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ABSTRACT
An innovative tool has been developed to assist engineer-
ing students in understanding some basic digital signal
processing techniques and psychoacoustic principles, and
their application to MPEG-1 audio standard. This GUI-
based software tool gives the students the possibility of
effective home learning. This type of materials, specif-
ically focused on self-learning, plays a key role in the
teaching philosophy promoted by the European Space for
Higher Education.

1. INTRODUCTION

Digital signal processing (DSP) plays an important role
in engineering education. However, some DSP tech-
niques are difficult to understand because they are based
on abstract mathematical concepts. These concepts be-
come easier to grasp when they are embedded in prac-
tical applications.

An important application area in the field of dig-
ital signal processing is audio coding or compression.
Audio coding deals with the efficient digital represen-
tation of high-fidelity wideband audio signals. MPEG
audio formats are the first international standards for
high-fidelity audio, finding application in many areas
as digital storage, digital sound broadcasting, multime-
dia,. . . Due to the current relevance of the topic, audio
compression is often covered in many courses on DSP
or, specifically, on audio processing, in electrical and
computer engineering.

This paper reports the development of an innovative
software application (called MPEG-LAB) conceived as
a didactical tool to improve the learning process of sev-
eral audio compression techniques and many underlying
basic principles. They include DSP techniques (such
as digital filtering, downsampling and upsampling, Dis-
crete Fourier Transform,. . .) and also audio perception
concepts (such as threshold of hearing, critical bands,
masking,. . .). This software tool has been developed to
be applied in a specific undergraduate course on Digi-
tal Audio Processing at the University of Extremadura
(Spain). A preliminary version has already been experi-
mentally proved. The experience showed a high level of
satisfaction by the students.

Interactive educational tools are currently receiving
an increasing attention. Some examples are [1, 2, 3].
MPEG-LAB focuses directly on an appealing applica-
tion in the field of audio compression and simultaneously

covers the underlying basic principles of two interdisci-
plinary areas: digital signal processing and human audio
perception. To the knowledge of the authors, a similar
educational tool has not been published up to now.

In order to follow the trends of reproducible research,
the software will be available for download via FTP by
late December 2008. It will be totally free under a GNU
General Public License.

The paper is organized as follows. Section 2 explains
how this educational tool was conceived. Section 3 de-
scribes the main capabilities of this software application.
Finally, the main conclusions are drawn in Section 4.

2. THE CONCEPTION OF THIS
EDUCATIONAL TOOL

In a preliminary phase of the project, some decisions
had to be made.

The first open question concerned the contents. In a
course about digital audio, MPEG standards have inter-
est on their own. Additionally, the focus on an appeal-
ing application increases students’ motivation to learn
some basic concepts related to digital signal processing
and human audio perception. Since the aim was not to
cover the whole standard, but to help students under-
stand some compression techniques and the theory be-
hind them, it was decided that the application focused
on Layer I of ISO/IEC MPEG-1 audio standard.

The second decision was the definition of what type
of tool was searched for. The European Space for
Higher Education promotes a change in the professor’s
role, from transmitter of information to facilitator of
the learning process. In this context, professors should
make an important effort to design materials specifi-
cally focused on self-learning. Enquiries showed that all
the students in the course had their own computer, but
only 68% of them had an Internet access at home. It
was decided to develop an application that gave the stu-
dents the possibility of effective home-learning without
the need of an Internet access. The preliminary version
was conceived as a CD-ROM-based application.

Another initial decision to make regarded the pro-
gramming language to use. There are several software
packages that facilitate the creation of this type of tools.
Among the several possibilities, MATLAB was chosen
for several reasons:
• It is widely used in academic institutions to support

DSP courses. Particularly, the students of Telecom-
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munication Engineering, Sound and Image, at the
University of Extremadura, use MATLAB in several
compulsory courses. They are the first users of the
developed tool. The choice of MATLAB leaves open
the possibility that the students make modifications
or extensions in the code. Also, they can simply
look inside the code and try to understand how it
has been implemented.

• It offers very useful packages for signal processing
and data visualization.

• Its feature called GUIDE (Graphical User Interface
Design Environment) allows to easily develop inter-
active GUIs with a friendly aspect.
Concerning the operating system, the application

currently runs on Windows XP, but it can be easily
transported to other platforms.

The design of an educational tool should aim at opti-
mizing the learning efficiency. To achieve this objective,
the following strategies have been used:
• Direct focus on an appealing application. This strat-

egy has already been mentioned above.
• Multilevel reading. Additional information can be

obtained by clicking on optional buttons. In this
way, students can focus on different issues according
to their particular interests.

• Interactivity. The user can change parameters and
graphically observe how the results are modified.

• Multimedia. Written explanations can be supple-
mented by a voice that reads the same text.

• Uniformity. A consistent style of interface design
is followed so that the user can rapidly get familiar
with it.

• Well-documented. Help buttons are available on the
interactive GUIs to explain the user how it works.

• Auto-evaluation. Each module includes some
multiple-choice questions for the students to check
if they have understood the main concepts.

3. DESCRIPTION OF MPEG-LAB

In order to attract students’ attention, the applica-
tion scenario immediately appears once the program is
started. The tool is organized around an MPEG-1 Layer
I encoder/decoder system, shown as two block diagrams.
The student can select any of the different blocks in the
encoder or decoder diagrams to access different modules
of the program. A summary of the main capabilities of
each module is provided in the next subsections. Due to
the high number of GUIs involved, just the most illus-
trative ones are graphically shown. As mentioned above,
all modules include an auto-evaluation GUI.

The test signals used along the different GUIs are
of two types: signals composed of several tones and/or
narrow-band noise, or audio signals from wav files.

3.1 Filter bank

MPEG-1 and other audio coding standards require di-
viding the signals into subbands. In this way, each sub-
band can be individually coded taking into consideration
perceptual properties. QMF (Quadrature Mirror Filter)
and polyphase filter banks are commonly used for au-
dio coding. MPEG-1 Layer I encoder uses a 32-band

polyphase filter bank. The filter bank module imple-
mented in MPEG-LAB deals with polyphase filter banks
but also with the alternative QMF banks, so that the
student can understand the advantages and disadvan-
tages of both possibilities. Besides the theoretical intro-
duction and auto-evaluation GUIs, this module is com-
posed of 4 submodules on the following topics: down-
sampling, upsampling, QMF filter banks, and polyphase
filter-banks. Fig. 1 shows a GUI corresponding to a 2-
channel QMF simulation, which consists of antialiasing
filters, a down-sampling stage, an up-sampling stage and
interpolation filters.

3.2 Scale factor coding

In MPEG-1 audio standard, scale factor coding is ap-
plied to the subband samples. A module in the program
enables the student to get familiar with this type of cod-
ing. Besides the introduction and auto-evaluation GUIs,
this module includes an example GUI, which shows how
the scale factor is calculated and how the subband sam-
ples are accordingly normalized.

3.3 Quantization

This GUI allows students to learn the basics of quanti-
zation. The module has a similar structure to the pre-
vious one: theoretical introduction, example and auto-
evaluation. In the example, the user can create a sinu-
soidal test signal, choose the number of bits per sample
to quantize it and observe some graphical representa-
tions: original signal, quantizer input-output character-
istics, quantized signal and quantization error.

3.4 Psychoacoustic analysis

MPEG-1 audio standard [4] suggests two possible psy-
choacoustic models. Generally, Layer I uses model 1.
This educational tool concentrates on this model.

The psychoacoustic analysis module is composed of
several parts. Firstly, some interactive examples about
basic concepts are provided: time-frequency representa-
tion of signals, absolute hearing threshold, critical bands
and hearing masking. Fig. 2 shows a GUI about critical
bands. Secondly, the psychoacoustic analysis is consid-
ered step by step. The module includes separate GUIs
that focus on individual steps: calculation of maximum
Sound Pressure Levels (SPL), identification of tonal and
nontonal components, decimation of maskers, calcula-
tion of individual masking thresholds, determination of
the global masking threshold and calculation of Signal-
to-Mask Ratios (SMRs). The last GUI is shown in
Fig. 3. Finally, in order to give an overview, there is
a GUI which integrates all steps of the psychoacoustic
analysis process.

3.5 Bit allocation

In the encoder diagram, the bit allocation block deter-
mines how many bits are assigned to each subband. For
a fixed bit-rate, the standard way to perform the bit
allocation is to use an iterative procedure. At each iter-
ation, the number of bits assigned to the subband with
the lowest MNR (Mask-to-Noise Ratio) is increased as
long as the total number of bits available for the frame
is not exceeded. The module of the program includes
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Figure 1: GUI corresponding to a 2-channel QMF simulation.

a GUI which shows how this iterative procedure works
(see Fig. 4). The user can create a test signal and ob-
serve the following graphical representations: original
spectrum, SMR, MNR and bit allocation. The itera-
tive process to calculate the bit assignment can be fol-
lowed step by step by pressing the pushbutton: “Next
Iteration” or can be performed at once by pressing the
pushbutton “END”.

3.6 Bitstream formatting

This module includes a demonstration which explains
the frame structure in MPEG-1 Layer I.

3.7 Decoding of scale factors and scaling

This module of the program corresponds to the decoder
block diagram. It includes an interactive GUI where the
student can introduce a binary word, decode the scale
factor value and scale the subband samples accordingly.
Fig. 5 shows this GUI.

3.8 Synthesis filter bank

Analysis and synthesis filter banks are covered in the
same module. Therefore, the pushbutton that selects
the synthesis filter bank brings the user directly to the
same module referred to in 3.1.

4. CONCLUSION

A MATLAB GUI-based tool has been developed that
shows the application of several digital signal processing
techniques and human perception principles to MPEG-
1 audio coding standard. A preliminary version of the
software has already been applied in a course about Dig-
ital Audio at the University of Extremadura. The stu-
dents showed a high level of satisfaction with the experi-
ence. The software has been implemented in a modular
way so that it can be easily extended.
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Figure 2: GUI about critical bands.

Figure 3: GUI about the calculation of Signal-to-Mask ratios (SMR).
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Figure 4: GUI about bit allocation.

Figure 5: GUI on decoding of scale factors and scaling.
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