficulty, e.g., taking

numerous DFTs where the underlying 'signals' overlap in the time domain. This is called the

short-time Fourier Transform and analysis of each sub-signal does provide a means to locate

time-specific signal information. Many such techniques exist and each one, in its own way,

helps in tackling some knotty signal-related problem. I propose a simple DSP process for

iteratively solving such problems.Did you ever wonder how JPEG images can be used to pack

so much information into a compressed file? Well, JPEG makes use of DSP techniques. Or

how about the area of automatic error correction? Again, error correction such as that used on

audio CDs makes use of DSP techniques. The same is true of video technology. Indeed, every

time you listen to music on a digital platform, you are inadvertently making extensive use of

DSP. The telecommunications industry has used DSP techniques for many years. Every time

you use a phone (smart or otherwise), you are also using DSP.In my research into and work

with DSP, I've found most of the books in the field are either very mathematical or they are

skewed somewhat in favour of hardware design. It seems to be hard to find a DSP book that

explains how to approach this fascinating subject in simple terms using freely-available



software tools to explain the main concepts. This is the main reason why I've written this book.

To this end, I've used a very popular, open source, audio editing tool as the basis for a DSP

laboratory.It also seems that DSP has, what might be considered, a slightly darker side as well.

If you look up jobs in the area of DSP, it's quite common for positions to require security

clearance with no option for remote working. Perhaps DSP is widely used in the defence

industry. For this reason also, perhaps some knowledge of this field is a good idea.DSP can be

broadly divided into two main areas: signal analysis and signal processing. In signal analysis, a

given signal and its attributes are studied but are typically not changed. In signal processing, a

signal is both studied and modified.When I say 'studied', it is likely that software tools are

employed to assist in performing the bulk of the studying task - the raw studying is not done by

a person. Rather, software tools are used and this allows for a practitioner to draw conclusions

about the signal content. In short, skilled practitioners in the field of DSP work in conjunction

with signals, systems, software tools, and algorithms. The use of DSP tends to be iterative in

nature: study the signal, modify it, study it, etc.It's no coincidence that DSP processes are a lot

like standard agile software development processes.Signal processing, in its traditional sense,

typically aims to modify a given signal. An example of this is noise reduction or signal

extraction from a noisy channel. This type of task generally involves the use of digital filtering.

In other words, filtering forms a key part of this type of DSP workflow.In the book, we'll set up a

small 'laboratory' for looking at some real signals (and also synthetic signals). This is useful

because you can get to look at the actual structure of a signal, analyze its spectrum, modify it,

and then view the results. This approach looks and sounds a little like agile software

development and is done in an effort to help with learning about the fascinating field of

DSP.CitationsAudacity® software is copyright © 1999-2019 Audacity Team.Web site: . It is free

softwaredistributed under the terms of the GNU General Public License.The name Audacity®

is a registered trademark of Dominic Mazzoni.GNU Octave John W. Eaton, David Bateman,

Søren Hauberg, Rik Wehbring (2021). GNU Octave version 6.2.0 manual: a high-level

interactive language for numerical computations.URLChapter 1 What is a signal?A signal is an

ordered sequence of numbers that conveys information. There is perhaps an infinite or nearly

infinite number of signals in the natural world, e.g., a sequence of temperatures that changes

over a period of time, the data from a heartbeat monitor, an audio wave generated from an

online radio stream, a list of stock market prices, and so on. In each such signal, there is some

variable quantity that changes over time and signals, such as these, are typically referred to as

time domain signals.There are other signal types that vary in space rather than time, e.g., a

black and white digital image is a two-dimensional grid of numeric values. Each element in the

grid represents the smallest part of the overall image. Adding colour to an image adds

additional dimension to what can be considered the signal. In a similar sense, a video signal is

a signal composed of a large number of interconnected images. The key point to note is that

there are many signals that can be usefully studied.A key distinction must be made between

continuous signals and digital signals. Perhaps, the best way to understand the difference

between continuous and digital signals is to look at a picture of each one.Figure 1-1 illustrates,

in one diagram, the difference between a continuous signal and a digital signal.Notice that a

continuous signal has no gaps along its contours. In other words, the continuous signal is just

that - continuous without any breaks or gaps. Storing a continuous signal in a computer is not

really possible because it requires essentially infinite storage.This issue of infinite storage is an

interesting paradox because an example of a continuous signal is the audio encoded on a vinyl

record disk. How can a finite object, such as a vinyl disk, hold what seems to be an infinite

amount of data? This is a good question and reflects what might be considered the fractal



nature of continuous signals. A similar notion applies to the fractal nature of coastal country

maps, i.e., the coast is finite and yet in the fractal context, the path can be considered to be

infinitely long. Clearly, DSP is an interesting area!By filling in the gaps between the dots in

Figure 1-1, you go from a digital to a continuous signal. Please note that the latter is purely a

thought experiment used for illustration – it's not possible to fill in the gaps because the gaps

arise as a result of the original analogue-to-digital sampling process. For this reason, in reality,

it is the reverse that happens, i.e., we start with a continuous signal and we then sample and

digitize it. The stream of quantized and digitized samples then forms the basis for the digital

signal (or the dots in Figure 1-1).It's essential to appreciate that the data contained in the gaps

is discarded during sampling and is therefore gone forever.Using digital signalsA digital signal

is different from its continuous counterpart because, as we've seen, digital signals have gaps

between samples. This is illustrated by the dots in Figure 1-1, which are a sampled version of

the continuous signal. What happens between the digital signal gaps? The answer is: We

simply don't know - the gaps are due to the physical process of sampling. An appreciation of

the sampling process provides the key to understanding the discontinuous nature of a digital

signal.Provided the signal is sampled sufficiently rapidly (at the so-called Nyquist frequency),

then the gaps become irrelevant to the quality of the user experience of that signal. In other

words, a listener to a music track will not perceive the gaps in between the samples, provided

the sampling has occurred sufficiently rapidly.As we'll soon see, continuous and digital signals

are close relations to one another. But, it is a one-way relationship, i.e., a digital signal is

created from a continuous signal. As noted, it is not possible to create a full-fidelity continuous

signal from a digital signal – it will always be an approximation because of the data loss during

the sampling and quantization process.

Digital Signal Processing for Complete Idiots (Electrical Engineering for Complete Idiots),

Digital Signal Processing for Audio Applications. Second Edition, Digital Signal Processing:

with Selected Topics: Adaptive Systems, Time-Frequency Analysis, Sparse Signal Processing,

DSP: A brief introduction, Control Systems for Complete Idiots (Electrical Engineering for

Complete Idiots), Electromagnetic Theory for Complete Idiots (Electrical Engineering for

Complete Idiots), Circuit Analysis for Complete Idiots (Electrical Engineering for Complete

Idiots), Zen of Analog Circuit Design, Essential Guide to Digital Signal Processing, The

(Essential Guide Series), Curve-Fitting: The Science and Art of Approximation, Great Formulas

Explained - Physics, Mathematics, Economics, Electronics Engineering, A Student's Guide to

Fourier Transforms: With Applications in Physics and Engineering (Student's Guides), Arduino

for Complete Idiots (Electrical Engineering for Complete Idiots), 555 TIMER PROJECTS: Great

Collection of DIY Projects Using 555 Timer IC, Vector Analysis from Scratch (Math Beyond

Numbers), Trig Identities Practice Workbook with Answers, Complex numbers (concepts of

physics Book 2), Feedback Control Systems Demystified: Volume 1 Designing PID Controllers,

300 Electronic Projects for Inventors with tested circuits

The book by Stephen B Morris has a rating of  5 out of 3.8. 4 people have provided feedback.

Digital Signal Processing Table of Contents Dedication Introduction Citations Chapter 1 What

is a signal? Using digital signals Chapter 2 Creating a signal with Audacity® Signal Creation

with Audacity The Sampling Process DSP Generating an audio file Signal Frequency Chapter

3 Examining Signals In The Frequency Domain Dog Whistles and Human Hearing Frequency

http://www.neutronbyte.com/api/Wa18oYTP/e/Eaoo/OPMw/JjoAz/Digital-Signal-Processing-A-Gentle-Introduction-with-Audio-Examples


Spectrum A Multi-tone Signal Chapter 4 Filtering Signals Chapter 5 The DSP Process Signal

Import Review/Listen Analyze Modify Review/Listen Save and Signal Export Chapter 6 DSP

and the Discrete Fourier Transform (DFT) Spectral Analysis Using the DFT DFT Window

Audacity Note DFT Analysis Frequencies The Analysis Frequencies Analysis Frequency(m) =

m* Sampling Frequency / N Chapter 7 GNU Octave for DSP Work Using Octave Viewing Audio

Data In Octave Generating an Audio File in Octave Chapter 8 More Signal Analysis and a DIY

Hearing Test Digging into an Audio Signal as part of the DSP Process Pipeline A Pre-existing

Audio File Exploring the Human Hearing Range Creating a Test Audio File Spectrum Analysis

Conclusions Further Reading Alphabetical Index



Language: English

File size: 31295 KB

Simultaneous device usage: Unlimited

Text-to-Speech: Enabled

Screen Reader: Supported

Enhanced typesetting: Enabled

X-Ray: Not Enabled

Word Wise: Not Enabled

Print length: 150 pages

Lending: Enabled

http://www.neutronbyte.com/api/Wa18oYTP/d

