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ABSTRACT

Engineering educators have found that well-chosen demon-
strations of digital signal processing (DSP) can result in im-
proved comprehension and better retention of topics for the
majority of our students. In this paper, we discuss the use
of a demonstration using real-time DSP to implement a basic
adaptive filter for noise cancellation, utilizing newly-available
DSP hardware from Texas Instruments. A description of the
new hardware platform, the demonstration used, and results
from a short survey administered to the students regarding the
demonstration are provided.

Index Terms— digital signal processing, adaptive filters,
engineering education

1. INTRODUCTION

Digital signal processing (DSP) has become one of the “must
know” topics that many employers expect of new electrical
and computer engineering (ECE) graduates. It has been found
that a true understanding of many fundamental DSP topics
can be more fully realized by a student when they attempt
to implement various DSP algorithms in real-time (typically
in C), when compared to non-real-time implementations with
tools such as MATLAB or LabVIEW [1]. In order to help stu-
dents successfully transition from theory to real-time practice,
there needs to be both a pedagogical method and an infras-
tructure in place to support them and target as many modes of
learning as are reasonably possible.

This basic idea of using demonstrations to enhance learn-
ing for DSP is not new. Many engineering educators have rec-
ognized the need for, and reported on the results of using, in-
teractive learning and demonstrations for this important sub-
ject area [2–6]. For many years, the authors of this paper have
been suggesting and providing proven DSP teaching method-
ologies, hardware and software solutions, and DSP tools that
have helped motivate students and faculty to implement real-
time DSP-based systems to improve education in signal pro-
cessing and related topics [7–18].

These efforts to promote the use of demonstrations and
hands-on experiences for students have emphasized the fact
that DSP is much more than just a collection of theories and
problem solving techniques, and that hands-on experience

with real-time hardware is extremely beneficial; it not only
helps students master various DSP concepts but also improves
student retention rates. Using real-time DSP as the catalyst,
students can be more effectively motivated to explore and
implement a wide variety of DSP topics in an environment in
which they are limited only by their imagination.

The preferred pedagogical approach favored by the au-
thors is a three-step method of teaching DSP [19]. First, we
teach the theory along with interesting and motivating real-
time demonstrations. We then have students implement a par-
ticular concept using MATLAB, until they are comfortable
with the basic topic. Finally, we have them “de-vectorize”
their MATLAB code and convert it to C, in order to compile
and run it in real-time on high-performance DSP hardware.

There are several choices of hardware the professor may
make if using this approach. For the very popular Texas In-
struments (TI) processors, the Spectrum Digital C6713 DSK,
the Logic PD Zoom OMAP-L138 Experimenters Kit (ZEK),
and the new Texas Instruments OMAP-L138 Low Cost De-
velopment Kit (LCDK) are all highly capable platforms cur-
rently available for real-time DSP, and all can be used ef-
fectively with the recommended pedagogical method. The
LCDK is the newest of the three, having been introduced in
the latter part of 2012. Its capabilities are equal to or greater
than the other two platforms, and it is the lowest in cost (only
$195 as of this writing). One capability germane to this paper
is the access to not only “line in” audio but also to “micro-
phone in” audio that can support generic stereo microphones
or dual monaural microphones.

2. THE LCDK BOARD FOR DSP

We have used many hardware platforms over the years to
support our approach of incorporating demonstrations and
hands-on experiences for DSP students. Since TI has been
consistently supportive of DSP educators, we have almost
always used their boards with either fixed- or floating-point
Texas Instruments (TI) processors, such as the C50, C31,
C6201, C6211, C6711, C6713, and most recently the multi-
core OMAP-L138 (which includes both a C6748 core and an
ARM926 core). Of these processors, several are now only of
historical interest, while the boards based on the C6713 and
the OMAP-L138 remain our primary targets of interest.
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Fig. 1. The new Low Cost Development Kit (LCDK) from Texas Instruments, with a multi-core OMAP processor and multiple
I/O options.

As mentioned in the previous section, the newest board
based on the OMAP-L138 is called the Low Cost Devel-
opment Kit (LCDK) [20], shown in Fig. 1. A specific
comparison of the LCDK with the C6713 DSK and the
Logic PD Zoom OMAP-L138 Experimenters Kit (ZEK)
can be found at http://www.rt-dsp.com/2nd_ed/
board_comparison.pdf. In general, the LCDK is supe-
rior in most ways to the C6713 DSK and equally (if not more)
capable than the ZEK. For teaching purposes, the LCDK is
our preferred choice. One of many reasons for that choice is
that while the ZEK supports only audio “line in” and “line
out,” the less expensive LCDK also supports “microphone
in,” which allows more flexibility for demonstrations.

Another advantage of the LCDK over the ZEK is more
subtle. While both OMAP-L138 boards use the identical
audio codec chip, the two manufacturers chose to integrate
that codec into the overall board design in different ways.
In particular, the power supply decoupling of the codec chip
is much better on the LCDK, and this is important to some
applications. See the comparison on the rt-dsp.com site
mentioned previously for plots and a discussion of the noise
related to this design difference. To be fair to both boards,
it should also be noted that in order to program the LCDK
in C (using Code Composer Studio from TI), you need an
additional item: an inexpensive XDS100 emulator, since it is
not part of the main board as it is with the ZEK. These em-
ulators are available at a suggested retail price of $79, from
TI’s eStore or a variety of third-party vendors.

The adaptive filter demonstration described in this paper
was accomplished using the LCDK.

3. ADAPTIVE NOISE CANCELLATION: A DEMO

One application of this now-available stereo microphone ca-
pability, that is useful for teaching DSP to students, is adap-
tive noise cancellation using an adaptive digital filter [21–23].
As shown in Fig. 2, two signals are provided to the system.
The upper signal contains “signal plus noise” while the lower
signal contains “correlated noise.” The adaptive filter (the box
labeled with the transfer function Hk(z) in the figure) uses the
error signal to adjust its transfer function in real-time so as to
optimally cancel out the noise at the output. The theory is
straightforward, and will not be repeated in any greater detail
here.

For the scenario we present to our students, we are try-
ing to duplicate the noisy environment of a firefighter at the
scene of an emergency. The “signal plus noise” represents the
combined signals from the firefighter’s helmet-mounted mi-
crophone (where the “signal” is his/her voice, and the “noise”
is from a chainsaw running in the background being used to
clear debris). The “correlated noise” signal represents just
the chainsaw’s signal, as detected by a second microphone
located on the firefighter, but nowhere near his/her mouth.
The adaptive filter’s purpose is to enhance the voice signal so
that the firefighter may communicate effectively, for example,
when using a radio.
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Fig. 2. A basic block diagram of an adaptive filter used for noise cancellation.

4. CLASSROOM RESULTS

A three-week filter design module was included in our tradi-
tional senior-level DSP course during the Fall 2012 semester.
Since a thorough coverage of filter design can easily span an
entire academic year, and adaptive filters is routinely taught as
a separate course, we decided to devote a single class period
to adaptive filters to help whet our student’s appetite for ad-
ditional DSP content. This additional content could be in the
form of additional coursework, senior design projects, follow-
on graduate studies, or research.

Given the severe time constraint, only the noise canceling
adaptive filter configuration was discussed. The fact that an
almost unlimited number of adaptive structures exist was also
mentioned to motivate additional student interest.

Following our established pedagogy, we reviewed the un-
derlying theory, conducted MATLAB simulations, and then
ported the algorithm into C for execution in real-time on a
LCDK. Student opinions of this topic were measured using a
five-point Likert-scale survey. The item most pertinent to this
paper stated,

“The adaptive filter demonstration helped me understand
the underlying concepts.” The allowed responses were,

1. strongly disagree

2. disagree

3. undecided

4. agree

5. strongly agree.

The average response of the 14 survey participants to this
question was 3.86, with a standard deviation of 1.03. Of the
14, only two students circled the “2 - disagree” response and
none circled the “1 - strongly disagree” response.

5. CONCLUSIONS

The majority of our students definitely agreed with our belief
that the adaptive filter demonstration helped them understand
the underlying concepts. This was in spite of the fact that
only one class period was spent on this topic. A similar sur-
vey question asking about the efficacy of DSP demonstrations

in general averaged a score of 4.29 on the same scale. This
certainly is in line with our anecdotal information regarding
the teaching effectiveness of demonstrations in the classroom.

It should be noted that this adaptive filter demonstration
will not work on either the C6713 DSK or the ZEK unless ex-
ternal microphone preamplifiers are used to connect the two
microphones to the line input. Accessing the dual microphone
inputs on the LCDK does require a stereo-to-dual-mono split-
ter cable, but this is a very small inconvenience compared to
having to buy or assemble two external microphone pream-
plifiers.

We strongly encourage faculty who teach DSP to incorpo-
rate demonstrations and hands-on experience with real-time
hardware for their students. We have made various resources
widely available to help in this endeavor [24, 25].
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