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This book aims to provide a unified and approachable introductory text for a
graduate course in analyzing audio music signals. Indeed, it is a result of the
author’s experience in teaching such a course at Technical University of Berlin,
where the only prerequisite is a basic knowledge of digital signal processing.
Along with four appendices, it has ten chapters, including an introduction and a
review of fundamental concepts in digital signal processing (e.g., sampling),
analysis (e.g., Fourier transform), probability theory (e.g. density), and
perception (e.g., auditory filterbanks). The main portion of the book, Chapters 3 -
6, presents dozens of different features that have been used in analyzing music
audio signals: zero-crossing rate, spectral shape, Mel-frequency cepstral
coefficients, and linear prediction coefficients (chapter 3); envelopes and energy
features (chapter 4); frequency, pitch, and chroma features (chapter 5); and
onsets, tempo, and beat histogram features (chapter 6). The remaining four
chapters cover particular applications of audio analysis: dynamic time warping
for signal comparison (chapter 7); music similarity and instrument recognition
(chapter 8); fingerprinting (chapter 9); and the analysis of musical performance
(chapter 10). There are also four appendices covering properties of convolution
(A), the Fourier transform and windowing (B), principal component analysis (C),
and a review of software for audio analysis (D). The book includes MATLAB code
available for free from here: http://www.audiocontentanalysis.org/.

[ am extremely interested in this text since my department will soon offer such a
course. | attempted to read each chapter in two frames of mind: as a lecturer to
prepare for and accompany lectures, and as a student to prepare for exams. My
search for a suitable text, however, goes on. For the lecturer, this text is
confusing, and has so many errors and oversimplifications that too much class
time is needed to address them. For the student, the text is very expensive,
confusing, and filled with forward references that frustrate reading. While
including MATLAB code with a textbook is an excellent idea, and encourages
reproducible research [1], the code is not immediately understandable, and none
of it readily reproduces any figure in the text. Below, I provide a few illustrations
of these criticisms.

Chapter 2, “Fundamentals”, presents quantization in Section 2.1.3.2, gives the
calculation of the expected quantization error of uniform quantization, and
shows its dependence on the probability distribution function (PDF) of the



quantized signal. A student, having no experience with probability theory, will be
utterly baffled here until arriving at Section 2.1.4.1 where the PDF is described.
However, here the lecturer reads, "The abscissa of a PDF plot represents all
possible amplitude values of the signal x and their probability is plotted on the
ordinate." Figure 2.5 shows that for a sinewave - which | assume means the sine
of a random variable uniformly distributed in [0,2\pi) - the PDF exceeds 1. Given
the text's description of the y-value being a probability, this violates an axiom of
probability theory: probability is a scalar in [0, 1]. As other examples, Section
2.2.1.2 discusses zero phase filtering, but without context since there is no
discussion of phase delay or group delay in filtering. Section 2.2.3 introduces the
discrete Fourier transform, and its short-term implementation. While I like the
discussion about the practicalities of implementation, the student will find no
discussion on what negative frequencies are, the affect of window shapes and
sizes, the use of zero padding, frequency response, the significance of magnitude
and phase, invertibility, and so on.

The main contribution of the book is its collection in one source of the myriad of
features available for signal analysis. However, most of these features are
presented without any reference to music audio content. It illustrates most
features with a real signal (a “saxophone signal” of about 28 s duration), and
three signals having “prototypical spectral shapes”: silence (all zeros), “flat
magnitude” (“same amplitude at all bins”), and “single peak” (one non-zero value
at some frequency). For instance, Table 3.2 and Fig. 3.3 show the “spectral
kurtosis” for all these signals. For all “prototypical” signals, this feature is
"undefined." For the saxophone signal, we see a plot of a time-series on top of the
waveform. The only accompanying description is, “While during the notes high
values can be observed, indicating a very peaked distribution, the spectral
kurtosis drops significantly during pauses.” This provides no illumination on
why this feature is important for analyzing audio content, what it means for
analyzing audio content, and when it should be used for analyzing audio content.
Furthermore, it is strange to consider throughout the book such a trivial signal as
all zeros (silence in an audio signal is typically not all zeros).

Often, the text formally describes many of these features in ways that frustrate
interpretation: using unconventional notation, not defining all variables, and
having errors. For instance, spectral skewness is defined in the text as follows:
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where K is the length of the analysis window and DFT, X(k, n) is the kth bin of
the DFT of the nth signal segment, and x| and a&l are undefined. The expert will
know from where those undefined values come, but will also recognize an error:
the limit of the sum should be g instead of g — 1. This error appears consistently

throughout the text.

The text also contains many simplifications, some of which are wrong and quite
mysterious. For instance, the chapter on the temporal analysis of music contains



the following description of meter: “a regular alternation of strong and weak
musical elements which are grouped with a length of normally three to seven
beats or a length of around 5 s” (p. 122). That is all the text says about meter.
The final four chapters give brief examples of audio analysis. The presentation of
dynamic time warping in Chapter 7 is extremely confusing. Chapter 8 discusses
audio classification, but nothing about evaluation. Chapter 9 discusses audio
fingerprinting, but how this relates to audio content is never explained. (Audio
fingerprinting works with perceptually and musically meaningless anchors in a
time-frequency space hashed to form an indexable fingerprint.) Finally, chapter
10 is about music performance analysis, but this appears entirely out of context
in a book about audio features.

The free code available from the author's website contains several MATLAB
scripts for extracting the features described in the text. The current README.txt
(accessed June 4, 2013) provides only a brief description of what to do. A
student, new to MATLAB or not, will be confused; and the lecturer will have to
work to reproduce some figures in the book. Students find it much more
preferable, and conducive to experimentation, to have code that unambiguously
accompanies each figure [2,3].

Certainly, with 503 references, this text collects a significant amount of work.
Overall, though, the textbook lacks the unification, insight, and big-picture
perspective of the field of music audio content analysis expected for such a work.
Since the discipline of music audio content analysis appears in some respects far
from the scientific maturity required for a textbook [4,5,6], the difficulty is very
large for such a book to be something that is not "more of the same." In the mean
time, [ must assign other reading.
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