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Preface

This thesis describes the motivation for, development and testing of the ASPEN
Platform. ASPEN, short for Advanced Signal Processing ENvironment is a suite
of hardware and software tools to enhance and facilitate prototyping and teaching
of mixed signal electronics, digital signal processing, and the design of biomedical

instrumentation.
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Chapter 1

Background

1.1 Motivations

The genesis of the Advanced Signal Processing Environment (ASPEN) project was a
series of discussions in 2012 between Prof. Gregory Kovacs of Stanford, Dr. Martin
Izzard (then VP of R&D systems at Texas Instruments) and Bill Esposito. These
discussions focused on the success of new microcontroller tools, such as the rapidly
growing Arduino platform. These new tools had made microcontrollers accessible to
a much wider audience and had dramatically reduced the time required to set up

prototype embedded systems, even finding use by engineers skilled in the field.

The discussions were informed by Prof. Kovacs experiences teaching lab courses in
analog and biomedical electronics at Stanford. Dr. Izzard and Prof. Kovacs also had
extensive experience with digital signal processing systems and saw the applicability
of signal processing tools to teaching these concepts. Through these discussions it
became clear that improved tools could be developed for teaching and prototyping of
mixed-signal, digital signal processing and biomedical electronics. This would enable
a cross-disciplinary approach encompassing all three topics, while allowing students

and hobbyists to embed their work in devices outside the classroom.
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1.2 Need

As will be discussed in the following sections, there was no existent platform to make
these capabilities truly accessible to the masses. Creating such a tool would enable the
teaching of a hands-on, mixed-signal-electronics or DSP course without a dedicated
electronics laboratory. Previously, this was not feasible for several reasons: complexity
of the tools, difficulty of setup, or over-abstraction introduced to avoid such challenges.
Furthermore, from experience working with Dr. Laurent Giovangrandi to develop
biomedical electronics course material at Stanford, Prof. Kovacs was aware that
there was no viable open-source hardware and software suited to teaching biomedical

electronics design.

The discussion of these needed tools lead naturally to questions about the require-
ments for teaching these topics without costly, high-quality test equipment and with-
out compromising the material. An examination of the existing tools and considera-
tion of the challenges that would have to be met resulted in a proposal for a system of
hardware and software optimized to solve these problems and address those questions,
later dubbed ASPEN.

In the following sections, an outline of the requirements for such a system and the
technologies that helped inspire this approach are discussed. Additionally, some pre
existing approaches to teaching signal processing are described. Funding for this

project was graciously provided by Texas Instruments, Inc.

1.3 The Need For An open-source Approach

From the beginning of the project, it became clear that the hardware and software
must all be “open” tools, meaning open-source software, and open hardware. open-
source means that the underlying code and design files for all projects are released
publicly, under a permissive license that allows sharing and reproduction of the designs

without restriction of licensing fees.
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There are several benefits to this approach. open-source software is easier to distribute
globally, due to the public nature of its source code. Wide global distribution can in
turn grow the pool of potential users, and a large group has enormous positive network
effects in terms of development and community support for user issues. Therefore,
the tools must be distributable globally, without export or licensing restriction such
as the International Traffic in Arms Regulations (ITAR) [1] which require the vendor
of software to have information about users they release it to. Such restrictions can
even deter users and developers who are approved to use the software, both because
they have to prove their eligibility for the software and because they in turn have to
ask the same of others they pass the software on to. By making the software for the

system open-source and inherently compliant, the process is dramatically simplified.

A second benefit of an open-source design approach is that the software is free for its
users to use, distribute, modify and collaborate on [2], without undue burden from
licensing fees or copyright restrictions. By choosing to use an open-source license for
the software systems, as opposed to simply giving away proprietary software at no
charge also provides certainty to the community. It guarantees users that the software
cannot later disappear and that the developers cannot later monetize their previous
work. It also provides members of the community the ability to improve the software

without first obtaining the consent of the creators.

Similarly, as much of the hardware toolchain as possible should be “open hardware”
as well. To be described as open hardware, the full detailed design schematics for
the system need to be offered freely to anyone who might want to build their own
version of the tools. This is congruent with the goals of a widely distributed project
framework. It must be noted that there are some limitations to how far the open-
hardware concept can be practically extended. high-performance, open hardware
integrated circuits are virtually nonexistent and would be prohibitively expensive for
users to replicate even with full designs. Therefore, a reasonable compromise is to
choose integrated circuits expected to be available for several years at least and are not
subject to export or licensing restrictions. As many components as possible should

be available from multiple sources or at least expected to be available for an extended
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period. Fortunately, unlike integrated circuits, the printed circuit board designs and
layouts for the project are both practical to share, and for the community to replicate
at reasonable cost. The globally successful and widely replicated Arduino platform,
discussed later, is an example of how an open hardware platform can be built using

proprietary components.

Therefore, the ideal open-source system is one that can be replicated freely by the
community, ensuring availability and that the price of the system is driven as low as
possible. In mass production the system should be comparable in price to a textbook

and as readily available.

1.4 Requirements for Hardware

The hardware requirements for teaching analog electronics, signal processing, and
biomedical electronics are driven by the needs of embedded circuit prototyping and
of the disciplines of interest. The needs are multifaceted but fortunately overlap
extensively. In addition to the more abstract considerations such as export, and du-
plicability, there are the more practical concerns, such as circuit design, performance,

signal quality, and cost.

In order to expand learning of these disciplines outside of the classroom, and to meet
the needs of embedded projects in the developing and developed world, the hardware
must be physically small enough to be conveniently portable as well as sufficiently

energy efficient to be powered by reasonably sized batteries.

To support teaching and building analog electronics, it must provide the tools nec-
essary to build and analyze simple electronic circuits. A typical analog electronics
workbench contains a number of tools for these tasks. Most prominent among those
are a power supply, a multimeter, a signal generator, an oscilloscope and a bread-
board.
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Designing circuits for biomedical electronics often requires those same tools but also
imposes additional restrictions. Because these signals are generally small and low-
frequency AC signals, sometimes superimposed on large DC offsets, as in electrocar-
diography (ECG) and photoplethysmography (PPG), the system must be low noise
and the signal-acquisition systems must have a large dynamic range. It also needs
to capture the low-frequency components of these biomedical signals, meaning the
system should work as near DC as is feasible. For safety reasons, the ability to elec-
trically isolate the circuit when connected to a person is also critical. Commonly, this
is achieved in low-cost systems by disconnecting communications and powering the
device with a battery or using a USB isolator. These requirements are more restric-
tive than for a general low-cost mixed-signal-electronics platform, meaning that such

a system can serve well for both fields.

In order to analyze and manipulate signals, signal processing tools are required. On
a workbench this is often a combination of test instruments and a desktop computer.
These tools include a wide range of functions, such as digitization, filtering and the
computational performance to implement complex algorithms. To build a better
(portable and embeddable) signal processing tool chain for all three fields, a similar
capability must be provided. This requires sufficient performance in terms of signal
to noise ratio (SNR) and effective number of bits (ENOB). This can enable analysis
and manipulation of signals from DC for biomedical applications to 20 kHz for audio

signal processing and possibly beyond at a reasonable quality.

As will be described later, many preexisting signal processing environments focus on
audio signals because they are easy for students to grasp. Typical audio processing
hardware has a 20 Hz high-pass filter at the input and output for circuit protection
and biasing. This filter prevents these devices from being useful for analyzing most
biomedical signals, which typically have critical frequency content well below 20 Hz.
Therefore, a carefully selected analog-to-digital converter (ADC) and digital-to-analog
converter (DAC) enabling both low and audio frequency signal analysis are needed.
Additionally, support for multiple channels in the ADC and DAC allow for a broader

range of applications, such as sensor fusion and reference signal acquisition.
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Requirement

Detail

open-source software & hardware

low-cost

Small form factor

Low power

Galvanic isolation

Large storage capacity

DC-coupled

High ENOB

Simple user interface

Flexible design

Sufficient computing performance

Circuit prototyping support.

The community should be able to replicate the sys-
tem, creating trust and providing the ability for com-
munity improvement.

Price point in large volumes “$100 US. Affordability
enables use in the developing world and the device
to be permanently installed in systems.

Similar size to an Arduino Uno (2.7“x 2.17) to enable
embedding in projects.

Draws less than 50 mA at idle. This allows the device
to run on four commodity AA batteries for approxi-
mately two days.

Can be electrically isolated from earth for body con-
nected biomedical systems

8 GB or more of storage for several hours of recorded
data.

Can capture low-frequency signals (below 1 Hz) for
biomedical applications.

High ENOB (715 bits) gives a large dynamic range
on ADC and DAC to enable measurement of small
signals with large offsets.

Student can install and use the system without a
mentor in the room.

System has simple interface for novice users, but can
be used in more sophisticated ways by more sophis-
ticated users.

Digital component has enough performance to filter,
process, and store signals in the audio range (20-
20,000 Hz) without extreme optimization.

Easy way for user to construct circuits and interface
them with the system.

Table 1.1: Requirements for a system for use in teaching mixed-signal, biomedical
electronics and signal processing.
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A processor that can acquire and manipulate such signals also presents an oppor-
tunity to take advantage of modern large and low-cost non-volatile storage. While
many microcontroller platforms have some non volatile storage built-in, the size of
this space is typically limited to a few kilobytes. This memory is generally used to
store user programs and configuration data when system power is cycled. Larger
memory capacity, sufficient to store and later process much larger sets of data can
provide an opportunity to address new problems with a signal processing platform.
In contrast, preexisting embedded signal processing platforms only have a moder-
ate amount (several hundred kilobytes to a few megabytes) of high-speed memory in
which to store signals. This memory is volatile, however, which prevents the embed-
ding of software and pre-computed datasets. The continuing increase in the capacity
of removable consumer flash memory devices has made a large non-volatile storage
cheap enough to be included in an embedded platform. With a 32 GB storage device,
many hours of audio or other signals can be recorded. Because biosignals are gener-
ally low bandwidth, even longer recordings can be feasibly made with such a system.
A 2,000 sample/second recording has many times the required bandwidth to acquire
a low-frequency biosignal such as ECG (fp.x = 150 Hz) or PPG (fy.x = 5 Hz), yet
can be recorded for more than 90 days continuously with 32 GB of storage, making
battery capacity and skin irritation due to electrodes the limiting factors. This stor-
age capacity enables more novel applications than simple recording. A large number
of pre-computed filters or other stored routines which require pre-computed data can
be stored in memory. Importantly, vast datasets can be stored without meaningful
impact to the amount of space available to the user for programs or data. The ability
to pre-compute can be leveraged to allow novice students to implement complicated
algorithms with simple function calls, as will be discussed in more detail in Chapter

Three. Table 1.1 summarizes the hardware requirements defined for the system.
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1.5 Abstractions

A major challenge in introducing students to signal processing tools can be the com-
plexity of setting them up. Users in an online or remote teaching course will not
necessarily have an expert on hand to resolve setup or configuration problems, and
even in an environment where expert help is available, this can be a bottleneck. This
means that the platform must be designed with carefully chosen abstractions in both
hardware and software to avoid unnecessary complication. Poor design can create
significant barriers to achieving the teaching goal of the system by discouraging users

before they become familiar with it.

A trade must be made between flexibility and abstractions. More flexibility can
require a user to make additional decisions before running the system. Contrarily,
abstractions can limit flexibility by reducing the control parameters that users have
easy access to. A less flexible system also has a smaller potential audience and reduced
teaching and experimental potential, as it might be less easily reconfigured to explore
new signals and applications. This can be seen in the application of existing audio
CODEC (a device integrating an analog-to-digital enCODer and a digital to ana-
log DECoder) devices which are unsuitable for non-audio applications. For example,
medical or control systems applications may be challenging due to design decisions
such as AC coupling, input voltage range, etc. Thoughtful hardware and software de-
sign choices can enable a system to serve the needs of many users across disciplines.
Therefore, overall accessibility of the system must be considered throughout the de-
sign process. Good documentation and design choices in system components and
configurations are key to this. As a whole, this requires ensuring that the behavior
of the system can be understood by the user without excessive effort. Ideally, users
learn about features of a system through examples, hardware labels and software
comments. A user should only have to resort to reading documentation for less com-
monly used features. Sensible default configurations and optional parameters support
this approach, balancing flexibility with abstraction. These abstractions can be de-

signed to be flexible; intended to be stripped away progressively to reveal underlying
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mechanisms and provide a natural progression for users. This model maximizes both

flexibility and configurability.

1.6 Lack of signal processing capabilities in the

embedded processor space

Unsurprisingly, a massive array of embedded processing platforms exists, each devel-
oped to address some specific needs in the global community of embedded systems
users. These range from extensively customizable and powerful devices, such as the
XILINX Spartan [3] series of FPGAs (field programmable gate arrays) to the tiny
PICAXE [4] platform which marries an 8-pin microcontroller with an implementation

of the BASIC programming language.

While there are many teaching tools that focus on topics of control, motivated by
robotics applications and on computer systems design, signal processing teaching
tools are comparatively rare. As such, there was a major need to move the state
of the art forward - a teaching platform that would bring signal processing and its

enormously diverse applications to the masses.

1.7 A revolution in microcontrollers

Microcontrollers have been fundamental to most new electronics developed since the
early 1980s, and for decades mostly maintained a familiar form - an eight bit ar-
chitecture with a rudimentary programming environment which demanded that the
developer program in assembly language or perhaps a bare bones implementation
of the C language. For academia this meant that teaching microcontrollers was of-
ten relegated to upper division undergraduate courses where mainly students already

versed in programming and electronics would be exposed to them.
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Over the course of the last decade, microcontrollers have undergone a revolution.
Surprisingly, the most important change has not been performance of the CPUs,
but instead the software and ecosystems that surround the microcontroller itself.
Previously, devices were paired with a bare bones programming environment and a
cumbersome flash programmer. Today, successful microcontrollers are paired with
integrated development environments (IDEs) that offer high level hardware abstrac-
tion layers (HALs). These self-contained and affordable development boards allow
single click programming via a serial interface, and developer sanctioned websites
are designed to encourage user collaboration and sharing of supporting libraries and

tutorials for the platform.

Arguably, the most prominent example of this change has been the Arduino and the
associated ecosystem. The Arduino was originally developed in 2005 by Mossimo
Banzi (and collaborators) at the Interaction Design Institute Ivrea in Italy as a plat-
form for teaching embedded systems to college students [5]. Prior to this point, many
single-board controllers existed supporting a multitude of programming languages
and IDEs. The Arduino team hit upon a highly successful combination of price/per-
formance ratio, features, IDE-integrated demos, cross-platform support, simplified
programming environment and streamlined setup. Since its inception as a tool for
college students, the Arduino audience has broadened to include both more and less
advanced users. Engineers have used it to rapidly prototype systems, but it has also
steadily progressed down to less experienced users, allowing younger and younger
students to use microcontrollers to improve the quality of systems they build. As a
result, Arduino is the first microcontroller platform to have gained a reputation in

the domain of artists as well as engineers and scientists.

The central element of the Arduino platform is the hardware. It includes a micro-
controller on a printed circuit board with a standardized footprint [6]. This board
usually contains an 8-bit AVR microcontroller (although alternative processors are
now available), the necessary support circuitry to drive the microcontroller, and a

USB interface to allow programming of the microcontroller.
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Thanks to the standardized form factor of the circuit board, additional client hard-
ware such as motor drivers or sensors can be integrated on mating boards. These
boards share the same outline as the Arduino microcontrollers and use pass-through
headers to stack on top of the microcontroller boards. These boards, referred to as
“shields” in product literature simplify the process of interfacing hardware with the
microcontroller by allowing them to be connected without any additional manual
wiring. This allows even novices to quickly add functions without having to consult a
datasheet. Plus, there is no risk of making frustrating or expensive wiring mistakes.

Even for sophisticated users, it can be a significant convenience.

The hardware is complemented by a software platform. The Arduino IDE is a key
factor in the success of the Arduino ecosystem. It is built on the “Processing” lan-
guage, initially developed at the MIT Media Lab by Benjamin Fry and Casey Reas
[7] to ease the adoption of Java by students. The Arduino platform uses a fork of
the Processing IDE to support an enhanced version of C++ instead of Java, but the
outward appearance of the application and ease of use remains similar. The IDE
differs from common vendor-supplied toolchains in several key ways. As opposed to
commercial tools such as Atmel Studio [8], or Code Composer Studio [9], it has never
required the user to complete an online registration process. The Arduino IDE is
extremely simple to install, in some cases requiring no action beyond decompressing
the archive. On many systems it does not even require a driver installation to be
able to upload a user program to an Arduino. With a double click of the executable,
a student has access to a wide variety of built in libraries and protocol support that

ships with the environment.

The IDE includes a software HAL which provides single-line, intuitive instructions
to do many common tasks such as set a value on a digital pin, initiate pulse width
modulation (PWM) on a pin, or read the current value of a timer. This type of
abstraction is an extremely important improvement. It removes the tedious task of
initializing hardware while not actually obfuscating the operation of the device (e.g.,

using a binary 1 to set a high voltage on a pin) from the user.
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Recent versions of the IDE also support download and installation of libraries through
an automated library manager, as well as via a simple drag-and-drop operation [10].
These libraries can provide new functionality or support additional hardware and
client devices for the microcontroller. These libraries often provide single-line inter-

faces for new hardware in the same style as the HAL included with the IDE.

The current highly polished state of the Arduino ecosystem represents over a decade
of effort by thousands of individuals. Since the first version of the Arduino, the design
has been continually refined - its developers adding features small and large that seek
to simplify and expand the capabilities of the platform. Some of these features have
been immensely successful, such as the addition of a USB-to-serial converter on the
board. On the other hand, some features have gained relatively little traction in the
community, such as the Due board based around a faster 32-bit ARM type CPU [11],

because it is not compatible with most Arduino libraries and shields.

Today, the key features that make the Arduino platform as a whole so immensely suc-
cessful are its development environment, the ubiquity of its physical form factor, and
the network effects resultant from its popularity. Ultimately, the Arduino ecosystem
has evolved into a much broader development platform than its humble “simplified
microcontroller” roots. The key part of the tool-chain is not the “Arduino” board it-
self, but instead, the ability to leverage the popularity and familiarity of the Arduino
ecosystem to teach new concepts to students and the inquisitive public. With over
one million official boards sold [11] and large numbers of clones and derivatives, it
has made the microcontroller a tool accessible to millions of scientists, students, and

artists who might have been unable to use it otherwise.

1.8 No revolution in digital signal processors

In spite of the changes brought about by the Arduino family and boards inspired by
it, there has been little progress in bringing the digital signal processing to the same

broad spectrum of users that microcontrollers have reached.
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Microprocessors have been an instrumental tool for analyzing and manipulating sig-
nals throughout the history of their use. Astheir performance has increased, they have
replaced larger and larger portions of analog signal manipulation hardware in systems.
Specialized microprocessors called digital signal processors (DSPs) with instruction
sets and hardware architecture optimized to improve the performance of programs
handling the type of data typically found in discrete time signals have existed since
the late 1970s [12].

DSPs have instruction sets and peripherals optimized to enable higher performance
for real-time signal processing tasks at a given clock speed. Multiply and accumulate
(MAC) operations are often quoted as the performance metric for a digital signal
processor, as it is among the most repeated operation in several key signal manipula-
tions, such as convolution and the Fast Fourier Transform (FFT) [13]. For example,
the Texas Instruments C55xx family of fixed-point DSP chips include simultaneous
dual-MAC instructions and saturation handling functionality (to address numerical
overflow conditions). Optimizations such as these make specialized DSPs an impor-
tant tool in analyzing and manipulating signals, even as clock speeds of embedded

processors increase overall.

These digital signal processors (DSPs) have traditionally been high-performance de-
vices with custom hardware and substantially different instruction sets from tra-
ditional microcontrollers. They have generally been high cost devices targeted at
professional systems developers, and the cost has limited the size of the user base.
The correspondingly small associated support communities reduces the usefulness of

the systems for educators and sophisticated hobbyists.

The software that shipped with DSP ICs is usually desined for engineers implement-
ing complete systems for specific applications. Such tools expose the developer to low
level code without much streamlining. As such, the creators of these development
tools have chosen to emphasize flexibility and performance over ease or speed of de-
velopment. Thus, they have made few concessions to usability, opting for cumbersome

and complicated, yet powerful development environments such as Eclipse [14].
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These development environments provide important functionality for an advanced
user but can turn away novice users due to the complexity of their initial setup and
maintenance. Setup can require configuration of path variables, selection of arcane
packages from a long list of similarly named devices, and downloading and installa-
tion of supporting drivers and utilities. This is exemplified by the 103-page “getting
started guide” for TIs Code Composer Studio (CCS) [15]. Users must perform repet-
itive and irrelevant hardware and software setup tasks that do not provide significant
educational benefit. The complexity of initializing individual ports with several con-
trol commands serves little purpose in teaching, merely adding lines of esoteric code

which have nothing to do with the core concepts of signal processing.

By requiring that users learn arcane terminology, install drivers to support step-
through debugging, and configure a device build path, systems built around tradi-
tional signal processors have been of limited utility for novice or nontraditional users.
Students who do not have the robust support network of an in person university
course and a course assistant, are likely to be driven off by these complexities. Even
with a project-driven need for signal processing tools, users are likely to find them

too challenging to set up and learn for a single project.

There have been several examples of DSP hardware that have attempted to address
this problem. One example, a development board called the eZdsp by Spectrum
Digital, offered a low-cost DSP evaluation module [16], retailing for $100, as compared
to fully featured manufacturer evaluation modules (EVMs), which often cost several
hundred dollars [13]. Unfortunately, while it did address the cost challenges of a
DSP toolkit it did not make a substantial improvement in user experience, which is
ultimately at least as significant barrier to entry for signal processing as cost. The
eZdsp platform failed to address the shortcomings of the software environment that
surrounds the hardware. It relies on CCS which, as described earlier is cumbersome
to install and initialize. The tool also lacks a modern HAL, making configuration
of peripherals complex. Additionally, these proprietary tools are often have limited
compatibility with various operating systems. CCS and Atmel Studio for example,

are incompatible with Macintosh, excluding a substantial minority of users.
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1.9 Signal processing block diagram tools

There have been a number of educational tools intended to ease the teaching of signal
processing through maximized abstraction. These opt for solutions in which users
manipulate “block diagram” models. Signal manipulation is achieved by connect-
ing signal blocks together mimicking signal flow diagrams instead of the code-based
model used successfully in microcontroller environments like that of the Arduino.
This conforms with an approach commonly taken in signal processing texts and lec-
ture materials [17]. Figure 1.1 depicts a typical signal chain developed in a block
diagram style tool, Simulink (The Math Works Inc., Natick, MA) [18], wherein a
student constructs a system by graphically connecting predefined blocks. Unfortu-
nately, these tools tend to abstract away the more nuanced challenges of practical
implementation. In so doing, they do not provide users the ability to interact with
the processes underlying these abstractions. Users of these systems may never ma-
nipulate an individual sample or data point. The cost of this abstraction is that since
students do not manipulate samples directly, they will not gain an intuitive under-
standing of what a single “sample” actually represents, nor how it relates to a signal
as a whole, even with explanation. That understanding underlines the real value of

a hardware based approach to teaching signal processing concepts.

The teaching tools based on the block-diagram model can be broadly separated into
two sub-categories. The first category is comprised of software applications for the
PC. These applications use a full desktop PC to perform all signal processing tasks.
They either manipulate simulated data, recorded data or data from simple signal
acquisition systems. The second category is dedicated signal processing hardware that
uses a PC to program a flow-style signal chain, but then performs signal processing
on a standalone device. Generally, these devices process data acquired in real-time

as opposed to simulated or recorded data.

The most popular PC-based signal flow diagram-based tools are the Simulink envi-
ronment and Lab View (National Instruments, Austin, TX) software packages [19].

Other systems that are similarly structured exist, for example solidThinking Embed
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Figure 1.1: Example of a block diagram-based tool implementing a low-pass FIR
Filter in Simulink.



CHAPTER 1. BACKGROUND 17

(solidThinking, Inc., Troy, MI) [20]. These require a PC to operate and the result
cannot be embedded in projects. This software-only approach has been one of the
most successful options for teaching signal processing, but it provides a drastically
different experience from the real systems that students later implement, and com-
pletely removes the real-time component of signal processing design. As a group,
these systems provide opportunities to practice some skills developed in a signal pro-
cessing theory class, but a gap remains between students and limitations of practical

implementations.

In contrast, a hardware-based, signal-flow-diagram system is the SignalWizard de-
veloped by Prof. Patrick Gaydecki at the University of Manchester. This tool uses
switchable signal blocks to produce a system that can allow a flow chain to be imple-
mented in minutes, but the system is based on an audio CODEC, which is not capable
of accessing signals below 20 Hz, and hence is unsuitable for biomedical applications.
At $699, it is prohibitively expensive for students to individually purchase for use in
a course or to embed into projects. With two of its dimensions exceeding 16 cm [21],
it is also too bulky to embed into most fieldable applications. Additionally, the need
for a PC as a control device hinders its use as a component of an embedded system.
Nevertheless, the ability to manipulate signals in real-time represents a significant
improvement in the fidelity of the user experience, and this capability influenced the

requirements for the ASPEN system.

1.10 Microcontroller tools do not support DSP

A new generation of 32-bit Microcontrollers such as the STMicroelectronics Nucleo
and Particle (formerly SPARC Core) have begun to reach the market in the late
2010s. This new generation of processors have begun to have sufficient performance to
process interesting signals without customized hardware. Only a handful of toolchains
developed for traditional microcontrollers have even rudimentary support for signal

processing.
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Figure 1.2: Example of Teensy Signal Chain Development [23].

A prominent recent example is the Teensy series. These compact development boards
are built around ARM architecture-based microcontrollers. The most recent 3.6 re-
vision has sufficient performance to perform basic filtering tasks on audio and most
importantly the platform has a stream-based audio library available [22]. As with
many Arduino-inspired spinoffs, the boards work with a patched version of the Ar-
duino IDE. Unlike many other efforts however, the boards are not footprint compatible
with standard Arduino microcontrollers. This means that the ecosystem of Arduino
compatible shields cannot easily be directly interfaced with them, although adapter

boards have been created.

An audio library shown in Figure 1.2, has been developed for the Teensy platform.
It can be used with its onboard ADC and DAC signal chain, or with an add-on
AC coupled CODEC board (described below, which acts as a sound card and pro-
vides additional resolution and stereo capabilities). The system however, does not
make it straightforward for students or developers to implement custom signal blocks,
and lacks the general-purpose capabilities needed for signal manipulation and educa-

tion, as well as a convenient way to perform sample-by-sample signal manipulation,
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which provides insight into practical challenges in implementing signal processing
algorithms. Furthermore, the performance of the Teensy 3.6 is hampered by the
(dual-channel) unipolar twelve-bit DAC outputs 0 to 3.3 V which somewhat limit the
span of applications for the system. If a user needs higher performance, there is an
additional adapter shield for the Teensy with an audio CODEC onboard [24]. It is
possible that the sound shield may be able to be modified to support DC sampling,
this has not been tested. As a whole, the Teensy platform represents the most mean-
ingful alternative to the DSP Shield as a component of the ASPEN platform. The
two groups have similar approaches to hardware, although the ASPEN approaches the

software side of the challenge with more emphasis on the details of signal processing.

Another microcontroller based approach has used minimalist hardware augmentation,
using an add-on board and software with simple hardware. One such example is the
“Plain-DSP” package, which uses an Arduino Uno along with some software libraries,
and a very simple shield using a quad op-amp, some resistors and capacitors. While
such a device can be used for some very basic, low-frequency applications, the ex-
tremely limited performance of such a lightly augmented system become apparent
within minutes. The Arduino Uno that the Plain DSP system uses has low compu-
tational performance which prevents all but the most basic algorithms from being
implemented. Furthermore, the Uno lacks a conventional DAC and outputs labeled
analog by the system are in fact pulse width modulated outputs, limited to about
100 Hz (without modification to the Arduino environment). With such low perfor-
mance, the system abandons most of the learning potential, as well as all potential

as a development tool for interesting applications.

1.11 Embedded desktop systems

Recently, single-board computers designed to be used like desktop computers have
made a reappearance. Much like single-board computers of the 1970s and 1980s, these

systems are self-contained computers of moderate performance which can run similar
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software and interface with similar peripherals as desktop PCs. The Raspberry Pi
is one of the earliest and most successful of this wave of systems. Its origins can be
traced back to 2006 as a project to develop the system as a low-cost, high-performance
educational platform for teaching computing and programming to children [25]. Due
to the complexity and performance of the hardware, it usually runs a variant of the
popular Linux operating system. This allows a wide variety of applications built for
the operating system on other platforms to be compiled for the Raspberry Pi. This
includes sophisticated mathematical and programming tools such as Matlab (The
Math Works Ink, Natick, MA), Wolfram Alpha, and Python to be used directly
on the Raspberry Pi. Since the Raspberry Pi is a single-board computer, these
solutions can be embedded in projects and devices [25]. Although the Raspberry Pi
arrived on the market after the ASPEN project had commenced, its capabilities have
been evaluated. The major limitation of using an operating system designed for a
desktop and server computers is that it is not designed for real-time operations. Due
to background processes, tasks like sampling cannot be guaranteed to be uniformly
spaced in time, which means that many signal processing algorithms will not work

reliably.

An alternative operating system designed for real-time operations, referred to as an
“RTOS” could be used to guarantee deterministic sampling, but these operating
systems are not as popular and thus sacrifice the advantages of community support
and a large pool of compatible software while adding the complexity of a full operating
system. While an alternative real-time operating system or “bare metal” development
environment could be created for the Raspberry Pi platform, it would require much of
the same development undertaken for the ASPEN project and would lack key benefits
of the ASPEN project design, such as Arduino shield compatibility.

Using the most popular Linux variant “Raspian” and “Pure-Data,” a block-style sig-
nal processing programming language [26], and an external sound card, it is possible to
construct an audio signal processing toolchain. These tools, however, do not provide
sample-by-sample signal manipulation and thus are subject to the same limitations

as the block diagram systems described above. Furthermore, without modification,
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the audio CODECs used by these systems are limited to a 20 Hz to 20 kHz band and

thus are not optimal for all the signals of interest here.

Several other similar tools have arrived on the market, such as the oDroid and Bea-
gleBone platforms, all of which suffer from the same limitations as the Raspberry Pi,
but are further hampered by the challenge of smaller communities which leads to less

online support and fewer examples.

1.12 Lack of tools that meet the requirements

At the outset of the ASPEN Project, none of the systems described above or found
after research met the defined needs of teaching analog electronics. Nor did they en-
able the construction of a class of devices that opens signal processing and biomedical
electronics to the masses. Some of these goals could be pursued with a hybrid of sev-
eral tools but no existing tools meet all the needs defined here. Therefore, developing
a new hardware and software system to address them has potential for a substantial

improvement in utility and accessibility.

1.13 ASPEN architecture

The result of the consideration of the needs of the project and the existing solutions
at the time was a proposal for a new system to achieve these goals. The system
leverages the immense popularity and simplicity of the Arduino platform. It consists
of a hardware stack with three boards. First is an ordinary Arudino Uno, the most
common version of the Arduino board. Next is a new DSP based board, called the
DSP Shield. This device can act either as a standalone development system or as
a shield supporting applications on the Arduino. The final board in the stack is a
support shield called the Analog Shield which can be used in conjunction with either

of the other two boards. This board provides an analog front end for signal acquisition
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and support infrastructure for building circuits, while allowing for a flexible system
configuration, allowing the DSP Shield to be excluded in applications where it is not

necessary.

Most critical to the system, however, is the software. For the Analog Shield, a li-
brary with a simple interface that enables function calls similar to existing Arduino

interfaces was conceived.

Envisioned for the DSP shield was an Arduino-derived development environment that
leverages software interfaces and paradigms to extend the Arduino approach to signal
processing and biomedical electronics. Achieving this simplicity requires implementa-
tion of several familiar systems, including a HAL, serial bootloader, IDE, and compiler
tool-chain. Furthermore, all these systems must be designed so that when they must
differ from existing Arduino paradigms, their default operation is intuitive and meets
the needs of as many users as possible. This is especially critical in the implementa-
tion of the core innovation the DSP shield provides - the signal processing libraries.
These must be written so they can be quickly grasped through example and that the

user can see how to utilize them to provide ever greater functionality.

To address the hardware needs, the Analog Shield has a quality DC-coupled CODEC
to allow for low-frequency signals in biomedical systems and frequencies above the top
end of the audio range, matching or exceeding the bandwidth of on-board CODECs in
microcontrollers. Furthermore, biomedical signals demand a high dynamic range to
measure signal deviations on the order of tens of microvolts, something that common
microcontrollers do not achieve with inbuilt converters, which typically have an ENOB
of 8-10 bits. Higher ENOB dramatically simplifies acquiring the small signals in this
range. Adding multichannel capability - at least two but preferentially four or more,

can allow for fusion of multiple signals.
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1.14 Approach to the system

Having defined the need and an overall approach to designing a platform for teaching
and prototyping, development began. The next chapter includes an outline of the
system hardware design and trade-offs. The third chapter includes a discussion of the
ASPEN software architecture and design. Applications developed to demonstrate
the utility of the system in mixed-signal education and development are discussed in
Chapter Four. Application of the platform to digital signal processing is described in
Chapter Five. In Chapter Six, applications of biomedical electronics using the system
are detailed, including a novel ECG topology developed with it. Finally, conclusions

and future work are covered in chapter seven.

1.15 Conclusion

As a whole, ASPEN represents a concept for a new system that can address the
needs of building and teaching analog electronics, signal processing, and biomedical
instrumentation, both in the lab, and in fieldable applications. It can also create a
path to clinical-quality, open-source and highly functional medical devices for learning
and cost-constrained clinical use, in the developed and developing world. A successful
result will enable the open-source community to solve real problems in medicine
using safe and inexpensive hardware. The preceding review of existing and emerging
systems revealed that there is a gap between the challenges in addressing these tasks

and the tools previously available.
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Hardware

2.1 System Design Approach

In order to meet the needs defined in Chapter One, new hardware was needed. As
discussed, it was necessary that it be low-cost, flexible, maintainable, and capable
of being understood by users without continually consulting documentation. This is
termed “discoverability,” meaning that the user can learn about the system through
use instead of reading dry technical documentation [27]. To achieve this, the system
was conceptualized as a stack of three devices. This physical separation makes it easier
for the components of the system to be individually understood by the user. Prac-
tically, it also enables users to select subsets of the ASPEN system for downstream

applications, enabling cost and complexity to be tailored to application needs.

The Arduino UNO is an excellent example of a discoverable hardware system. The
printed circuit board has clearly silkscreened descriptions of its inputs and outputs.
The headers are keyed ensuring shields are connected correctly. Naming conventions
are chosen to be self-explanatory. Figure 2.1 depicts a top-view of an Arduino UNO
board of the type used in the ASPEN project. Examples of good discoverability

can be seen in touches such as the “ 7 marks next to PWM-enabled pins and the
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Digital pins numbered
to match software call

TX and RX pins marked
with direction

2 PWM capable pins
, indicated with '~'

Power section Analog inputs
seperate and distinguished
marked from digital

Figure 2.1: Top view of Arduino Uno highlighting discoverability of the design.

serial port being marked “TX” and “RX.” These may initially seem like small design
flourishes, but together they dramatically streamline the user experience, making the

system more approachable.

The two boards developed for the ASPEN project extend the capabilities of the Ar-
duino ecosystem. The Analog Shield provides high-quality infrastructure for building
and interfacing with analog circuits and the DSP Shield provides signal processing ca-
pabilities which allow the user to manipulate data in ways that could not be achieved

by processing signals on the Arduino alone.

The following sections cover trade-offs and decisions made in the design of these

boards as well as some of the testing performed to validate their functionality.
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2.2 Analog Shield Design Overview

The Analog Shield, depicted in Figure 2.2, contains the support infrastructure for
bridging the analog and digital domains. It contains a convenient interface for a
multi-channel, high-fidelity ADC as well as a matching DAC. These are supported by
software methods to connect to the digital component of the platform (discussed in
Chapter Three).

There are built-in bipolar power supplies, which can substantially simplify circuit
construction. The system is also designed to provide a place to actually construct the

circuits in a compact manner, in the form of a small solderless breadboard (optional).

As opposed to a more general “breakout board” form factor, the Analog Shield uses
the Arduino Shield footprint. This easy-to-use form factor is familiar to many stu-
dents. It includes standard pass-through headers, allowing the shield to be interfaced
with the Arduino and stack with shields above. This form factor also provides a
structurally stable platform for circuit construction and avoids the need for a student

to run wires to a separate board or to power supplies and converters.

An alternative design might use a standard footprint and interfaced via cable to
microcontrollers of any form factor. The Arduino footprint however, benefits from
the broad popularity of the ecosystem and wide variety of Arduino-like devices. A
number of alternative microcontrollers, from approved ones such as the Arduino Yn
[28] to less widely known competitors like the Arch Pro [29], have been developed
to use the same footprint. Like many other ubiquitous connectors, the Arduino Uno
footprint is likely to outlive the Uno itself as a standard for microcontroller daughter

boards by a significant margin.
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2.3 Analog Shield Breadboard and Power Supply

To facilitate users constructing circuits
and interfacing them with the Analog
Shield, the decision was made to allow
for the optional placement of a solder-
less breadboard in the top center of the
board. This layout is similar to the de-
sign used in the Adafruit ProtoShield
[30], which has proven to be both pop-
ular and extremely useful in educational

settings.

The final version of the design can be
seen in Figure 2.2. The included small
(seventeen row) breadboard is provided
with adhesive tape backing and can be
placed in the open area in the center of
the Analog Shield by the user. To enable
the use of the breadboard, many active
components of the power supplies and
converters were placed on the bottom
side of the shield, but some top side com-
ponents must be covered by the bread-
board. A manually adjustable power
supply was also included in order to fa-
cilitate compact circuit construction as
many circuits need voltages other than
the +5 V and +3.3V available on the Ar-
duino UNO platform.

. Technology by
P TEXAS ° o
INSTRUMENTS

Figure 2.2: Analog Shield as viewed
from the top, without included breadboard
(above) and with breadboard installed (be-

low).
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Since many signals are centered around OV (ground), measurement circuits often
are most naturally implemented with both positive and negative supply voltages.
This need typically presents circuit designers with a challenge. They can use an
external supply to provide positive and negative voltages or design their circuit for
single-supply operation using the UNOs built-in +5 or +3.3V supply voltages. Such
single-supply design generally results in increased circuit complexity, and requires
additional capacitors and bias resistors to offset an AC signal to the UNOs input
range between zero and five volts. This also often necessitates constructing a virtual
ground system which requires placing an extra operational amplifier and several more
resistors and capacitors on the board. In a portable system, the large through-hole
components commonly used by students and makers would mean that the single-rail
power supply alone occupies most of the room on the included breadboard. This

would severely limit the utility of the system.

To address this, two bipolar power supplies are included on the shield. The first is
a fixed £5 V supply and the second is an adjustable +7.5 V supply. An important
design choice made when developing the power supply was the user interface, so the
final design uses a single-board-mounted potentiometer to set the voltage of both
the positive and negative supply rails. Digital control of the supply voltage was
considered, and did offer some advantages. Perhaps surprisingly, digital control would
have been lower cost than adding a physical potentiometer to the board. While it
would have allowed user-written software that sequenced or modulated the output
voltage at low frequencies, a digital interface has significant downsides. Firstly, it
increases complexity in managing power up and power down of circuits. Secondly,
digital control would have reduced the discoverability of the supply interface itself,
as there would have been no obvious way to adjust the supply without downloading
software and uploading a program to an Arduino. Finally, it would mean that the
power supply had software performance cost and the support library for the board
would have to be invoked for every circuit using the board, not merely circuits using
the ADC and DAC on the shield.
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Another factor influencing the design of the power supply was compatibility with the
Analog Shield ADC and DAC. The nominal input voltage range of these devices is
+5 V. To ensure ease of building circuits that can use the full dynamic range of these
inputs and outputs, the power supply was designed with a maximum output range
of £7.5 V. This extra capacity allows for a wide variety of components to be used,
including older low-cost (non rail-to-rail) operational amplifiers with a large difference

between their supply and output voltage ranges.

The core component of the supply is a TPS61093 (Texas Instruments, Dallas TX)
switch-mode converter. As designed, the system offers overcurrent protection at
300mA. Because the applications envisioned are primarily interface and sensing cir-
cuits, a maximum supply current of a few hundred milliamps is sufficient. Unlike
a typical benchtop power supply, there is no constant-current limiting. Instead, the
device uses a self-resetting polyfuse to disconnect the output from the input in case
of an overcurrent event, shutting off power to the load. To reset the system, the user
removes and reapplies power to the device. This can potentially lead to user con-
fusion but protects a student from destroying what is potentially the only variable
power supply available to them. While a constant-current mode might be considered
for a future revision, it would have required several additional components. These
include a relatively costly current set potentiometer, a current limit indicator, the cur-
rent control circuity and more complicated explanatory graphics. This would have
driven up cost and board area without substantially improving user experience. Thus,

current-limiting functionality was omitted from the design.

Experience in teaching courses using the Analog Shield has shown that the power
supply has been trouble free and has not been a source of student confusion, providing

evidence that the choice of a simple design was successful.
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2.4 Analog Shield ADC and DAC Hardware

For the Analog Shield ADC and DAC,
the decision was made to use a min-
imally integrated solution. There are
numerous and popular single-chip solu-
tions, called CODECs. These ICs handle

conversion to and from the digital do-
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main. For the Analog Shield, there are
several advantages to avoiding an inte-
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supplies.

ter One, CODECs typically contain in-
put and output 20 Hz high-pass filters,
making them unsuitable for biomedical

applications envisioned for the system.

Thus, the Analog Shield was designed with discrete ADC and DAC devices. Simple
op-amp buffers were added for circuit protection and to allow support for a wide
range of input impedances and output loads. This non-integrated design also allowed
for simplified circuit schematics to be printed on the bottom of the board, providing
the user with information on the behavior and design of the system without the need
for a manual. Figure 2.3 shows a detailed view of the art silkscreened on the bottom
of the Analog Shield. It shows a high-level diagram the ADC, DAC, input signal

conditioning circuitry, and power supply interfaces.

The ADC used in the Analog Shield is a four-channel successive approximation (SAR)
converter, part number ADS8343 (Analog Devices Inc, Norwood MA). It has a serial

peripheral interface (SPI), one analog-to-digital conversion circuit and a four-channel
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multiplexer. The converter is specified as having a 16-bit resolution with a maximum
sample rate of 100 ks/s (given a sufficiently fast microprocessor to sample). It can be
configured as either a two-channel differential or four-channel single-ended converter
which samples inputs successively, as shown in Figure 2.4. If all four channels are
in use, each individual channel can be sampled at 25 ks/s. With a single channel in
use it can be sampled at the full 100 ks/s rate. At higher input frequencies (over
10 kHz) a 90 dB spur free dynamic range (SFDR) limits the ENOB to 14.7 bits,
decreasing further as frequency increases, resulting in an overall specified ENOB of
13.6 bits [31]. When used directly with the Arduino Uno platform, the ADC has been
observed to have a maximum sample rate of only 70 ks/s, when acquiring a burst of
samples. This is due to the performance limitations of the Arduino itself. When used
with a higher performance processor such as the DSP Shield or the ChipKit Uno32
(Digilent, Pullman WA), the maximum 100 ks/s sample rate has been demonstrated.

The DAC used in the Analog Shield is

CHO

a four-channel string DAC type device, . /\{
part number DAC8564 (Texas Instru- g, ! ECHSGM w1
ments, Dallas TX). As with the ADC, cns \ EGa”QSW“”‘
the DAC has four channels and a nom- _i
inal sixteen-bit resolution. It has a set- <{
tling time of 10 us, providing a 100 ks/s A

COM

sample rate, which matches the perfor- AT
Single / Differential

mance of the ADC. Like the ADC, the Select Switch

DAC is also a serial device, sharing the Figure 2.4: High-level ADC diagram

SPI communication bus. As with the depicting channel multiplexer and selec-

ADG, the choice of a simple part means tion between differential and single ended
that there is minimal configuration nec- o (after Burr-Brown, 2003).

essary.

The choice of the SPI bus for both devices was a measured one. Higher bandwidth
could have been achieved using another bus, such as the high-speed 128 standard, but

less commonly-used standards would limit device compatibility with microcontrollers
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commonly used by students and experimenters. Choosing SPI devices represented a
balance between speed, pin count, simplicity of implementation, and popularity of

support across platforms.

The hardware choices made in designing the Analog Shield reflect the design phi-
losophy and goals of the ASPEN system. The straightforward design contributes
significantly to the overall goal of building a system that a student can understand
and extend as needed. It also ensures that the system can continue to be maintained
by the community with minimal modification even if a specific component reaches

the end of its production life.

2.5 Characterization of the Analog Shield

To validate the functionality and performance of the Analog Shield, it was tested as

an entire system to validate the functionality of the Analog Shield as designed.

In the process of developing and testing the Analog Shield, four revisions were created,
with the final released version named “Rev. D.” Seen at the left of Figure 2.5, the
initial version of the Analog shield was a highly-optimized design from an aesthetic
and user interface perspective. It contained no integrated circuits on the top side of
the board, leaving that area entirely clear for placement of the included breadboard,

as discussed in Section 2.3.

Unfortunately, initial testing of the first revision of the Analog Shield revealed a large
amount of noise. This was the result of several design issues, including interference
from the stacked Arduino Uno but primarily from proximity of the ADC and DAC
to the onboard switched-mode power supply. The noise was present with the shield
stacked, but was still substantial with the shield remotely connected with extended
wires and RF shielding. With a DC input, the ADC count varied by more than 50 mV,
meaning the effective number of bits (ENOB) was less than 7.1, as shown in Figure

2.6. The noise floor was only improved to 7.9 bits with the Uno separated from the
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Figure 2.5: Comparison of Analog Shield, first (left) and final (right) revisions, top
side of boards above, bottom side of boards below.
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shield by extended wires. This is far worse than the performance of the 10-bit rated
performance of the ADC built into the Arduino Uno - rendering this version of the
Analog Shield effectively useless. Given the demonstrably poor performance ceiling

of the ADC, a detailed evaluation of this version of the shield was not performed.

To address this prob-

lem a design com- - - - - : .

promise was made. ’

While keeping costs : j:

reasonable as well . : : ) ; .
200 400 600 800 1000 1200

samples (Enob =9.4411)

milliVolts

as maintaining the
general desired form
factor,

a_ slightly Figure 2.6: Plot of data sampled by ADC of the first revision of
more expensive and

the Analog Shield, with a grounded input.

complex four-layer

board design was chosen. Components were moved to the top side of the board,
as can be seen at the right-hand side of Figure 2.5. This allows the ground and power
planes within the board to shield the converters from noise. The design also features
increased spacing between the converts and power supplies to reduce signal coupling.
The components in the “clear” area on top of the board are low profile, and uniform in
height. Even with these design compromises, a solderless breadboard can be adhered
on top of the components using foam-backed double-sided tape, albeit with a slight
tilt. A secondary result of this redesign was that the silkscreen information describing
the inputs and outputs of the shield was moved to the bottom of the board. While

these graphics are smaller than the original version, they have the advantage of being

visible to the user even after the breadboard is permanently attached.

To evaluate the performance of the Analog Shield, the ADC and DAC were each
tested. This procedure was more detailed than the testing performed on the initial
batch of shields. In these tests, the Analog Shield was tested stacked with an Arduino
Uno, to evaluate real-world performance. A SR1+ Audio Analyzer (Stanford Research

Systems, Sunnyvale, CA) was used as both the sinusoidal source used for ADC testing
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unsigned int vect_in[LEN] = {0};
void setup() {
initialize():
Serial.begin(115200);
while (!Serial.available() || (Serial.available() == &5 Serial.read() '= '1l"))
{}:
while (Serial.available())

{
Serial.read():

}

}

void initialize()

{
cli(): // Disable global interrupts while we make our changes.
TIMSKO s= ~(1 << TOIEOQ): // Disable Timer 0.
TIMSK2 sz= ~(1 << TCIE2): // Disable Timer 2.
sei(): // Enable global interrupts.

}

veid loop() {
cli():; // UDRE interrupt slows this way down on arduinecl.O
for (int 1 =0 ; i < LEN ; i++) { // save 256 samples
vect_in[i] = analcg.signedRead(0); // put real data into bins
//delayMicroseconds (50);

}

sei();

printHex(vect_in[i]):

while (!Serial.available() || (Serial.available() == 1 &s Serial.read() '= '1l"))

{}:
while (Serial.available())
{

Serial.read():

Figure 2.7: Partial listing of ADC data acquisition program run on Arduino for
Analog Shield Characterization. Some setup and serial printing scripts omitted for
brevity. The entire program is included as Appendix A.
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and FFT analyzer for DAC testing, unless otherwise noted. The SR1+ sine source
has a -112 dB THD+N when used in the 1 kHz configuration used for these tests [32],
making it suitable for characterizing the Analog Shield ADC which has a theoretical
-86 dB SINAD [31].

To evaluate the Analog Shield ADC, a sinusoidal signal with a fixed 1 kHz, 4.5 V
amplitude, 0 V mean signal was input (unterminated) to the ADC under test. For
each test, a Matlab script on a PC requests a frame of sample data from a program
on the Arduino. In response, the Arduino program (depicted in Figure 2.7) disables
interrupts to reduce sample jitter and captures a burst of 801 points of sample data
at the maximum possible rate. For the Analog Shield, this was 63 ks/s and required
no special configuration, verified by sweeping an input signal and measuring the
nyquist frequency. The native Arduino AnalogRead() routine had to be bypassed
with direct register calls to obtain a 36 ks/s rate with the on-board Arduino ADC
(using AnalogRead() directly further limits the rate to 9 ks/s). To prevent interference
from serial transmission, the program transmits the frame to the PC after acquisition

is complete.

The Matlab script windows the received frame using an 801-point Hann window,
transforms it to the frequency domain and stores it in a buffer. The process repeats for
250 frames and the resulting frequency domain signals are averaged. Power spectral
density, SNR, SINAD, SFDR, and more are computed from this data.

For comparison, these tests were run on the Analog Shield and the Arduino Unos on
board ADC. In all cases, the input sinusoid was 1 kHz. Figure 2.8 shows the result of
this comparison. The redesigned shield substantially improves on the performance of
the Arduino Uno, with an SNR of 81 dB as opposed to the 59 dB seen on the Arduino.
This results in a 13.0 bit ENOB, within 0.6 bits of the ADS8343s specified ENOB
of 13.6 bits. It is an improvement over the measured 9.3 bit ENOB of the Arduino.
This 22 dB improvement in SNR is substantial, and a 13-bit ENOB is sufficient for

many biomedical applications, when leveraging oversampling techniques.
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Figure 2.8: Analog Shield ADC Performance characterization, depicting a 1 kHz test
signal input to both the Analog Shield and the Native ADC for an Arduino Uno.
Each signal is an average of 250.

While at first glance a 3.7 bit improvement may seem trivial, it is critical for the
acquisition of biomedical signals as it greatly relaxes the need for DC offset and drift
compensation circuitry in the design of systems such as electrocardiograms, as will

be shown in Chapter Six.

To evaluate the Analog Shield DAC, a stored 512-point, sixteen-bit sinusoid was
output via the Analog Shield DAC. The signal had an amplitude of 4.5 V and a
sample rate of 66 ks/s, producing a 130 Hz sinewave. As with the ADC, the DAC
signal was captured using an SR1 audio analyzer, in high-resolution mode producing
a 3200-point FFT with a span of 1.5 kHz. These results can be seen in Figure 2.9.
The experiment showed an SNR of 79.5 dB for the DAC, a THD of -111.4 dB and a
SINAD of 79.5 dB. This results in an ENOB for the Analog Shield DAC of 12.9 bits.

For the Arduino onboard PWM output, a Direct Digital Synthesis (DDS) routine by
Martin Nawrath of the Academy of Media Arts Cologne [33] was used. This DDS

routine generates a sinusoidal signal using a PWM output with a 31 kHz switching
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Figure 2.9: DAC performance characterization, depicting a generated 100 Hz sine
wave with both the Analog Shield and the native Arduino PWM.

frequency. A robust DDS implementation like the one used here represents a good
standard to compare against, as it uses a much higher switching frequency than the
Arduinos standard AnalogWrite() routine, which uses a 980 Hz PWM frequency [34],
too low for practical signal generation. This bandwidth improvement is not of interest
in this test, however. This approach offered best-case test conditions for the built-in
Arduino PWM output.

Measurements for the Arduino PWM were made using a SR780 (Stanford Research
Systems, Sunnyvale, CA), generating a 801 point FFT with a 1.6 kHz span and with
a SR650 (Stanford Research Systems, Sunnyvale, CA) filter at the input. The SR650
was configured as a 1.6 kHz low-pass filter, with a high-impedance input (1 MS).
The result of these tests showed that the Arduino PWM output has a 44.8 dB SNR,
50.9 dB THD and 43.9 dB SINAD performance. The Analog Shield DAC offered a
35 dB improvement in SNR and 34 dB improvement in SINAD as shown in Figure
2.9. This means that the ENOB of the Analog Shield is 12.9 bits as opposed to the
7.0 bit ENOB using the native PWM output with external filtering.
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Overall, the characterization of the Analog Shield demonstrated that the system sig-
nificantly improves on the capabilities built into the Arduino Uno board. As expected
they do not quite match the theoretical specifications of the converters used on the
board, but the performance is reasonably good. The overall feature set of the system,
coupled with measured performance represents a substantial base of capabilities for
ASPEN as a signal acquisition and generation system. After validation, the open-
source hardware design of the final version of the Analog Shield was made available
commercially by Digilent [35], and has been used in courses at Stanford and elsewhere,
as will be described later. Appendix B contains a bill of materials and schematic for
the Analog Shield.

2.6 DSP Shield

As a part of the ASPEN system, the DSP Shield is designed to address the signal
processing needs outlined in Chapter One - specifically to facilitate embedding and
teaching of signal processing, analog and biomedical electronics. As discussed, a
key part of the designs and interfaces for the project revolve around compatibility
with the Arduino platform and design metaphors, which are familiar to much of
the intended audience. As a part of this mission, the DSP Shield design needed to
both be accessible to new users and powerful enough to serve the needs of advanced
users. The design emphasizes flexibility, ease of use, performance and cost. It can be
used both as a master and slave device, coupled with, or independent of the other
components of ASPEN. Furthermore, the Arduino Shield form factor allows it to
inter-operate with other third-party shields that use the same footprint (and do not
have electrical pin conflicts). Table 2.1 lists some of the most popular and useful
shields that are electrically compatible with the DSP Shield (although drivers have
not necessarily been created for them) [36] [37] [38]. Figure 2.10 shows the DSP

Shield, and highlights some of the components chosen to address these goals.
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Shield Description Pins Used
Analog Shield analog-to-digital prototyping. 2,3,5,6
Arduino Ethernet Shield Wired network commnuications.  10-13
Arduino WiFi Shield Wireless network commnuica- 3,4,9-13

tions.
Arduino Motor Shield Motor driver. 1-13
Arduino USB Host Shield Control specific USB devices 7-13
Gameduino 2 Graphic LCD & touch 2,8,9,11-13
Batsocks TellyMate TV Composite video output. 0,1
Adafruit RGB LCD Shield Character LCD. A4-Ab5
Adafruit 2.8 TFT Touch Shield LCD display with touch screen. 4,813

Table 2.1: A list of some of the most popular Arduino Shields electrically compatible

with the DSP Shield.
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Figure 2.10: Overview of DSP Shield final revision, highlighting the location of some
of the major components.

Some of these peripherals were chosen to enable independent and flexible operation,
including onboard storage, multiplexers, and USB-to-serial converter. Together, they
allow the DSP shield to be used with or without another microcontroller present.
This allows the Arduino to be used as a means of introducing the platform in a user-
friendly way while not limiting the user to the low performance of the Arduino Uno

microcontroller.

To capture and perform non-trivial processing of signals used in DSP, analog elec-
tronics and biomedical applications, the DSP Shield needed to have reasonably high-
performances and high flexibility. This requires a combination of well-chosen inter-

faces, peripherals and a flexible design paradigm.
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2.7 The Components of the DSP Shield System

The DSP Shield is comprised of hundreds of components (bill of materials and
schematics attached as Appendix C.). These can be broken down into some key
subsystems. The core of the DSP Shield is the CPU, which is a TMS320C5517
(C5517) sixteen-bit fixed-point Digital Signal Processor (Texas Instruments, Dallas
TX). Other noteworthy peripherals include an AIC3204 audio CODEC (Texas In-
struments, Dallas TX) for signal acquisition and generation. Also on the board are a
96x 16 pixel monochrome OLED display, GPIO buffers for connecting to the Arduino
interface, a high-speed USB port tied to the DSP core, a serial to USB bridge tied to
a second USB port, a microSD card reader, a real-time clock crystal, and a switching
power supply to provide the various voltages necessary to power the shield. Table 2.1
lists these major components, and they are discussed in more detail in the next few

sections.

2.8 DSP Shield CPU

The C5517 is a fixed-point CPU with a sixteen-bit word size. On the DSP Shield, it
operates at its maximum frequency of 200 MHz and can perform up to 450 million
multiply and accumulate (MAC) operations per second. It also contains 320 kB of

on-chip memory.

Using a dedicated DSP allows for a higher performance level than is achievable with
most conventional microcontrollers for common signal processing applications such
as high-complexity filters. These can require hundreds of MAC operations to be
performed on every sample of data, at tens of kilo-samples per second. Using a
DSP optimized for these computations greatly relaxes the demand for algorithmic
optimization on the part of the end user, key for ASPENs accessibility. While it
does not allow completely careless algorithm implementation, it alleviates the need

to optimize performance on a per-cycle basis. Practical applications have included
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Component

Description

TMC320C5517 DSP

AIC3204

MicroSD Card

Arduino Headers

OLED Display
User Dip Switches
User LEDs
SDRAM
FT2232H

32 kHz crystal

Peripheral Multiplexers

200 MHz sixteen-bit fixed-point DSP.

192 ks/s sixteen-bit sigma-delta stereo audio
CODEC.

8 GB (default) flash memory for storage.

12C GPIO expanders for 5 V Arduino Uno
compatible interface.

96 x 16 pixel monochrome LED display.

4 user input dip switches.

4 indication LEDs.

8 MB of off chip SDRAM.

FTDI USB-to-serial bridge.

real-time clock using 32.768 kHz crystal.
Several 1Cs used to allow the DSP Shield to

be reconfigured to communicate in various
ways.

Table 2.2: List of major DSP Shield components.

43
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1024 point FIR filters processing two channels of data in real-time with a sample rate

of 48 ks/s, without the need for code optimization.

The decision to use a fixed-point CPU as opposed to a similarly performing floating-
point device was driven by development team familiarity, but has provided an op-
portunity to teach fixed-point signal processing concepts (as discussed later). The
Cbh517 satisfied the requirements of the DSP Shield specification, whereas floating-
point DSPs considered were more expensive and consumed more power. The slight
disadvantage to choosing a fixed-point device is that it makes algorithm development
more difficult for new users, who have to be cognizant of limitations to fixed-point
processing. This does, however, provide a teaching opportunity as will be discussed

in Chapter Five.

The CH517 contains several integrated peripheral interfaces, including the popular
12C, 12S and SPI buses. Used to connect to the peripherals included on the DSP
Shield, these interfaces can also be connected to an Arduino by reconfiguring the on-
board multiplexers. Extending these buses to the standard location on the Arduino
headers allows a wide variety of shields and peripherals to directly interface with the
DSP Shield.

Additionally, the C5517 supports external SDRAM, a USB interface, a real-time clock,
an FFT accelerator and other peripherals. Importantly, the C5517 can access most
of these peripherals through an integrated direct memory access (DMA) controller.
This means that they can be operated asynchronously without the DSP core waiting
for data transfer or sampling operations. This ability to acquire data asynchronously

further increases the available performance of the DSP for signal processing tasks.

The C5517 DSP has the right set of peripherals, interfaces, performance and features
to enable the DSP Shield design to meet the requirements set out for the project.
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2.9 Audio CODEC

At a glance, the most noticeable components on the DSP Shield are arguably the
3.5mm “headphone” jacks. These are inputs and outputs to the on-board AIC3204
audio CODEC. This device functions much like the sound card on a desktop computer,
allowing for “CD quality” (44.1 ks/s, sixteen-bit) recording and playback of audio
files, with higher rates - up to 32-bit sampling at up to 192 ks/s [39]. The CODEC
is connected via a combination of an I12C port for control signals and a high-speed
12S port for audio data. This data is streamed to the C5517s DMA controller which

allows it to be asynchronously processed as buffered blocks.

In addition to streaming raw data, the AIC3204 has a selectable 25-coefficient finite
impulse response (FIR) or 10th order infinite impulse response (IIR) filter at both
the inputs and outputs [40]. These filters operate independently from the C5517
core, and require no CPU operations while in use. For the ADC, the samples pass
through the filters before being sent to the DSP, as depicted in Figure 2.11. Similarly,
before being sent to the DAC, the samples pass through the output filters after they
are received from the CPU. Although they are relatively low complexity filters, their
implementation would otherwise be directly computed on the DSP, freeing cycles for

other tasks.

The AIC 3204 also contains digitally-gain-controlled input and output amplifiers, as
well as power-up anti-pop protection. The analog input to the CODEC is protected
by a 20 Hz to 20 kHz bandpass filter, which makes it unsuitable for biomedical

applications, but well suited to audio and many classic DSP education applications.

The ADC and DAC are Sigma-Delta type [39] converters. These converters provide
high fidelity by using noise shaping, which results in very low noise levels in the
frequency band of the device. The tradeoff is that noise increases out-of-band (as
much as 50 dB), as depicted in Figure 2.12. Since physical speakers cannot produce
these high-frequency components, they act as nearly ideal reconstruction filters and

produce high quality, low distortion outputs.
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Figure 2.11: AIC3204 configurable FIR (top) and IIR (bottom) hardware filter block
at the ADC, for one of two channels. A similar set of reconstruction filters exists at
the output to the DAC before the Sigma-Delta node (after Texas-Instruments, 2012).

Unfortunately, this significant out-of-
band noise is visible when observed on
a wide bandwidth device such as an os-
cilloscope, which can reproduce it faith-
fully. This appears as broad-band noise
enveloped around the output signal - as
much as 100 mV on the DSP shield.
This noise can be seen in Figure 2.13,
measured at the headphone output of
the DSP Shield using a Tektronix 2440
oscilloscope (Tektronix, Beaverton OR).
With high level (>1V k) signals, this
is not a significant problem, but the
AIC3204 can interface with signals much
smaller than 100 mV, which would be
lost in the noise floor when observed us-

ing a test instrument.
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Figure 2.12: Characteristic spectrum of
sigma-delta converter, as found in the
ACI3204. This noise shaped signal has a
low noise floor below 20 kHz but the noise
level rises at higher frequencies. This is
addressed by using an output reconstruc-
tion filter which attenuates high-frequency
components outside the band of interest,
in this case 20-20,000 Hz.
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Figure 2.13: Unfiltered output with 100 mV noise envelope.

Although the detailed operation of sigma-delta type converters are a topic generally
covered separately a more advanced signal processing or electronics design courses,
the use of such a converter provides a teaching opportunity. With ASPEN, a signal
output from the DSP Shield CODEC can be compared to the low noise output of the
string-DAC on the Analog Shield.

To mitigate the out-of-band noise problem, secondary DAC outputs are fed through
a simple low-pass RC filter with a cutoff frequency of 100 kHz to an “oscilloscope
output,” a set of three 0.1” spaced header pins. This does not attenuate signals
at the full 96 kHz bandwidth of the device, but is low enough to reduce the noise
produced by the noise shaping characteristic of the CODEC. The result is an im-
provement in out-of-band noise from approximately 100 mV .k seen in Figure 2.13
to approximately 15 mV k. Figure 2.14 shows a comparison of the two outputs,
with a 12 dBm reduction in peak out-of-band noise, as expected. This was measured
using an HP89410A (Keysight Technologies, Santa Rosa CA) spectrum analyzer. In
future builds of the board, these values may be changed to a lower cutoff frequency

to trade bandwidth for noise.

As the secondary output provides the benefit of standard 0.1” spaced pin headers, a

user can simply hook an oscilloscope probe onto them. This simplifies connections
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to outside systems - alleviating the need for an adapter or breakout board from

headphone jack outputs.

There are limitations to the AIC3204 that prevent it from being the sole ADC/DAC
in ASPEN. As described earlier, the 20 Hz high-pass filter at the inputs and outputs
makes the AIC3204 unsuitable for some biomedical applications. Additionally, it uses
a buffered block processing approach, which is more complicated than a simple direct
sample request model. The Analog Shield compliments these capabilities with DC-
coupled input and output that can be used with the DSP Shield to address all the
needs of the project.

2.10 Other DSP Shield Peripherals

As previously mentioned, in addition to the audio CODEC, the DSP Shield includes
a number of on-board peripherals which facilitate its flexibility and usefulness. The
key peripherals include a USB-to-serial bridge, a number of multiplexers, two General
Purpose Input / Output (GPIO) expanders, an OLED display, MicroSD card socket,
SDRAM, and a high-speed USB Port.

The DSP Shield contains a dual-port serial interface. Using multiplexers, the Univer-
sal Asynchronous Receiver Transmitter (UART), a serial communication port, can be
selectively connected in several ways, shown in Figure 2.15. It can be connected to the
pins on the Arduino header designated for serial communication, or to an on-board
FTDI FT2232H USB-to-serial converter (Future Technology Devices International
Limited, Glasgow, UK). When connected to the FTDI device, the DSP shield can
directly communicate with a host PC over USB without the need for additional hard-
ware. When stacked with an Arduino, the DSP shield shares a USB connection to
the PC. Additionally, the multiplexers enable the transmit and receive lines to be
cross-connected, allowing the DSP shield to communicate directly with the stacked
Arduino via serial (in addition to the SPI and 12C paths discussed earlier).
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Figure 2.14: Comparison of headphone (top) and oscilloscope (bottom) outputs,
showing the effect of the simple 15* order low-pass reconstruction filter on the output
spectrum of the DSP Shield.
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Several other multiplexers were included
on the DSP Shield to enable multi-mode
operation of the system. Two of the mul-
tiplexers enable the selective connection
of the DSP Shield 12C and SPI buses.
These buses can be connected solely to
the peripherals on the DSP Shield or ex-
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Figure 2.15: Serial mux configuration.

tended to the external Arduino shield headers on pins ten through seventeen.

Additional multiplexers enable the reset lines of the DSP Shield and Arduino to be

controlled by toggling the 'RTS’ line on the USB serial port. The makes it possible

to have a shared reset signal for both boards as well as enabling the reset line of the

Arduino to be controlled independently by the DSP Shield as shown in Figure 2.16.

After a reset, the reset multiplexers are
used by the bootloader software to en-
able the DSP Shield to be programmed
independently of an attached Arduino
using the same serial line. In normal
operation, they enable the DSP Shield
to reset in synchrony with the Arduino.
Together with the serial multiplexers
described above, they enable the DSP
Shield to be programmed by the user
while stacked with an Arduino UNO or
used as an independent system. This
functionality is described in more detail

in the software section in Chapter Three.

Another key subsystem is the 12C con-
nected GPIO expanders. These two
TCA6416A (Texas Instruments, Dallas,

C5535 DSP GPIO Pin |

—{ 5535 DSP GPIO Pin |

USB to Serial -
o5 rvee —»| C5535 DSP Reset Pin |
DSP Shield_ | __ Ardunino Shield Header Interface
Arduino
USB to Serial P Atmega 328P
ﬁSB Bridge Reset Pin

Figure 2.16: DSP Shield to Arduino UNO
reset control multiplexing scheme. These
multiplexers enable the DSP Shield to use
a GPIO pin to keep the Arduino in re-
set during an upload of user software to
the DSP Shield, preventing bus contention.
Once complete, they reconfigure the reset
line so the Arduino and DSP Shield can be

reset by the same signal.
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TX) devices are connected to the software bus and provide a total of thirty-two gen-
eral purpose I/O (GPIO) lines [41]. Ten lines are connected directly to the Arduino
headers and provide connections for the DSP shield interface with Arduino Shields,
including the Analog Shield. The remaining ports are used to control the previously-
described multiplexers, interface with the onboard user switches and LEDs, or connect

to the DSP expansion header.

The DSP Shield includes an OLED display, an OSD9616 (OSD Displays, Orlando,
FL). Shown in Figure 2.17, this 96x16 pixel monochrome display is also connected
to the I12C bus on the shield. It is normally connected only to the DSP Shield, but
can also be connected to a stacked Arduino when the 12C buses are joined by the
multiplexer subsystem. With a relatively low resolution and a full screen update rate
of about 3 frames per second, it is slow but sufficient to display user data and can

even be used to display the spectrum of a signal being processed in real-time.

Adjacent to the OLED are four DIP-
switches use as inputs in user code. To
the left of the user switches are three
LED indicators connected to the GPIO
expanders. Due to the overhead imposed
by the 12C serial datapath of the ex-

1 th
panders, these LEDs can take 75 of a Figure 2.17: DSP Shield OLED display,
millisecond to switch, which can be a | qor DIP switches, and user LEDs.

limitation in time sensitive interrupt rou-

tines.

There is a fourth LED labeled “XF.” This LED is directly connected to the DSP
shield C5517 core and can be accessed at high-speed with a single register write,
making it a useful debugging tool. Additionally, because this LED does not require
configuration of the GPIO expanders, it is used during the boot load sequence to
provide a “heartbeat” signal, blinking as data is uploaded to indicate to users that

data is being transferred.
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As discussed in Chapter One, a design goal for the DSP Shield was the ability to
store long signals and large data sets, as well as to have non-volatile program storage
for embedded applications. Many DSP evaluation systems contain little or no non-

volatile storage, requiring that the user re-upload code at each power-up.

Since the C5517 is similar to most DSPs in that it does not have on chip non-volatile
storage, an 8 GB microSD card, such as those found in commodity smart phones
and cameras, included with the DSP Shield. These cards retail for less than seven
dollars today [42] and provide many times the capacity of common non-volatile storage
ICs. This is the approach used in the successful Raspberry Pi platform to store the
full Linux operating system. Additionally, the choice of an SD card as the primary
storage system for the DSP Shield allows the user to easily insert the card into a PC to
correct a corrupted upload, offload data generated by a program, or add large amounts
of data for a DSP Shield user program to manipulate. The DSP Shield, “Shield
Mode Application” discussed in a later chapter takes advantage of this capability.
Addressing the need for moderately fast, high capacity non-volatile storage that is
treated as an integral part of the platform is one of the key improvements that the

DSP Shield provides to the teaching environment.

In addition to non-volatile flash storage, the DSP Shield also contains an 8 MB
SDRAM component. This dramatically increases the available working memory of the
system over the 320 kB of on-chip RAM, allowing for larger buffering and processing
blocks. RAM supplements the capability of the SD card. Even fast SD cards are
not quick enough to be used in some real-time signal processing applications. This
is especially true when rapid and repeated manipulation of large amounts of data is

necessary.
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The final peripheral discussed here is a second USB 2.0 port connected directly to the
CPU core. Separate from the USB-to-serial bridge, this high-speed port can enable
the DSP Shield to be used as a high-speed device. It has sufficient bandwidth to
enable the shield to enable applications such as a USB sound card for a host PC.
The port has been shown to work with the hardware as a proof of concept, but full

software support has not yet been fully developed for the DSP Shield.

The suite of peripherals selected for the DSP Shield enable it to fulfill a multitude
of tasks. It can be used both for digital signal processing as both a teaching and
development device, with capabilities not found together elsewhere. Simultaneously,
the design allows it to work in concert with a host microcontroller as a peripheral,
without compromise - this can be better seen in the “Shield App” discussed in Chapter
Three.

2.11 DSP Shield Revisions

In the course of developing the DSP Shield, three hardware revisions were created,
shown in Figure 2.18. The first revision of the DSP Shield (Figure 2.18, left) was de-
veloped during the summer of 2012. It was based around a C5517 core, and had most
of the peripherals that the current revision contains, but lacked some of the design
refinements that will be discussed below. Most critically, at that time, the C5517 DSP
was not yet in mass production, and was provided as engineering samples by Texas
Instruments. At the time, this seemed to be a small risk as the components were
slated to go into full-scale production later that year. Unfortunately, in the late fall
of 2012, Texas Instruments customer needs changed and the company elected to not
put the chip into full-scale production immediately. This proved a significant hurdle
to moving forward. As some of the software and the overall hardware architecture
had been developed, it was decided to move forward with a second revision of the
DSP Shield, using the already available TMS320C5535 part (C5535).
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Figure 2.18: The three versions of the DSP Shield, from left to right C5517 v1, C5535,
C5H517 v2.

The C5535 revision of the DSP shield (Figure 2.18, center) contains several improve-
ments to the original design. The board layout was modified to improve user friend-
liness, placing the SD Card on the top of the board. The spacing between input and

output 3.5mm jacks was increased, and the corners of the board were rounded.
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Additionally, the power supply was redesigned to remove a failure condition wherein a
user could brush a finger across it, creating an electrical path (10 k2 or more) causing
it to permanently enter a latching condition. After this event, the supply would heat
up, and draw more than 300 mA of current, even after being power cycled, although
the DSP Shield would otherwise continue to function. This represented an increase

in power draw on the order of ten times.

Unfortunately, the C5535 variant had several drawbacks when compared to the C5517
core. Most notable was the lack of a slave mode for the SPI bus, meaning that the
DSP Shield could only act as a client to an Arduino via a complicated software
workaround. Another key feature lost in the transition was the lack of an SDRAM
port, meaning that the DSP Shield was limited to 320 kB of working memory. Finally,
the C5535 had a maximum clock frequency of 100 MHz as opposed to the 200 MHz
frequency of the C5517.

By 2015, Texas Instruments had changed plans again, and released the C5517 part
to production. With superior hardware available, the task of revising the design for
the C5517 was deemed reasonable. A third board was designed, using the C5517 part
Figure 2.18, right), completed in February of 2016. This final revision of the DSP
Shield took advantage of the experience gained in using the previous two revisions
of the board, adding a few additional refinements, such as larger user-friendly dip

switches and the oscilloscope output for the audio CODEC.

While development of three revisions of the DSP Shield was a suboptimal path, it
provided an opportunity to produce a much-refined system that better serves the

needs of the end users.
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2.12 Conclusion

The Analog Shield and the DSP Shield together represent the core hardware developed
to drastically improve the teaching of signal processing at all skill levels and enable
the teaching of electronics laboratory courses and biomedical instrumentation outside
of traditional lab environments. Through careful design and several design iterations,
these flexible devices can be used in a wide variety of applications and are novel

solutions to existing problems.



Chapter 3

Software

3.1 Design Approach

As discussed in the first two chapters, the key insight that drove the development of
ASPEN was that the Arduino hardware and software interfaces could be extended
to mixed-signal, DSP, and biomedical electronics. A well-designed system with the
right level of abstraction can provide complex functionality while remaining intuitive

and accessible to new users.

As a whole, careful software design is absolutely critical to the success of any system
with a software component. Identifying the needs, expectations, and capabilities of
the end user allows a software system to be developed that can drastically improve
the utility of the overall system. As computational power has improved and costs
decreased, developers have allotted increasing amounts of computational resources to
human factors of software design. A good system design takes into account users time
spent configuring and operating the final system and makes a measured trade between
raw performance and development complexity. As discussed in Chapter One, the shift
towards more user-friendly programming environments has only recently reached the

field of microcontrollers and has not yet penetrated the digital signal processing space.

o7
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As with the hardware, the software component of the ASPEN system was designed
with user experience in mind. Various groups of users, from the high school to the
graduate level were considered. As a result, the design of the software component of
the system balances project development time, complexity and conceptual utility. As
a result the Arduino inspired software suite presented here is less highly abstracted
than some earlier alternatives which will be discussed. It is designed to be less daunt-
ing to new users by leveraging techniques like the choice of sensible “smart” defaults
and the introduction of components in a progressive manner. By designing the sys-
tem to function as independent pieces, as well as a unified whole, the tools allow
users to discover various parts of the system as they gain experience, enabling the
Analog Shield and the DSP Shield to be used either separately or together, as will
be described in more detail below. There are many software components to ASPEN,
including a development environment, drivers, supporting applications and tutorial

examples.

3.2 System Architecture Overview

As discussed, the ASPEN platform is designed to be used in several ways. This is in
order to serve both the needs of various user groups and of individual users as they

gain experience.

The three boards can work in various physical combinations. All three boards are
inter-operable and the software supporting their use is designed to support this. The
driver library for the Analog Shield, described below, supports operation with both
the Arduino and DSP Shield. The DSP Shield software systems enable it to function
in a variety of ways. In one mode, it can be used with simplified capabilities as a client
device controlled by an Arduino. In another mode, it can serve as a co-processor,
running custom DSP software while communicating with an Arduino. Finally, it can
be used wholly independently, with no Arduino present. In the latter two cases, the

Analog Shield can be used as a signal acquisition and support system, controlled by
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either the Arduino or DSP Shield. Additionally, support for the Analog Shield is
planned for the first mode. The various configurations and supporting software are
described in much greater detail later in this chapter, starting with the DSP Shield

Modes section.

3.3 Analog Shield Software

The Analog Shield software can be divided into two parts, the driver library and
the examples. The driver library contains the code to interface the Analog Shield
ADC and DAC to a microcontroller or DSP. It has been ported to provide the same
interface and compatibility across several microcontroller platforms. Initially devel-
oped to support the 8bit Arduino Uno, it has been extended to the DSP Shield,
the 32-bit PIC microcontroller based ChipKit (Digilent, Pullman, WA) platform
and the ARM based Arduino DUE platform (Arduino AG, Mainz, DE) among oth-
ers. The library also includes a suite of tutorial and explanatory examples which
augment the instruction manual and serve as teaching materials. Because of the
open-source nature of the ASPEN platform, the code (published on GitHub.com at
github.com/wespo/AnalogShield) can be modified by the community to add support

for the Analog Shield to many additional microcontrollers.

3.4 Analog Shield Driver Architecture

The Analog Shield library is designed with a similar interface style to the Arduino
HAL to leverage user familiarity. For example, a user wishing to output an analog
value to one of the GPIO pins on a standard Arduino Uno calls the “analogWrite()”
function as shown on the second line in Figure 3.1. Similarly, to set an output
value with the Analog Shield DAC, the user calls “analog.write()” as shown on the
third line. The ADC input routine is analogous, as shown on the fifth and six lines.

Because of the library design, the only setup required for this functionality is the
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//native Arduino and Analog Shield example DAC ouput calls
analogWrite(pin, value); //native PWM Write

analog.write(channel, value); //Analog Shield DAC write

//native Arduino and Analog Shield example ADC input calls
value = analogRead(pin); //Native ADC Read

value = analog.read(channel); //Analog Shield Read

Figure 3.1: Native Arduino analog interfaces and Analog Shield equivalents for read-
ing and writing samples to the analog domain. The top two lines compare a write
command to the native PWM and the Analog Shield DAC. The final two show read

commands from the native ADC and the Analog Shield.

following include statement: #include “analogShield.h” at the top of the program,

and “analog.begin()” in the setup function.

Additionally, the Analog Shield ADC hardware produces a signed integer output while
the DAC accepts an unsigned input. To address this, the functions in the library
convert ADC output values to unsigned integers. This means that when a value is
produced by measuring an input voltage with the ADC, writing that result directly

to the DAC with an “analog.write()” call will produce the same output voltage.

In addition to basic read and write functionality, support for additional hardware
features has been included in the library as shown in Figure 3.2. One feature is the
simultaneous update capability of the DAC. By calling the “analog.write()” function
with multiple values, the user can load up to four channels of the DAC at the same
time. Additionally, the library supports the ADCs differential input capability, allow-
ing for pairs of converters (0 and 1 or 2 and 3) to be measured as a differential pair.
The ADC can also be called via “analog.signedRead()” to return a signed value, re-
flecting the raw output of the converter, although this value cannot be directly output
to the DAC.
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unsigned int read(int channel, bool mode = false);

int signedRead(int channel, bool mode = false);

void write(int channel, unsigned int value); //a

void write(unsigned int value®, unsigned int valuel, bool smul), //cha

void write(unsigned int value®, unsigned int valuel, unsigned int va‘lue2 bool sunul), //cha

void write(unsigned int value®d, unsigned int valuel, unsigned int value2, unsigned int value3, bool sunul),

Figure 3.2: Additional software interfaces in the Analog Shield library

While the interfaces themselves are not remarkable in their design, this simple ap-
proach was key to the success of the project. Emphasis was placed on ensuring the
system was accessible by emulating the existing (and familiar) Arduino user interface

paradigm and extending it to support additional hardware.

3.5 Analog Shield Examples

Included with the Analog Shield library are several examples. The examples were
developed as teaching tools, but the simplest ones were ultimately included with
the library as demonstrations of the boards functionality, providing a form of self-
documentation. Once the user has installed the Analog Shield library, these examples
appear in a drop-down menu along with the standard examples included with the
Arduino itself, as shown in Figure 3.3. This is standard functionality included with
most Arduino shields, and users who have been introduced to the Arduino platform

are generally familiar with this approach.

With only a few lines of code, these examples demonstrate each of the interfaces
described above, providing simple pass-through functionality as well as a demonstra-
tion of the effects of quantization and sampling rate on an acquired signal. While
the libraries included with many Arduino shields attempt to use their examples as
the sole documentation, a manual was also created for the Analog Shield. This man-
ual covers basics, introduces novice users to the hardware, details the setup process
and shows users how to upload example software for the Analog Shield. The Analog

Shield manual is attached as Appendix Appendix D.
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In addition to these simple examples, a series of more complicated tutorials have
been developed as teaching tools. Inspired by the popular Instructable format but
with a more academic tone. These are distributed separately from the library itself
but include code and appendices. They comprise analog circuits designed to be
constructed using a breadboard, detailed conceptual tutorials, and additional software
to support these circuits, on the Arduino and in some cases, on a supporting PC. The
examples are outlined in more detail in Chapter Four, as some of the basic examples

as well as the longer tutorials are intended to serve as teaching examples.

The Analog Shield library is as important a part of improving the student user expe-

rience and enabling ASPENs analog component as the hardware itself is.

3.6 DSP Shield Software Approach

The effort to use carefully designed software interfaces to make complex systems
approachable played a fundamental role of the design choices made in the development
of hardware and software for the DSP Shield. As discussed in Chapter One, a major
goal in the design of the DSP Shield was to extend the Arduino paradigm to digital

signal processing.

To do this effectively, thoughtful choices in the design of abstractions were required.
Things like initial configurations were to be made automatic but kept adjustable by
using sensible default parameters. At the same time, core intellectual concepts were

not to be abstracted away.

Another aspect influencing the software design was that users are not expected to have
much experience developing software. This means that syntax abstractions must be
made to meet user expectations and match the interfaces of the familiar Arduino
environment. A user should not have to perform arcane tasks such as typecasting an
“int” to a “Uint_16t” to access a user-facing function. This may seem like common

sense, but non-intuitive names and parameters are often found in examples and sample
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code for DSP development systems. This is in contrast to the Arduino environment.
The Arduino HAL is a simple abstraction layer implemented in the C++ language.
It is often mistaken by students for a language in and of itself because it has removed
the need for use of many tedious C++ conventions. This is evidenced by the fact
that a Google search for “is Arduino a language” yields 1.23 million results. One of
the top results is the Arduino frequently asked questions page, which addresses this
question [43]. The success of the Arduino environment has provided a path which
shows that developing code for the DSP Shield platform can be an exercise that a

novice can approach and, with only a few clicks, have code that works.

To address the needs of various groups, the shield is designed to work in several
modes. These modes will be described in more detail in the next section but the
following is a basic progression. Novice users will use the DSP Shield as a signal
processing shield, using a library on the Arduino to control the configuration of a
general purpose signal processing chain running on the DSP Shield. Upon needing
more advanced capabilities, users can “graduate” to a friendly Arduino-like program-
ming environment that enables direct programming of the DSP Shield. Programs
written for the DSP Shield in this environment can be built to work in conjunction
with an Arduino-like microcontroller, but programs can also be developed with no

Arduino present.

The software to support the DSP Shield represents a much larger development effort
than that required for the Analog Shield, and arguably represents the largest time
investment of the entire ASPEN project. The complete software system for the DSP
Shield includes a large number of components, including an integrated development
environment (IDE), a PC bootloader application, dozens of code examples, a library
for companion microcontrollers, communication software for desktop PCs, a HAL, a
signal processing library, and many additional supporting subsystems. As a whole,
the approach facilities user exploration during learning and avoids abstractions that

hide the real sample-based behavior of the underlying system.
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3.7 DSP Shield Modes

The software architecture chosen for the DSP Shield was a consequence of the desired
user paradigm. The earliest proposal for the DSP Shield envisioned a device which
functioned purely as a co-processor for an Arduino Uno, providing novice-friendly
signal processing functionality and allowing the user to specify a set of standardized
signal processing functions to apply to signals. As the design of the system evolved, it
became clear that a much richer tool-set could be developed using the same hardware
if it was sufficiently flexible. Eventually, the system design crystallized into a three
mode paradigm. Figure 3.4 depicts these three modes: shield mode, co-processor

mode, and standalone mode.

The first mode, “shield mode” is much

like the very earliest idea for a DSP zglzlgun‘:s)ﬁ DSP peripheral
Shield that sparked the start of the AS-  [Arduino DSP
Sends fixed SPI [Runs precompiled
PEN project. In this mode the DSP  |commands app to perform fixed
commands
Shield is stacked with an Arduino Uno

or other microcontroller and functions
. . . Co-Processor
as a conventional Arduino Shield. The DSP coprocessor programmed using Arduino style

development environment

“Shield App” is the open-source appli-  [arquino DSP
cation that enables this functionality. —|>ends fxed P! Eﬁgfg?aszrpv;rti;tzrrlocess
Developed using the Energia-DSP envi- signals

ronment (described later) and compiled
before distribution to run on the DSP

Standalone
Independent DSP using the same Arduino style

Shield. development environment
DSP
. . . . Runs user written Energia
This pre-compiled shield app implements app with no Arduino present

a signal processing chain controlled by a

master microcontroller (e.g. the Arduino ~Figure 3.4: DSP Shield operation modes.
Uno) via the SPI bus. Individual blocks
in the signal chain on the DSP Shield can be enabled, disabled, and configured as

requested by the master microcontroller, using a library for the Arduino IDE. In



CHAPTER 3. SOFTWARE 66

this mode, the DSP shield functions much like the block diagram tools discussed in
Chapter One and has the associated limitations. The advantage is that it requires
virtually no effort from the end user to begin manipulating signals, enabling its use
as an introduction for novice users before they begin to develop algorithms for the

DSP Shield itself.

The second mode in which the DSP Shield can function is as a general-purpose co-
processor. In this mode, the DSP Shield is again stacked with an Arduino. It is
in turn programmed with an independently uploaded user created program using
the DSP Shield IDE, Energia-DSP. These programs can use the shields SPI, Serial
and I2C communication interfaces to share data or control signals with the host

microcontroller, which is still programmed via the Arduino IDE.

The third mode is standalone mode. In this mode, the DSP Shield acts as an in-
dependent development system running user written programs without the need for
an Arduino. The user uploads Energia-DSP programs directly to the DSP Shield as

they would with any Arduino style microcontroller.

The relationship between the Analog Shield and the DSP Shield requires explanation.
As there is a driver library for the Analog Shield for both the DSP Shield and the
Arduino Uno, the Analog Shield can be used to some extent in all three modes. In
shield mode, the utility of the Analog Shield is currently somewhat limited, as the
Shield App has no support for the Analog Shield, relying instead only on the AIC3206
codec built onto the DSP Shield. This could be changed in the future, as it is merely a
matter of integrating a block providing support for the Analog Shield driver library to
the existing Shield App. In co-processor mode, the Analog Shield can be used by the
user application on either the DSP Shield or the Arduino Uno with the Analog Shield
library. In standalone mode, the DSP Shield can be used with the Analog Shield
library, just as with a standalone Arduino Uno. Table 3.1 shows the relationship

between the devices in more detail.
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Hardware Present

DSP Shield Mode

Device Controlling
Analog Shield

Detail

Arduino Uno
Analog Shield

Arduino Uno
Analog Shield
DSP Shield

Arduino Uno
Analog Shield
DSP Shield

Arduino Uno
Analog Shield
DSP Shield

Analog Shield
DSP Shield

N/A

Shield Mode

Shield Mode

Co-processor mode

Standalone Mode

Arduino Uno

Arduino Uno

DSP Shield

DSP Shield or
Analog Shield

DSP Shield

User program con-
trols Analog Shield.

User program con-
trols Analog Shield.

No support, future
feature.

Either device can
control Analog
Shield.

User program con-
trols Analog Shield.

Table 3.1: Detail of inter-operation of Arduino Uno, Analog Shield and DSP Shield
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3.8 DSP Shield Mode Application

As discussed in Chapter One, provid-
ing an introduction to real world sig-
nal processing that could be approached
by novices (such as students at the high
school or first year university level) was
a major goal of the project. The “shield

mode” addresses this need.

Because many users of the ASPEN stack
are expected to be novices interested in
access to DSP functionality without the
skill set to immediately begin developing
DSP applications or code, pre-compiled

applications can be installed on the DSP

#include <SPI.h>
#include <mailbox.h>
#include <DSPShield.h>

void setup() {
initialize

DSPShield.init();

start shield audio loopback

DSPShield.startLoopback () ;
load a 201 coeff 3kHz LPF
D5PShield.setFIRFilter (CHAN_BOTH, LOW_PASS, 201, 3000);
}

void loop() {}

Figure 3.5: Example shield mode applica-

tion library call.

Shield and interfaced to the Arduino (or other compatible microcontroller platforms).

These applications can provide DSP tools with only simple configuration commands

on the part of the user.
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To address the needs of these novice I Arduino User Application I
users, a high-level general purpose sig- _+ :
DSP Shield Library

Interface for SP functions of Shield App
veloped. This application - named Shield v
App is at the heart of the “shield mode” DSP Communication Library

described above. It effectively runs as a Arduino ...

DSP Shield y SPI Interface
Arduino Communication Library

nal processing application has been de-

layer on top of the “co processor mode”

and includes pre-developed signal pro- ¥
cessing functionality. Users can control I DSP Shield Application I
the Shield App using an associated li-

brary developed for the Arduino Uno Figure 3.6: Application layers showing

. . functional path to send data from an Ar-
that exposes several major signal pro-

cessing algorithms running on the DSP duino to the Shield App. The message

as single-line function calls. These calls P#%%% from a function call to a predefined

are sent from a library running on a point in an application on the DSP Shield.
stacked Arduino as seen in Figure 3.5.
Each function call is sent by the DSP Shield library via a communication library and

the SPI (Serial Peripheral Interface) connection, as seen in Figure 3.6.

To facilitate this, a bidirectional “mailbox” communication library has been developed
that enables bidirectional control of the SPI bus between the DSP Shield and Arduino.
The library ensures that data is sent without error and provides positive confirmation

of message receipt. This library is described in greater detail below.

The Shield App supports several signal processing operations, including DDS func-
tion generation, Chirp, FIR filtering, IIR filtering, spectrum analysis, control of the
OLED display, and control of the hardware audio CODEC. These are implemented
as blocks in a predefined signal chain, seen in Figure 3.7. Each block is switchable

and configurable via calls to the DSP Shield library on the master Arduino.

The Shield App takes advantage of the unique large storage space provided by the
presence of an SD card on the DSP Shield. One example of this is the inclusion of
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v
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Figure 3.7: Shield Application signal chain block diagram.

tens of thousands of pre-computed digital filters. These filters include high- and low
pass FIR filters in 1 Hz steps from 9 Hz to 20 kHz (slightly wider than the -3 dB
bandwidth of the CODEC) and ranging from 4 to 511 coefficients. This enables a
user to implement a given filter from the Arduino simply by specifying the cutoff
and order desired in a single function call. Additionally, the DSP Shield library can
accept manually uploaded filter coefficients transmitted from the Arduino, allowing

completely custom FIR filters designed by a student to be used as needed.

The same functionality has been implemented for IIR filtering, using an IIR algorithm
described in more detail later. Included on the SD card with the Shield App are
Butterworth, Bessel, Chebyshev, and Elliptical high- and low pass filters of 2" to
14" order in 1 Hz increments from 9 Hz to 20 kHz, although the minimum (low-pass)
and maximum (high-pass) cutoffs are dependent on the order and type of filter. This is
due to numerical effects that appear in higher order filters on fixed-point systems with
cutoffs at small fractions of the sample frequency (1% or less). When the requested
IIR filter is not available, the Shield App loads the nearest value. A future revision of

the software will further clarify this limitation by using a pre-listed enumerated data
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type in the Arduino library for filter cutoffs. This will provide a compiler warning
when non-supported filter cutoffs are called for by the user. Additionally, a future
revision may implement an optional full 32-bit IIR filter signal chain to improve noise

performance at the cost of CPU cycles.

The Shield App can also be configured to periodically return the spectrum of a signal
passed through the DSP Shield. This spectrum can be windowed on the DSP Shield
using an arbitrary window vector or one of several predefined vectors stored within

the shield app on the SD card.

The Shield App also includes a DDS function generator subsystem, which can be used
to generate an arbitrary waveform from a single sampled period. A selection of such
waveforms are stored on the SD card as 8,192 sample long raw PCM data. This gives
the DDS routine a theoretical 80 dB SNR. Frequency can be set from DC to 22 kHz.
This is the Nyquist rate of the system as configured in the Shield App, although
frequencies below 20 Hz will be attenuated by the high pass filter of the DSP Shield
AIC3206 CODEC. New waveforms can also be added to the system by the user, by
changing the files stored on the SD card. The DDS block can be used in conjunction
with full functionality filtering and even as an input to one or both channels of the
predefined signal chain. Included in this functionality is a sine sweep register allow-
ing for linear sweep chirps of arbitrary rates. This enables swept-sine-style network
analysis applications to be developed. This contrasts with the previously described
DDS using the Analog Shield alone, which is limited in bandwidth, cannot change
waveform or frequency at run time, and cannot perform frequency sweeps. Additional
functionality has been developed which allows for amplitude or frequency modulation
of a generated signal, although this has not yet been included in the published version
of the Shield App.

Table 3.2 summarizes the functions and specifications of the initial release of the Shield
App. Continuing development of the Shield App will bring more functionality to
shield mode, and the DSP Shield library is designed to be correspondingly extensible.
The source code for the Shield App has been released publicly and was developed in
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Function

Description

Specification

Loop
back

Input
Gain

DDS

Noise

FIR

IIR

Window

FFT

Reverb

Remove
Voice

OLED
Print

Output
Volume

Audio passthrough.
Gain of input am-
plifier.

Function generator.

Generates random
noise.

Finite Impulse Re-
sponse Filter bank

Infinite Impulse Re-
sponse Filter Bank.

Apply  windowing
function.

Return FFT of ac-
quired samples to
Arduino.

Audio delay line.

Removes signals
present in  both
stereo channels.

Text Display.

Gain of output am-
plifier.

Connects or disconnects the audio input signal from the signal
processing chain.

Pre-amplifier gain for CODEC input from 0 dB to 47.5 dB in
0.5 dB steps.

Plays back a waveform at a set frequency from DC to 22 kHz.
Supports sinusoid, square, triangle, sawtooth, white noise, and
user defined waveforms. Support for chirp and fixed frequency
output. Signal can be mixed with input from audio codec.

White noise signal created using a software random number
generation routine.

Load an FIR filter by either sending coefficients from Arduino
Uno or by loading pre-computed values from SD card. Cutoffs
from 9 Hz to 20 kHz in 1 Hz steps. Order 41-tap to 511-tap,
high pass or low pass.

Load an IIR filter by either sending second-order section co-
efficients from Arduino Uno or loading pre-computed values
from SD-card. Order 2-14. Butterworth, Bessel, Chebyshev,
Elleptical types. Cutoffs from 9 Hz to 20 kHz in 1 Hz steps,
high pass or low pass.

Windowing function is applied to a set number of samples, to
pass to the FFT function. Coefficients can be passed from and
Arduino or loaded from SD Card. Pre-computed filters are
of Blackman, Hamming, Hann types with length 32 to 1024
points.

Spectrum can be complex or real valued (magnitude). Length
32 to 1024 points.

Creates an echo effect by adding a delayed version of the signal
to itself.

By subtracting the channel A from channel B, common com-
ponents of a stereo signal are removed, creating a mono signal.
As the human voice is centered in most recordings, this has
the effect of voice removal.

Display of characters sent from Arduino UNO

Percentage (0-100%) of full scale system output (line level,
1.4 V), floating-point.

Table 3.2: Summary of functions supported in initial release of Shield App, detailing
functionality shown in Figure 3.7.



CHAPTER 3. SOFTWARE

73

Energia-DSP, to encourage contribution to the project by the community. It serves

as a set of training wheels to introduce signal processing to students who are not

ready to program the full DSP Shield on their own. These students will benefit from

quick success in manipulating signals, which can encourage them to take further steps,

facilitated by hardware that they already have and are familiar with.

3.9 DSP Shield Mailbox Library

The mailbox library was developed in
conjunction with the Shield App in order
to facilitate communication between the
DSP Shield and a host Arduino. By ab-
stracting the process of sending data be-
tween the DSP Shield and the Arduino,
the Mailbox library serves as a tool to
facilitate use of the co-processor mode of
the DSP Shield, as well as providing key
infrastructure for the development of the
Shield App. As with the Shield App it-
self, the mailbox library is in fact two
pieces of software, a communications li-
brary on the host Arduino and one on
the DSP Shield.

The mailbox library works using the SPI
interface and a GPIO pin on both de-
vices, with the DSP Shield acting as the

®0e MailboxCallResponse_Arduino | Arduino 1.6.12

message[0] = val;
shieldvailbox. transmit(message, 1); //send a byte

Teensy 3.6, Serial, 180 MHz, US English on /dev/cu.usbmodem2404151

Figure 3.8: Mailbox library example, a
program which sends a message to the DSP
Shield and prints the response received via

the serial port.

SPI master device. When the Arduino needs to send data to the DSP Shield, a call is
made to the transmit function, and the Arduino uses a GPIO pin as a flag to indicate
that service is needed. The DSP Shield then reads the data from the Arduino. When
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the DSP Shield needs to send data to the Arduino, it initiates a “transmit” call as
well. In this case, the DSP Shield asserts the slave select GPIO pin and the Arduino
executes an interrupt, calling a preset handler function to process the received mes-

sage. An example function call from the Arduino can be seen on line 31 in Figure
3.8.

As with many parts of the DSP Shield, the Mailbox library represents a small im-
provement in the user experience for deploying DSP as a tool in student and hobbyist
facing embedded environments, but it is a key part of making these systems more

approachable to novice users.

3.10 DSP Shield IDE

A hurdle in the transition from teaching signal processing theory using a simulated
environment such as Matlab to DSP is the usability of the programming environment
itself. This problem has been approached in the past with high-level block diagram
type solutions such as Simulink. These tools can be modified to directly generate C
code for a DSP and upload to a development board [44]. This has the advantage of
removing frustrations revolving around implementation details, but it abstracts away
many important real-world design challenges, such as block processing and handling
of frame edges, which are critical problems when developing real-time, continuous

signal processing applications.

The most popular approach to teaching signal processing education uses PC based
software tools (such as Matlab) to prototype an algorithm and then asks students
to develop their algorithm a second time in the embedded environment. The DSP
Shield can be used with this approach, but simplifies the process of implementing an
algorithm on the DSP. Because of the ease of development on the DSP Shield, it is
often possible to skip the simulation step entirely, and simply begin development of

code directly in the embedded environment.
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The improved development environment for the DSP shield is called Energia-DSP. It
is a fork of the Energia IDE, itself forked from the Arduino IDE to add support for the
MSP430 microcontroller and other Texas Instruments processors [45]. As discussed
in Chapter One, that IDE is based on work done at the MIT Media Lab for the
Processing programming language, which is an extension of the Java programming
language [46]. There has been discussion of renaming the DSP fork of the Energia
project to clarify the distinction between the core version of Energia and the DSP
fork, but that is a task that has not yet been undertaken. This document will refer
to Energia DSP, but the two should not be confused as their development has gone

in different directions since the start of the project.

The choice of forking the an Arduino related environment instead of developing a new
application or using another existing IDE, such as CCS was driven by the original de-
sign requirements for the ASPEN project. As discussed in Chapter One, the Arduino
environment includes fixtures for accessible built-in examples that can be customized
for each board. Additionally, the familiar Arduino paradigm and interface makes the
system appealing for the large cohort of users already familiar with Arduino. Almost
as important is easy distribution of the system. The simple installation requires the
user to traverse only a few mouse clicks to go from having never used the environ-
ment to successfully uploading a program to the DSP Shield. This is in stark contrast
to existing environments (also discussed in Chapter One), which can take hours to

install, and hours more to configure to the point where an example is functional.

Because Energia is related to the Arduino environment, it offers the same usability
and familiarity benefits. At the outset of the project Energia was chosen because
its use presented a simpler development path than a direct fork of the Arduino IDE.
Additionally, the possibility of merging the new features and support back into the

Energia IDE; already targeted at Texas Instruments microcontrollers, was promising.

As with the Arduino IDE, Energia DSP includes an abstracted C++ HAL Application
Programming Interface (API), which gives development of applications for the DSP

Shield similar syntax to Arduino applications and the Processing language.
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The Energia-DSP environment provides
[ ] [ ] sketch_dec03a | Energia C5000-0.2d

an extremely straightforward user inter-

sketch_dec03a

face. On launch, the user is presented \otd s>
{ , .

/7 put your setup code here, to run once:

with a simple text editor that includes N

void loop()

the framework of a working program, as

/7 put your main code here, to run repeatedly:

shown in Figure 3.9. The user selects the ’

platform they are targeting from a drop-
down menu, usually one of the variants of
the DSP Shield. When the user is ready
to test their code, they simply click an
arrow shaped upload button in the up-
per left corner to upload it to the DSP
Shield.

DSPShield V2 (5517) - Standalone Mode on /dev/tty.usbserial-000013FAB

Once a user clicks the upload button,

Energia-DSP gathers the libraries and

support files invoked by the user script Figure 3.9: New Energia sketch, as seen by
and by the board selected from the drop- a user at program launch.

down, compiles, and links the files. A

copy of the generated binary is saved to the users script directory, allowing for distri-
bution or backup. Finally, Energia-DSP uses the built-in “Pydude” serial uploader
program store the user binary to the DSP Shield.

To support the various user modes of the DSP Shield, Energia-DSP provides a sep-
arate listing for each version of the DSP Shield in shield and standalone modes. Se-
lecting the mode determines how the binary created by Energia-DSP configures the
multiplexers for the Arduino interfaces on the DSP Shield at startup. This provides
a straightforward means for the user to configure their shield and switch program
modes. In shield or co-processor mode, Energia-DSP can be used in parallel with the
Arduino IDE and upload code to the DSP Shield through the same USB connection
used by the Arduino Uno with which it is stacked. In standalone mode, DSP Shield
binaries are uploaded through the DSP Shields onboard serial port.
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Device Platform Compiler Support for OS

Arduino Uno Windows Pre-existing
Arduino Uno Mac Pre-existing
Arduino Uno Linux Pre-existing
DSP-Shield ~ Windows Pre-existing
DSP-Shield  Mac New for ASPEN project

DSP-Shield  Linux Pre-existing, IDE beta

Table 3.3: OS platforms supported by ASPEN project. The Linux build of Energia-
DSP is considered beta due to the limited number of test users.

One challenge in developing Energia-DSP, was the requirement that the DSP Shield
be compatible across the three major personal computing platforms, Windows, Linux
and Mac OS. At the time C55x compilers were only available as a part of the Code
Composer Studio release for Windows and Linux and there was no publicly avail-
able compiler tool-set for Mac OS. Working with Texas Instruments, the team was
able to get the compilers for Windows and Linux released as a separate download.
Additionally, a Mac OS version of the compilers was developed, tested, and released
publicly [47]. This made it possible to release Energia-DSP as a fully cross plat-
form development environment. Table 3.3 shows the supported platforms of the TI

Compilers.

3.11 DSP Shield Co-Processor and Standalone Modes

In both standalone mode and co-processor mode, user programs are developed using
Energia-IDE. From a software perspective, both modes are very similar. This is in

contrast to shield mode, where the DSP Shield behaves as a fixed function signal
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processor and the user sends commands from an attached Arduino.

The behavior of both of these modes

@& Energia File Edit Sketch JRCN Help

could be recreated by a user with an-
other development environment, such as
Code Composer Studio, or even by sim-
ply compiling a binary from the com-
mand line. Doing so, however, would re-
quire that the user manually define the
desired DSP Shield operation mode in
the program, as well as import the li-

braries included with Energia-DSP.

The Energia-DSP IDE, however, has

been specifically built to support both

modes. It compiles programs to auto- Figure 3.10: DSP Shield mode selection
matically configure the multiplexers (de- drop down menu in Energia, showing how
scribed in Chapter Two) for the selected the user switches from Standalone to Co-
mode modes. Figure 3.10 shows how an Processor mode.

Energia-DSP user selects between modes

and models of the DSP Shield using a drop down board selection menu.

Once the user selects a mode for the DSP Shield and uploads changed code, the DSP
Shield will reboot in the new mode. This requires the user to switch USB cables to
the correct device. That is, when the user switches from standalone mode to shield
mode uploads new code, they must then move the USB connection from the DSP
Shield to the Arduino. Conversely, switching from standalone mode to shield mode
will require moving the USB connection from the DSP Shield to the Arduino after

the new program is uploaded. Figure3.11 shows this process in more detail.

Because the IDE handles all the configuration and communication steps for switching
the DSP Shield between standalone and co-processor modes, the user can generally

ignore the presence and application of the multiplexers, and simply develop C++
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Switching the DSP Shield from standalone mode to co-processor mode:

& Energia File Edt Sketch [T Help

ece sketch,jul g Auto Format *T

Aschive Sketch
Fix Encoding & Reload
skatch_jul05a SeriaiMoniter  O'%M
0

TR 05Shied VO (5517) -
e DSPShield V1 (5535) -
DSPShield V1 (5535) -
DSPShield V2 (5517) -
+ DSPShiedd V2 (5517) -

Update programmer

Step 1.
« DSP Shield is already in standalone mode.
« DSP Shield is connected via its own USB.

N skaten_ j0Sa | Energia C5000-0.2test

Step 3.

«Upload code with arrow button at top-left of
Energia IDE.

*DSP Shield still connected via its own USB.

Energia Fie Ect  Sketch [T Help
sketch_jul06a | E Auto Format
Archive Sketch
Fix Encoding & Reload
Serial Monitor  O%M

e 0 ICCTIN  05PSd VO (5517) -
ot at o here, * oe DSPShield V1 (5535) -
DSPShield V1 (5535) -
 DSPShield V2 (5517) -
DSPShield V2 (5517) -

®r

Update programmer

Step 2.
«Select co-processor mode as board.
*DSP Shield still connected via its own USB.

@ Energla Fle Edit  Sketch JEEERY Help
eoe

skaten 0S8 | Energ  Auto Format nT
Archive Sketch
Fix Encoding & Reload

ch Jusa Serial Monitor ouMm

;oo DSPShield VO (6617) -
t your satip code tre { DSPShield V1 (5535) -
DSPShield V1 (5638) -
 DSPShield V2 (5517) - Co-Processor Mode
DSPShield V2 (5517) -

Ugdate programmer

Step 4.

« After upload, stack with Arduino and switch to
Arduino USB.

*Continue to develop code using Co-processor
mode, upload as normal

Figure 3.11: Process for a user to switch between standalone and co-processor modes.
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code to address higher level algorithmic tasks. This is an example of how the design
choices made in developing the DSP Shield enable the ASPEN system to meet the

goal of abstracting tedious setup steps without obscuring fundamental concepts.

3.12 DSP Shield Bootloader

One of the major challenges identified at the outset of the ASPEN project was that
existing DSP evaluation modules and teaching platforms lack a simple way for users
to upload their program code to the target device and keep it there. Devices such
as the C5535 eZdsp have an in-circuit serial programming (ICSP) interface [48]. The
eZdsp can be configured to boot from a file stored on an SD Card, but lacks an on
board USB-to-serial converter. More importantly, none of the DSP development and
teaching systems evaluated at the project outset had a means of automatically and
permanently storing code uploaded by a user locally on a mass storage device (e.g.
a Micro SD card). Because a major goal of the ASPEN project has been to lower
the barriers of entry to using signal processing tools, single click serial upload of user

programs was identified as a critical requirement for the system.

The concept of a serial bootloader is far from novel, having become one of the defin-
ing features of modern microcontroller development environments. As mentioned in
Chapter One, this simple serial upload process is a compelling feature of the Arduino

system and has contributed to the success of that platform.

In lieu of the conventional ICSP-based upload to DSP RAM, the DSP Shield code
upload process functions on the model used by the Arduino. The device receives a
serial upload of code from the user and automatically stores that user program on
a microSD card. This allows for user program persistence from boot to boot, which
enables use of the device as a standalone embedded system. Choosing to always
store a user program on mass storage allows the program developer to rely on the
availability of mass storage. This also enables the design of interesting applications

using stored datasets.
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Given the success of the Arduino serial bootloader implementation, the initial ap-
proach to development of the DSP Shield bootloader was to create a fork (variant)
of the existing “AVRDUDE” serial uploader application [49] with support for the
DSP Shield. AVRDUDE is used by the Arduino project for serial uploading of code
to the Arduino Uno and several other supported boards. This fork built for the
project required the user to install the open-source “libusb” library and quickly fell
out of sync with the main version of AVRDUDE used for other microcontrollers. To
remedy this, a new application was developed named Pydude, which implements the
protocol without a need for additional library installation and without unnecessary
support for additional platforms - Energia-DSP is able to use the main trunk variant
of AVRDUDE to support those platforms without the need for additional libraries.
Communication with the PC is facilitated on the DSP Shield by a bootloader code
section that runs before user program code is executed. The bootloader checks for a
new upload request on the serial port. If there is new code available, the bootloader
code handles communication with the Pydude application and stores the code locally.
This bootloader application is where the reset and serial multiplexers are configured

to select among the various DSP Shield modes.

To achieve this type of transparent upload, the DSP Shield bootloader follows the
flow sequence depicted in Figure 3.12. It first monitors the shared serial bus for a
handshake message after restarting. If the first bytes received are a unique handshake
for the DSP, it will hold the Arduino in reset and accept a new user upload via the
serial port. Once the upload is complete it validates the code with a checksum and
then stores the new program as a binary on the SD card. If the serial upload is
not intended for the DSP Shield (i.e., an upload for a stacked Arduino Uno sharing
the serial bus in co-processor mode), or no upload is detected, the system loads the

pre-existing binary from the SD card.

The DSP Shield bootloader brings the concept of a single click serial upload process
to DSP teaching tools. It both makes the device easier to use and enables the use of

the system as an embedded device in addition to as a teaching tool.
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3.13 DSP Shield Hardware Abstraction Layer

Many ASPEN users will spend most of
their time writing code. This means that
simplicity and understandability of the
libraries they use are two of the most
critical components in ensuring that the
system is approachable and useful as a
development tool. Given that the soft-
ware metaphor presented to the end user
is that of the Arduino environment, it is
critical that the software interface be as
Arduino-like as possible. As discussed
above, the underlying structure of the
Arduino code developed by users is sim-
ply an implementation of the C/C++
language with a series of extensions auto-
matically included as libraries to simplify
many of the routine functions that mi-
crocontroller users utilize. As discussed
earlier, many users are completely un-

aware that they are writing C code, in-

System
Reset

TIMEOUT

Secondary bootloader
loaded from SD by ROM
bootloader

Secondary bootloader

configures UART,

reset MUXes
v

Wait for UART
communication

Check if
start of message is
unique handshake

RECEIVE

—

Hold Arduino in reset
and read new user program
over UART

Ignore remainder of
serial upload

Send
ACK

Valid checksum
on uploaded
program?

Replace existing user
program on SD card
with new code received
over UART

Load user program
and start execution

S

Figure 3.12: Flow diagram showing how

the DSP Shield receives a new program via

a serial upload command, as well as how it

can discriminate from an upload targeted

at an Arduino Uno sharing the same serial

bus.

stead thinking of “Arduino” as a programming language wholly unto itself [43]. In

order to mimic that interface, the HAL used by the Arduino must be re-implemented

in Energia-DSP. One of the most prominent features of this is a “setup()” and “loop()”

functions for user code. These run once and and continually respectively, and are sim-

ply called from a hidden “main()” function familiar to more traditional C variants.

The API also implements Arduino style function calls for I/O, variable type names,

and syntactic conventions.
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To enable this functionality, the existing Texas Instruments Chip Support Library
(CSL) [50] was leveraged. This library is syntactically very different from the Arduino
HAL, following traditional C naming conventions more closely. For example, the Ar-
duino HAL uses “int” for 16-bit integers while the CSL would instead use “Uint16_t”
[51]. In order to address this within the limited development time available, a sub-
set of the most important standard Arduino functions, types, and conventions were
identified in a design document. These interfaces to be implemented were prioritized
for frequency of use, utility to the user, and appearance in basic examples. These
functions were then re-implemented on the DSP Shield. Using the CSL to speed
development where possible, many functions were simple wrappers for interface calls.
Others, however, required additional development due to the structure of the DSP
Shield. Things like GPIO read and write events depended on the I12C GPIO expander
hardware and thus had to be implemented from scratch, and carefully optimized to
ensure that performance approached what naive users would expect. In the case of
the GPIO functionality, this required optimizing the read and write command se-
quence to prevent unnecessary verification read/write instructions on the 12C bus.
It also required optimization of the 12C library itself, to increase the read and write
bit rate and dramatically reduce timing delays. Together, these improvements in-
creased the performance of the GPIO library from the initial version capable of few
dozen read/write operations per second to the current version which is capable of
over 10,000.

The result of this effort is that when a user familiar with the Arduino ecosystem
begins to write code for the DSP Shield, most of the functions operate as expected
without the need for additional instruction. This also means that many explanations
and code examples that exist online can be used for the DSP Shield. Ultimately,
a well implemented HAL is the cornerstone of a good user experience. A complete
listing of the implemented libraries from the HAL would not fit in this space and is
attached as Appendix Appendix E. Table 3.4 shows a selection of the most prominent

ones.
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Function Purpose

General purpose I/O  digitalRead() / digitalWrite() functionality.

SPI SPI communication protocol, for peripherals.
12C (Wire) 12C communication protocol, for peripherals.
Interrupt Standardized interrupt support.

SD Reading / writing files to microSD card.
AnalogRead Input from DSP Shield analog pins.

Timers General purpose timers.

Serial Serial communication bus.

Table 3.4: Listing of some of the Arduino HAL libraries ported to the DSP Shield.

3.14 DSP Shield Signal Processing Library

In addition to re-implementing the of the Arduino environment’s HAL on the DSP
Shield, the Energia-DSP environment includes a Signal Processing Library (SPL)
which extends these conventions. A primary goal in developing the DSP Shield has
been making the implementation of signal processing algorithms more accessible and
understandable. The SPL is the component of the DSP Shield software package that
addresses this need. It is designed to simplify signal processing tasks while retaining

direct access to raw data as was initially envisioned.

One key component of the SPL is the way in which data is presented to the user.
As discussed earlier, stream processing was deemed inappropriate as it hides samples
from the user. Providing the data one sample at a time to the end user however,
would result in a significant performance penalty for little benefit. As a result, a

block processing approach was chosen. Using this architecture, a device fills a buffer
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with a number of acquired samples before interrupting the user program to process
the block of data stored in the buffer. This has the advantage of significantly reducing
the frequency at which the main program is interrupted, but increases the complexity
of buffer management, generally using a so-called “ping-pong” buffer scheme. In this
scheme, the system fills one buffer and then flags it for processing while beginning to

fill a second, switching alternatively between the two.

To handle this buffering in an intuitive way, the part of the SPL which supports the
AIC3204 audio CODEC was implemented with a function named processAudio(). If
the user initializes the CODEC by including the header file, Audio.h the compiler will
require that the user to fill in the processAudio() function. This works similarly to
the familiar setup() and loop() functions in a conventional Arduino program. When a
buffer is full, the library will interrupt the loop function and automatically handle all
management of the ping-pong buffers. It then calls the user generated processAudio()
function performing whatever signal processing tasks the user has defined. Finally,
the system will perform the required post processing buffer management. With this
scheme, the user does not have to handle swapping between multiple buffers, but
still is provided full access to samples. Furthermore, the audio processing workflow
is similar to the already familiar main loop functionality, which is intended to make

the process more understandable to novice users.

The SPL also supports several core signal processing algorithms, designed to integrate
with the audio CODEC component as well as to process data sampled by other
means (e.g. use with the Analog Shield). Many of these functions are abstractions
or wrappers built on the pre-existing Texas Instruments DSPLIB functions which
provide core signal processing functionality such as trigonometric functions or Fast
Fourier Transform (FFT). These include a direct form FIR filter, which was abstracted
for ease of use and tested with filters of arbitrary length ranging from 3 to 1024
coeflicients. This structure lends itself perfectly to the implementation of audio effects
filters due to their well-behaved overflow characteristics and linear phase. The FIR
implementation also lends itself well to the implementation and teaching of adaptive

filtering algorithms for teaching applications such as noise cancellation.
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Another signal processing algorithm implemented for the DSP Shield API was an
Infinite Impulse Response (IIR) block-filtering algorithm. As the DSPLIB IIR algo-
rithm was found unsuitable due to a fixed coefficient in the b0 position, an alternative
implementation was developed. The IIR algorithm is implemented as a cascade of
direct form I (DF-I) biquad blocks. Developed from a previous algorithm by Prof.
Mujica, it was modified for use on the DSP Shield. The transfer function of each

biquad in the basic implementation is given in Equation 3.1.

~1 2
H(z) = by + b1z7" + bz

= 3.1
200 + a1271 + agz 72 (3.1)

In a sixteen-bit system such as the DSP Shield, the effect of quantization creates
audible noise in IIR filters with low cutoff frequencies. To mitigate this, a technique
called fraction saving can be applied [52]. This technique was added to the IIR
filtering routine for the DSP shield. In this implementation, the bottom sixteen-
bits of the 32-bit summing node of the DF I implementation are stored before the
result is quantized. These bits are then added back as an input to the next sample,
approximating a 32-bit signal chain without full 32-bit operations. The resulting
algorithm with fraction saving can be seen in equation 3.2. This approach saves

memory and clock cycles, freeing them up for use in other operations.

Yo = Tobo + 2101 + T2be — Yoa1 — yoas

=1y + frac
Yo =1yo + f <3.2)
frac = yo&((1 < ag) — 1)
Yo = Yo > Qo

This IIR implementation proved satisfactory for applications a wide range of filter
orders and cutoffs as a part of the DSP Shield libraries was used in the Shield App,

described earlier.
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Also included in the IDE is support for PCM WAV playback and recording, extending
the Audio and SD card components of the HAL API. This implementation provides
a wide range of sample and bit rates, from 48 ks/s to below 1 ks/s. While the high
sample rate seems more interesting initially, as it is useful for audio applications, lower
sample rates are useful as well. A low sample rate signal, say 1 ks/s provides more
than sufficient bandwidth for a biomedical signal, yet the 8 GB capacity of DSP Shield
would enable a continuous recording for more than 45 days. Extremely low-frequency
signals such as ECG may be impossible to acquire accurately with the CODEC, but

useful information is present in audio signals such as the phonocardiogram.

Additional functionality has been included in the SPL. Among these are DDS with
frequency and amplitude modulation, power spectral density and several other com-
monly used signal processing functions. Additionally, the original unmodified TI
DSPLIB library can be accessed by advanced users if needed, providing useful func-
tionality such as adaptive filtering and routines for trigonometric vector operations.
Future development will wrap more of these functions to conform to the syntactic
standards of the DSP Shield HAL, making them more accessible to all users.

3.15 Conclusion

The software architecture of ASPEN represents the core of the user experience with
the system. Through a number of thoughtful design choices, a system has been
realized which ensures that user frustration is reduced by creating a short path to a
users first successful demonstration. The system is supported by APIs that leverage
smart defaults, code examples as a form of self-documentation, and extension of an
existing metaphor for software interfaces that meet the needs of users previously not

exposed to analog electronics or signal processing.

As a whole, this system can increase the approachability of these tools and reduce
the need for in-person support to teach these concepts, enabling the teaching of lab

classes away from a laboratory setting.
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Mixed Signal Applications

4.1 Design Approach

In order to demonstrate the utility of the platform as a tool for mixed-signal proto-
typing and education, several projects were undertaken. As a part of this effort, the
Analog Shield was released to the public as open-source hardware. To coincide with
this release, several Instructable-style teaching examples were developed. These are
based on the annotated project-walkthrough style of the Instructables.com website.
These rapid development and simple design of these examples demonstrate the utility
of the platform as a tool for mixed-signal prototyping and have value as educational

tools.

After release, the Analog Shield was integrated into the curriculum of EE122A - Ana-
log Circuits Laboratory at Stanford, taught by Professor Kovacs for several decades,
to demonstrate the viability of the platform for use as a tool in a real-world edu-
cational environment. Independently, Professor Mark Wickert at the University of
Colorado developed a course curriculum using the Analog Shield and a compatible
microcontroller [53]. Some of the basic educational examples have been included with
the Analog Shield and DSP Shield driver libraries while others have been packaged

88
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as more complete tutorials. The second category, DSP applications will be discussed

in Chapter Five.

4.2 Analog Shield “Instructables”

With the release of the Analog Shield, a suite of four tutorials was developed. A
well-developed Instructable contains step by step instructions to recreate a project.
For the projects released with the Analog Shield, these include photos, diagrams, an
explanation of theory, and code. Each example provides students with a practical
demonstration of a device as well as an explanation of the underlying theory, and
factors motivating design decisions. They were created to both demonstrate how the
platform facilities the construction of circuits and its application to the teaching of
mixed-signal topics not commonly approached with an embedded system by modern

students or hobbyists.

Because the projects describe simplified versions of systems that one might find on a
laboratory bench, they also help demystify the monolithic bench-top test instrument.
They demonstrated that the tools students use in the lab may be complicated but
are not fundamentally different from circuits they build on a breadboard. All the

Instructables discussed here are included as Appendix F.

4.3 DDS Signal Generator Instructable

The first tutorial uses an Arduino, Analog Shield and basic character LCD to produce
a (relatively) low bandwidth but well documented function generator using the DDS

technique, which is often used in modern professional test equipment.

The finished device, depicted in Figure 4.1 can output a reproduced waveform at
frequencies from 0.01 Hz to approximately 10 kHz with step sizes of 0.01 Hz. It can

output four waveform types: sine, square, sawtooth and triangle. The sine waveform
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can be replaced by the user with an arbitrary waveform of their own design by copying

the data into the definition at the top of the code and re-uploading. This allows for

more complicated waves and could be used to simulate biological signals such as ECG

or PPG.

A DDS function generator works by com-
puting the phase offset of the next sam-
ple of a repeating waveform, given sam-
ple rate and the frequency of the out-
put waveform. This phase offset is then
applied to a lookup table containing a
single full period of the desired wave-
form. The resulting sample is output via
a DAC and passed through a reconstruc-
tion filter to interpolate the sampled out-

put in continuous time.

Frequency is controlled by adjusting the
number of table indices skipped at each
output sample. For example, if a step of

one were to produce a 1 Hz output, then

Figure 4.1: DDS Function Generator us-
ing Analog Shield, Arduino, and character
LCD.

output of every tenth sample (stride of ten) would produce a 10 Hz output. By

calculating how many samples to skip, a DDS algorithm can precisely produce any

frequency, up to the Nyquist rate of the system [54]. Equation 4.1 shows how the step

size, M (also referred to here as “tuning word”), is computed for a given frequency

and table length.

(4.1)



CHAPTER 4. MIXED SIGNAL APPLICATIONS 91

32 Bits 12 Bits 16 Bits

+
: + Phase L I Phase to Reconstruction
Tuning Word Hé)_.} Accumulator Decimation — Magnitude | DAC >_’ Filter

oK

Figure 4.2: DDS Function Generator software high level block diagram.

Figure 4.2 shows a block diagram of the system as used in the Analog Shield DDS
Instructable. This implementation uses a twelve bit (4096 point) lookup table with
a 32-bit phase accumulator (n=32) and an f, of 41.9 kHz.

After the phase is computed, a decimation operation equal to the length of the out-
put lookup table is applied to the index. In this case, only the top twelve bits are
preserved, for the aforementioned 4096 point (twelve bit long) lookup table. Because
the computed phase wraps back to the beginning of the table when striding past the
end, the algorithm simulates an endless signal of any frequency with only a single

stored period of the waveform.

The twelve bit sample position is applied to the lookup table which contains sample
values (in this case sixteen-bits). The result of this lookup is then output via the
Analog Shield DAC.

The detailed algorithm used in the DDS Instructable is given in equation 4.2. In this
implementation, the phase accumulator is incremented by the tuning word variable,
which is the pre-computed value of M from Equation 4.1 for the desired frequency
(e.g. 1 kHz). The 32-bit phase accumulator is right shifted twenty bits to keep only
the top twelve bits. The result is used to look up a sixteen-bit sample value from the

4096 point table. Finally, the sixteen bit sample is output via the DAC.
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phase Accumulator = phaseAccumulator + tuningW ord

tableIndexr = phase Accumulator >> 20 (4.2)
value = lookupTable[tableIndex] .

analog.write(0, value)

For signals containing significant harmonic frequencies above the fundamental (e.g.
square or sawtooth waves), the practical maximum frequency in any DDS system
is well below the Nyquist limit. This is due to a phenonmenon called “edge jitter”
wherein the sharp edges of a waveform with high-frequency components (such as a
square or sawtooth wave) fall between two sample points, and thus appear to jitter
back and forth between the two instants in time. To address this, the design uses a
trapezoidal ramp as a band-limited approximation. This means that multiple samples
fall along the (less steeply) sloped portion of the edge, reducing jitter with only a small
reduction in sharpness of the apparent waveform. The extra harmonic components of
such waveforms does still impose limitations in DDS systems however, as these signals
must be oversampled. In the case of the Analog Shield DDS, the maximum output
of a square wave is on the order of 2-3 kHz before significant distortion appears, as

opposed to 16 kHz for the sine wave.

While there are many commercial implementations of DDS systems, including low-
cost integrated circuits such as the AD9838 (Analog Devices Inc, Norwood MA) which
might be suited to a dedicated device, the DDS Instructable focuses on an exploration
of the theory and design choices made in the development of a DDS system, as opposed

to offering maximum performance.

The complete DDS software is moderately complex as it supports multiple waveforms
and controls the LCD and menu system. Due to memory constraints on the Arduino
Uno, waveforms for square, sawtooth and triangle signals could not be stored as full
lookup tables. Instead, these waveforms are computed directly in real-time, but the

DDS algorithm uses the resulting data as if it was stored in ROM memory. The core
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Figure 4.3: DDS Reconstruction Filter.

code of this algorithm, described above, is only a few lines long and is embedded
in-line in the Instructable, while a full code listing has been made available as an

open-source program on github.com/wespo.

The Instructable also goes into detail on need for (and design of) a reconstruction
filter, shown in Figure 4.3. It compares the behavior of the system with no recon-
struction filter, a simple resistor-capacitor filter, and an 8" order Sallen-Key topology
opamp filter. It encourages the student to build the latter, providing a real-world
demonstration of a key signal processing concept. The exercise provides analog elec-
tronics design experience, showing students how a filter can drastically improve the

performance of a sample system.

This fusion of analog filter design and digital signal generation demonstrates the
mixed-signal utility of ASPEN. It demonstrates how the analog and digital domains
can merge in a design to produce powerful tools that could not be realized as easily

in a purely analog or digital system.
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4.4 Spectrum Analyzer Instructable

The spectrum analyzer Instructable,
shown completed in Figure 4.4, uses an
Arduino, Analog Shield, and an LCD
touch screen shield, with a display simi-
lar to those commonly found in older cell
phones. The Instructable outlines a de-
vice that displays the power spectral den-

sity of a signal in real-time, although the

signal is discontinuously sampled. The
resulting system can be configured while

running to output on a linear or logarith-

Figure 4.4: FFT spectrum visualizer, using
Analog Shield and Adafruit LCD. Input is

an electret microphone, out of frame.

mic scale and the user can select several
bandwidth spans between zero and 1 kHz
to 35 kHz.

Referred to in the Instructable as the “FFT Spectrum Visualizer” the program has
a straightforward flow. With each iteration of the main loop, it acquires an array
containing 256 samples of sixteen-bit data from the Analog Shield at the specified
sample rate. Once the array has been acquired, the signal is multiplied with a Ham-
ming window function. The result is then passed to a Fast Hartley Transform (FHT)
implementation, developed by Open Music Labs [55]. The FHT is a sibling of the
Fast Fourier Transform that saves computation time for real-valued (as opposed to
complex) input signals. Finally, the resultant spectrum is scaled (logarithmically or
linearly, as appropriate) for display on the 320x240 pixel LCD. Updating the buffered
LCD (using an efficient delta update scheme), as well as detecting touchscreen input
and minor housekeeping takes a few tens of milliseconds. The process then repeats,
sampling the next frame of data, and producing a reasonably quick refresh rate of

approximately 15 frames / second. As mentioned, the system has a user adjustable
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Figure 4.5: Anti-aliasing filter.

frequency span, affecting the system sample rate. For slow sample rates (with a fre-
quency span close to 1 kHz, and longer acquisition times) the screen update delay is a
fairly small part of the overall display frame rate (a few frames per second). At high
sample rates, the screen refresh time is the dominant factor and the display output

appears to be continuous and video-like.

Included in line in the Instructable is a section of the code not meant to convey
the entire program in detail, but merely illustrate the flow of the main program loop.
The entire program has many helper functions and takes up several hundred lines, not
including the invoked libraries, and is provided as an attachment to the Instructable,

as well as shared an github.com/wespo.

Complimentary to the section in the signal generator tutorial, the spectrum analyzer
tutorial includes a discussion of the need for and design of an anti-aliasing filter. This
filter is an 8™ order 24 kHz low-pass Chebyshev filter, using a single quad op-amp
chip, shown in Figure 4.5.
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This design was chosen as it enables the
implementation of a filter with a rela-
tively steep roll-off in a compact form
factor, using a single IC. Making use
of the Analog Shields built-in bipolar
power supply enables the entire circuit to
fit on the breadboard included with the
Analog Shield, as shown in Figure 4.6.

As with the signal generator, it demon-
strates how mixed-signal design is funda-

mental to developing a fully realized sys-

Figure 4.6: FFT Visualizer anti-aliasing

tem that interfaces with the real world.

In addition to the filter, a circuit is in- filter, using a single quad op-amp IC to im-

plement an 8" order Chebyshev filter with
a 24 kHz cutoff.

cluded to drive an electret microphone
as an input to the spectrum analyzer, al-
lowing the student to investigate ambient
sound as a resource. Amusingly, in the process of developing the tutorial, the device
revealed a tone at approximately 30 kHz being emitted by the ventilation system in
the Paul Allen building at Stanford.

Conceptually, this Instructable serves to demonstrate the utility of the Fourier trans-
form itself, as well as the crucial role of an anti-aliasing filter. More importantly,
it can be a powerful teaching tool when the filter is removed, allowing a hands-on
demonstration of spectral folding. Using an adjustable function generator for sinu-
soidal input, the student can observe spectral folding - watching the peak move from
the left of the spectrum display to the right and fold back again as they increase input
frequency. Allowing the student to control the frequency and observe spectral folding
hands-on provides a much clearer demonstration of the phenomenon than an expla-
nation in a lecture can. As a whole it demonstrates how the Analog Shield can be
used as a teaching tool. It both enables demonstration of a complicated phenomenon

and provides basic functionality that otherwise requires expensive test equipment.
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The polyphonic music Instructable is based on a modified form of the DDS signal
generator code. Instead of maximizing the bandwidth of a single output channel, the
system developed in this Instructable uses all four channels of the Analog Shield DAC
simultaneously. These channels are mixed using a simple resistive summing network
to demonstrate additive synthesis of a polyphonic sound from pure sinusoidal sources,
showing students how each generated sinusoidal source can be summed to generate
a more complex waveform in real-time. The summing operation is performed by a

simple resistor summer circuit, shown in Figure 4.7.

R1

2.2k
R2

D1 AMA———— ¢
2.2k
AN Headphone Jack
R3 e 2.2k ) .
10n

2.2k
R4

2.2k

GND

Figure 4.7: Resistive summing network for polyphonic music Instructable.
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4.5 Polyphonic Music Instructable

Using a program provided for the PC, the user
can convert any standard MIDI file into an array,
which they can paste into their Arduino code for
playback via the Analog Shield. The example
song included an approximately six-minute sam-
ple of Toccata and Fugue in D minor (Johan Se-
bastian Bach, c¢. 1730), which can be output to
headphones to demonstrate how multiple wave-
forms can be summed to create complex sounds.
The output can also be input to an oscilloscope
to demonstrate the principal visually, as can be

seen in Figure 4.8.

As with the previously discussed tutorials, the
polyphonic music tutorial demonstrates both the
utility of the Analog Shield as a part of the AS-
PEN stack while teaching directly identifiable

s LR

Figure 4.8: Four voice MIDI play-
back using the Analog Shield,

with output on an oscilloscope.

principles of both signal processing and analog electronics. Unlike those tutorials,

the circuit construction is quicker and more rudimentary, but the result is more likely

tangible to a novice.
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4.6 Lissajous Pattern Instructable

The fourth Instructable example released
at the Analog Shield launch was an X-Y

Lissajous Curve generator. A Lissajous

pattern is the curve generated by two
sinusoidal signals plotted against each
other with one on each axis [56]. The
ratio of the frequencies of the two wave-
forms, as well as the phase between them
controls the number and shape of the

lobes plotted.

Using DDS on two channels of the Ana-

log Shield DAC, the tutorial does require Figure 4.9: First generation prototype
an X-Y capable oscilloscope or display Analog Shield with Lissajous pattern gen-
for visualization. The code included out- erator code running, displayed on an oscil-
puts a sine wave at a fixed frequency on loscope.

one channel and repeatedly plays a chirp

on the second, creating a changing pattern displayed on screen, as seen in Figure 4.9.

4.7 Network Analyzer Instructable

Shortly after the release of the Analog Shield, a fifth Instructable was developed. This
scalar network analyzer, is shown in Figure 4.10. The network analyzer provides a
characteristic curve of the transfer function of a two-port device, typically used for
applications such as filter analysis. While a scalar network analyzer is not lab grade
as it does not provide the user with the phase information that a more complex vector
network analyzer does, it has utility for basic component characterization and as a

concrete demonstration tool.
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An FFT-based analyzer, it uses a
white noise circuit as an input to
the device under test and averages
the computed power spectral density

over several sampled periods. The

resulting transfer function is then
plotted on an attached LCD touch
screen (of the same type as used

in the spectrum analyzer demonstra- Figure 4.10: Analog Shield network analyzer

tion). The noise source (shown at showing measurement of an LC bandpass filter.
the top of Figure 4.11 is a student-

built circuit using a bipolar transistor in avalanche breakdown to generate white noise
needed for the system. This circuit is enabled by the 15 V range of the Analog Shield
power supply, as the 5 V available on common microcontroller circuits could not drive
the bipolar transistors used in the circuit into the breakdown region. Additionally,
students are asked to build an 8" order anti-aliasing filter, similar to the one from

the spectrum analyzer Instructable (Figure 4.11, bottom).

This Instructable demonstrates several signal processing concepts. It demonstrates
the utility of white noise as an actual practical tool. Additionally, it shows a practical
application of the Fourier transform as a tool to understand the behavior of a system.
As a demonstration of the Analog Shield itself, it shows how the power supplies and
interfaces simplify the process of building circuits that might otherwise be difficult for
students to implement. It also shows how these tools can be leveraged to make acces-
sible more complicated concepts than those traditionally found in hobbyist electronics
kits. These Instructables would also enable a student to construct basic versions of

the key instruments for an audio or biomedical lab workbench.
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4.8 Kit use in EE122A

Stanfords Analog Circuits Laboratory course, EE122A was a hands-on electronics
course, covering commonly taught undergraduate electronics topics such as opera-
tional amplifiers, oscillators, filters, opto-electronics, and more [57]. The first five to
six weeks of the course are comprised of lectures and lab exercises covering these top-
ics. The second portion of the course involves the students working individually or in
groups, developing a unique, self-defined electronic project. The project is proposed

by the students and refined with staff before being approved by the professor.

4.9 EE122A First Integration

In fall 2014, and 2015 the course format was similar to previous years - a traditional
laboratory course, with components of ASPEN added as a part of some of the lab-
oratory exercises. Historically, this course was taught in a laboratory setting, with
a teaching assistant supervising student activities in conjunction with the profes-
sor. The staff would provide in-person support and feedback as the students worked
through the labs and final project. Prof. Kovacs experience in teaching this course
had been informative in defining the needs of the ASPEN system as a whole, so it was
natural to integrate the tools developed as a part of the project into the course mate-
rial. This version of the course combined the Analog and DSP Shield with the (then)
new Electronics Explorer (Digilent, Pullman WA) and the existing high-performance
test equipment that had been previously used in the lab. The Electronics Explorer is
a USB oscilloscope, power supply and function generator embedded in a breadboard

form factor.

The Analog Shield was introduced to the students as a part of the first lab exercise,
paired with the Electronics Explorer. Students worked with two of the tutorial pro-
grams provided with the Analog Shield. As part of the experiment, students were

introduced to the effects of quantization on a signal. In this exercise, students pass a
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low-frequency triangle wave into the first channel of the ADC on the Analog Shield
and observe the four channel outputs of the DAC. The system samples input on the
ADC, and immediately reproduces it on all four output DAC channels of the Analog
Shield at varying levels of fidelity. Channel one repeats the signal at full sixteen-bit
resolution. Channel 2 shows a 6-bit output, channel 3 a 4-bit output and channel 4 at
2-bits (channels 3 and 4 shown in Figure 4.12). This is achieved by masking out the
lower bits of the sampled data before sending the signal to the DAC. Students were
asked to record the signals on all four channels overlaid. Students also used a spec-
trum analyzer embedded in their oscilloscope or Electronics Explorer to observe and
comment on the spectral and harmonic content of the signal, as well as the impact of

quantization on that content.

The second example that students were

asked to run demonstrated sample rate

Time.

poson: [0
effects. Again, a signal was sampled on - E
the first channel of the Analog Shield gL
ADC and reproduced on the four chan- il

o (e B

nels of the output. As with the previ-
ous example, the channels had different

versions of the input waveform. Chan-

nel one had the input reproduced at the

maximum sample rate of the system,

channel two updated the output every Figure 4.12: Outputs of the quantization

second cycle, channel three every fourth example on an oscilloscope. Students were

asked to compare the output of the four
channels of the Analog Shield DAC. These

outputs were four copies of a single ADC

and channel four every eighth cycle, us-
ing a software sample and hold approach.
Students were then asked to vary the fre-
quency of the input signal and observe input quantized at various levels.
how the varying sample frequency de-
fined the Nyquist rate of their system. Students observed aliasing at different fre-

quencies based on the differing Nyquist frequencies of the various channels.
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These are the first two interactions students had with the Analog Shield, and in a
few minutes, students are exposed to pitfalls of a sampled digital system and how
changes in the sample resolution and frequency can drastically affect how the signal

they are trying to observe or measure is reproduced.

4.10 EE122A Take Home Lab

In fall 2016, EE122A was substantially revised to move the course outside the lab-
oratory. In this version of the course, students used a provided tool kit to perform
their lab work outside the laboratory space and on their own schedule. This revision
demonstrates how ASPEN can enable a massively online open course (MOOC) style
laboratory course. To facilitate this, each student was provided with a Lab-In-A-Box
kit, shown in Figure 4.13. The kit included a breadboard, Arduino UNO, Analog
Shield, DSP Shield (distributed separately as a part of the third lab assignment), and
a Digilent/TI My Parts Kit (which includes resistors, capacitors, integrated circuits,
and discrete components). Students were also issued a breadboard wire kit, additional
lab relevant discrete components. Also included was the Analog Discovery 2 (Digilent
Inc., Pullman WA) a USB oscilloscope, logic analyzer and function generator. Prior
version of the device by the same manufacturer, the Analog Discovery and the Analog
Explorer had been used in the lab version of the class as a companion to conventional

full-size test equipment.

Application of a higher performance microcontroller platform promises the opportu-
nity to both process and stream signals from a single device, which would facilitate
the omission of the Analog Discovery. A similar cost, higher performance ARM mi-
croprocessor such as the Teensy 3.6 represents a potential candidate to replace the
Arduino Uno and will be considered in future implementations and might enable the
use of the Analog Shield as both the circuit prototyping platform and as a low-cost

test instrument for the course, replacing the Analog Discovery 2.
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Figure 4.13: EE122A lab kit from fall 2016. The kit contains an Arduino Uno, Analog
Shield, Analog Discovery 2, breadboard, wire kit, TI My Parts Kit and miscellaneous
additional components.
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The interaction model used in the course followed several steps. The week before
performing a lab exercise, students were asked to perform a pre-lab. This assignment
generally included conceptual questions, theoretical calculations, design work, and
SPICE simulation of a designed circuit. The following week, students were expected
to perform the assigned experiments, in parallel with beginning the next pre-lab. Stu-
dents would use the provided kit to build their designed circuit and use the Analog
Discovery to collect data and validate that their experiment matched their simula-
tions. Additionally, virtual office hours were held several times per week, to demon-
strate the viability of supporting lab exercises in a virtual environment. Stanfords
canvas course support website includes support for Big Blue Button, (BigBlueButton
Inc., Ottowa, Ontario, CA) online conference software tailored for teaching appli-
cations. The feature set used for EE122A was desktop sharing, video conferencing,
voice conferencing, and text chat. All of these features are supported by alternative
free conferencing software options, such as Skype (Microsoft Inc., Redmond, WA) or
Google Hangouts (Google Inc., Mountain View, CA). With a PC based oscilloscope
(e.g., the Analog Discovery 2) and conferencing software, a student can be asked to
probe a physical point in their circuit and the resulting signal can be viewed live by

an instructor from anywhere in the world.

4.11 Lab Exercises in EE122A

The first lab focused on familiarizing students with their tools and understanding
signal acquisition. The exercise included the Analog Shield examples from previ-
ous years as described earlier, with students familiarizing themselves with the tools,
learning about quantization and sample rate, as well as designing and characterizing
a simple RC filter. The second lab exercise focused on signal manipulation and the
effects of the limitations of amplifiers in a chain on a signal. It included comparison
of the bandwidth and slew rate of four different types of operational amplifier. In
previous years, students had used a pre-built board which allowed the comparison of

four amplifiers simultaneously, shown in Figure 4.14. In 2016, this was replaced with
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SviE8d

Figure 4.14: Four channel op-amp comparison board used in 2014 and 2015. Input
at top, with the signal repeated and buffered by four op-amps of different types
configured for unity gain.

application of the Analog Shield and breadboard (as a platform for circuit construc-
tion). As in many other applications, the power supply of the Analog Shield enabled
the use of a wider range of amplifiers than would have been possible even with the

Analog Discovery 2.

Additionally, the experiment asked students to develop and characterize integrator,
differentiator, and relaxation oscillator circuits. The Analog Discovery 2 was the pri-
mary measurement tool with the Analog Shield providing the support infrastructure
to build the circuits.

The third lab exercise focused on filters. Students used the DSP Shield and three ad-
ditional filter boards expressly developed for the class by Prof. Kovacs, with layout by
William Esposito. These are depicted in Figure 4.15. The purpose of the lab was to
demonstrate to students how several completely different technologies could be used

to implement a filter while maintaining the same characteristic response, as well as
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Figure 4.15: The filter boards used in the EE122A filter comparison lab. From left to
right, passive LC filter, op-amp filter using Sallen-Key topology, switched capacitor
filter, DSP Shield.

demonstrating the various trade-offs between the technologies. In this experiment, in
a single sitting, students were asked to characterize and compare the behaviors of eight
different 1 kHz low-pass filters, two of each of four technologies. These technologies
were passive LC (inductor capacitor), Sallen-Key op-amp, switched capacitor, and
DSP. The first three types of filter were implemented on three custom designed cir-
cuit boards, to save the students several hours which would be spent building and

debugging each circuit.

This experiment is the first known example of a lab where a single student has been
able to apply and characterize such a wide array of filters at once and provides an
example of how these concepts can be demonstrated to students rapidly with the
right tools. The fact that this could all be done using a portable lab kit, far from the
physical lab space demonstrated the viability of the tool-chain again as a teaching

system. In addition to detailed characterization of the various filters, as a part of their
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Maximum Signal

Filter Power Degree of
Type Consumption Programmability Input w/o
P Distortion
None >25V
L-C 0 mW (requires (breakdown voltage
soldering) of components)
75V
Sallen-Key 260 mW None (range of op-amp with
headroom)
. Adjustable 4V
SWItCh.ed 225 mW frequency with  (range of SC chip with
Capacitor .
potentiometer. headroom)
Full
programmability 1.5V
DSP 320 mW of frequency (range of DSP Codec)
and type.

Table 4.1: Sample comparison table asked of students to evaluate the trade-offs be-
tween the various filter technologies they used in the experiment.

report students were asked to produce a tabulation of the various trade-offs among
the types of filter architectures, as shown in Table 4.1. These tables included a com-
parison of metrics such as noise performance, flexibility, cost, power, and complexity
of implementation. These observations were based on students detailed empirical

observations of each filter type.

The filter boards seen in Figure 4.15 were designed for the earlier in-class version of
the course, and as a result the cost of these boards is prohibitive - on the order of
$50 each. Additionally, each is as large as the Analog Discovery 2 that students used

to evaluate them. This makes them a prohibitively expensive and bulky addition
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to the ASPEN stack. In order address this, a future revision of the boards using
smaller, cheaper surface mount components and connectors has been proposed. This
need not compromise circuit performance or simplicity - and initial design wok has
already confirmed its feasibility. The earlier design was largely driven by the choice
of BNC connectors (for interface with larger bench-top equipment) and through-hole

components (simplifying hand assembly).

As a whole, this experiment has proven to be one of the most memorable experiments
in EE122A and demonstrates the utility of the approach taken in the ASPEN project

to integrate systems for teaching while keeping them accessible for investigation.

The fourth lab focused on amplifiers and oscillators. The experiment had students
use their lab kit to assemble a Wein-Bridge oscillator, a class-AB amplifier, and two
types of class-D amplifiers. Again, students designed and simulated first, then used
the lab kit to provide a signal source and power supplies. Students then acquired and
characterized the response of the various circuits developed. Students were asked to
compare parameters such as dynamic range and THD for each circuit, and tested the
effects of various guided design improvements to their class AB amplifier, character-

izing as they went.

The fifth lab was arguably the most complex application of the Analog Shield in any
of the experiments. The exercises focused on opto-electronics, and device character-
ization. The first part of the lab had students build a curve tracer circuit using the
Analog Shield.

The curve tracer is an instrument which produces a family of current / voltage curves
of two- or three-terminal devices by sweeping the voltages at two of the terminals
and measuring the current through the third terminal. The fancifully named Analog
Shield Curve-o-Tracer (ASCoT), seen in Figure 4.16 was designed to demonstrate to
students the feasibility of building useful test equipment from a handful of components
and using those tools to a practical end. The final device that the students built is
shown in Figure 4.17. It has a low power supply voltage of 18V, provided by two

9V batteries in series (unlike most commercial curve tracers which have maximum
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Figure 4.16: ASCoT circuit schematic. Note that the device under test (DUT) is
depicted as a bipolar transistor in this case.

voltage ranges of several hundred volts). Limiting the voltage of the ASCoT ensured
student safety and simplified the design by removing the need for a high voltage
power supply. The low 18 V supply voltage necessitated use of a 0.5 {2 series current
measurement resistor, due to the inability of the circuit to support a large burden
voltage for the current sense resistor without substantially impacting overall dynamic
range. As a result, the measured voltage across the sense resistor was on the order of
a few hundred microvolts for low current values - which required the sensitivity of the
Analog Shield to capture accurately. This constraint challenged students, requiring
careful layout of their implementation to avoid excessive measurement noise. To
control the ASCoT and plot or export the resulting data, the lab included a specially
written PC application. It is depicted in Figure 4.18 showing the resulting trace of
an NPN bipolar transistor such as those given to students. Because this was a basic
demonstration for educational purposes, the transistor was controlled with a limited

voltage range applied to the base instead of using proper current control.



CHAPTER 4. MIXED SIGNAL APPLICATIONS 112

Once the students had completed the cir-
cuit, they were asked to characterize and
produce plots for older bipolar and Dar-
lington transistors in their kit, chosen be-

cause their gain was sufficiently low to

allow for several characteristic curves to
be plotted within the dynamic range and

step size constraints of the system.

Figure 4.17: Analog Shield curve tracer
Next, students were given a black box

circuit, disconnected from the Analog
system, to analyze. This device, was an Shield.

LED brake light array from an automo-

bile. Using the curve tracer (or other

method of their choice) the students were instructed to deduce the internal struc-
ture of the simple circuit, which was encased in black tape obscuring the connections.
With some prompting, and using the ASCoT for measurement, students were able
to successfully reconstruct the correct circuit diagram, which had multiple LEDs in
series, a series current limiting resistor and a parallel bypass resistor. Students also
deduced the values of the components and the number of LEDs in series, by evalu-
ating the shape of the current / voltage curve they produced. Evaluating the slope
of the curve, breakpoint of the forward turn on voltage of the LEDs and using their
knowledge of diode behavior, students were able to determine number of diodes in se-
ries and parallel, the series current limiting resistor value and the parallel load resistor

embedded in the circuit.

In the next part of the experiment, students were provided a high power white LED
chip and asked to use their Arduino and a cadmium sulfide (CdS) photo-resistor in
their kit to develop a constant brightness light source, which would dim the LED
based on incident light.

The final exercise in the experiment was a laser transceiver, which used a provided red

laser diode, photo-diode, and voltage to frequency (V-F) converter IC. Students were



CHAPTER 4. MIXED SIGNAL APPLICATIONS 113

curveTraceThreeSimple

Figure 4.18: ASCoT PC application, showing the result of tracing a 2N222A NPN
transistor.
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asked to design a system using the V-F IC to modulate a current source they design
to drive the laser. Students were also asked to develop a transimpedance amplifier

circuit to amplify and demodulate signal received at the photo-diode.

4.12 EE122A Conclusions

As a whole, the use of ASPEN in EE122A demonstrated the feasibility of teaching
analog electronics robustly, using portable, relatively low-cost tools to replace several
thousand dollars of lab equipment. These tools, when brought together as a complete
system, enable the teaching of EE122A outside the lab building without compromising
the course content or teaching material - indeed, the tools have enabled the addition
of new topics not previously covered due to time constraints. There is additional
development work to be done as a result of this first take home version. Course
material might be modified to allow omission of the Analog Discovery 2, and some
experiments can be refined. Nevertheless, the first trial demonstrates the feasibility
of the concept and the utility of the ASPEN platform as a tool for analog electronics

education, both inside and outside of the lab.

4.13 Kit Use in Other Mixed Signal Applications

Because the Analog Shield has been released commercially by Digilent Technologies,
it has seen a number of applications by users who have had no prior interaction with
the ASPEN project or team (although Digilent stopped selling the product in 2018,
the team plans to re-release the open-source hardware through other venues). These
have included hobbyists performing simple experiments with the Analog Shield [58],

and more complicated examples such as a synthesizer [59].

The most noteworthy example of independent application of the ASPEN tools has
been the work of Prof. Mark Wickert at the University of Colorado [53]. In the paper,
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he describes a hardware stack very similar to the Lab-In-A-Box kit used in EE122A,
as well as its application to teaching signal processing concepts to students. This
stack includes an Arduino, a first generation Analog Discovery (Digilent, Pullman
WA), and the Analog Shield. Additionally, a higher performance, Arduino com-
patible microcontroller the ChipKit Uno32 (Digilent, Pullman WA) was used. The
course material described in his paper falls somewhere between the signal processing

focused material described in the next chapter and the mixed-signal material covered
in EE122A.

In his paper, he characterizes the Analog Shield tool-chain with a maximum sample
rate of 55.4 ks/s. This is comparable to that measured by the ASPEN team using a
ChipKit Uno32. Rather than using the ADC and DAC separately, however, he uses
the Uno32 as the core of a lower performance signal processing tool-chain with a max-
imum sample rate of approximately 24 ks/s. Much like the DSP Shield environment,
his students use a frame based signal processing approach with asynchronous buffer
filling. In this case, the system uses a timer interrupt rather than fully asynchronous
DMA buffering as found on the DSP Shield. Nonetheless, he was able to demon-
strate application of a 31-tap FIR filter in his signal chain. This does not match the
performance of the 10004 tap FIR filters seen on the DSP Shield, but is more than

sufficient for teaching the fundamental mixed-signal concepts described in his paper.

He describes several DSP experiments using this ASPEN based system. First is a
more detailed explanation of sampling theory. Much like the experiment described
in the discussion of EE122A at Stanford, students pass a 1 kHz sine wave through
the Analog Shield ADC and DAC, and then observe the image frequencies created by
the sample and hold behavior of the system. Using the Analog Discovery, students
compare the spectral folding they observe to a theoretical model they were introduced
to using scientific tools from the Python programming environment. Through this
experiment students observe that the behavior of the real-world Analog Shield system

matches sampling theory precisely.
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Another experiment describes using both the human voice and a smartphone as a
source for a 12 kHz sine wave. Using a serial terminal, input sample rate is progres-
sively decreased until aliasing is noticeable. Using a 16 ks/s sample rate students
then introduce a 4th order Butterworth anti-aliasing filter and observe how the sine

wave, previously aliased to 4 kHz is attenuated strongly by the filter.

A third experiment described uses an FIR filter and white noise generator. Students
generate coefficients of a 31-tap FIR low-pass filter and compare the spectral output
of filtered white noise with the theoretical response of the filter. As with the previous

exercise, students compare their result with theoretical calculations.

A fourth experiment introduced students to multi-rate processing. Up-sampling of a
signal was demonstrated with students up-sampling of an input 500 Hz sinusoid, and

then observing the results with and without a 7-tap FIR interpolation filter.

The final experiment described in his paper was a demonstration of deliberate under-
sampling. This demonstration used an input signal on an AM carrier at 1.02 MHz
with 1 kHz sidebands at 60% depth. With a sample rate of 0.016 Ms/s, a 1 kHz signal

modulated on a 4 kHz carrier was received as expected.

As a collection, Mark Wickert’s excellent work at the University of Colorado has
provided a masterful demonstration of the power and utility of the tools designed
for the ASPEN project. The Analog Shield portion of ASPEN has already enabled
educators and hobbyists to experiment with and teach analog electronics and signal

processing concepts, validating the utility of the system as a whole.

4.14 Conclusion

Components of ASPEN have already been successfully used extensively for mixed-
signal education and there are many more teaching applications to which it could be
applied. The examples described here show that ASPEN is useful for teaching and

prototyping such designs both inside and outside lab environments.



Chapter 5

Digital Signal Processing
Applications

5.1 Overview

To demonstrate the utility of the ASPEN system for signal processing prototyping
and education, a similar approach to that taken for mixed-signal systems was used.
Several tools and examples were developed to demonstrate the utility of the system

and make it more useful for both novice and advanced users.

As part of the development of the DSP Shield App and Shield Mode (described
in Chapters Two and Three) several examples were developed using the App and
library. These examples serve several purposes. They demonstrate functionality,
signal processing concepts and how the Shield App can be applied practically. The
Shield App was also leveraged as part of an effort to address the need to create an
impactful first introduction example for signal processing, comparable to hello world

in programming.

To demonstrate the system as an educational tool, the DSP Shield was deployed as

a part of a graduate level digital signal processing course at Stanford. Previously,
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the graduate level signal processing curriculum at Stanford had been bifurcated into
two courses. The first, “EE264: Digital Signal Processing”, focused on theory. The
second, “EE265: Digital Signal Processing Laboratory” had a strong emphasis on
practical application. Using the DSP Shield, an optional one-credit laboratory com-
ponent was added to EE264. These labs added a comparable hands-on experience,

but with a substantially reduced overall time commitment for students.

By developing a continuum of DSP tools for a wide range of signal processing ap-
proaches, the utility of the Arduino-like approach taken with the ASPEN platform

was demonstrated.

5.2 DSP Shield App

In Chapter Three, the shield mode and associated Shield App were described. They
comprise a configurable signal processing chain that can manipulate real world signals
without complicated setup. With them a student or hobbyist can perform basic real-
time signal processing tasks with minimal knowledge of low level tools. An example
application of the Shield App might include waveform generation, mixing with input
audio, filtering the result, and output. Using the shield app and library, any one of

these can be done in less than ten lines of code.

While the Shield App does not offer the hands-on signal processing algorithm im-
plementation experience found developing directly in Energia-DSP, it serves as an
introduction to the field. With it, novice users gain a new capability (signal manip-
ulation). This hands-on success can increase confidence in, and excitement for signal
processing. Building on these successes, with hardware in hand, they can transition
to using the DSP Shield in standalone mode.

The fact that the Shield App is open-source and written in Energia-DSP environment
also means that the code is not simply a black box. Over time these tools can be

extended, modified, and improved by users in the (potentially global) community.
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5.3 DSP Shield App Examples

The when using the Shield App, the DSP Shield is used with an Arduino much like
any other shield. To support this, the Arduino DSP Shield library interfaces with
the Shield App and controls the signal chain. Like the Analog Shield library, the
DSP Shield library comes with examples of applications for the system, using the
Sheild App blocks described in Chapter Three. These examples include both simple
functionality tests like audio loopback and more complicated examples. These include
custom FIR and IIR filters, time varying filters, a reverb engine, spectrum analysis,

voice removal from music, and more.

It is demonstrative of the power of this
tool that these signal processing tasks — S —
can be implemented with a handful of 00 BEH 2]

REAR_SPK :

lines of code. For example, Figure 5.1

shows an example included with the li-

8 #include <SPI.h>

. . 9 #include 1box . h>

brary which uses three lines of code to 10 5tnclude DePSHEci
K . 1§ 12 void setupO) {
— 13 // ur u here, run once:
generate a rear speaker signal for a sur 14| Dienierd. inieOo; svinitialize delays o wait for DSP to boot uf
. 15 DSPShield.startLoopback();
round sound audio system from a stereo B3| //see cHmELIUTH and REVERS examples for detatls on these fun
18 DSPShield.channelMath(CHAN_BOTH, MATH_SUB);

. . 19 hield. 1 H
input. It does this by first remov- 20 OSPShiela. reverbCCHAN.BOTH, 33

ing the common signal (centered compo- N

24 void loopQ) {}

nent) from the two channels of the stereo

signal, removing most of the voice signal.

The signal is then slightly attenuated,

no on /dev/cu.usbmodemFA1331

and finally a moderate amount of reverb
(3 ms) is applied to simulate a concert

hall echo effect. These examples as a

whole show how powerful of a tool the Figure 5.1: DSP Shield App example that

Shield App can be, enabling quick pro- .., ;o5 a stereo audio signal to a four-

totyping and demonstration of the capa- . 1 curround sound system.

bilities of signal processing systems.
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5.4 Hello World for DSP

The first computer program that most students are asked to create is Hello World -
a program that simply prints that phrase to the screen repeatedly. This task allows
students to validate that their tools are functional and simultaneously gives them a
successful outcome which can build confidence. This simple program has become so
ubiquitous that the words Hello World can be shorthand for an introductory teaching
task. Similarly, the microcontroller revolution has brought about its own version of
Hello World: Blink. This program toggles an LED attached to a microcontroller
on and off, usually at 1 Hz. As with Hello World, Blink shows an experienced user
that their tools are working and (by simple example) can build confidence in a new

student.

The development of ASPEN raised an
important question: What should the
first introduction to signal processing be
for students? That is, the equivalent of

Hello World. Several candidates were

considered, from the complex (spectrum
analyzers, guitar effect, etc.) to the sim-
plest (audio loopback). After several it-
erations, and discussions with students Figure 5.2: Partial ASPEN stack with Ar-
who had minimal experience with sig- duino, DSP Shield, and Danger Shield.
nal processing, a proposed answer was The controls on the Danger Shield are used
arrived at. to adjust the parameters of the filter run-

_ ning on the DSP Shield.
The result was a user adjustable band-

pass filter. Using three slide potentiome-
ters, the user can set the gain of the system, the width of the bandpass region, and
its center frequency. Because of the flexibility in setting the frequency limits of the

filter, it can become a low- or high- pass filter as well.
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Connecting a cell phone or MP3 player and a pair of headphones to the DSP Shield,
the student can change the filter characteristics in real-time and hear the effects on
audio. It can extract vocals or bassline and show how a low- or high- pass filter can
make a song muddy or tinny. This gives the immediate and visceral exposure to the

application and manipulation of filters, and their effect.

The system uses a Danger Shield (Spark-

Fun Electronics, Boulder, CO) as a

breakout board for three slide poten-

tiometers, shown in Figure 5.2 stacked

with a DSP Shield and Arduino Uno.

The DSP Shield is running the Shield

App and uses the included FIR filters

loaded from the microSD card. The Ar-

duino commands the Shield App to con- Figure 5.3: Slide potentiometer circuit di-
figure its filter chain according to in- agram.

put from the Danger Shield, allowing for

changes to the filters in real-time. The utility of the Arduino here is in the familiarity
of the device, allowing the most novice of users to not have to develop code for a new
device (the DSP Shield). The Danger Shield was chosen to speed setup and make
the user interface more robust and compelling, but the same demonstration could be
achieved with a simple breadboard and standard rotary potentiometers. Figure 5.3

shows the simple schematic for connecting these potentiometers.

Ultimately, the concept of a real-time, user-adjustable bandpass filter may or may not
be the conclusive answer to the question of Blink for DSP. Nonetheless, it provides a
compelling example that addresses the question. It provides a short path to student
success, a tangible experience for the student and a clear demonstration of the power
of the ASPEN approach.
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5.5 Student Projects Using the DSP Shield

A few groups of undergraduate students
at Stanford have taken advantage of
the DSP Shield to develop projects for
coursework. One example was a neona-
tal care device as a part of a class project
for EE153 at Stanford. This system was
designed to demonstrate the possibility
of remotely reproducing a mothers heart-
beat (demonstrated to be beneficial to

newborns) as a part of neonatal care [60].

The project was a collaboration between
the author and Tushar Gupta, then an
MSEE student. This system was de-

signed to remotely recreate the pulse of a Figure 5.4: Device to allow for transmis-
mother in real-time inside a stuffed ani- gjon of a mother’s heartbeat to a newborn,
mal which could be placed next to a new- using ASPEN components and a piezoelec-
born infant. tric transducer to reproduce a heartbeat

The DSP Shield and Analog Shield were signal in a stuffed toy.

used to acquire a PPG, a measure of the

heartbeat, obtained optically. The analog signal-conditioning circuity was simple, us-
ing only a dual op-amp as a transimpedance amplifier and part of a high-pass filter.
The DSP Shield provided most of the signal conditioning, including automatic gain
control and an 800-tap FIR filter for bandpass filtering. The resulting PPG signal
was output to a high voltage piezoelectric driver, (DRV2667, Texas Instruments, Dal-
las TX) placed inside a child friendly stuffed toy, as shown in Figure 5.4. Because
the flex of piezoelectric film transducer is not palpable on the surface of the toy at
low-frequency, the PPG was input to AM and FM blocks. Using a 100 Hz carrier, the

combined modulation scheme was chosen to maximize the tactile sensation generated
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by the transducer to recreate the heartbeat signal. ASPEN allowed the signal pro-
cessing portion of the project to be rapidly and simply developed. The entire project
was completed with only two students working part time over the course of a few

weeks.

Another example of undergraduate students using the DSP Shield for a project was
an automatic headphone equalization system, by a group of EE122A students in fall
2015. The purpose of the system was to improve the quality of low-cost headphones
and make their output more closely resemble that of more expensive headphones,
which generally have flatter transfer functions. To do this, the students proposed to
automatically generate an equalization filter to emphasize frequencies weakly repro-

duced by the low-end headphones and deemphasize the strongest frequencies.

The project used a DSP Shield, a white noise source circuit, microphones and speak-
ers. The students developed a program that used the DSP Shield to measure the
frequency characteristics of the noise output from the test headphones. This spectral
data was used to generate a filter in Matlab with inverse frequency response charac-
teristics to the headphones and the resulting filter run on the DSP Shield to improve
the performance of the headphones. The DSP Shield enabled a group of three under-
graduate students with no hands-on signal processing experience to take this project

from concept to completion in less than five weeks.

5.6 Integration with EE264

The deployment of the DSP Shield in EE264 was motivated by a previously identified
need to increase hands on, practical experience in coursework at Stanford. Prof.
Ronald Shafer teamed up with Prof. Fernando Mujica to add a hands-on real-time
signal processing component to his EE264 course. The theory portion of the class
focuses fundamentals of signal processing - some of the major topics covered in the

course are listed in Table 5.1.
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Topic

Discrete-time (D-T) random signals

Sampling, reconstruction, D-T filtering,
multi-rate systems.

Quantization in analog-to-digital conversion,
and oversampling.

Properties of linear time invariant (LTT) sys-
tems.

Quantization effects in fixed-point implemen-
tations of filters.

Digital filter design.
Discrete Fourier Transform (DFT) and FFT.
Spectrum analysis using the DFT.

Parametric signal modeling.

Table 5.1: List of topics covered in lecture EE264 at Stanford, week by week.
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Having been involved with the DSP Shield project during his time as Director of
System Architectures Lab at Texas Instruments, Dr. Mujica was supportive of its
application as the hardware component of the new lab portion of the course. The
decision was informed by several factors, including student familiarity with the Ar-
duino, simplicity of setup and deployment and portability. This allows for labs to
be performed at home and brought to office hours with questions. In contrast, the
previous DSP lab course at Stanford, EE265 was a dedicated 3-5 credit course where
students spent tens of hours per week with a DSP evaluation module tethered to a

desktop computer.

By incorporating a lab component into EE264, professors Schafer and Mujica sought
to introduce students to the challenges of practical implementation of real-time signal

processing algorithms, with as little impact to student workload as possible [61].

5.7 Comparison with EE265

In 2013, EE265 had been put on hiatus due to the retirement of its professor, Dr.
Teresa H. Meng, leaving a gap in the hands-on component of the Stanford signal pro-
cessing curriculum. EE265 focused heavily on the implementation of DSP algorithms
on a DSP evaluation board as opposed to the more theoretical focus of EE264. The
differences are clear in the structure of the labs. For example, students in the EE264
lab use Arduino style C++ to program their DSP while students in EE265 primarily
wrote in assembly, with support routines in ANSI C. Furthermore, the grading rubric
of EE264 generally does take code efficient into account, but EE265 had assembly cy-
cle count targets for implementations of algorithms (e.g., convolution of a signal with
a symmetric FIR filter) driving grading. Meeting these targets required that students
manage tasks like loop unrolling and manually using processor specific dual-multiply
and accumulate (“Dual-MAC”) instructions to parallelize individual calculations. In
contrast, EE264 focused on high-level learnings, abstracting away optimization work

that would arguably be better suited to an embedded systems course.
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These optimizations are automatically handled by modern compliers (including C++
compiler for the DSP Shield). This means that DSP algorithm implementations
generally no longer require such aggressive manual optimization, especially in the
educational and prototyping space. While there is value in teaching such concepts
and optimization, in a ten-week course such as EE264 or 265, they can serve as a

distraction from the core material rather than an enhancement to learning.

The material of the EE265 labs covers several of the same topics as EE264 includ-
ing quantization, frame processing, time- and frequency-domain filtering. The most
noteworthy parallel is found in the courses final project. In both cases, students
implement an Orthogonal Frequency Division Multiplexing (OFDM) communication
system, described in more detail below. Ultimately, A-B educational comparison
studies were outside the scope of this project, and would have been problematic given
the retirement of EE265. The metric for success was the performance assessment of
Prof’s Schafer and Mujica given the reduced time commitment on the part of students

when compared to the previous offering (one credit hour versus four)

5.8 Tools Developed In Support of EE264

In preparing to deploy the DSP Shield in EE264, there were several places where
existing libraries for the ASPEN system did not yet meet the needs of the course. As a
result, libraries and examples were developed or improved. The parts of these libraries
not specific to the exact structure of EE264 have since been included integrally in

Energia-DSP (yet another benefit of the open-source structure used in the project).

The most prominent tool developed for EE264 was the Matlab Serial library. Initially
developed by Reggie Wilcox, a teaching assistant for the course. The library consists
of two parts which together allow for simple, packetized communication between a
PC and the DSP Shield. At first glance, this may seem a superfluous addition to the
existing support for serial communication, but it fits well with the ASPEN ecosystem.

It abstracts and automates memory allocation and reconstruction of transferred vector
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data, as well as guaranteeing positive confirmation of receipt - an otherwise tedious
task unrelated to signal processing. The library also provides a robust interface to
define commands and pass arrays of data back and forth between Matlab and the
DSP Shield. This simplifies transmission of control information and data with a PC.
While a student could develop an alternative communication protocol using the DSP
Shield, it would likely be less robust than the library developed and the wasted time

would serve none of the educational purposes that the system is designed to address.

The library has a simple procedural in-

terface [61], with data transferred via

[ ] MatlabComm | Energia C5000-0.2f
function calls:
MatlabComm
sendLength = B8;
e serial connect(baudRate) establishes s S
parse(command);
a serial connection at the specified tceu SN

parse(connand);

baud rate.

e serial recv_array(data, length) re-

ceives a data array of length ele-

/¢ Send output array to Matlab
mentS sendLength = serial_send_array(output, recviength);
. } /7 Else, do nothing

e serial send_array(data, length) sends

a data array of length elements.

DSPShield V2 (5517) - Standalone Mode on /dev/tty.usbserial-SDSBV028

The library also includes a command
class to facilitate sending commands to
be executed on the DSP Shield. With
this library, a user can transfer a vec- Figure 5.5: Example program for the DSP
tor of data to be processed between a
PC and the DSP with a total of three

lines of code, including the library invo-

Shield using the serial communication li-

brary.

cation. Figure 5.5 shows a sample pro-
gram which receives a gain, offset and

array. It returns a modified version of that array, in eleven functional lines of code.
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Having a robust communication path to a scientific toolbox like Matlab allows for

algorithms to be and verified against a gold standard model developed in Matlab.

It also allows for piecemeal development,

with successive portions being transferred

from the PC side of the link to the DSP as they are verified. The code for the
library has been shared as a part of the ASPEN project and the Matlab portion can

be easily ported for use with other scientific toolkits and languages like Python and

SciPy, Java, or Lua.

5.9 Labs Zero and One, Introduction, Hardware,

and Software Setup

In the ten week EE264 course, students
complete six lab exercises, followed by a
final project. Experiments are assigned
weekly, until the final project which is
allotted four weeks. These exercises have
been chosen to correspond with materials
taught in the theory portion of the class

and build sequentially upon one another.

Labs Zero and One are assigned together.
The Lab Zero portion walks students
through setup of the DSP Shield and has
them verify that they can upload and
run some of the examples provided with
Energia-DSP. Lab One introduces stu-
dents to the features of the DSP Shield.
They are asked to control the LEDs, send

[ XeK) Loopback | Energia C5000-0.2f

DSPShield V2 (5517) - Standalone Mode on /dev/tty.usbserial-SDSBV028

Figure 5.6: Audio loopback example show-

ing the processAudio function.

and receive data from the shield via serial link, read the DIP switches, use the Matlab

Serial library and use the MicroSD card. These experiments comprise an introduction



CHAPTER 5. DIGITAL SIGNAL PROCESSING APPLICATIONS 129

to the hardware and its capabilities, to ensure that students are able to use the tools

for the following labs.

5.10 Lab Two, Software Flow Control

Lab Two introduces students to flow con-

Sample-by-sample processing

trol, interrupts, and ping-pong buffer

management.

The DSP Shield audio library, discussed
in Chapter Three automatically handles
buffer management. In addition to the

setup() and loop() functions, The user is

setup ()
loop ()
ISR()
Function
switch
delay
Block based processing
setup ()
loop ()
ISR()

Processing data in chunks instead of sample-by-sample saves substantial switching time.

provided a processAudio() function to fill
in. As seen in Figure 5.6, this function

. . Figure 5.7: EE264 lab two introduces stu-
has access to variables containing current

ready data as well as an empty output dents to the benefits of processing block-

buffer by-block to save context switching time

(after Mujica, 2015).
This lab covers the interrupt-based archi-

tecture of the DSP Shield audio library,

introducing the DMA mechanism used by the DSP Shield audio CODEC to asyn-
chronously fill a buffer in RAM on the DSP, without CPU involvement. When enough
samples are collected, this triggers an interrupt event, calling the processAudio() func-
tion. Students see the tradeoffs in block-based processing as opposed to processing
every sample as it arrives. Figure 5.7 [61] shows the tradeoff that students are in-
troduced to with block based processing. While the logic of the application can be
more complex than sample-by-sample processing, substantial context switching time
is saved because the interrupt service routine is executed less often. The experiment
also discusses ping-pong buffer management, used by the library to process incoming

data while a second buffer is filled by hardware using DMA in the background.
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float
rounded
/F truncated

Figure 5.8: EE264 Lab Three introduces students to the effects of truncation and
rounding. Shown here is a comparison of a floating-point value and its value when
rounded and when truncated.

5.11 Lab Three, fixed-point Arithmetic

Lab Three focuses on fixed-point arithmetic. It is designed to complement lecture
discussion of round off, quantization, and overflow. As such, it introduces students
to the specific sixteen-bit architecture of the DSP Shield. Implementation issues
that arise in fixed-point implementations are discussed. These include using twos
complement arithmetic, rounding, quantization, saturation, and overflow handling
are discussed, with specific reference made to relevant IEEE standards. Figure 5.8
shows a comparison of the effects of truncation and rounding of a number when

converting to fixed-point.
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5.12 Lab Four, Sample

Lab Four teaches rate conversion, asking
students to implement a simple karaoke
system. Students up-convert audio data
stored on the microSD card from 32 ks/s
to 48 ks/s. They also used the audio
CODEC to capture audio at 16 ks/s and
up-convert it to 48 ks/s. These two

streams, now at the same sample rate are

Rate Conversion
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x{n] T Upsample Lowpass Filter
— > = min(IL I
byL Fe =min({, )
1 L

Downsample | X[
>
by M

Sample Rate=  — —_—
ample Rate T T

Bl

Figure 5.9: Block diagram illustrating

sample rate conversion.

mixed and output on the CODEC at 48 ks/s. Students are asked to configure the
DSP Shield audio CODEC, develop their own FIR interpolation and decimation fil-

ters, and implement a rate-conversion function from scratch. Figure 5.9 shows a block

diagram of the rate conversion system students are asked to implement.

5.13 Lab Five, Hardware Accelerators

Lab Five uses the hardware FIR / IIR
filters built-in to the AIC3204 audio
CODEC on the DSP Shield. Students
first demonstrate the ability to set up
FIR and IIR filters on the CODEC. They
then build an algorithm to adapt the fil-
ter coefficients on a block-by-block basis,
coefficients provided by a pre-built PC
based Matlab script. Figure 5.10 details
the blocks of the audio signal chain on
the DSP Shield, including the hardware
accelerated (HWA) digital filters built

Input DSP Shield
<.| Hardware | i
ADC - Filter [ Prgggm
Output Hard
- < ardware |
< DAC Filter [
Audio Codec

Figure 5.10: Overview of CODEC hard-

ware accelerator (HWA) architecture used

by students in Lab Five.

into the audio codec. One filter is after the ADC and another is before the DAC.
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Students see how these accelerators can be used to implement additional filters with

no computational cost to the DSP core itself.

5.14 Lab Six, FFT

In Lab Six students are introduced to the FFT support included with the DSP Shield.
In this lab, students gain hands-on experience with FFT and inverse FFT functions.
They experiment with the effects of frame size, frame edges and scaling. They imple-
ment periodic and linear convolution using the FFT and inverse FFT and perform
basic spectral analysis. They are then introduced to optimized routines for real sig-
nals and implement circular convolution using the FFT. Using these tools, they are
asked to perform basic spectral analysis of an input signal and compare their results

with spectral analysis of the same signal performed in Matlab.

5.15 Final Project

In the first year of the EE264 lab, students finished the lab portion of the course by
undertaking a project of their choice. A list of approved suggestions was included,
as seen in Table 5.2. These projects focused on a broad array of topics, but all
span topics covered in the course and stretch students knowledge. In addition to the
predefined projects, students could submit their own proposals for projects subject

to staff approval.

Two example projects were focused on audio. The first, was a soft-clipping fuzz-box
by Woody Herman [62]. This project implemented a non-linear sigmoid function to
emulate the soft-clipping effect of vacuum tubes as well as a custom filter to create
a similar frequency response to a Vox ac30 guitar amplifier (Vox Amplification Ltd.,
Dartford, Kent, UK).
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List of Final Project Topics Suggested to
EE264 Students in 2014

Old-phone ring tone decoder

OFDM digital communication receiver
Adaptive filtering demonstration
Phase vocoder (aka, a pitch shifter)
Heart rate detector

Programmable audio equalizer

Tree-structured sub-band coding of audio
(MP3)

Time/frequency analyzer (spectrogram)
Digital FM/AM communications
Acoustic noise suppression

Active echo cancellation

Table 5.2: List of topics covered in lecture EE264 at Stanford, week by week.
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To address the creation of harmonics by this non-linear function, the signal was up-
sampled by eight times before the sigmoid distortion function was applied. The signal

was then filtered and down-sampled for output.

The impact of clipping with both a single-rate (non-up-sampled) hard clipping func-
tion and his soft-clipping up- and down-sampled sigmoid function, was measured
using an input chirp function. This showed the harmonics introduced by the hard
clipping function as opposed to the soft-clipping up-sampled function. He also imple-
mented an 8™ order IIR filter using the hardware IIR blocks in the audio CODEC.
This filter was developed with Matlab tools to produce similar frequency and phase
characteristics to the measured impulse response of the Vox ac30. The result was a
successful high-fidelity single function guitar effects pedal which behaves like a classic
vacuum tube device. This approach, however, could easily be modified to emulate
other devices. At first glance, this project might seem straightforward, but it clearly
demonstrates the power of the DSP Shield as a tool for understanding and manipu-

lating the behavior of real-world signals.

Leveraging the publicly available Physionet database, students were able to experi-
ment with a large body of pre-recorded ECG signals. In the project by Matthew Hu,
a wavelet transform was developed based on available literature for ECG heart rate
estimation [63]. The student implemented the transform using a filtering and down-
sampling bank, first in Matlab with a floating-point implementation and then on the
DSP Shield with a fixed-point implementation. The student successfully estimated
the heart rate of streamed datasets from the PC and displayed it on the DSP Shield
OLED display.

One project, by Terry Kong, implemented a phase vocoder system. Using the fast
lifting wavelet transform (FLWT) algorithm to estimate pitch, and a time-domain,
pitch synchronous overlap and add algorithm for pitch correction [64]. The FLWT
algorithm required the student to implement a high- and low- pass block, and then
down-sample the resulting signal to generate each successive set of wavelet coefficients.

The resulting wavelet transform was analyzed for the maximum valued bin and used
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to estimate pitch of the signal. This pitch estimate was used to control an overlap
and add algorithm to correct the pitch to a target. A similar project by Hanchel
Cheng and Sevy Harris [65] modified the tempo of a song using a beat estimation
algorithm from E.D. Scheirer as the basis for a tempo modification algorithm [66].
Again, using an overlap and add methodology, the students changed the rate of songs,

and demonstrated the efficacy of their algorithm using a metronome.

As a group, these projects demonstrate that students, following a few weeks of in-
troduction to the DSP Shield were able to build complex and useful systems. Their
diversity shows how the DSP Shield was useful for fairly wide range of tasks and

produced impressive results in a limited amount of time.

5.16 OFDM Final Project

Since the second year of EE264 students have been encouraged to pursue a more
structured final project, an Orthogonal Frequency Division Multiplexing (OFDM)
decoder. This project is a more fleshed out version of a suggested topic from the first
year. Prioritizing a single project provided logistical simplicity for the teaching and
grading staff while offering a more consistent emphasis of topics covered, albeit at the

expense of creativity.

In the OFDM algorithm, a signal is encoded by being split across several sub-carrier
signals in a given band, spaced evenly such that they do not interfere with each other.
The individual signals can be encoded by any one of a number of methods, although
quadrature amplitude modulation (QAM) is typically used. The inverse FFT is then
used to encode the signal and it is transmitted as a series of encoded frames. This
signal is transmitted along with a frame-start block, which contains a known signal,

providing synchronization and channel estimation [67].

Implementing an OFDM receiver requires students to develop several fairly challeng-

ing and complex sub-components. Figure 5.11 shows a block diagram of the major
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Figure 5.11: Block diagram of OFDM system implemented by EE264 students (after
Mujica, 2015).

parts of the system in the EE264 OFDM project. Students were asked to develop
a state machine, implement a channel prefix (CP) before each frame for alignment,
and frame synchronization using the CP. This was followed by Fourier transform and
frequency domain equalization of the channels using channel characterization infor-
mation recovered from the transmitted data. Finally, the equalized frequency domain

symbol data was passed to a QAM demodulation block to recover transmitted data.

The encoded data-stream was a text file sent as a baseband audio stream (20 Hz -
20 kHz) originated via headphone cable using the sound card of an attached PC. The
stream was created by encoding a text file into WAV format using a provided Matlab
ODFM encoder script.

Bonus points were awarded to students who implemented a channel estimation algo-
rithm using the CP and successfully transmitted data from the PC to the DSP Shield
using speakers and a standard electret microphone, as opposed to a clean wired audio

channel.

The OFDM project raised the minimum expectation of student project quality in
EE264 as compared to the first year the lab was offered. The success of most students
in undertaking this project in a three-week window validates the utility of the DSP

Shield for teaching DSP concepts in a course.
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It is also striking how similar this project is to the final project from the EE265
curriculum. Both projects require students to implement a baseband OFDM decoder
to process and return a block of text encoded a Matlab application running on the
PC. Additionally, both courses require students to handle channel prefix, address
and block processing issues, use QAM to encode transmitted symbols, and have an
optional component for channel estimation and correction. The parallels between the
two projects and success in teaching the same topic with a smaller time commitment
using the DSP Shield demonstrates the power of the ASPEN approach to signal

processing prototyping and education.

5.17 Conclusion

The combination of the introductory Shield App for novices and Energia-DSP for
more experienced students helps demonstrate the utility of the DSP Shield as a tool
for students of several skill levels. The use of the DSP Shield in Stanfords EE264
is of particular note. Profs. Schafer and Mujica have been successful in using the
tools to bridge the gap between a theoretical and practical course with a reduced
time commitment when compared to the previous EE265 course. Students in EFE264
have been able to practically implement DSP algorithms in a real-time standalone
system, including the complex OFDM algorithm, the same final project as required
in EE265. Not only have students successfully covered the material of the course, but
several teams have taken the opportunity to branch out and apply DSP tools to topics
of their own interest, flexibility that was not feasible with the previous approach to
teaching DSP. This suggests that the approach taken with the ASPEN platform can

help students and teachers recapture time spent on low-learning value work.



Chapter 6

Biomedical Applications

6.1 Motivation

One of the major motivations for designing ASPEN platform was the need for tools
to ease the development of biomedical instruments. A system that can easily acquire
and manipulate biomedical signals in real-time serves two main purposes. First, it
improves the tools available to teach biomedical instrumentation. Second, it increases
the pool of people who can build systems. This allows students, scientists and others
to safely acquire and manipulate biomedical signals without involving an engineering
team, encouraging experimentation that might not otherwise happen. This is similar
to the way the Arduino platform has been applied to general embedded systems tasks

by scientists and engineers.

6.2 Background

As described in prior chapters, the Arduino platform is the most successful example
of a revolutionary design shift that has made embedded platforms more accessible. A

handful of tools for biomedical sensing development have been developed along these
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lines. Among these are the Arduino derived Bitalino (Plux, Lisbon Portugal)[68] and
the MySignals (Libelium, Zaragoza, Spain)[69] which uses the Raspberry Pi platform.
They differ fundamentally from the ASPEN approach, however. These systems are
built to simplify connecting pre-built sensors on breakout boards to a microcontroller.
They are not optimized for real-time signal processing, nor do they facilitate sensor
design. Additionally, these systems are expensive, priced from hundreds to thou-
sands of dollars depending on model and configuration. The high prices limit their
market appeal and excludes many students. While these platforms can make access-
ing biomedical signals simpler, the approach hides the details of signal acquisition

circuitry inside a black box.

Using ASPEN for biomedical instrumentation serves a fundamentally different pur-
pose. It facilitates the development of novel circuits for acquiring and manipulating
these signals. The Analog Shield offers a high-ENOB and high-SNR. Additionally,
the close coupling of the DSP Shield with this acquisition system enables control, fil-
tering and analysis not feasible using off-board post-processing. This makes ASPEN
well suited to developing new architectures for biomedical signal acquisition and to
teaching the principles and pitfalls underlying biomedical signal acquisition. This is

in contrast to the pre-existing Arduino & breakout board style approach.

Additionally, because the design of ASPEN is well suited for a broad range of signals,
it is useful for a larger audience. This could enable lower costs (due to manufactur-
ing volume) and more robust tools (due to community involvement) than previous

systems for biosignals.

One might develop a similar tool working with new ARM-based embedded system
prototyping boards, but current general signal-processing libraries are sparse on these
platforms. Furthermore, none of these systems have been optimized for acquiring and

manipulating biomedical signals - the intersection of these capabilities is new.
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6.3 Serving Scientific and Teaching Needs

To demonstrate the utility of ASPEN both as a platform to simplify the construction
of biomedical circuits, two projects were undertaken. The first was a single channel
ECG circuit to demonstrate its utility as a tool for teaching biomedical circuit design.
This system was compared to the reference circuit used for teaching at Stanford as

well as a commercial off-the-shelf ECG system.

The second project demonstrated the utility of ASPEN for developing unique biomedi-
cal systems. A novel DC-coupled ECG-signal-acquisition system was developed which
addresses the standing need for a fast-settling, high-gain ECG front-end. This design
was made practical by the capabilities of the DSP and Analog Shields.

6.4 The ASPEN platform for DC-coupled ECG

Most current clinical-grade diagnostic ECG systems are AC-coupled with a high-pass
filter at 0.05 Hz, as recommended by the Association for the Advancement of Medical
Instrumentation (AAMI) [70], while ambulatory ECGs can have a high-pass of 0.5 Hz.
These filters are the cause of several challenges in ECG systems. The time-constant
of the AC-coupling filter leads to long signal-settling times, which can result in missed
beats after large voltage excursions (e.g. lead-off events or patient motion). Choosing
a higher cutoff frequency for the AC-coupled filter to alleviate this problem can lead
to distortion of ECG waveform features, which can mask clinically relevant problems
such as S-T segment elevation [71]. The advent of low-cost, high-performance ADCs
which provide sufficient dynamic range make an alternative approach - DC-coupled
ECG - viable. As discussed below, some recent, highly integrated front ends could
be used as DC-coupled devices. Evidence of use in this manner is lacking however,
due in part to the long development cycles of commercial ECG systems and the
lack of visibility of problems with settling times, because clinicians are used to these

limitations.
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Additionally, the DC-coupled design of ASPEN makes the system useful for multiple
types of biomedical signals, all of which have components at frequencies below the
20 Hz cutoff of traditional audio systems. For example, a PPG signal generally has
dominant components in the range of 0.5 to 5 Hz [72], respiration is 0.05 to 1.5 Hz

[73], and seismocardiograms have frequencies in the 0.6 to 100 Hz range [74].

The proposed architecture provides higher gain than previous DC-coupled ECGs,
while digital control allows for much shorter settling times than an AC-coupled sys-
tem. This can help address the longstanding need for fast settling ECG systems,
especially for the emerging mobile health market [75].

6.5 ECG Signal Background

Understanding the design of an ECG system requires a high level grasp of the ECG sig-
nal and how it is acquired. The electrocardiographic signal arises from the repetitive,
sequential electrical discharge of action potentials in several billion myocardial cells.
This causes contraction of the chambers of the heart in a specific sequence, in order
to circulate blood throughout the body. In the process of firing, each cell retransmits
the contraction signal to its nearest neighbors. It then experiences a short refractory
period following this transmission, preventing the signal from propagating backwards
to cells already triggered in that cardiac cycle (under normal circumstances). The
resulting ECG waveform consists of a series of defined complex shapes and intervals,
reflecting the excitation of various segments of the heart. These parts of the ECG
waveform, shown in Figure 6.1 arise from the physical structure of hearts conduction

system and musculature.

Because the signal is physically created within a non-homogeneous volume conductor,
it cannot be modeled using point-charge concepts familiar to most electrical engineers.
Observations of the ECG signal made from differing placements of electrodes produces
various projections of the underlying cardiac vector. This vector can be modeled as a

voltage gradient that rotates in space over time. These different placements produce
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Figure 6.1: The ECG waveform arises from electrical impulses in cardiac cells. The
externally-recorded signal is the far-field sum of signals from groups of cells depolariz-

ing in an organized spatio-temporal sequence (used with permission from Malmuivo,
1995).
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signals that emphasize different portions of the heart as illustrated in Figure 6.2 [76]

and can aid the identification of cardiac conditions.

Observed at the surface of the torso, the signal
ranges from 0.5-4 mV, and has frequency com-
ponents that are generally in the 0.05 to 150 Hz
range [70], arising from the combination of slowly
varying components like the P and T segments
as well as higher frequency components like the

sharp QRS complex, seen in Figure 6.3 [77].

These factors inform the sensitivity and band-
width requirements of any ECG acquisition sys-
tem, as well as the filtering trade-offs that must
be made in such designs. Non-clinical designs,
such as simple heart rate monitors may employ
much higher cutoffs for the high-pass filter and
lower cutoffs for the low-pass. The AAMI specifi-
cation for diagnostic ECG devices (EC11) from
0.05 Hz to 500 Hz, with limited attenuation
(<30%) of test signals between 0.67 and 150 Hz
[70].

Lead I T “I'Lead I

Figure 6.2: ECG vector evolution
in time and how its projection ap-
pears on standard ECG leads I, 11
and III (after Malmuivo, 1995).
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6.6 Non-cardiac Sources of

ECG Signal Corruption

Typically overlaid on the ECG are sev-
eral in or near-band corrupting sig-
nals. These include other physiologic
signals arising from muscle movement
and electrical activity in other organs.
Pickup of these in-band signals is typi-
cally minimized through a combination
of electrode placement and restriction
of patient movement. There are non-
biological sources of interference as well,

including powerline noise and DC offset.

The first, 50 or 60 Hz powerline fre-
quency is present in nearly all modern
environments. There are several com-
mon approaches to mitigating this sig-
nal. It is fortunately generally uniform
across a subjects body, appearing at all

inputs nearly equally. It can therefore be

QRS
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Figure 6.3: ECG waveform, highlight-
ing major segments (used with permission
from Agateller, 2007).

addressed by designing the ECG input circuitry with a high common-mode-rejection-

ratio (CMRR). The most critical technique is the use of an instrumentation amplifier

(TIA) with a high CMRR as the first gain stage of the system, as well as careful match-

ing of any differential passive input components. This results in dramatic attenuation

of the common mode signal. An IA such as the LT1167 (Linear Technology, Milpitas,
CA) used in all three circuits described here has a minimum 90 dB of CMRR [78].

Additional techniques can be used to improve this rejection ratio. A right-leg-drive

system uses an op-amp to track the common mode voltage of an ECG lead, and uses

another op-amp to drive the body itself to partially cancel the common mode signal.
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Additionally, a sharp 50/60 Hz notch or comb filter can be applied. Designed to
remove the 50/60 Hz signal as well as the first few associated harmonics, such a filter
can greatly attenuate the component of the common mode signal not attenuated by
the CMRR of the system.

A second less predictable problem is DC offset induced the interface between elec-
trodes and the body. As described in detail in [79], this complex interface can be

modeled as the sum of several offsets, as seen in Equation 6.1.

V,=E°+V, +V.+V, (6.1)

The first term, E°, is the half-cell potential formed by the interface between the
conductive electrode and the electrolyte gel on the skin. This value is determined by
the chemistry of the electrode material used. This voltage is defined by the Nernst
potential, given in Equation 6.2, where al and a2 are the activities of the ions on
each side of the membrane. For typical Ag/AgCl chemistries used in most of these

experiments and typically in clinical disposable electrodes, this is 0.2 V.

RTI al

E=EFE"— —"1In—
nkF na2

(6.2)
The next term V, is the ohmic overpotential, defined by the resistance of the elec-
trolyte. The third term, V. is the concentration overpotential, due to the changes
in ion concentration near the electrode/electrolyte interface. The final term, V, is
the activation overpotential is due to the activation energy of the chemical reaction
at the membrane boundary. Furthermore, offset is affected by the electrode-body
interface as shown in Figure 6.4. This results in a variable impedance affected by a
myriad of factors including physical contact area, pressure, perspiration, and prior
skin abrasion. Electrode-to-electrode differences in these factors can affect the offset

voltage.
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This offset will differ when observed across different electrode pairs (leads), due to dif-
ferences in each of the aforementioned parameters due to skin conditions and chemical
conditions at the interface. Additionally, the offset can shift over time as a patient
physically moves, modifying the contact surface of the attached electrode - creating
so-called motion artifacts. The overall offset can be as much as 300 mV [70], but in the
past a paper chart recorder or cathode ray tube) reaches its maximum input voltage.
As a result, most existing ECG systems include a high-pass filtering node at some
point between the circuit electrode and the analog-to-digital converter to remove the
DC offset.

6.7 'Tradeoffs Between AC- and DC-Coupled Sys-

tems

Because the ECG signal arises from the electrical activity of the cardiac cells them-
selves, the precise shape of this waveform as well as the relationship between waveform
cycles has great clinical value [80]. Therefore, preserving the shape and amplitude of

the complex shape is valuable in a medical-grade ECG system.

To address the problem offset in ECG leads, the most common approach has histor-
ically been to incorporate a high pass filter in the signal chain [81]. The high-pass
filter has several effects. The key function is the removal of the DC offset of the ECG
signal, allowing for much higher gain in the circuit. The low cutoff frequency, how-
ever, can mean long settling times for any large change in signal offset. Additionally,
as discussed above, the lack of true DC measurement of the signal can distort certain

important markers of impending cardiac events [71]
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If a high-pass filter is placed after the

switching point (multiplexer) in a multi- Electrode

channel system using a single ADC, it

dramatically limits the speed at which Gel

the inputs to the signal chain may be

Epidermis

switched. This is due to the settling time
of the filter, which must settle to the
mean voltage of a new lead. A worst-case
step function in ECG DC offset could be
as much as 600 mV lead-to-lead.

1-4mm

Dermis and subcutaneous
Using Equation 6.3 from [82], we can cal- layer
culate the number of time constants re-
quired for an ADC to settle to within
one-half least significant bit. For a 15-bit
ENOB converter like the Analog Shield

this means a delay of 117 before acquisi-

Figure 6.4: Layers of material affecting the
impedance between the electrode and the

body.
tion.

#least significant bits) (6.3)
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To resolve a 1 mV ECG signal with a clinical grade 0.05 Hz cutoff high pass filter, the
RC time constant would be 7 = 3.2 s. This means that such a high pass filter would
impose a settling delay of more than 33 seconds after each channel switch. Such a
long delay prevents the design of a practical system that uses a single front-end to
poll several electrode combinations in rapid succession (e.g., polling several channels
sequentially at a Nyquist rate of 300 s/s for the 150 Hz bandwidth required for an
ECG system) to create quasi-simultaneous sampling. Instead, a system which records
one lead at a time for a span of several minutes might be developed, but such a system
would be cumbersome to use and would not allow multiple simultaneous projections

of the cardiac vector to be recorded. Additionally, current clinical practice assumes
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Figure 6.5: A typical AC-coupled ECG. Note the inclusion of a high-pass filter for
each lead.

that simultaneous projections are recorded [80].

To address this limitation two approaches to building a multi-channel ECG can be
taken. Most commonly, the signal chain has been duplicated for each lead. This
includes at least one IA and high pass filter per channel, allowing each HPF to stay
settled between samples. Additionally, the capacitors of these high-pass filters present
a challenge to integration in a monolithic CMOS device. This duplication results in
increased complexity and cost, however. Additionally, it can limit flexibility, as shown
in the multi-channel ECG system diagram in Figure 6.5. In such a system, electrode
combinations cannot be changed when the system is operating, although some de-
signs have addressed this limitation by including an additional set of signal steering
switches before the IAs. The problem of circuit duplication is more pronounced in
electroencephalogram (EEG) systems, which can have hundreds of electrodes [83].
Commercial EEG font-ends such as the ADS1299 (Texas Instruments, Dallas, TX)
have been designed using this approach, although a full EEG system may still require

many of these ICs to acquire all channels.
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Figure 6.6: Basic DC-coupled multichannel ECG System. Analog system complexity
is reduced at the cost of higher digital performance requirements. In the last few
years, this has become a viable approach and has appeared in some integrated ECG
front-end ICs, such as the ADS-129x (Texas Instruments, Dallas, TX) and ADAS-
1000 series (Analog Devices, Norwood, MA).

An alternative approach is to remove the high-pass filter entirely. This dramatically
reduces circuit complexity for multi-channel ECG systems. The cost to this choice is
that DC offset of the signal is not removed. This offset is amplified by the system front
end and is much larger than the signal of interest. Therefore, to prevent saturation of
the amplifiers or ADC (with maximum voltage ranges dictated by the system power
supply rails), the gain of the system must be much lower. For a system with +5 V
of dynamic range, this is typically on the order of 10-20 instead of 200-500. Figure
6.6 shows a general example of a common DC-coupled circuit topology. The advent
of low-cost, low-power ADCs, such as those of the sigma-delta type has made such

designs commerically feasible.
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As aresult, the smaller AC component of a less amplified ECG signal is overlaid on the
large amplified DC-offsets to the signal. Thus, the ADC in a DC-coupled system must
have a large dynamic range [84]. Equation 6.4 shows that resolving an (unamplified)
ECG waveform of 1 mV peak-peak with 100 steps (producing 10 xV resolution), and
have the ADC not saturate with 300 mV of offset, an ADC with at least 14.9-bit
effective resolution must be used. In practice, signal processing techniques such as

oversampling can be used to relax this requirement slightly:.

#1 = —log, (

maximum offset voltage
minimum step voltage

6.8 Prototyping the system using ASPEN

As discussed, the ASPEN platform is well suited to the task of ECG systems devel-
opment. It has an appropriate ADC and DAC and the DSP Shield enables the rapid
implementation of filters, rate converters, and control systems with only a handful of
lines of code. All of this might be out of reach for a biomedical researcher without

the powerful abstractions implemented here.

The task of prototyping an advanced DC-coupled ECG system was undertaken as a
staged development process, with validation steps along the way. First, a low-parts
count single channel system for education was developed, followed by a state-of-the-
art multi-channel system and finally a novel, experimental high-gain multi-channel
system with nonlinear filtering was created. This approach resulted in three reference
designs of increasing complexity, demonstrating the utility of the ASPEN system as
a tool for both teaching and for research. For these experiments, the DSP Shield was
used in standalone mode, and was coupled with the Analog Shield as a front-end,

power supply, and prototyping platform.
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Figure 6.8: Typical single lead ECG circuit with offset cancellation.

6.9 Single Channel ASPEN DC-Coupled ECG

The first ECG system developed using ASPEN was an educational, low part-count
single-channel DC-coupled ECG, shown in Figure 6.7. Estimating an optimistic maxi-
mum electrode offset of approximately £200 mV, a gain of 25.7 was selected. Because
the R-peak (the largest amplitude component of the ECG waveform) is only a few
millivolts, the DC offset can be considered as the primary component of the ECG
waveform for dynamic range considerations. By choosing a gain of 25.7, the ADC will
see approximately 5 V at its input with the maximum offset, meaning that an ECG

signal can be digitized without saturating the DC-coupled front-end in all cases.

Using the Analog Shield as a signal acquisition system, the front end circuit is com-
prised of a single LT1167 INA (Linear Technology, Milpitas, CA) for amplification

and an RC low-pass filter with a cutoff of approximately 154 Hz for anti-aliasing.



CHAPTER 6. BIOMEDICAL APPLICATIONS 152

With a single active component, the circuit is a robust, simple to construct single
lead ECG system. It provides similar performance to, but is more educationally use-
ful and open than an off-the-shelf single channel ECG evaluation kit. The LT1167
has an input voltage range of Viyppiy— + 2.1 V to Viyppiy+ — 1.4 V, and can be used
with the £7.5 V supply of the Analog Shield for designs with a +5 V range.

For comparison, Figure 6.8 shows a circuit diagram for a single channel ECG circuit.
This specific circuit has historically been introduced to students in an undergraduate
introductory course on biomedical electronics (EE122B) at Stanford University as a
canonical ECG circuit, typically taking students several hours to design, construct,
and test. It uses an op-amp as part of an integrator circuit to provide DC-offset
correction. This effectively AC-couples the circuit through feedback input to the ref-
erence pin of the LT1167, removing the DC component of the signal. As a result, this
design still suffers from common mode-range limitation issues of other DC-coupled
designs. The offset corrected signal is fed to a second gain stage then to a 2"? order
Sallen-Key low-pass filter. While offering good performance for a settled signal and

high gain, the circuit requires design and construction of four amplifier stages.

In contrast, the simplified ASPEN DC-coupled design moves most of the filtering
into the digital domain. This decreases the amount of time required to prototype
the system, while simultaneously allowing for implementation of a higher order filter.
Before output via serial for display on a PC, the acquired signal is pre-processed on
the DSP Shield with a 67-tap FIR low-pass filter with a cutoff of 135 Hz, shown
in Figure 6.9. This filter was implemented using the DSP Shield SPL described in
Chapter Three. Realization of the filter using the SPL requires only three lines of

code: definition of coefficients, initialization, and a call to process a buffer.

By moving the filtering to the digital domain, not only can a steeper high-frequency
cutoff be achieved, the filter design itself becomes more flexible, as students can ex-
periment with the impact of different filter designs more easily than in a traditional

system. Additionally, the reduced rejection of out of band signals resulting from the
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Figure 6.9: 67 tap FIR low-pass filter with an Fc = 135 Hz, used in DC-coupled ECG
before downsampling.
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use of a first-order anti-aliasing filter presents a teaching opportuinity. Demonstra-
tions of high-frequency out of band noise sources like an LED lamp with a switched-
mode driver could be used to demonstrate how a digital post-processing filter cannot

filter out aliased noise, which higher order anti-aliasing filters can reject.

6.10 DC-Coupled ECG Performance

To evaluate the performance of the ASPEN DC-coupled ECG circuit, it was compared
to both the EE122B teaching circuit and an off-the-shelf AD8232 single-lead heart rate
monitor evaluation board (SparkFun Electronics, Niwot, CO), using a commercial,
off the shelf AD8232 IC (Analog Devices, Norwood, MA). This highly integrated
IC is a representative component might be found in a high-end consumer or non-
clinical medical device, such as a wearable cardiac monitor. Several aspects of each of
these circuits were characterized, including input referred noise, SINAD, and CMRR.

Additionally, for each device, a real ECG signal was also recorded.

Data acquisition from all circuits was performed using an Analog Shield and a DSP
Shield. In the case of the reference circuits no additional filtering was applied and a
sampling rate of 480 s/s was used with a 154 Hz anti-aliasing filter. For the ASPEN
DC-coupled circuit (as well as later circuits developed), a sample rate of 2400 s/s was
used, which was down-sampled to 480 s/s after applying the aforementioned 135 Hz

FIR filter described above as a rate-conversion filter.

Figure 6.10 shows some key performance parameters of the ASPEN DC-coupled cir-
cuit. For comparison, Figure 6.11 shows the same parameters in the previously used
teaching circuit and Figure 6.12 shows the reference commercial AD8232 system, in
the form of a SparkFun Electronics Single Lead Heart Rate Monitor (SparkFun Elec-
tronics, Boulder, CO). The AD8232 is configured on this board with a bandwidth
from 0.05 Hz to 45 Hz and a gain of 100. In all cases, the reference sinusoidal input
was generated using an SR780 dynamic signal analyzer as a signal generator. The

output was 4 Vpear—pear Passed through a passive resistive divider network, with a
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ratio of 1000:1, and connected to the ECG lead input terminals of the circut (no
electrodes were used). The SR780 was then set to put out a 3 Vjear—peak, 2 Hz signal
(except for the EE122B reference ECG with a 4 Vjeqk—pear signal).

The grounded, input referred peak-to-peak noise of the 1 lead ECG is 77 uV, com-
parable to the 67 pV of the AD8232, but worse than 27 uV of the EE122B circuit.
This higher performance is expected, due to the higher gain in the first stage, which
(as expected, per the device datasheet) reduces the effective input referred noise of
the LT1167 [78].

The ASPEN DC-Coupled ECG has an SNR of 39 dB. While this is inferior to the
53 dB SNR of the high gain (A = 2200) EE122B circuit, it is comparable to the 42 dB
SNR of the AD8232 system, and more than adequate for resolving an ECG signal, as
seen in the bottom left plot of Figure 6.10.

Figure 6.13 compares the CMRR performance of all three systems from 1 Hz to
100 kHz. Measurements were performed using an SR780 as a signal source. At
each sample frequency a 1 V amplitude common mode signal was input to a pair of
lead inputs. The CMRR performance of all three systems is similar. As expected, the
EE122B circuit has slightly better performance due to high gain and the DC-Coupled

circuit has similar performance to the AD8232.

In all three cases, the CMRR rolls off from DC to the cutoff of the various system low-
pass filters. In the case of the ASPEN DC-coupled ECG, the step closely matches the
filter frequency response seen in Figure 6.9. Above this cutoff frequency, the CMRR
again rolls off as frequency increases. This is expected behavior as the filters of each
system effect measured CMRR outside of their pass-bands. As with the SINAD and
input-referred noise, the DC-coupled ECG performs well, with similar performance to
the integrated AD8232 and somewhat degraded performance compared to the more

complex EE122B circuit.

Additionally, as expected, the DC-coupled system provides a dramatically improved

settling time to major input excursions when compared to the AD8232, as configured
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Figure 6.10: DC Coupled single ECG performance, showing 77 pV,;_pi of grounded
input-referred noise (top), An SNR of 39 dB with a 2 Hz, 3 mV peak-to-peak sine
wave (middle), and an actual recorded ECG (bottom). Frequencies of interest are
DC to 150 Hz.
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Figure 6.11: EE122B teaching ECG circuit performance, showing 27 pVpr_p, of
grounded input referred noise (top), A SNR of 53 dB with a 2 Hz 4 mV peak-to-
peak sine wave (middle), and an actual recorded ECG (bottom). Frequencies of

interest are DC to 150 Hz.
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Figure 6.12: AD8232 ECG evaluation board, showing 67 pV,;_pi of grounded input
referred noise (top), An SNR of 42 dB with a 2 Hz 3 mV peak-to-peak sine wave
(middle), and an actual recorded ECG (bottom). Frequencies of interest are DC to

150 Hz.
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Figure 6.13: CMRR of each of the systems, plotted from 1 Hz to 100 kHz. Roll-off
above 150 Hz is due to the filtering schemes implemented in all three devices.



CHAPTER 6. BIOMEDICAL APPLICATIONS 160

ADS 8232 settling to step response
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Figure 6.14: Comparison of the step response of an AD8232 and DC-coupled ECG
to a 7 mV 100 Hz sinusoidal input. The AD8232 takes approximately 2.5 s to settle
to within 5% of full scale of its final value while the DC-coupled ECG settles in
milliseconds.

on the SparkFun evaluation board used here. Figure 6.14 shows the response of both
the AD8232 and DC-coupled ECG to step inputs (power on of a 100 Hz sinusoidal
signal). The DC-coupled system responds nearly instantaneously, while the AD8232
takes several seconds to settle. The EE122B circuit (not shown) performs similarly

to the AD8232 circuit, taking several seconds to settle to a large step input.

Table 6.1 summarizes the performance of the three devices. Overall the performance
of the DC-coupled ASPEN 1-channel ECG circuit is comparable to the AD8232 de-
vice. While the system has worse noise performance than the high-performance ref-

erence teaching circuit from EE122B, it represents a good trade in terms of design
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Device Input SINAD CMRR @
Referred (dB) 5 Hz (dB)
Noise
(M‘/;?eakfpeak)

ADS8232 67 42 79

Old EE122B 27 53 81

New DC-Coupled 77 39 78

Table 6.1: Comparison of performance specifications of ECG devices.

and construction complexity for adequate signal quality. A single rail 3.3 V design,
like the AD8232 would be limited to a gain of ~ 5x if DC-coupled due to the lower
voltage supply rails, although such a design could easily be modified to reference the
ADC to the appropriate supply voltage, mitigating the problem. Additionally, the
techniques developed for the hybrid DC-AC circuit described later in this chapter ad-
dress the challenge of offset in a DC-coupled ECG, and could be applied to a circuit
with any supply voltage.

Additionally, the larger component count of the EE122B circuit offers many more op-
portunities for students to make errors during construction. It also makes correction
of design errors (e.g., an improperly chosen filter cutoff) cumbersome as several com-
ponents must be changed to adjust a filter. In contrast, the simplified single-channel
circuit leaves less room for such errors and allows for quick correction of poor filter
design choices in the digital domain. This facilitates the same real-world learnings in

a shorter time.

Finally, the DC-coupled ECG has the advantage of fast step-input settling times, a

capability that is more critical in circuit designs described later.

While the DSP Shield could be used to filter the outputs of either of these other
circuits, the design is a positive demonstration that the system as a whole enables

the construction of a simple ECG circuit with good performance.
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6.11 Multi-channel DC Coupled ECG

The second design phase focused on a DC-coupled eight-input ECG circuit. The
unusual architecture uses two 8:1 multiplexers connected in parallel to a set of eight
electrodes. Multiplexing was moved as far forward in the circuit as possible to decrease

system complexity as compared to conventional multi-channel ECG designs.

These multiplexers enable the system to be used to sample arbitrary electrode com-
binations in rapid succession. Eight software-defined combinations of electrodes are
used to acquire various leads. This number is only a software limitation, the system
could be configured to acquire any number of permutations of the eight electrodes
with an adjusted sample rate. The leads are sampled sequentially, with the software
configured to sample each of the eight leads at 2,400 samples/second for a total system

sample rate of 19,200 samples/second.

A fully DC-coupled architecture for a multi-channel ECG has several benefits. Nat-
urally, the lack of a high-pass filter reduces design complexity and component count.
More importantly, without the long time constant induced by the AC-coupling capac-
itor in the high-pass filter there is no substantial settling delay when the electrodes
connected to the TA are switched. This means that a single fast IA may be used for
the entire system, as opposed to the need for one device per channel in an AC coupled
system. Additionally, because the electrodes are DC-coupled, mismatched capacitors
do not cause phase mismatch between channels, which can present a problem in high

fidelity AC coupled systems.

Alleviating the need for multiple IAs in a multi-channel system is beneficial because a
quality IA generally costly - typically several dollars [85]. Modern ECG front end ICs,
such as the ADS1298 (Texas Instruments, Dallas, TX) [86] and the ADAS-1000 series
(Analog Devices, Norwood, MA) [87], however, still use multiple IAs integrated onto
the chip. The ADS1258 (Texas Instruments, Dallas, TX) [88] includes multiplexers
before the IA and is an example of a recent device that could be used to implement a

similar architecture for an ECG, although it does not appear that a multi-channeled,
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DC-coupled, single-TA topology has been applied to an ECG acquisition system to
date, with all device developers having chosen the more conservative approach of

duplicating large segments of the signal chain.

In this new topology shown in Figure 6.15, the only components not multiplexed are
the first order passive anti-aliasing filters. This is in contrast to the architecture seen

in Figure 6.6, which uses one TA per channel.

6.12 Filter Matching in a Multi-Channel System

In the case of the ASPEN multi-channel ECG, the input user protection resistors,
usually on the order of 1-5 MQ are used as part of a simple 1°* order RC anti-aliasing
filter to reduce component count. In the experimental circuit, 1 M¢) resistors and
1 nF capacitors were used, creating a filter with a nominal 159 Hz cutoff, as seen to
the left of the analog multiplexer in Figure 6.15. By dedicating a simple 1% order
RC filter to each lead, but not dedicating a single amplifier per lead, an important
tradeoff is made. While amplifiers are de-duplicated, the number of capacitors used
in the anti-aliasing filters is doubled - and matching of these capacitors becomes a
concern for maintaining circuit CMRR, as any component mismatch turns common
mode signals into differential signals. This tradeoff presents a challenge, as matching
can be problematic, especially when prototyping. In a mass-produced system the
problem might be addressed in several ways, including use of laser trimmed compo-
nents, trimmer components, or by integrating the components onto an IC version of
this circuit. The largest challenge in integrating this design on an IC is the 1 nF
capacitor in the anti-aliasing filter on each channel. While some design tricks might
be applied, these capacitors are generally too large to be expected to be included on

an integrated device.

To obtain tightly matched capacitors, a group of twenty nine +1% capacitors was
tested and from those, the most closely matched set of eight was chosen, resulting in

+0.36% matching, with the closest pair at better than 0.2%. The input protection
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Figure 6.15: Multi-channel ECG system as implemented on the DSP Shield. Note
how the topology allows IAs to be de-duplicated, as compared to the multi-channel
system in Figures 6.5 and 6.6.

resistors were also similarly binned. A set of 35 +1% resistors resulted in +0.09%

matching. The binning process minimized the impact of mismatch on the system,

but it is clearly still a concern. Resistors matched to +0.1% and capacitors matched

to +1% are readily obtainable from commercial sources.

Given the filter Equation 6.5, we can estimate the worst-case mismatch between any

differential pair of RC input filters. This will be the difference between the filter

cutoffs using the worst-case value for each component. Using Equation 6.5 £0.1%

resistors and £1% capacitors result in an f, = 2.86 Hz.
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Figure 6.16: The CMRR of a mismatched differential RC-filter versus frequency for
0.1% matched resistors and 1% matched capacitors.

Mismatch turns common mode signals into differential ones and negatively affects
the CMRR of the system. Equations 6.7 - 6.9 show how a common mode signal is

converted to a differential signal via component mismatch.
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Effect of capacitor mismatch

Fc =159 Hz
Fc =339 Hz
Fc =796 Hz [—
Fc =1326 Hz
Fc=1941 Hz
Fc =3386 Hz
Fc =7958 Hz

Vcm (dB)

0 500 1000 1500 2000 2500 3000 3500 4000 4500 5000
Frequency (Hz)

Figure 6.17: Sweep of cutoff frequency of mismatched RC filters with 0.1% resistor
and 1% capacitor matching. Highlighted in red is the 150 Hz band of interest for
ECG.

The mismatch of the R’s and C’s can be understood as a mismatched pair of frequency
dependent voltage dividers. Observing the differential output of a combination of the
most mismatched possible components (i.e. resistors maximally mismatched in one di-
rection and capacitors in the other), we see the worst case filter CMRR. Because both
halves of the differential filter attenuate frequencies well above the cutoff frequency
and do not attenuate frequencies below the cutoff, the impact of this mismatch peaks
there. Figure 6.16 shows the differential gain of a common mode signal for a worst
case mismatch of easily obtained 0.1% resistors and 1% capacitors in a nominally
159 Hz low-pass differential RC-filter.

The mismatch results in a minimum 41 dB CMRR for the differential filter, around

159 Hz. At lower frequencies, the impact of mismatch is substantially less.

By changing the cutoff of the RC-filter, the frequency of the worst case CMRR. can be
moved. Figure 6.17 shows a family of 0.1% matched R, 1% matched C anti-aliasing
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filters of various cutoff frequencies. The CMRR of these filters is plotted from DC to
5 kHz. Using a higher sample rate would allow the cutoff of the filter to be moved
higher while still sufficiently preventing aliasing of the signal at the ADC. This would
move the peak mismatch outside the band of interest of the system, improving overall
CMRR at the cost of attenuation of aliased frequencies. Such a change would help
improve rejection of 60 Hz line noise, which is the dominant common mode signal
in most ECGs. There are other ways to mitigate the effect of line noise and its
harmonics, like right-leg drive, digital notch or comb post-filtering. The tradeoff
between these two parameters can be balanced depending on the needs of a specific
design. In the case of the ASPEN ECGs, choosing a low cutoff frequency of 159 Hz

provided sufficient common mode rejection and anti-aliasing filtering.

In the case of the ASPEN multi-channel ECGs, the analog switches also have the po-
tential to negatively effect CMRR. For this reason, both high performance ADG508A
(Analog Devices, Norwood, MA) and low cost CD4051B switches (Texas Instru-
ments, Dallas, TX) were evaluated. The final version of the circuits evalued use the
ADGS08A switches, but low cost CD4051B switches performed well in circumstances
where CMRR is not critical.

For the experimental system, with hand-picked resistors and capacitors, even better
performance was measured. Figure 6.18 shows a comparison of the CMRR of the
DC-coupled multichannel system with the reference AD8232 system. As before, an
SR780 was used to generate the test signal, with a 0.5 Ve, amplitude. As expected,
CMRR rolls off as frequency increases, until the anti-aliasing filter cutoff frequency
is reached. Nevertheless, performance is adequate for an experimental circuit, and
could be improved via matching of the anti-aliasing filters using laser trimming of

input resistors or adjustment potentiometers.
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Figure 6.18: Plot of CMRR vs. frequency of the eight-channel ECG compared to the
single channel commercial system.

6.13 Impact of Spectral Folding in the ASPEN
Multi-Channel ECG
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Figure 6.19: Plot of response to sinusoidal chirp signal fed into ECG system. The
chirp was a 60 mV amplitude signal swept from 100 Hz to 9 kHz. Signal aliasing is
visible in the 2.4, 4.8 and 7.2 kHz bands. The system digital filter causes rapid roll-off
after 150 Hz.

of the 150 Hz FIR low-pass filter takes effect. Due to aliasing, the chirp reappears
in ~300 Hz wide bands centered around 2.4, 4.8 and 7.2 kHz. The first order RC

anti-aliasing filter causes the observed roll-off of these aliased frequencies.

While aliasing can be problematic, the simple RC filter is expected to be sufficient in
most normal conditions. The spectrum of an input signal was observed from DC to
Fnyquist = 240 Hz. The result is shown in Figure 6.20. The test signal was a 100 Hz,
5 mV sinusoidal input from an SR1 Audio Analyzer (Stanford Research Systems,
Sunnyvale, CA). A digital low-pass filter for down-sampling at 150 Hz was applied
as well. The result shows a SINAD of 49.3 dB. While there are interference sources
at 60, 120, and 180 Hz, these are due to AC line noise (and harmonics) which can
be digitally filtered. A production system could be easily modified to sample each
channel at a much higher rate, further reducing the impact of spectral folding. For an
experimental system, however, ASPEN is well suited to the task even with a modest

sample rate.
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Figure 6.21: Digital filter signal chain for each synthesized ECG lead.

6.14 Digital Filters Implemented in the ASPEN
Multi-Channel ECG

In addition to controlling the multiplexed sampling system, the DSP Shield was used
to implement a bank of filters. This chain of low pass and notch filters was imple-

mented digitally for each channel, shown in Figure 6.21.

As with the ASPEN DC-Coupled single channel design, each channel is down-sampled
by the DSP after capture, by 5x to 480 s/s. The final version of the system contains
an FIR type down-sampling filter with 67 taps, and a cutoff of 135 Hz. An FIR filter
was chosen for its linear phase characteristic, to minimize distortion of the captured
ECG waveform. Since the computational complexity of the filtering is dependent on
the number of samples processed, minimizing the length of the down-sampling filter

allows for greater complexity in the later filtering stages.

The line frequency filter is composed a series of Butterworth 2" order sections. It
includes a 4™ order 60 Hz notch, a 2°¢ order 120 Hz notch and a 2"? order 180 Hz
notch filter, as shown in Figure 6.21. This is followed by an additional 150 Hz cutoff,
53-tap FIR low-pass filter. Applying an additional filter after the down-sampling filter

is more computationally efficient than applying a higher order down-sampling filter
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Figure 6.22: single-line function call for applying one filter to an ECG channel, high-
lighted in yellow.

at the same cutoff frequency. Secondly, this filter serves to remove quantization noise
introduced by the high-q ITR notch filter stage, which manifests as small oscillations
near the Nyquist frequency.

As with the single channel ASPEN DC-coupled ECG, the filter chain takes advantage
of the DSP signal processing library described in Chapter Three, allowing each filter
to be initialized with one function call, and each block processed with one additional
function call, as shown in Figure 6.22. This function call applies the filter with its
state variables (FIRDSJoutChannel]) to the block of data being currently processed
(sampleVector). To filter the received signals, the program passes the appropriate

data to the correct filter block, and the result is stored in place.
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Device Input SINAD CMRR @
Referred (dB) 5 Hz (dB)
Noise
(M‘/;?eakfpeak)

ADS8232 67 42 79

New DC-Coupled 77 39 78

Eight-Channel 84 34 62

Table 6.2: Comparison of performance specifications of ECG devices.

6.15 Multi-Channel ECG Performance

In addition to CMRR, the ASPEN multi-channel DC-coupled ECG system was tested
for input-referred noise, SINAD and an ECG signal was obtained, as seen in Figure
6.23. As with the previous tests, an SR780 was used as a sinusoidal signal source.
Expectedly, the circuit performs similarly to the ASPEN single channel design with
similar gain using the same INA. The system has 84 ©V peak-to-peak input-referred
noise. This means that the analog switches (ADG508A, Analog Devices, Norwood,
MA) and switching action do not dramatically degrade the noise performance of
the system. The SINAD is somewhat degraded at 34 dB, but this is similar to the
measured performance of the single channel system (39 dB), as well as the AD8232
(41 dB). Qualitatively, the observed ECG signal is clear, with visible P, R, and T
waves (although due to electrode placement, the morphology in this example is slightly

different).

Table 6.2 summarizes the performance of the eight channel DC-coupled system and
compares it to the single channel device as well as the commercial AD8232 system.
Ultimately, the eight channel DC-coupled system performs reasonably well and is

comparable to the AD8232 while providing additional channels.
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Figure 6.23: Multichannel ECG, showing 84 1V of grounded input-referred noise
(top), An SNR of 34 dB with a 2 Hz 3 mV peak-to-peak sine wave (middle), and an
actual recorded ECG (bottom). Frequencies of interest are DC to 150 Hz.
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6.16 DC Offset Removal in a DC-Coupled ECG

As discussed above, one of the disadvantages of an AC-coupled system is the long
settling time of the (typically 0.05 Hz) high-pass filter. This can be especially prob-
lematic when the signal goes far out of range (due to a disconnected lead, or patient

motion) and takes several time constants (and consequently tens of seconds) to settle.

One mitigation strategy used with traditional AC-coupled ECGs, is to electrically
short the AC coupling capacitors using switches [89], to reset the offset quickly without
waiting for the filter to return to normal. For DC-coupled ECGs, there is not any long
time-constant RC that needs to be reset, although this comes at the cost of gain (and
thus, signal fidelity). To address the offsets and wander captured by a DC-coupled
ECG circuit, a digital high pass filter can be applied in post processing. In the case of
these digital filters, the problem of long settling time for out of range signals crops up
again. As with hardware high pass filters, with a digital filter the buffer can be reset
when the signal is determined to be out of range, producing the same effect as shorting
an AC-coupling capacitor [89]. Applying a filter in post processing addresses many of
the problems inherent in a DC-coupled ECG design, including baseline wander and
large captured signal offset. It does not, however, address the limitation on front end

gain due to offsets.

The ASPEN system presents an opportunity to address this limitation in a novel
way, using the DSP to move the AC coupling filter to the digital domain. To achieve
this, the circuit shown in Figure 6.24 includes a second gain stage between the in-
strumentation amplifier and ADC. This stage is configured as an inverting summing
amplifier, one of the inputs to which is an output from the Analog Shield DAC. This
allows the summing amplifier to be used as part of a mixed-domain feedback loop to

create a hybrid non-linear high-pass filter.

Using the DAC on the Analog Shield to drive the mean correction signal to back into
the circuit at this node, the DSP shield can cancel the offset of the ECG signal of any

lead combination, independent of the offset in any other channel. Unlike a traditional
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AC-coupling node, the DAC voltage (controlled by a digital low-pass filter) can be
changed in microseconds. This approach means that multiple high pass filters can
be implemented in software and thus for an arbitrary number of channels with no
additional hardware, limited only by system sample rate. The offset removal means
that additional gain (included in the summing stage) can be added to the DC-coupled
system before signal acquisition, enabling overall system gain comparable to other AC-
coupled systems, while preserving the other advantages of DC-coupled systems such
as reduced circuit complexity and settling time when switching between channels.
Additionally, as discussed below, it enables nonlinear offset correction, something not

feasible in the analog domain without a DSP.

6.17 Implementing DC-Offset Removal in Software

Before developing the full system, a post-processing only system was built for testing
the mean removal algorithm. The moving average of each input signal over three
seconds was tracked. This mean was then subtracted from the measured signal before
the data was output for display, effectively implementing a 0.05 Hz cutoff high-pass
filter, similar to diagnostic-grade instruments. The algorithm included hysteresis,
disabling the filter when the mean of the output signal was within a dead band around
zero. Figure 6.25 shows a set of test sinusoids from 2 to 100 Hz. Each sinusoid was
created digitally and input as if they were sampled from the ADC. All have a DC

offset of approximately 2.5 V which the algorithm removes and settles around 0 V.

Implementing the summing amplifier and DAC drive, several gain settings for the
second stage were tested. Figure 6.26 shows a screenshot of the real-time plotting
application with a system gain of A = 1000. In this plot, all ECG signals have a mean
near zero and exhibit no clipping, despite the fact that the ECG is DC-coupled and
the acquired signals show approximately 15,000 counts, or about the full dynamic
range of the Analog Shield ADC. Figure 6.27 shows a lower gain A = 200 ECG test

in more detail.
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Figure 6.26: Screenshot of eight-channel DC-coupled ECG real-time plotting software
with DC-offset correction and gain of 1000, showing standard ECG leads I, II, III,
and V3.
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Figure 6.27: Plot of 4 channels, taken from the system with the gain set to 200. From

top to bottom leads I, -I1, III, V3.
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Figure 6.28: ECG lead electrode motion offset with linear recovery.

6.18 Nonlinear Correction

The most unique benefit of adding offset feedback is that it enables control loops to
be applied to the signal offset. Figure 6.28 shows an ECG signal with an induced
motion artifact. As described above, the filter is disabled as long as the signal remains
within a defined dead band. When the signal wanders outside this voltage range a

proportional control loop is enabled, driving the ECG signal to zero using the Analog

Shield DAC.
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Figure 6.29: System ADC input saturation due to lead - off condition. Nonlinear
control is evident, with system responding in well under a single beat.
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The DSP Shield also enables the implementation of a second, high-speed control loop.
If the signal measured at the ADC is sufficiently near the input limits to risk distortion

(>90% of V,.s), the system deems the signal invalid and enables the nonlinear drive.

This algorithm checks if each sample is valid (<90% of £V,.;) and if not, drives
the signal towards 0 V by 25% of the full ADC scale. Due to the gain of the final
amplification stage, the DAC can change the offset by far more than the full scale
of the ADC. Once the signal has been measured as valid for several cycles, normal
proportional control is restored. This allows the system to recover from an out-of-

range signal in about two milliseconds, as seen in Figure 6.29.

This response is dramatically faster than would be possible in a traditional system
with a long time constant high-pass filter, which would be on the order of tens of
seconds. While similar time performance would be possible in a DC-coupled system

without this control loop, much lower gain would be possible.

6.19 Hybrid DC-AC ECG Performance

As with the previous ECG systems developed using the ASPEN platform, the hybrid
eight-channel DC-AC system was characterized for input referred noise, SINAD, and
a sample ECG was captured. Additionally, the system was characterized for CMRR
performance from 1 Hz to 100 kHz.

As seen in Figure 6.30, the grounded, input referred noise is 47 uV, better than either
the AD8232 or the single stage circuit. This means that the higher gain achieved
by the AC-DC-coupled circuit improves the total input-referred noise. SINAD is
improved to 38 dB, a relatively small improvement. Fully integrated analog switches
may improve this further. The CMRR of the system was also broadly comparable to
that of the single stage system, as seen in Figure 6.31. This is expected, with 80 dB
of CMRR at low-frequency and decreasing to approximately 50 dB until the system
filtering cutoff between 100 Hz and 200 Hz. Table 6.3 summarizes the performance
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Figure 6.30: Eight-channel hybrid ECG, showing 54 pV;_pi of grounded input re-
ferred noise (top), An SNR of 38 dB with a 2 Hz 3 mV peak-to-peak sine wave
(middle), and an actual recorded ECG (bottom). Frequencies of interest are DC to
150 Hz.
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CMRR of ECG Systems
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Figure 6.31: CMRR of 8Ch Multistage Hybrid ECG vs AD8232. As expected, there
is some CMRR cost in the eight-channel system, versus the previously described
systems and the reference AD8232. Nonetheless, overall performance is comparable
between the systems, and as expected the multistage system performs similarly to
the single-stage eight-channel version.

of the eight-channel DC-coupled system and compares it to the single stage device as

well as the commercial AD8232 system.

The combination of DC-coupled ECG, with multiple channels, and a nonlinear digital
high pass filter at the output produces a novel system with many of the benefits of
both DC- and AC-coupled approaches. The rapidity with which it was prototyped, as
well as the capabilities demonstrated clearly show the utility of the ASPEN platform

as a powerful tool for prototyping of biomedical instrumentation.
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Device Input SINAD CMRR @
Referred (dB) 5 Hz (dB)
Noise
(M‘/;l)eakfpeak)
ADS8232 67 42 79
Eight-Channel Single-stage 84 34 62
Eight-Channel Multi-stage 47 38 73

Table 6.3: Comparison of performance specifications of ECG devices.

6.20 Offline Post-Processing Demonstrations

The single stage DC-coupled eight-channel ECG was used with standard wet elec-
trodes to acquire real-world sample ECG signals for the leads I, II, and III. This
data was used for several post processing algorithms developed using Matlab. These
include a QRS complex extractor, shown in Figure 6.32. The source code for these

experiments is in Appendix G.

Using the extracted QRS complex times as a trigger, an ensemble averaging block
was created to generate normalized QRS complexes for each of the three leads, shown
in Figure 6.33. The system was used to generate the QRS axis vector as seen in
Figure 6.33. Because each of the leads in the Einthoven triangle represents a different
spatial projection of the electrical signal of the heart, and the location of the leads is
known, the dominant axis of the electrical activity of the heart can be determined.
First, values for Lead;, Lead;; and Lead;;; are computed by measuring the average

magnitude of the acquired QRS complex for each lead. With the positioning and
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Figure 6.32: Plot of ECG signal (top), detected QRS signal trigger events (third row),
and extracted QRS complexes (bottom) for a lead I ECG signal.
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polarity of the leads, Equation 6.10 can be used to compute the QRS axis.

I_II = Lead; + Lead;; -

V3
2
: .
11 = Lead;; - = + Lead; - ﬁ
2 \2f (6.10)
111 = Lead;y; - - + Leady; - %
III+11+1I1

QRSVector = 3

The QRS axis can be a useful tool in detecting cardiac abnormalities.

Finally, the QRS extractor block was combined with P- and T-wave extractors to build
the system chain shown in Figure 6.35, producing an off-line QT-interval measurement
system, the output of which can be seen in Figure 6.34. The QT-interval is a clinically
important feature of the ECG. An elongated QT-interval, called long-QT syndrome is
a serious health risk, and more than half of people who have untreated, inherited long-
QT syndrome die within 10 years [90]. Importantly, some drugs can cause further
elongation of the QT interval. In healthy individuals, this is not a problem, but
because long-QT syndrome can go otherwise undetected, QT-interval measurement

has become common when prescribing indicated drugs [91].

While algorithms of this sort are not fundamentally new [92], the ability to rapidly
prototype a system to acquire such signals along with the possibility of later inte-
grating such functionality directly into a prototype demonstrates the utility of the

platform with a clinically useful outcome.
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Figure 6.33: Cardiac axis reconstruction via extracted, ensemble averaged QRS com-
plexes (top). Einthoven Triangle (bottom).
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Figure 6.34: (Top Row) Extracted QRS complex, (Second Row) ECG with QRS
complex removed, (Third Row) Detected QRS and T events, (Fourth Row) S-T trigger
events, (Fifth Row) Estimated ST intervals with mean and 1-standard deviation bars.
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Figure 6.35: ST interval estimation algorithm. The algorithm removes the mean
from the signal, then detects and removes the QRS and P complexes from the signal,
storing the timing of the falling edge of the complex. The algorithm then detects the
onset of the T-wave.

6.21 Conclusion

These experiments demonstrate the utility of a simple-to-use software platform cou-
pled with the Analog Shield and DSP Shield for streamlining the development of ed-
ucational biomedical systems and rapid prototyping. With ASPEN, we have demon-
strated a novel ECG system, a DC-coupled multi-channel circuit with nonlinear offset
correction. The resulting high-gain, multi-channel ECG system benefits from the best
aspects of both existing AC- and less common DC- coupled systems. It combines high
gain with fast settling times and reduced analog circuit complexity. It enables same-
beat recovery after large upsets, faster than current AC-coupled systems, which can
require as much as 30 seconds to fully settle. This could serve many clinical and non-
clinical needs, potentially improving the performance of outpatient ECG systems (e.g.
Holter monitors could have higher percentages of valid signal intervals, improving the

reliability of outpatient stress tests, and other applications).



Chapter 7

Conclusions

7.1 Overview

The ASPEN project was developed to address a gap in the tools for several fields. It
was created to support teaching and prototyping of mixed-signal-electronics, digital
signal processing, and biomedical electronics. The Analog Shield enables building and
interfacing analog circuits with digital systems. The DSP Shield extends the Arduino
metaphor to signal processing concepts to address the need for powerful, easy to
learn and embeddable signal processing tools. Finally, the platform as a whole can
be leveraged to build useful tools for the teaching and prototyping of new biomedical

SEensors.

The Analog Shield is a Swiss Army Knife for converting between the analog and
digital domains. With a multi-channel ADC and DAC, a prototyping area and bipolar
power supplies, it simplifies the development of the DSP Shield is a unique, powerful
signal processing tool. It is a modern, Arduino-style embeddable DSP that improves
teaching and prototyping of real-time signal processing, without obscuring the details

of signal manipulation.

191
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As these boards were developed, their performance was characterized to confirm that
they met the needs of the tasks at hand. Hardware revisions were made to both
devices to improve their utility as teaching and development tools. In support of
the hardware development, a large and complex software project was undertaken. It
includes driver libraries, examples, tutorials, course material, development tools, and

abstraction libraries.

The Analog Shield driver library was developed with support for several microcon-
troller platforms. Made publicly available as open-source software, it provides a
simple interface for the Analog Shield, similar to pre-existing Arduino conventions.
The library includes a handful of teaching examples to both aid the user in starting

to develop with the device and to demonstrate basic signal processing concepts.

To demonstrate the utility of the platform for mixed-signal applications, examples
were developed using the Analog Shield. These included a series of Instructables
style documents which demonstrated the utility of the platform to rapidly prototype
mixed-signal systems that could not be readily achieved using just an Arduino Uno.

Among these were a function generator, spectrum analyzer, and network analyzer.

For the DSP Shield, the support tools were more complex. The DSP Shield can func-
tion in three modes. The first, shield mode is an introductory mode that allows the
DSP Shield to work as a fixed function signal toolchain. The second, co-processor
mode allows the user to write their own code for the DSP Shield to support an Ar-
duino. In the third, standalone mode, the DSP Shield operates as a fully independent

development platform.

To support the simplified shield mode, DSP Shield communication and support li-
braries were developed for the Arduino. These libraries allow the microcontroller to
interface with the Shield App. This open-source program runs on the DSP Shield
and presents a flexible processing toolchain for audio signals. It includes functions
such as signal generators, banks of pre-computed filters and more. The DSP Shield
library for the Arduino supports this application and includes example code that

demonstrates the capabilities of the Shield App. These include signal generation,
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filtering, voice removal from music, and more. With this library, a basic hello world
example for signal processing was developed, providing an immediate, accessible tool

to demonstrate how DSP can be used to manipulate a signal.

For more advanced users, a set of tools called Energia-DSP was developed. These
tools allow users to develop programs directly for the DSP Shield, and are used for
the co processor and standalone modes. The core of Energia-DSP is its eponymous
development environment, derived from the Arduino IDE. To support the platform,
software was developed to allow the user upload and store programs in non-volatile
memory on the DSP Shield with a single click. To make the experience of pro-
gramming for the DSP Shield similar to the Arduino, hardware abstraction libraries
were created to re-implement the Arduino interface. A signal processing library was

created to extend the metaphor to DSP tasks.

The platform was deployed for teaching of mixed-signal concepts in Stanfords EE122A
analog electronics laboratory. Its use was integral to the conversion of the class to a
take home lab format, with enhanced course material from the previous in-lab version.
This included use of the Analog Shield in several lab experiments. One of these was
the creation of a curve tracer test instrument. In also included use of the DSP Shield
as part of an experiment to compare and contrast the implementation of filters using
a variety of technologies. A similar toolchain including the Analog Shield was used
outside of Stanford at the University of Colorado by Professor Mark Wickert, and
taught similar material. This course culminated in using the Analog Shield for an
AM demodulation lab.
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The DSP Shield has not yet been sold commercially, and so has only seen use within
courses at Stanford. Nevertheless, its use in EE264 enabled the addition of a hands
on lab component to a theoretical course. Previously, Stanford had a four-credit DSP
lab course. This course covered much of the same material but required that students
carefully optimize assembly code for full credit. The new EE264 lab option was a
shorter, one credit hour offering which covered similar fundamental topics at a higher
level of abstraction. The utility of the approach is demonstrated most clearly by the

fact that the final project of both courses is an implementation of an OFDM decoder.

Finally, the ASPEN toolbox has been used to demonstrate its utility as a platform
for biomedical teaching and experimentations. To this end, DC-coupled electrocar-
diography was investigated. The circuits developed demonstrated the utility of the
tool for enhancing the teaching of biomedical system design, showing similar per-
formance to a previous textbook teaching circuit. The new circuit uses significantly
fewer components, shortening construction time while requiring students to use their

understanding make similar design decisions.

The system was then applied to the development of a novel DC-coupled, multi-channel
ECG system. This system demonstrates the union of DC-coupled ECG with DSP
processing power to create a digitally conditioned hybrid ECG. This ECG has reduced
component count and mixes the benefits of a fast-settling DC-coupled system with

the high gain of an AC-coupled system.

7.2 Future Work

Moving forward, there is extensive opportunity to continue to develop the platform.
Hopefully, given the open nature of the platform, we will be able to find or create a
manufacturer to produce the DSP Shield in quantity and release it to the world. If
we succeed, this will allow a community of users to develop to extend and improve
upon the hardware and software tools and reference materials already developed for

the platform.
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Analog Shield ADC Test Code

#include "analogShield.h”
#define LEN 801
unsigned int vect_in [LEN] = {0};
void setup () {
initialize ();
Serial.begin(115200);
while (!Serial.available() || (Serial.available() = 1 && Serial.re¢
while (Serial.available()) {
Serial .read ();

}
void initialize ()
{

cli ();
TIMSKO &="(1 << TOIEO):

TIMSK2 &="(1 << TOIE2);
sei ();

}
void loop () {

195
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cli(); // UDRE interrupt slows this way down on arduinol.(
for (int i =0 ; i < LEN ; i++) { // save 256 samples
vect_in[i]| = analog.signedRead (0); // put real data into bins

}
sei();

printHex (vect_in);
while (!Serial.available() ||
(Serial.available () = 1 && Serial.read() != "17)){};
while (Serial.available()) {
Serial .read ();

}

void printHex (unsigned int val)

{
for (int i =0 ; i < LEN
if (vect_in[i] < 0x10){
Serial .print('0");

i i++) { // save 256 samples

Serial . print ( ;

")

)
} else if (vect_.in[i] < 0x100) {
07);
)
[
")

Serial . print (

0
Serial.print (0’

0

)

Serial.print(’07);
} else if (vect_.in[i] < 0x1000) {
Serial.print (0

}

Serial.println(vect_in[i], HEX);

9
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Analog Shield Schematics and
BOM
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/4:44/07 SHIELD

ELECTRONIC SCHEMATIC DIAGRAM Revised: Friday, March 28, 2014
ANALOG SHIELD Revision: D

TEXAS INSTRUMENTS
12500 TI BOULEVARD
DALLAS, TX 75243

IN COLLABORATION WITH STANFORD UNIVERSITY

Bill Of Materials March 28,2014  14:19:11

Single QTY | Price in Volume
ITEM Qry REF DES PART DESCRIPTION  |MFG MFG P/N SUPPLIER  [SUPPLIER P/N PACKAGE [Price Volume Size Notes 1 Notes 2
CAPACITOR,
1 8|C1,C10,C12,C18,C80,C81, 12pF 50V NPO 5% Yageo CCO402JRNPO9BN120 DIGIKEY 311-1016-1-ND 402| $ 0.10 [$ 0.00 1000
C82,C83
CAPACITOR,
25V CERAMIC  [TDK
2 9|C2,C13,C14,C41,C50,C54, 0.1uF XSR 10% Corporation  |C1005X5R1E104K DIGIKEY 445-4964-1-ND 402[ $ 0.10 [ $ 0.01 1000
C63,C64,C91
CAPACITOR,
16V CERAMIC
3 8|C3,C21,C24,C25,C26,C28, 10uF XSR 20% Taiyo Yuden |EMK107BBJ106MA-T DIGIKEY 587-3238-1-ND 603[ $ 063 [$ 0.15 1000
€30,C34
CAPACITOR,
25V CERAMIC  [TDK
4 15)C4,C9,€20,C31,C35,C36, 0.01uF X7R 10% Corporation  |C1005X7R1E103K DIGIKEY 445-1260-1-ND 402[ $ 0.10 [ $ 0.01 1000
C37,€42,C49,C53,C55,C65,
€84,C85,C88
CAPACITOR,
25V CERAMIC
5 4/C5,C7,C38,C43 2.2uF X5R 10% Taiyo Yuden  [TMK107ABJ225KA-T DIGIKEY 587-2909-1-ND 603[ $ 022 [$ 0.05 1000
6 4|c6,C39,C89,C90 DNI CAPACITOR 402] Do Not Install
CAPACITOR,
25V CERAMIC  TDK
7 4/C8,C11,C16,C19 1000pF X7R 10% Corporation  [C1005X7R1E102K DIGIKEY 445-4924-1-ND 402[ $ 0.10 [$ 0.01 1000
CAPACITOR, 3 |Murata CAP-
TERMINAL Electronics 3TERM_M
8 3[c15,c22,c32 2.2uF EMIFIL20%  [North America|NFM18PC225B1A3D DIGIKEY ~ |490-6972-1-ND  [URATA $  030[$ o012 1000
CAPACITOR, Electro-
25V CERAMIC  [Mechanics
9 13)C17,C29,C33,C40,C47,C48, 4.7uF X5R 10% America, Inc  |CL10A475KA8NQNC DIGIKEY 1276-1900-1-ND 603[ S 033 [$ 0.09 1000
C51,€59,C62,C66,C70,C78,
C79
CAPACITOR,
25V CERAMIC  [TDK
10| 6]C23,C27,C57,C69,C75,C87 1uF XSR 10% Corporation  |C1608X5R1E105K DIGIKEY 445-5146-1-ND 603[ S 013 [$ 0.02 1000
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CAPACITOR,

25V CERAMIC
11 2|C44,C58 0.1uF X7R 10% Kemet C0805C104K3RACTU DIGIKEY 399-1168-1-ND 805 0.10 0.01 1000
CAPACITOR,
25V CERAMIC  [TDK
12 6|C45,C52,C60,C67,C72,C73 0.47uF XSR 10% Corporation  |C1005X5R1E474M DIGIKEY 445-8021-1-ND 402 0.13 0.02 1000
Samsung
CAPACITOR, Electro-
25V CERAMIC  |Mechanics
13 4/C46,C56,C61,C68 10uF X5R 10% America, Inc_ |CL21A106KAYNNNE DIGIKEY 1276-2891-1-ND 805 0.25 0.05 1000
CAPACITOR,
10V CERAMIC  |TDK
14 2|c71,c76 47uF XSR 20% Corporation  [C3216X5R1A476M DIGIKEY  |445-6006-1-ND 1206/ 1.13 0.41 1000|
CAPACITOR, Electro-
25V CERAMIC  |Mechanics
15 3|C74,C77,C86 22uF XSR 10% America, Inc |CL31A226KAHNNNE DIGIKEY 1276-3047-1-ND 1206 0.50 0.16 1000
DIODE, SOT-23-
SCHOTTKY SDM40E20LS- BAT54S_DI
16| 4{D1,D02,D3,D4 SDMA40E20LS DUAL SERIES Diodes Inc SDMA40E20LS-7-F DIGIKEY FDICT-ND ] 0.44 0.16 1000
DIODE, SOT-23-
SCHOTTKY BAT545_DI
17 2|D5,D6 BAT54S DUAL SERIES Diodes Inc BAT54S-7-F DIGIKEY BAT54S-FDICT-ND |O 0.44 0.16 1000
INDUCTOR,
FERRITE BEAD |TDK
18 13|FB1,FB2,FB3,FB4,FBS,FB6, MPZ16085221A |220 OHM 2A  [Corporation  [MPZ16085221A DIGIKEY 445-1565-1-ND 603 0.31 0.03 1000
FB7,FB8,FBY,FB10,FB11,
FB12,FB13
FUSE-MF- MF-MSMF050-2CT|
19 1|F1 MSMF050-2 FUSE Bourns Inc. MF-MSMF050-2 DIGIKEY ND 1812 0.22 0.12 1000
CONNECTOR, 6-
20 1]JP1 HDR2X3 PIN HEADER SAMTEC TSW-103-07-T-D AVNET TSW-103-07-T-D  [HDR2X3 0.22 0.19 1000
IND2-
INDUCTOR, CDH53_SU
21 2|L1,L2 10uH POWER 1.23A |SUMIDA CDH53NP-100LC DIGIKEY 308-1421-1-ND M 0.64 0.36 1000
HEADER, 8-PIN HDR8-2X4-
22 2|P1,P2 HDR8-2x4-FEM  |2X4 FEMALE [SAMTEC SSW-104-01-T-D AVNET SSW-104-01-T-D  [FEM 0.66 0.66 1000
HEADER, 10-
PIN 2X5 HDR10-2x5-
23 1{P3 HDR10-2x5-FEM [FEMALE SAMTEC SSW-105-01-T-D AVNET SSW-105-01-T-D  [FEM 0.68 0.68 1000
HEADER, Do not cut off
FEMALE 8POS wire-wrap
24, 2|P4,P7 HDR1X8 1" SAMTEC $5Q-108-04-T-S AVNET 55Q-108-04-T-S HDR1X8 0.74 0.61 1000 tails
HEADER, Do not cut off
FEMALE 6POS HDR2X3- wire-wrap
25 1|P5 HDR2X3-FEM 1" 2ROW SAMTEC ESQ-103-24-T-D AVNET ESQ-103-24-T-D  |FEM 0.92 0.77 1000 tails
HEADER, Do not cut off
FEMALE 10POS HDR10_SU wire-wrap
26, 1[P6 HDR1X10 1" SAMTEC $5Q-110-04-T-S AVNET 55Q-110-04-T-S LL 0.92 0.76 1000 tails
HEADER, Do not cut off
FEMALE 6POS wire-wrap
27 1|P8 HDR1X6 1" SAMTEC 55Q-106-04-T-S AVNET 55Q-106-04-T-S HDR1X6 0.55 0.45 1000 tails
Panasonic
RESISTOR, Electronic
28 8|R1,R7,R11,R15,R17,R20, 100K 1/10W 1% Components |ERJ-2RKF1003X DIGIKEY P10OKLCT-ND 402 0.10 0.01 1000

R22,R25
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Panasonic

RESISTOR, Electronic
29 8|R2,R9,R12,R16,R18,R21, 40.2K 1/10W 1% Components |ERJ-2RKF4022X DIGIKEY P40.2KLCT-ND 402 0.10 0.01 1000
R23,R26
Panasonic
RESISTOR, Electronic
30, 7|R3,R5,R8,R32,R33,R34,R35 27.0 OHM 1/10W JUMPER [Components  |ERJ-2RKF27ROX DIGIKEY P27.0LCT-ND 402 0.10 0.01 1000
Panasonic
RESISTOR, Electronic
31 4|R4,R14,R19,R24 33.0 0HM 1/10W 1% Components |ERJ-2RKF33R0X DIGIKEY P33.0LCT-ND 402 0.10 0.01 1000
Panasonic
RESISTOR, Electronic
32 14|R6,R10,R57,R58,R59,R60, 100 OHM 1/10W 1% Components |ERJ-2RKF1000X DIGIKEY P100LCT-ND 402 0.10 0.01 1000
R61,R62,R64,R65,R66,R67,
R68,R69
RESISTOR, Electronic
33 10|R13,R30,R36,R38,R40,R43, 10.0K 1/10W 1% Components |ERJ-2RKF1002X DIGIKEY P10.0KLCT-ND 402 0.10 0.01 1000
RA49,R55,R56,R63
Panasonic
RESISTOR, Electronic
34 3|R27,R29,R42 10.0 OHM 1/10W 1% Components |ERJ-2RKF10ROX DIGIKEY P10.0LCT-ND 402 0.10 0.00 1000
Panasonic
RESISTOR, Electronic
35 1|R28 10.0K 1/10W 1% Components |ERJ-3EKF1002V/ DIGIKEY P10.0KHCT-ND 603 0.10 0.01 1000
Panasonic
RESISTOR, Electronic
36, 4|R31,R37,R39,R41 30.0K 1/10W 1% Components |ERJ-2RKF3002X DIGIKEY P30.0KLCT-ND 402 0.10 0.01 1000
Panasonic
RESISTOR, Electronic
37 1|R44 20.0K 1/10W 1% Components |ERJ-2RKF2002X DIGIKEY P20.0KLCT-ND 402 0.78 0.01 1000
Panasonic
RESISTOR, Electronic
38 2|R45,R50 0.0 OHM 1/10W JUMPER [Components |ERJ-2GEORO0X DIGIKEY P0.0JCT-ND 402 0.05 0.00 1000
RESISTOR,
39 3|R46,R51,R70 DNI 1/8W JUMPER 805 Do Not Install
Panasonic
RESISTOR, Electronic
40 1|R47 140K 1/10W 1% Components |ERJ-2RKF1403X DIGIKEY P140KLCT-ND 402 0.10 0.01 1000
Panasonic
RESISTOR, Electronic
41 2|R48,R54 200K 1/10W 1% Components |ERJ-2RKF2003X DIGIKEY P200KLCT-ND 402 0.10 0.01 1000
Panasonic
RESISTOR, Electronic
42 1|R52 470K 1/10W 1% Components |ERJ-2RKF4703X DIGIKEY P470KLCT-ND 402 0.10 0.01 1000
POT-
POTENTIOMETE| 3362P_BO
43 1[R53 200K R Bourns Inc. 3362P-1-204LF DIGIKEY 3362P-204LF-ND  |URNS 0.98 0.44 1000
TERMINAL, [T
44 2|TP1,TP2 DNI TEST POINT KEYSTONE 5002 5002K-ND 5002_KEY Do Not Install
TERMINAL, -
45 1{TP3 TEST POINT TEST POINT KEYSTONE 5002 |DIGIKEY 5002K-ND 5002_KEY 0.35 0.15 1000
Texas LM837MX/NOPBC [SOIC14-
46 2|U1,U5 LM837 1.C.,OP-AMP Instruments  |LM837MX/NOPB DIGIKEY T-ND D_TI 1.44 0.47 1000
Texas SOIC14-
47 1ju2 OPA4322 1.C.,OP-AMP Instruments  |OPA4322AIPW DIGIKEY 296-30337-5-ND  |PW_TI 2.90 0.95 1000
1.C., 16-bit 4 Texas SOIC16-
48 1|ju3 ADS8343 Channel ADC  |Instruments |ADS8343EB DIGIKEY ADS8343EB-ND DBQ_TI 17.03 8.95 1000
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Texas SOIC8-

49 U4 OPA2350EA 1.C.,OP-AMP Instruments  |OPA2350EA/250 DIGIKEY OPA2350EACT-ND |DGK_TI 5.33 1.90 1000
1.C., 16-bit Texas SOIC16-

50 U6 DAC8564 Quad DAC Instruments [ DAC8564IAPW DIGIKEY 296-22920-5-ND  |PW_TI 14.16 5.95 1000

Texas SOIC5-

51 u7 OPA314DBV 1.C., OP AMP Instruments  [OPA314AIDBVR DIGIKEY 296-36699-1-ND  |DBV_TI 0.97 0.30 1000
I.C., DUAL TRI- |Texas SOIC8-

52 us SN74LVC2G125  [STATE BUFFER |Instruments |SN74LVC2G125DCUR DIGIKEY 296-13265-1-ND  |DCU_TI 0.70 0.28 1000
TC,, 2.048V
VOLTAGE Texas solIcs-

53 VR1 REF5020 REFERENCE Instruments  [REF5020AIDGKT DIGIKEY 296-24496-1-ND  |DGK_TI 4.02 1.55 1000

SOIC10-

1.C., BOOST Texas DSK_TI_TE

54| VR2,VR3 TPS61093 CONVERTER Instruments  [TPS61093DSKT DIGIKEY 296-25245-1-ND  |MP 3.58 1.38 1000
I.C., SWITCHED
CAP VOLT Texas

55 VR4 LM2663 CONVERTER Instruments  |LM2663M/NOPB DIGIKEY LM2663M-ND SOIC8-D_TI 2.40 0.88 1000
I.C., VOLTAGE |Texas LM4128DMF- SOIC5-

56 VRS LM4128-2.5 REFERENCE Instruments  |LM4128DMF-2.5/NOPB  [DIGIKEY 2.5CT-ND DBV_TI 1.66 0.94 1000
Solderless

57 Breadboard Breadboard Parallex Inc.  |700-00012 DIGIKEY 700-00012-ND 3.49 2.80 User Installed
Printed Circuit

58 4 Layer PCB Board
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R 0.00HM

R10 0.0 OHM

R11 0.0 OHM

R12 0.0 OHM

DSP_MCSPI_CLK (11)
DSP_MCSPI_CSO (1)

vzc DSP_MCSPI_SIMO (11)
TMS320C551 DSP_MCSPI_SOMI (11)
GROUP 2
MMC1_CLK_MCSPI_CLK_GPs A2 MMC1_CLK_MCSPI_CLK_GP6 (8)
MMC1_CMD_MCSPI_CS0_GP7 [~y14 MMC1-CMD_MCSPT CS0_GP7 (8)
MMCT_D0_MCSPI_SIMO_GP8 {75 MMC1_D0_MCSPI_SIMO_GP8  (8)
MMC1_D1_MCSPI_SOMI_GP9 (74 MMC1_D1_MCSPI_SOM_GP9 (8)
MMC1_D2_MCSPI_CS1_GP10 13 MMC1_D2_MCSPI_CS1_GP10 (8)
MMC1_D3_MCSPI_CS2_GP11 MMC1_D3_MCSPI_CS2_GP11 (8)
GROUP 3
MMCO_CLK_1250_CLK_GPO_MCBSP_CLKX |-y X_MMCO_CLK_I280_CLK_GPO_MCBSP_CLKX (7,8)
MMCO CMD_1280_FS_GP1_MCBSP_FSX [1g X_MMCO_CMD_I2S0_FS_GP1_MCBSP_FSX (7.8)
IMCO_DO_1250_DX_GP2_MCBSP_DX g X_MMCO_DO_I2S0_DX_GP2_NCBSP_DX (7,8)
MMCU,D‘UZSO RX_GP3_MCBSP DR ({17 X_MMCO0_D1_1250_RX_GP3, MCESP DR (7.8)
MCO_D2_GP4_MCBSP_FSR 17 X_MMC0_D2_GP4 MCBSP_FSR (7,8)
MMCO_D3_GP5_MCBSP_CLKR_CLKS XOMMGO D3-Gré MOBSP-CLKR. CLKS 78
GROUP 1
SPLTX UHPI_HOT B — X_SPITX_UHPI_HD1 (7)
| RX_UHPI_HDO [-g——————— X SPITRX_UHPLHDO (7)
SPI csa UHPI_HRDY (-pg————— X_SPI_CS3_UHPI_HRDY (7)
SPI_CS2_UHPI AR NW gz X_SPI_CS2_UHPI HR_NW  (7)
SPI_CS1_UHPI HCNTL1 [-pg——————— X_SPI_CS1_UHPI_HCNTL1  (7)
SPI_CS0_UHPI_HCNTLO g X_SPI_CS0_UHPI_HCNTLO (7)
SPI_CLK_UHPI_HINT (- X_SPI_CLK_UHPI_HINT (7)
GP12_UHPI_HD2 [R7 X_GP12_UHPI HD2 (7)
GP13_UHPI_HD3 [-pg——————— X_GP13_UHPI_HD3 (7)
GP14_UHPI_HD4 [-pg—————— X_GP14_UHPI HD4 (7)
GP15_UHPI_HD5 [-d——————— X_GP15_UHPI HD5 (7)
GP16_UHPI_HD6 15— X_GP16_UHPI_HD6 (7)
GP17_UHPI_HD7 [ X_GP17_UHPIHD7 (7) u
- SN74CB3Q3257
1252_FS_UHPI_HDS_GP19_SP!
1252_FS_UHPI_HD9_GP19_SPI_CS0 [ig e eR P HO% GPTE SPLaLk Ha 181 2 X_1252_FS_UHPI_HD9_GP19_SPI_CSO0 (7)
1252_CLK_UHPI_HD8_GP18_SPI_CLK [pi 1557 DX ORPT ADTTGP2Z7 SPTTX 5] 2A 281 [ X_1252_CLK_UHPI_HDB_GP18_SPI_ CLK (7)
1252_DX_UHPI_HD11_GP27_SPI_TX (1t 1555 RXURPTHOT0-GP20-SPTRX T2 3A 381 iy X(1252_DX_UHPI_AD11_GP27_SPI_TX (7)
1252 RX_UHPI_HD10_GP20_SPI_RX ——— an 481 X_1252_RX_UHPI_HD10_GP20_SPI_RX (7)
3
182 AIC_I252_FS (9)
UART_RTS_UHPI_HD12_GP28_12S3_CLK (P12 et e Rl HA e (8) GPIO3V3_04 s 282 (55 AIC_1252_CLK (9)
UART_CTS_UHPI_HD13_GP29_1253_FS OF 382 AIC_1252DX (9)
UART RXD_UHPI_HD14_GP30 1253 RX 1252 |
UART RXD_UHPI_HD14_GP30_1283 RX UART TXD-URPT HDT5GP31 1253 DX s ok proy AIC_1252_RX (9)
UART_TXD_UHPI_HD15_GP31_I253_DX 16
vee
R14 c25
DNP I 0.1uF
= = N74CB3Q:
Ha 181 2 X_UART_RTS_UHPI_HD12_GP28_I253 CLK (7)
51 2A 281 51 X_UART_CTS_UHPI_HD13_GP29 1253 FS (7)
72| 3A 381 iy X_UART_RXD_UHPI_HD14_GP30_12S3 RX (7)
an 481 X_UART_TXD_UHPI_HD15_GP31_1253 DX (7)
4 182 F2——————— Dsp RTS (14)
(8) GPIO3V3_05 s 282 (35 DSP_CTS (14)
RIS E 382 (7 DSP_RXD (12)
133V 10.0K 4B2 [-———————)) DSP_TXD (12)
1 fvee
R16 c26
DNP

i A A
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ca7
470pF

I

 ARD_AD3 (12)

ARD_AD2 (12)
R21 2 c28
220 OHM LED 470pF
AN
ARD_AD1 (12)
33V
c29
470pF
R24 R25
100K O 10.0K uzn =
TMS320C5517
DSP_XF g ci1 DSP_GAINS
E— o P GPAINS |57 DSP_GAINZ
(789.10,11,14) SVS_RESETN i + 2°c| RESET GPAIN2 11 DSPGAINT
B DT 1 Co| INTL GPAINT D10 DSP_GAIND
(7) DSPLINTON INTO GPAINO ARD_ADO (12)
c30
470pF
DSP CLKOUT A | (ot
(2) DSP_CLKIN Y—— DSPOUAN A8 |y
DsP oK SEL 07 | o1 o i
R29
NP
R30 R34
470K 470K
+1.4V A
V DSP VDDA PLL €10 | o o e 433V
cat ca Mo DSP_TRSTN T
uF 0.1uF TRSTPlg —Dpsp_Tvs e The s 8
T™S 77 bsp_Tol - ) EMU1
0o o1 DSPTDI (14) o BSFEMUD
VSSA_PLL M7___DSP_T00 g TCK
00 - DSP_TDO (14) g 100
o
Ms__ DSP TCK T
(7,89.11) DSP_SCL BT scL Emyp [ 16— DSZEMUD pertean g L)
R35
10,0
TEXAS 5517 CLK, JTAG, 12C, GPAIN
INSTRUMENTS |7 [ " Css
DALLAS, TEXAS
g Scale =
|Monday, October 26, 2015 |Sh 4 of 14
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R39 0 R4 O R4 Q0 Re2 0 R43 O Rad R45 220 OHM
100K > 100k S 10,0k S 100k S 10.0k > 10.0k
R46 220 OHM
+33v sw1 u28
SW DIP-6/SM
= 1z 539 B { cpraoyem arzo) Em WAtz B2 Ré7 2200HM
= g 2] GPI25/EM_A[19] EM_WAIT3 [
= GP[24JEM_A[18] EM_WAIT4
frm— £2 1 GPR3JEM A7) EM_WAITS 12 Ra8 220 0HM
= | GPI22J/EM_A[16]
i m1_| CPI2IEM A[1S] R49 220 OHM
7| EM_A14] EM_BAO DRAM_BAO 74 [ ¥ S— SN
Ki| EM_A13] EM_BA[0] EM BAT DRAM BAT Ga ¥l BAO DQ13 g7 EM D14
EM_A[12J(CLE) EM_BA(1] BA1 DQ14
K2 RSO 22.0 OHM A2 e D15 \|
T2 | EM_A[111/(ALE) N2 EM_SDCKE DRAM SDCKE __F3 pats ]
J5| EM_A[10] EM_SDCKE/UHPI_HHWIL {5 ERSBOLR DRAM SOCLK— 2| CKE
Jo| EM_A[g) EM_SDCLK RS1 220 OHM LK
EM_Afg] R EM_SDCAS DRAM_CAS# F7,
2 encamn EN_SDCAS/UHPI_HCS R SDRAS — e S R e
EM_A[6] EM_SDRAS/UHP_HAS RAS# NG
o} RS2 220 OHM Gi
S EM_AIS] NC
S EM_AL4] EM_DQM1/UHPI_HBE1 ubam
B EM_AQ] EM_DQMO/UHPI_HBEO 22.0 OHM LDaM -
EM_AL2] e LH1 EM WE g DRAM_WE# F9
| EM_WE Dgg God WE#
EM_A[0] EM_RW Dgg— cs#t
EM_OE 0=—— RS4 22,0 OHM
EM_CS0/UHPI_HDS1 [-os- EM 050 LR Con &7 vooa vssa a2
EM_CST/UHPI_HDS2 [“55— 33V & vooa VSSQ a5
EM CS2 Pyg— RS 55 voDa vSSQ 5
5 " EM_CS3 D3 — ook vDDQ vssa
K3 EM_D[15] EMCS4 Drs— A9 A
Ka| EM_D[14] EM_CS5 p— a8V 33V £5 voD VSS |5
5 EM_D[13] 5 LE VDD vss o
S EMD[12] VDD vss
53 EM_D[11]
EM_D[10]
£5| VD) e ¥
fi3| EM_D[8] DVDDEMIF [R5
Ko EM_D[7] DVDDEMIF HEo——1
Vo] EM_DI6] DVDDEMIF HEe——1
4| EM_DI5] DVDDEMIF (Hez——4
B4 EM_D[4] DVDDEMIF Hie——1
B3 EM D3] DVDDEMIF [-He-
Fo EM_D[2] DVDDEMIF (H7e
S5 EM_OI1] DVDDEMIF 55
EM_D[0] DVDDEMIF
EM_D[15:0]
EM_A[11:0]
+33V +33v +33v AM DECOUPLING Cal
T T
L ca3 L cas L cas L c36 L car cas cag cao c41 L caz L ca3 L car i cas L ca9
/‘\ 47uF T 0.1uF T 0.1uF T 0.1uF T 01uF OAuF O.AuF 0.1uF 0.1uF /‘\ 47uF T 0.1uF T 0.1uF T 0.1uF T 0.1uF
= =
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R56 RS7
433V 10.0K DNP
DSP_LDO_EN

DSP_LDOO_1v3

u20
TMS320C5517

2m
&

cs0

J‘ 10uF
T

J10
Ji1

ololqlgla

ANA LDOO_1P3V A12
A10
BG_CAP B13
1 ces ce6
uF 0.1uF

DSP_LDOO

DSP_LDO_EN

RSV1_CVDD
RSV2_CVDD
RSV0_VSS
RSV3_VSS
RSV4_VSS
RSV5_VSS
RSV16_VSS

ANA_LDOO

VDDA_ANA

BG_CAP

VSSA_ANA

VSSA_ANA

DVDDIO
DVDDIO
DVDDIO
DVDDIO
DVDDIO
DVDDIO

T B A=
T

c56

-

0.1uF T

FB7
MPZ1608S221A

TEXAS
INSTRUMENTS
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(8) X_GPIO3V3_13

(8) X_GPIO3V3_12

(489,11) DSP_SCL

(48,9.11) DSP_SDA

(4) DSP_INTON

(4,8,9,10,11,14) SVS_RESETN

(3) X_UART_TXD_UHPI_HD15_GP31_I283_DX

><7MMC[LD’!’GF"LMCBSPJ:LKRJ:LKS (38)

DSP_RTC_CLKOUT (2)

K D> X_GP16_UHPI_HDS (3)

«
R58 0.0 OHM
P
RS9 0.0 OHM
+5V P4 3.3V
HDR2X20
Ho o
o o X_GPIO3V3_11 (8)
- 1o o X_GPIO3V3_10 (8
X"SOA g o o X_I12S2_FS_UHPI_HD9_GP19_SPI_CS0 (3)
e ‘Ho o XT1252_CLK_UHPI_HDB_GP18_SPI_CLK  (3)
S RESETH Ho o X_1252_DX_UHPI_AD11_GP27_SPI_TX (3)
S oo X252 RX_UHPI_HD10_GP20_SPLRX (3)
oo X_GP12_UHPI_HD2 (3)
(3) X_SPLTX_UHPI_HD1 o o X.GP13_UHPLLHD3 (3)
o SRR a8 g rEdinE
(3) X_SPI_CS2_ GHPI_AR_NW 2o o — -
(3) X SPI_CS1_UHPI_HCNTL1 s1o o
(3) X_SPI_CS0_UHPI_HCNTLO 5 o o X_MMCO_CLK_I280_CLK_GP0_MCBSP_CLKX (3,8) R63  DNP
(3) X_{ SP\ CLK UHPI |_HINT 1 o o X! MMCU CMD \250 FS, GF’T MCESP FSX (3.8)
i e 8 e e
5
(3) X_UART_RXD_UHPI_HD14_GP30_I283_RX 7 oo X_MMC0_D2_GP4_MCBSP_FSR (3,8) R64 0.0 OHM
59 o o
oo

FEMALE RECEPTACLE WITH

CORRESPONDING MIRROR PIN

NUMBERING.

R65 DNP

—— AN DSP_EXP_12MHZ (2)

LA AA~—— K DX GP17_UHPI_HDT7 (3)

TEXAS
INSTRUMENTS

DALLAS, TEXAS

DSP EXPANSION CONNECTOR
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P3
OLED_CONN_REV
1

GPIO EXPANDER 2
DISP1
p= OLED_CoP OSD9616P0992-10 us
cer 1 -TP TCAG416ARTW
A OLED Con T 1uF 25V - (4,7,89,10,11,14) SVS_RESETN 240 RESET P17 [ —
caN (@.11) DSP_INTIN T P6 BB
3 OLED_C1P DUMMY SYMBOL TO GET OLED DISPLAY INTO BOM Pis DIPSWO
cp ~ cos P14
Lces 10 P13 X_GPIO3V3_13 (7)
4 OLED_CIN R66 (4.7.89,11) DSP_SCL 207 SCL P12 X_GPIO3V3_12 (7]
ciN SooHM  +33v (@789.11) DSPSDA &K SO ADDR i3] SDA_ P11 XGPIO3V3_11 (7)
5 OLED_VBAT = ADDR P10 X GPIO3V3_10 (7)
VBAT
ce9 R67
6 OLED_VBREF uF 10.0K 9 8
VBREF - R GND P07 DGPIO3V3_07 (1)
33V H SN GPIO3V3 06
70 P05 103V3_05 (3)
= +3.3V 0.0220F = Po4 [SIORIVERI] PIO3V3 04 (3)
voo 2 P02 TN PI03V3_02 (1)
o = oint. po1 GPIO3V3_00
b : P00
3.3V +3.3V
T—21veer veer P2—T
cr2 c73
RESN ?0 SVS_RESETN (4,7.8,9,10,11,14) 0.1uF 0-1uF
SCL |7 DSP_SCL (4,7,89,11)
SDA ) DSP_SDA (4,7,8.9,11)
LED_IREF . .
\ReF |12 OLED|
03 R69
LED 220 OHM
14 OLED 7P3v cr4 RE8 GPIO3V3 06 A __LED2
vee 4.7uF 820K
c7s R70
2.20F 220 OHM
P3 NUMBERING MATCHES OLED GPIO3V3 01 LEDY
DATA SHEET. IT IS PIN
REVERSED EROM FCI CONNECTOR - -
IR =
GPIO3V3 00
v
+3.3v
433V W
R72 Q R73 Q0 R74 Q R75 Q0 R76 0 R77 SW DIP-4/SM
DNP & 100K > 10.0K S 10.0K D 10.0K > 10.0K 1 [ =]8 DIPSW3
R78 2 7 DIPSW2
10.0K T == 16 T DIPSW1
P2 [ fpm— ] T I DIPSWO
ur o SD MICRO
TS3A2751BERTW 4 9 sp DETECT
1 LK 5| VDD DETECT R8) 0 R81 o R82
7) X_MMCO_CLK_I250_CLK_GPO_MCBSP_CLKX NOT  com1 % T 3 CLK 100k S 100k S 100k
X_MMCO_CMD_i250_FS_GP1_MCBSP_FSX NO2  COM2 [ 5BATS 2 cmp
X_MMC0_DO_I250_DX_GP2_WCBSP_DX NO3  COM3 g 2T 1 pATo
X_MMCO_D1_I280_RX_GP3_MCBSP_DR NO4 COM4 [~ 5 DATZ 17| DAT1
X_MMC0_D2_GP4_MCBSP_FSR NO5  COMS (& ATS 5 DAT2  SHIELD
X_MMC0_D3_GP5_MCBSP_CLKR_CLKS NO6  COMs 2+ DAT3  SHIELD = - -
24 Vs SHELD
(3) MMC1_CLK_MCSPI_CLK_GP6 Ne. [FE—
(3) MMCT_CMD_MCSPICS0_GP7 .
(3) MMC1_D0_MCSPI_SIMO_GP8 2 ook sy
(3) MMC1_D1_MCSPI_SOML_GP9 INT 57 1 mwmC SEL
(3) MMC1_D2_MCSPI_CS1_GP10 IN2 {57 GPIO3V3_03 ~—
(3) MMC1_D3_MCSPI_CS2_GP11 EN X
+33v 9Pt [Tl
R84 HDR2
v 10.0K - TEXAS OLED, SDCARD, GPIO, DIPSW

CT¢

OF ISize JAGE Code [DWG NO
5 o o I MMCO: JPE=OFF INSTRUMENTS B C5517 DSPSHIELD
: B MMC1: JPE=ON DALLAS, TEXAS

| Monday, October 26, 2015 F‘*‘
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+3.3VA

R85
470K
MCLK {637 MCLK_12MHZ (2)
RESET SVS_RESETN (4,7.8,10,11,14)
BCLK 2 AIC_1252 CLK (3)
WOLK b5 AIC 1252 FS (3)
DINIMFP1 fé: AIC 1252 DX (3)
DOUTIMFP2 [————————> AIC_1252 RX (3)
3
= DNP
SCL/SS ?o KDSP_sCL (4,7.8.11)
SDAMOSI -5 Aco WFps <K »» DSP_SDA (47,8,11)
SCLK/MFP3 fé27 -
MISOMMFP4
ooERS |3z aico GPio
AICO_SPI_SEL
spi_seL 12 —
R89 R90
470K 470K
!
ReF f18_AICO REF
c83 ca4
$ 0.1uF $ 10uF
AGNDO AGNDO
Avop 24— AIC0 AVDD
AVSS ce7 ces
0.1uF 10uF
AGNDO
MBRO520LTIG
AGNDO AGNDO
ovop [23——AIC0 DVD
DVSS
PPAD

us
AIC3204
AICO_MICBIAS 19, cBiAs
c78
R86 R87 047UF
2 2.20K 220K 13
ﬁ —P INT_L
TS JACKS PINK —H R
SLEEVE
Tio | 2 AICO_ANAVIC L | Ao IN2L 193 L
RING . -~ IN2R
INPITIPSW
= =
<~ —2 IN3R
AGNDO
AGNDO cs1 AGNDO  AGNDO
47uF AICO_LOL 22
43 AIC0_LOR 23| LOL
TRS_JACK4 GREEN LOR
1
SLEEVE 5 AICO_HEAD L AICO_HPL 25
TIP3 AICO_HEAD_R T AICO_HPR 27 | HPL
RING ce2 HPR
INPITIPSW pens
R91 R92
< DNP DNP
AGNDO
R93
AGNDO  AGNDO ‘QFSVA e AICO_LDO_SEL 30
LDO_SEL.
R94
DNP +3.3VA
R182 c138 [
100 TuF 7 Iovoo
AICO_LOL_HDR AICO_LOL L |{_AICO_LOL lovss
I
c140
) 0.015uF
HDR3
R95
2 +3.3VA 10.0 OHM
AGNDO T 26| hom
AGNDO
R183 c139
100 1uF
AICO_LOR_HDR AICO_LOR R|{ _AICO_LOR
A AGNDO AGNDO
cia1
0.015uF
AGNDO
B8 FB9
MPZ16085221A MPZ16085221A
433V +33VA
AGNDO

TEXAS
INSTRUMENTS

DALLAS, TEXAS

TLV320AIC3204 CODEC

ISize JAGE Code DWG NO IRev
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(2) DSP_USBVDD )

o7
MBRO520LT1G ARDUINO INTF POWERS DSPShield
F

JPA=OFF, JPB=ON, JPC=OF!

DSPShield POWERS ARDUINO INTF

D8
MBROS520LT1G JPA=ON, JPB=ON, JPC=ON

ARDUINO INTF LOGIC LEVEL SELECT.

JPD=ON, JPE

OFF:

SOURCE EXTERNAL, ARD_IOREF POWERS ARD_INTF VCC.

(14) EMU_USBVDD ) JPD=OFF JPE = ON: SOURCE INTERNAL, JPE[1-2] = +5V, JPE[2-3] = +3.3V.
DSPShield POWER ISOLATED FROM ARDUINO INTF JPD=ON JPE = ON: DSPShield POWERS ARD_IOREF WITH VOLTAGE BASED ON JPE.
JPA=ON, JPB=OFF, JPC=OFF
F1 P2 ) P4
FUSE-MF-MSMF050-2 HDR2 HDR2 ARD_5V +5V HDR3 +3.3V
USB_5V 1 2 FUSESV 1[5 g2 1 g2 T o o o 5 6 TP7
\—‘JPA \—‘JPB 3 TEST POINT TEST POINT TEST POINT
v
o JPE
+5V +33v +14v
JP5 T T
+33V HDR2 ARD_3V3
JP6
ARD_IOREF HDR2 ARD_INTF_VCC
JPC T o ol2 T
JPD
VR1 L VR2
LMR10510XDBY 2204 +3.3v 433V LP3982 +1.4v
VIN sw — a) F 2 out T
out
co7 c95 co8
D9 Ro7 220F 2.20F Ro8 2.20F
] CRS08 453K 12.0K
= = FAULT R1 =
J— 5 VRIP3 FB
— SADN  SET
EN -
3 6 VRIP3 BYP - *
VR3P3 FB R100 I GND cc — Vout 1.25V* (R1/R2+1)
10.0K c99 R101
+3.3V DC-DC REGULATOR 33nF 100K
+1.4V LDO
L R2
433V
(13) ARD_DSP_RSTSNS )
R102
c100 51.0K
0.01uF +3.3V ug R104
R103 TPS386596L3: N 0.0 OHM
ESDS SENSE1(3.3) RESET |2 SVS RSTN OUT > SVS_RESETN (47,89,11,14)
= OPEN DRAIN
- SENSE2
(13) EMU_RSTN_ONLY ) SENSE3 433V
e SENSE1P4_1V 1) senses oo ﬂ
0.01uF swa PBRSTN 7w oo 15 cto1

+1.4v

TEST POINT

TEXAS
INSTRUMENTS

DALLAS, TEXAS

VOLTAGE REGULATORS, SVS

ISize JAGE Code DWG NO
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ARD_INTF_VCC

ARD_5V

R107 0 R108
10.0K 100K
uto
PCA95158
T 3] SCLO  scLt ; K DsP_SCL (4.7,
SDAO  SDA [-& > DSP_SDA (47.:89)
ARD_INTF.VCC ~ R109 DNP GPIO3V3_02 (8)
T PCA NG 1 +3.3V
i NC
_[—eNp_ vee R110
c105 10.0K
R111 0.AuF
DNP
(12) ARD_SCL ~ K—— A ~—t
R112
DNP
(12) ARD_SDA < D)
i1
TXBO104RGY
81 a2 DSP_MCSPI_CLK (3)
1] B2 a2 5 DSP_MCSPI_SOMI' (3)
10 B3 A3 5 DSP_MCSPI_SIMO (3)
B4 A4 DSP_MCSPI_CS0 (3)
S ine oe 2 GPIO3V3_07 (8)
ARD_INTF_VCC NG 433V
1 veee veea R113
c108 15 c1o07 10.0K
I 0.4uF GND__PPAD I 0.1uF
Ps GPIO EXPANDER 1
HDR1X10
o |10 ARD_I2C_SCL U2
a ARD_12C_SDA TCAB416ARTW.
o — ARD_AREF_NC (13) GPIOSV_17 P17 RESET P2g SVS_RESETN (4,7,8,9,10,14)
o ARD_SPI CLK (13) GPIOSV_16 P16 INT DSP_INTIN (4,8)
a ARD_SPI_MISO (12) GPIOSV_15 P15
o RSP NOST (12) GPIOSV_14 P14
o - (12) GPIOSV_13 P13
ARD SPI_SS . 19 DSP SCL
E EIEATE (12) GPiosv_12 P2 SSifmo—osesoA ICSP CONNECTOR
o P10 ADDR
6
HDR1X8 R114 P9
8 ARD_IO7 8 0.0 OHM HDR2X3-FEM
o P07  GND
7 A 7 ARD_SPI MISO ICSP_SPI_MISO 1[5 gl2
: : v He gl
g AROTG poe R115 5|15 B[®
o s 0.0 OHM
A 03 ARD_SPI_CLK ICSP_SPI_CLK
g A T D X P02
g ARD_I00 ARD_RX oo R116
0.0 OHM
atre ARD_INTF_VCC " 3 (12,13) ARD_RESETN % ICSP_ARD_RESETN
0.0 OHM veeP  veel ? o
c108 0.0 OHM
(12) ARDTX K 5> MV OAuF ARD_SPI_MOS! ICSP_SPI_MOSI

(12) ARD_RX K )

R119
0.0 OHM

T

1/0s CAN BE 5V OR 3V

ARDUINO INTERFACE 1

TEXAS
INSTRUMENTS g [

DALLAS, TEXAS

C5517 DSPSHIELD
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BT o ARD_IOREF  ARD 3V3  ARD_5V o ;g ARD_SCL (1)
o HDR1X6 K ARD_SDA (11)
o o
o > ARD_RESETN (11,13) o
o o ARD_AD3 (4)
o o ARD_AD2 (4)
o o ARD_AD1 (4)
ofts o ARD_ADO (4)
o
ARD_INTF_VCC
+3.3V
R120 R121 R122
DNP ONP R123 0.0 OHM
470K
u13 ut4 D> TRGT_RXD (14)
N74LVC2G241 SN74AHCT1G125
(11) ARD_RX T S Ly 1n 2 1 DSP TXD &V 4y A2 DSP_TXD (3)
(11) ARD_TX 2y 2A _
oF
TE b7 T GPIOSV_13 (11)
20E GPIOSV_14 (11)
ARD_INTF_VCC GND _vee
[ eNn vee R124 R125 T DEVICES HAV O.AuF
= ci11 100K 9 100K vim= 2v
433V 433V 433V LVC DEVICES HAVE 5V 0.1uF
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5517 DSPSHIELD

Revision: A

TEXAS INSTRUMENTS

KILBY LABS

13560 North Central Expressway

Dallas, TX 75243

MS 3747
Bill Of Materials ~ November 5,2015  10:10:56
Ref # Supplier PN SUPPLIER [Des Qty [PART MFG MFG P/N
TOK
Corporatio
1 445-7486-1-ND DIGIKEY [CAPACITOR, 10V CERAMIC X5R 20% 603 13[10uF n C1608X5R1A106K
Taiyo
2 587-1994-2-ND DIGIKEY |CAPACITOR, 16V CERAMIC X7R 10% 402 58)0.1uF Yuden  |GMK105BJ104KV-F
3 399-7757-1-ND DIGIKEY _|CAPACITOR, 10V CERAMIC X7R 10% 402 3[1000pF _ [Kemet  |C0402C102K8RACTU
TOK
Corporatio
4 445-1241-1-ND DIGIKEY | CAPACITOR, 50V CERAMIC NPO 5% 402 2[33pF n C1005C0G1H330050BA
Taiyo
5 587-1454-1-ND DIGIKEY | CAPACITOR, 10V CERAMIC X5R 10% 402 16|1uF Yuden LMK105BJ105KV-F
TOK
Corporatio
6 445-6843-1-ND DIGIKEY |CAPACITOR, 10V CERAMIC X7R 10% 201 11[0.01F _ |n C0603X7R1A103K030BA
TOK
Corporatio
7 445-7318-1-ND DIGIKEY |CAPACITOR, 10V CERAMIC X5R 10% 201 6[0.1uF n C0603X5R1A104K
Taiyo
8 587-1248-1-ND DIGIKEY |CAPACITOR, 25V CERAMIC X5R 10% 603 2|1uF 25V |Vuden  [TMK107BJ10SKA-T
TOK
Corporatio
9 445-1261-1-ND DIGIKEY |CAPACITOR, 25V CERAMIC, X7R 10% 402 1/0.022uF _|n C1005X7R1E223K
TDK
Corporatio
10 445-1385-1-ND DIGIKEY |CAPACITOR, 16V CERAMIC 10% 1206 2[a.7uF n C3216X7R1C475K/1.60
Murata
Electronics
North
11 490-1312-1-ND DIGIKEY | CAPACITOR, 25V CERAMIC X7R 10% 402 5[0.01uF _ |America [GRM155R71E103KAO1D
Taiyo
12 587-1250-1-ND DIGIKEY | CAPACITOR, 16V CERAMIC X7R 10% 603 2[0.47uF __|Vuden EMK107B7474KA-T
TDK
Corporatio
14 445-6711-1-ND DIGIKEY | CAPACITOR, 10V CERAMIC X5R 20% 1210 2|a7uF n C3225X5R1A476M
TDK
Corporatio
15 445-8190-1-ND DIGIKEY | CAPACITOR, 10V CERAMIC X5R 10% 805 2[22uF n CGJAI2X7R1A224K125AA
TDK
Corporatio
16 445-5166-1-ND DIGIKEY _|CAPACITOR, 6.3V CERAMIC X5R 10% 603 2[2.2uF n C1608X5R1A225K080AC
TOK
Corporatio |CGA2B2X7R1C333K0508
17 445-12238-1-ND DIGIKEY _|CAPACITOR, 16V CERAMIC X7R 10% 402 1/33nF n A
Murata
Electronics
North
18 490-5421-1-ND DIGIKEY | CAPACITOR, 6.3V CERAMIC X5R 20% 603 3]4.7uF America__ | GRM188R60)475ME19D
20 MMSZ5234B-FDICT-ND | DIGIKEY | DIODE ZENER 6.2V 500MW SOD-123 SOD-123-1N4148W_DIODES 1l6.2v Diodes Inc_|MMSZ5234B-7-F
21 160-1829-1-ND DIGIKEY | DIODE, LED ORANGE 5mA 0603_D 5[LED Lite-On Inc [LTST-C193KFKT-5A
ON
2 MBRO520LT1GOSCT-ND _|DIGIKEY | DIODE, SCHOTTKY SOD123-MBR0520_ONSEMI 3|16 ctor MBRO520LT1G
23 CRSO8QMCT-ND DIGIKEY | DIODE, SCHOTTKY SOD123F_TOSHIBA 1|cRS08 __|Toshiba _[CRSO8(TE85L,Q,M)
SDMA40E20
24 SDMA40E20LS-FDICT-ND___|DIGIKEY | DIODE, SCHOTTKY DUAL SERIES SOT-23-BAT545_DIO alLs Diodes Inc_|SDM40E20LS-7-F
Murata
Electronics
BLM18AG6 |North
2 490-1014-1-ND DIGIKEY _|FERRITE BEAD 600 OHM 500mA 603 6[01SNID__ [America_|BLM18AG601SN1D
TOK
MPZ16085 |Corporatio
2% 445-1565-1-ND DIGIKEY |FERRITE BEAD 220 OHM 2A 603 5[221A n MPZ16085221A
FUSE-MF-
MSMF050-
27 MF-MSMF050-2CT-ND DIGIKEY |FUSE, PTC RESETTABLE .50A 15V 1812 12 Bourns Inc. |MF-MSMF050-2
Abracon
ASFL1- |Corporatio
28 535-9253-1-ND DIGIKEY |OSCILLATOR, CRYSTAL CLOCK, 4-PIN CRY4-8002_SI 1j12MHZ_ |n ASFL1-12.000MHZ-EK-T
30 952-2262-ND AVNET _ [HEADER, MALE 2POS .1" HDR2 5|HDR2 SAMTEC | TSW-102-07-T-S
31 TSW-103-07-T-5 AVNET _[HEADER, MALE 3POS .1" HDR3 1[HDR3 SAMTEC _[TSW-103-07-T-5
TRS_JACKA
33 CP-3524JPICT-ND DIGIKEY | CONNECTOR, 3.5MM STERO AUDIO JACK STEREQJACKDECAL 1] PINK CUlinc_|5)-3524-SMT-PI
TRS_JACKA
34 CP-3524SIGRCT-ND DIGIKEY | CONNECTOR, 3.5MM STERO AUDIO JACK STEREQJACKDECAL 1) GREEN _|cUllnc [5)-3524-SMT-GR
Murata
Electronics
North
35 490-5114-1-ND DIGIKEY _|INDUCTOR, 1.3A 40MHz 20% IND2-1008CS_COIL 1]2.2u4 America__|LQM2HPN2R2MGOL
36 609-4613-1-ND DIGIKEY |CONNECTOR, USB MICRO-B USB-UB-10118192_FCI 2]usB-us__[Fci 10118192-0001LF
Amphenol
Commercia
37 101-00660-68-6-1-ND DIGIKEY | CONNECTOR, SD MICRO CONN9-MICRO-SD-10100660XXX_AMP 1/SD_MICRO |l Products |101-00660-68-6
OLED_CON
38 609-1237-1-ND DIGIKEY _|CONNECTOR, OLED DISPLAY CONN14-10051922_FCI_REV 1NREV  |Fal 10051922-1410ELF
39 59200-ND Avnet |HEADER, FEMALE 40 POS .1" 2ROW HDR40_REV_PINOUT 1[HDR2X20 [SAMTEC _[S5W-120-01-T-D
40 1528-1074-ND Avnet |Arduino Header 1[HDRIX10 [SAMTEC [55Q-110-04-F-S
a1 55Q-108-04-F-5 Avnet _|HEADER, FEMALE 8POS 1" 2|HDR1X8 _[SAMTEC _[550-108-04-T-S
42 55Q-106-04-F-5 Avnet _|HEADER, FEMALE 6POS .1" 1|HDR1X6 _ |SAMTEC _[55Q-106-04-T-
HDR2X3-
43 E5Q-103-24-T-D AVNET __[HEADER, FEMALE 6POS .1" 2ROW 1|FEM SAMTEC _|ESQ-103-24-T-D
Panasonic
Electronic
Componen
45 PO.0JCT-ND DIGIKEY _|RESISTOR, 1/10W JUMPER 402 32/0.00HM |ts ERJ-2GEOR0OX
Panasonic
Electronic
Componen
46 P10.0KLCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 43[10.0k ts ERJ-2RKF1002X




Panasonic

Electronic
Componen
47 P100KLCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 10{100K ts ERJ-2RKF1003X
Panasonic
Electronic
Componen
48 P4.70KLCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 11{4.70k ts ERJ-2RKF4701X
Panasonic
Electronic
Componen
49 P220LCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 5[2200HM_[ts ERJ-2RKF2200X
Panasonic
Electronic
Componen
51 PO.OACT-ND DIGIKEY |RESISTOR, 1/8W 1% 805 15[0.00HM _|ts ERJ-6GEYOROOV
Panasonic
Electronic
Componen
53 P820KLCT-ND DIGIKEY _|RESISTOR, 1/10W 1% 402 1820k ts ERJ-2RKF8203X
Panasonic
Electronic
Componen
54 P100LCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 1|100 OHM _|ts ERJ-2RKF1000X
Panasonic
Electronic
Componen
55 P2.20KLCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 3[2.20K ts ERJ-2RKF2201X
Panasonic
Electronic
Componen
56 P10.0HCT-ND DIGIKEY |RESISTOR, 1/10W 1% 603 1/10.00HM |ts ERJ-3EKF10ROV
Panasonic
Electronic
Componen
57 P45.3KLCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 1)45.3 ts ERJ-2RKF4532X
Panasonic
Electronic
Componen
58 P4.02KLCT-ND DIGIKEY _|RESISTOR, 1/10W 1% 402 1/4.02¢ ts ERJ-2RKF4021X
Panasonic
Electronic
Componen
59 P51.0KLCT-ND DIGIKEY _|RESISTOR, 1/10W 1% 402 4[51.0 ts ERJ-2RKF5102X
Panasonic
Electronic
Componen
60 P15.0KLCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 1{15.0k ts ERJ-2RKF1502X
Panasonic
Electronic
Componen
61 P1.50KLCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 3[1.50K ts ERJ-2RKF1501X
Panasonic
Electronic
Componen
62 P47.0LCT-ND DIGIKEY |RESISTOR, 1/10W 1% 402 6[47.0OHM |ts ERJ-2RKF47ROX
Panasonic
Electronic
Componen
63 P12.0KLCT-ND DIGIKEY _|RESISTOR, 1/10W 1% 402 1)12.0¢ ts ERJ-2RKF1202X
TS
W DIP-  |Electrocom
64 CT2184LPST-ND DIGIKEY _|SWITCH, DIP 4-POS SW_8PN 1/4/sM ponents _|218-4LPST
W
MOMENTA
RY_ESWITC
65 EG2527CT-ND DIGIKEY _|SWITCH, SPST MOMENTARY SW4-TL3301-GULL_E-SW 1JH E-Switch | TL3301AF260QG
TEST Keystone
66 5002K-ND TERMINAL, TEST POINT TP-5002_KEY 6|POINT Electronics 5002
85 [AT93C46DN-SH-B-ND DIGIKEY _|I.C., 4K EEPROM SOIC8-851_ATM 1[ATo3c46 _[Atmel AT93C46DN-SH-B
FTOT,
Future
Technology
Devices
Internation
86 768-1025-1-ND DIGIKEY _|I.C., USB TO UART BRIDGE PQFP64-QFN_FTDI 1|FT2232H |al FT2232HQ-REEL
Seiko
32.768KH |Instrumen
90 728-1064-1-ND DIGIKEY |CRYSTAL, CRYSTAL-SSPT7F_SII 1)z ts SSPT7F-12.5PF20-R
64MBIT
Mobile 15425M16400K-75BLI
94 870-1425M16400K75BLI [Mouser |DRAM 64M 4Mx16 133Mhz 3.3V Mobile SDR 1 |sDrRAM |issI
Texas
TMS320C5 |Instrument
68 296-39818-5-ND DIGIKEY _|IC DSP FIXED-POINT 196NFBGA 1 s TMS320C5535AZHH10
Texas
SN74LVC2 |Instrument
69 296-12605-1-ND DIGIKEY |I.C., 2 TO 1 MULTIPLEXER SOIC8-DCU_T! 2 |6157 s SN74LVC2G157DCUR
Texas
SN74CB3Q Instrument
70 296-16834-1-ND DIGIKEY |I.C., 4-BIT 1 OF 2 MUX/DEMUX PQFP16-RGY_T! 2 3257 s SN74CB3Q3257RGYR
Texas
TCA6416A |Instrument
71 296-24826-1-ND DIGIKEY |I.C., 16-BIT 12C 1/O EXPANDER QFN24-UF_LIN 2 [RTW s TCA6416ARTWR
Texas
Instrument
72 296-18012-1-ND DIGIKEY |I.C., SINGLE BUFFER SOICS-DRL_TI 1 [oNI s SN74LVC1G125DRLR
Texas
Instrument
73 296-23775-1-ND DIGIKEY _|I.C., STEREO AUDIO CODEC PQFP32-RHB_TI 1 |AIC3204 |s [ TLV320AIC32041RHBR
Texas
TPS386596 Instrument
74 296-27694-1-ND DIGIKEY ]I.C., QUAD RESET SUPERVISOR SOIC8-DGK_TI 1 ]33 s TPS5386596L33DGKT




Texas

Instrument
75 296-30393-1-ND DIGIKEY |I.C., 12C BUS REPEATER SOIC8-DGK_TI 1 |PCA9515B |s PCA9515BDGKR
Texas
TXBO104R [Instrument
76 296-21930-1-ND DIGIKEY |I.C., 4-BIT VOLTAGE TRANSLATOR PQFP14-RGY_TI 1 |GY s [ TXBO104RGYR
Texas
SN74LVC2 Instrument
77 296-11936-1-ND DIGIKEY |I.C., DUAL TRI-STATE BUFFER SOIC8-DCU_TI 1 |G241 s SN74LVC2G241DCUR
Texas
SN74AHCT [Instrument
78 296-19379-1-ND DIGIKEY [I.C., SINGLE BUFFER SOIC5-DRL_TI 1 |1G125 s SN74AHCT1G125DRLR
[Texas
Instrument
79 296-22862-1-ND DIGIKEY _|I.C., 2-BIT VOLTAGE TRANSLATOR SOIC8-DCU_TI 1 [TxB0102 _[s | TXB0102DCUR
Texas
SN74LVCL
80 296-17845-1-ND DIGIKEY |I.C., SINGLE 3-INPUT POSITIVE OR-AND GATE SOIC6-DCK_TI 1 |G3208 s SN74LVC1G3208DCKR
Texas
SN74LVC1 Instrument
81 296-18010-1-ND DIGIKEY |I.C., SINGLE OPEN-DRAIN BUFFER SOIC5-DRL_TI 1 _|Go7 s SN74LVC1GO7DRLR
Texas
SN74LVC1 Instrument
82 296-18009-1-ND DIGIKEY [I.C., SINGLE OPEN-DRAIN INVERTER SOIC5-DRL_TI 1 _|Gos s SN74LVC1GO6DRLR
Texas
SN74LVC1 [Instrument
83 296-18012-1-ND DIGIKEY [I.C., SINGLE BUFFER SOIC5-DRL_TI 1 _|G125 s SN74LVC1G125DRLR
Texas
Instrument
84 296-21883-1-ND DIGIKEY [I.C., ESD PROTECTION SOIC5-DRL_TI 1 |TPD2E001 |s [TPD2EO01DRLR
Texas
SN74LVC [Instrume |SN74LVC1G175DCK
87 296-16998-1-ND DIGIKEY |I.C., SINGLE D FLIP-FLOP SOIC6-DCK_TI 1 |1G175 nts R
Texas
LMR10510XMFE/NOPBC LMR1051|Instrume [LMR10510XMFE/NO
88 T-ND DIGIKEY |I.C., 1A STEP-DOWN REGULATOR SOIC5-DBV_TI 1 |OXDBV__|nts PB
Texas
LP3982IMM- Instrume [LP3982IMM-
89 ADJ/NOPBCT-ND DIGIKEY |1.C., LDO LINEAR REG, 300mA SOIC8-DGK_TI 1 [LP3982 |nts ADJ/NOPB
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Analog Shield Introduction

Analog Shield: Introduction
By William J. Esposito

R0.3,5/12/14

Introduction

The analog shield offers a high fidelity and easy

way to connect your Arduino to analog circuits. . q
In order to do this, the Digilent Analog Shield*

provides:

* 4 Channel, 16 bit 100ks/s SAR ADC.

* 4 Channel 16 bit 100ks/s DAC.

* Variable +/-7.5V Supply.

* Fixed +/-5V Supply.

* A small area for a breadboard.

* Software read and write to the ADC/DAC
with a single line of C.

Figure 1: The Analog Shield.

In addition to providing many of the features

available on other prototyping or breadboard shields, this shield provides substantially
higher resolution inputs and outputs than an Arduino Uno does natively, as well as providing
the bipolar inputs and supplies needed to drive many useful analog circuits.

The Analog shield communicates with the Arduino using the SPI protocol. The Analog-to-
Digital input conversion (ADC) and Digital-to-Analog output conversion (DAC) both use the
standard Arduino SPI bus pins and independent chip selects.

Applications
The Analog Shield allows access to many signals that cannot reliably be recorded or generated
using the standard pins on the Arduino.

A few demos using the analog shield have been developed.

* Sine wave / function generator (using direct digital synthesis)
* FFT spectrum analyzer

* Polyphonic music generator

* 4 channel low bandwidth oscilloscope

* Lissajou diagram generator

* XY-analog scope display driver

These demos are each explained in their own associated documentation

*The Analog Shield was developed as a collaboration by Texas Instruments and the Kovacs /
Giovangrandi lab at Stanford University.



Analog Shield Introduction

Hardware

Expansion Header

The left hand edge of the Analog Shield contains a three pin dual row female headers. The first
columns on the connectors contain inputs and outputs of all of the analog shield’s peripherals.
All of the connections on the second column are referenced to a shared ground.

Analog Inputs
The Analog Shield provides 4 channels, of 16 bit of Analog-to-Digital input conversion (ADC).
As described below, to sample one of the analog input requires only a single line function call:

analog.read(channel);
Analog read takes a channel as an input and returns a 16 bit unsigned integer.

These inputs are buffered with an op-amp to protect the circuitry of the ADC, and a simplified
circuit diagram of the inputs has been printed directly on the board.

Analog Outputs

As well as inputs, the Analog Shield has 4 channels of Digital-to-Analog output conversion
(DAC) for analog output. The outputs of the Analog Shield function slightly differently from
the Analog outputs of the Arduino itself. The standard Arduino analogWrite(pin, value)
function initiates a Pulse Width Modulated square wave that only approximates the desired
output value over time. While this behavior is suitable for many applications, there are some
analog circuits where it is important to have an actual stable output value. The DAC on the
Analog Shield serves this purpose nicely. Values written to these ports remain stable until a
new value is written to the selected port. As described below, in order to write to one of the
analog output channels on the expansion connector (labeled OUT0-OUT4), one simply has to
call:

analog.write(pin, value);
The analog.write() function takes an unsigned 16-bit unsigned integer as an input.

As with the inputs, the outputs are buffered with an op-amp to protect the circuitry of the
DAC, and a simplified circuit diagram of the inputs has been printed directly on the board.

Power Supply

In addition to the inputs and outputs, the Analog Shield also includes an integrated power
supply. Unlike the Arduino’s included power supply, the supply on the Analog shield is bipolar
- meaning that it provides both positive and negative voltages.

The onboard power supply includes five outputs, +5V, -5V, +V.g;, and -Vagj, and 2.5V Vier.



Analog Shield Introduction

In addition, to the fixed +/-5V supply pins, The Analog Shield also includes adjustable +/-7.5V
pins. The voltage of these pins is controlled using the potentiometer located in the lower right
corner of the Analog Shield. Adjusting the potentiometer will adjust the voltage of the +Vag;
supply and the -V.q; supply simultaneously, keeping the two supplies balanced at the same
voltage (but with the opposite polarity). For example, one might adjust the potentiometer to
produce +3.3V on the +V.qj pin, which would produce an output of -3.3V on the -V.q4; pin and
thus a potential between the two pins of 6.6V.

Finally, a +2.5V reference output is provided to offer a ‘center’ point between 0 and 5 volts, in
case a single rail (+5V to 0V supply) circuit needs a center voltage reference point.

Prototype Area

The center of the board is intentionally left open. It includes a silkscreened drawing that
provides a high level schematic of one channel of the ADC and one of the DAC, as mentioned
above. This area has been left free of any top mounted components, and a miniature
breadboard has been included with the shield, to be affixed in this area, for use in
constructing circuits.

Software

Included with the Analog Shield is a simple driver library. It attempts to provide a similar
interface to the existing Analog read and write functionality. To install the driver library see
the document “Analog Shield - 02 First Time Setup”. To include the library in a sketch, once
itis installed, it is simply added to a sketch with:

#include <analogShield.h>

Once the shield library is included, the sketch will have access to a variable called ,
which has access to all the methods associated with the shield. The following are the six most
important methods associated with the shield.

unsigned int read(int channel, bool mode = false);

This method samples the selected analog input. ‘mode’ is an optional parameter. False
(the default value) is normal single ended mode where each analog pin is referenced to
ground. True enables ‘differential’ mode, where the value returned is the difference
between the voltages on pairs of adjacent inputs (i.e. INO-IN1 and IN2-IN3). Read
returns an unsigned integer.

signedRead (int channel, bool mode = false);

Signed read behaves identically to read, but returns a signed integer.

write (int channel, unsigned int wvalue);

irite (u i int valueO, :d int wvaluel, true);

vrite (U int valueO, valuel, unsigned int value2, true);
vrite (U int valueO, valuel, unsigned int value2,

d int value3,
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These methods allow writing to the Analog Shield’s analog output. The first method
writes to any arbitrary selected channel. The next three methods write to two or more
channels simultaneously (but only write to specific channels, i.e. 0 and 1 instead of to
any arbitrary pair of channels). The simultaneous update methods are useful for higher
speed applications where a small delay between channel outputs will produce
unwanted signals or timing issues. For example, to use the shield to drive the X-Y input
of an oscilloscope to draw a circle, a delay between writing the X and the Y channels
produces a ghost ‘ellipse’ drawn during the interim between the X and Y DAC updates.

The power supply is entirely analog and as such needs no software to operate, but the ADC
(part number DAC8564) and DAC (part number ADS8343) are both SPI devices. Their
datasheets are freely available from the manufacturers website and can be used to write your
own software as need be, but this simple library should do the trick for most users.

Summary:

Unlike the native Analog input of the Arduino, the Analog shield provides a 16 bit ADC, (as
opposed to 10 bits provided by the Arduino UNO) offering greater precision (about 25dB)
than the Arduino does natively. Additionally, the ADC works as a bipolar input, meaning that
sense signals in the range of +/-5V can be measured without any additional hardware.

The onboard DAC provides a similar improvement in precision. The Analog Shield provides
16 bits of precision, and offers as much as 25dB better signal to noise ratio when driving a
sinusoidal output at low frequency.

The analog shield provides a compact integrated power supply with fixed and adjustable
outputs to allow a variety of analog circuits to be assembled with a minimum of wasted space
and complexity.

Special thanks to Gregory Kovacs, Fernando Mujica, and Clint Cole and their respective teams
at Stanford, TI, and Digilent for supporting this project to completion, as well as Domingo
Garcia for his amazing work on board layout and to Laurent Giovangrandi for his support in
program oversight and debugging.
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DSP-Duino

Energia Based DSP programming API

The goal for this project is to port the Energia IDE / “language” to the new C5517 based DSP shield. This
shield will contain a number of peripherals that should be interfaced in a way that mimics the Arduino
hardware as naturally and closely as feasible. To that end, the API will include a number of directives
that wrap hardware specific functionality with simple APIs and mnemonics that simply mirror the pin
names on the board itself. The APl will additionally contain a number of higher level functions that allow
for easy use of powerful signal processing methods, at the cost of some detailed control.

Bootloader:
The DSP Shield will boot directly from the SD card, in both “shield” mode and “stand-alone” mode,
negating any need for bootloader dip switches.

On boot, the DSP Shield will load a “Stage 2” bootloader from the SD card. This bootloader will
disconnect the 5517’s reset pin from the shared reset line. It will then keep the Arduino in reset and look
for a handshake and new program to be transmitted via the UART, which it will then store to the SD
card, overwriting any existing user program. Once the program has been loaded, or a timeout has been
reached, the bootloader will finish and enter a wait state. At this time it will release the Arduino from
reset and reconnect its reset pin to the shared reset line.

When the stage 2 bootloader receives an initialization signal from the Arduino via McSP], it will leave the
wait state and execute the user program. Wait for Init.

command to

be sent via
McSPI from
Arduino

Timeout or load
complete

Stage 2
Bootloader
Load

Stage 2
Bootloader
Wait

Bootloader
Load Stage 2
bootloader
from SD

Stage 2
Bootloader
Start

Release

Place

Arduino

Arduino

from reset.

in Reset.

Recv. Init. via

Reset Line Configuration McSPI

Serial Reset
Bridge

Wait for program via UART.
Store received program to SD
_Y& card. If no program received
via UART, then Timeout.

Button

Execute

o
AT- 25 C5517 User
25 Reset Program
MEGA 8 = ¢
= rom SD
[a
328p | 21Q

Bootloader Sequence




Pin Names:

The pin names should correspond to the Arduino pin names as closely as possible. Pins 0-13 should be
numbered as such. It is not clear if pins 10-13 will be accessible as they will be utilized for SPI, but their
numbers must be reserved as if they were available. These pins will correspond to the pins on the I°C
GPIO device attached to the shield, not to the pins on the DSP itself.

0-9: GPIO on I2C chip
10-13: Superseded by SPI, but reserved
DO-DXX: GPIO Pins on TI Header

AQ0-A6: Analog Input Pins corresponding to Arduino Header. Only 4 active at a
time.

Low Level (Hardware Directives):

Included here is a preliminary list of functionality that should be available at launch for the HAL. These
functions are either in the form of libraries invoked by the user or built directly in to the programming
environment. Built in functionality is noted by an asterisk in parenthesis (*) after the section name.

Analog Read(*): Reads analog value from one of the ‘6’ analog pins. Note that three of them are
MUXed together, so only four pins can be read at the same time. Given that we are going to hide multi-
pin reads from the end user (and allow only reading one pin at a time), this should not be a problem.

analogRead (pin) ;

Digital Read/Write(*): Reads or writes an appropriate digital value to the assigned pin. This should work
for ANY GPIO pin on the final device.

digitalRead (pin) ;
digitalWrite (pin);

Serial(*): Serial communication over the UART should work exactly like the arduino environment for the
HW UART. A separate software serial library exists to allow serial communication over GPIO. Software
serial can likely be left to be implemented by the community.

Importantly, hardware serial communication is integral to Arduino sketches, and as such must be
available to users from the start.

if (Serial); Returns ‘1’ if the serial port is ready to be used, ‘0’ otherwise.

Serial.available(); Returns the number of bytes available for reading on the UART.

Serial.begin(baudrate); |Initializes serial port.

Serial.end(); Closes serial port, tristates pins. Useful on Arduino so that pins can be
reused. Since we will share pins with arduino GPIO, this holds on the
shield as well.




Additional Serial Functions (descriptions on Arduino Playground):

Serial.find(); Serial.parselInt(); Serial.read();
Serial.findUntil () ; Serial.peek(); Serial.readBytes();
Serial.flush () ; Serial.print(); Serial.readBytesUntil () ;
Serial.parseFloat(); Serial.println(); Serial.setTimeout () ;
Serial.write();

Attach / Detach Interrupt(*): Wrappers to enable / disable interrupts for specific functionality with a
single line of code. See Arduino Playground

attachInterrupt (interrupt, function, mode) ;
detachInterrupt (interrupt) ;

SD Library: the Arduino library for interfacing with an SD card. We should mimic the interface as closely
as possible. The SD Library contains the SD class and the File class, for handling files on FAT16/32
formatted SD cards.

SD:
begin () ; exists(); mdkir () ;
open () ; remove () ; rmdir () ;

Begin(cspin) — start SD library and communication with card. Cspin is an optional parameter that allows
the user to select which GPIO pin is used for chip select on the SD card. This will be hard wired in our
case, so the optional parameter can be unsupported.

Additional function descriptions on Arduino Playground.

File:

available () close () flush () peek ()
position () print () println () seek ()

size () read () write () isDirectory()
openNextFile () rewindDirectory ()

Timers: The Arduino Uno has one 16 bit timer available to the user, as well as two 8-bit timers. The
Timer1 library is commonly used to handle timer interrupts. The following function descriptions are
taken from Arduino Playground:

initialize (period) ;

You must call this method first to use any of the other methods. You can optionally specify the timer's period here (in
microseconds), by default it is set at 1 second. Note that this breaks analogWrite() for digital pins 9 and 10 on Arduino.
setPeriod (period) ;

Sets the period in microseconds. The minimum period or highest frequency this library supports is 1 microsecond or 1 MHz. The




maximum period is 8388480 microseconds or about 8.3 seconds. Note that setting the period will change the attached interrupt and
both pwm outputs' frequencies and duty cycles simultaneously.

pwm(pin, duty, period) ;

Generates a PWM waveform on the specified pin. Output pins for Timerl are PORTB pins 1 and 2, so you have to choose between
these two, anything else is ignored. On Arduino, these are digital pins 9 and 10, so those aliases also work. Output pins for Timer3
are from PORTE and correspond to 2,3 & 5 on the Arduino Mega. The duty cycle is specified as a 10 bit value, so anything between 0
and 1023. Note that you can optionally set the period with this function if you include a value in microseconds as the last parameter
when you call it.

attachInterrupt (function, period) ;

Calls a function at the specified interval in microseconds. Be careful about trying to execute too complicated of an interrupt at too
high of a frequency, or the CPU may never enter the main loop and your program will 'lock up'. Note that you can optionally set the
period with this function if you include a value in microseconds as the last parameter when you call it.

setPwmDuty (pin, duty);

A fast shortcut for setting the pwm duty for a given pin if you have already set it up by calling pwm() earlier. This avoids the
overhead of enabling pwm mode for the pin, setting the data direction register, checking for optional period adjustments etc. that
are mandatory when you call pwm().

detachInterrupt() ;

Disables the attached interrupt.

disablePwm (pin) ;

Turns PWM off for the specified pin so you can use that pin for something else.

read() ;

Reads the time since last rollover in microseconds.

The method for interfacing with the timer is typically a traditional interrupt methodology and the timerl
library is likely to be reasonably portable. This is not an integral library for booting the board, but it will

be a high profile / demand library.

Audio: This will be a new set of calls defined by Tl to enable easy handling of data streams to and from
either the analog pins or from the Audio codec. We can develop a few function calls based on an
“Audio” class. Essentially the model will be:

init(): initialize 3204 codec / initialize analog pin.
attachinterrupt(): Interrupt on available frame.
detachlinterrupt(): Cancel Interrupt on available frame.
read (): Read a stereo frame.

write (): Write a stereo frame.



frameSize{)Set-thesize-of the-frame,peossibly Alternative: Fixed size frame.
Codec configuration needs to be defined as well, but the calls are not yet proposed here.

SPI (Wire Library): Write to peripheral using dedicated pins on shield, as SPI master to emulate behavior
of Arduino Wire library. From Arduino playground:

begin () ; endTransmission () ; read () ;
requestFrom() ; write(); onReceive () ;
beginTransmission () ; available () ; onRequest () ;

SPI (Slave — to Arduino) (*): Since the DSP Shield is a client device for the Arduino, the system must be
able to accept commands from the master as needed. As such, a routine must be established for
interrupting on new input over the McSPI, and reacting to that data appropriately.

USB (Client Device): There is no equivalent standard library for Arduino. We will develop our own
simplified system calls. This is a lower priority functionality that can be added in later or even left to the
community (if they beat us to the punch).

OLED Screen (LCD):

autoscroll () ; flip(); print (char([]); setline (int) ;

begin () ; init () ; printchar (unsigned setOrientation (int) ;
clear () ; noAutoscroll (); | char); setRolling (int, int);
clear (int) ; noDisplay () ; scrollDisplayLeft () ; write (unsigned char);
display(); OLED () ; scrollDisplayRight () ;

High Level (DSP Software):

FFT Class. (“Signal” class?):

Perform an FFT on an “Audio” stream and/or generic data array

FET () ;

IFFT () ;

filter (signal, taps); Filter a signal based on filter and taps.
rate(signal, rate new); Rate Conversion

More to come.
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Analog Shield Application Note 1: Direct Digital Synthesis Function
Generator

By William ]. Esposito, Doctoral Candidate and Gregory T.A. Kovacs, Professor of Electrical
Engineering, Stanford University
R0.7,5/29/14

Overview

The Analog Shield Direct Digital Synthesis (DDS)
Function Generator is a compact, low-frequency
function generator capable of producing sine, square,
triangle or sawtooth waveforms (figure 1).

DDS works by means of “playing back” a prerecorded
waveform stored in a lookup table at a precisely
controlled rate. One full period of the waveform is
stored in an array on the Arduino. To create a wave
output, the Arduino sends a single sample of the stored waveform out via the analog
shield. It moves through the table outputting samples until it reaches the last sample in
the array. Once it reaches the end, the program returns to the beginning of the table and
repeats. In order to put out a waveform at a higher frequency, the program skips steps in
the table. For example, if a step of 1 produces a 1 Hz output, then outputting every 10th
sample (a step of 10) would produce a 10 Hz output. By calculating how many samples it
has to skip, it can precisely generate any frequency it needs, up to half the rate at which it
puts out samples (the Nyquist rate, where there are a minimum of two samples per
waveform period, which assumes a sine... more samples per period are necessary for
more complex waveforms).

Figure 1: DDS Function Generator.

Hardware

The Analog Shield DDS is built around the Arduino and uses the TI/Stanford Analog
Shield* (available from Digilent, figure 2) for signal output. The Analog Shield DDS also
uses the Adafruit RGB LCD Shield kit for its user

interface.

The Arduino UNO R3 Can be found at:
http://store.arduino.cc/index.php?main page=product
info&products id=195

The Adafruit RGB LCD Kit can be found at:
https://www.adafruit.com/products/714

The Analog Shield can be found at:
http://www.digilentinc.com/analogshield

Figure 2: Analog Shield.
In order to get a meaningful signal at more than a

*The Analog Shield was developed as a collaboration between Texas Instruments and
the Kovacs / Giovangrandi lab at Stanford University.
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kilohertz, the DDS also needs a “reconstruction” filter on its output. The reconstruction
filter is discussed in its own section, below, but the quality of the reconstruction filter will
make a big difference in the quality of the signal produced

Building The Demo

In order to build the Analog Shield DDS, four
nonstandard Arduino libraries are necessary.
For a guide on Arduino libraries and how to install
them, go to http://arduino.cc/en/Guide/Libraries

The libraries required for the DDS are:

The Adafruit RGB-LCD Shield and MCP23017
libraries (For the LCD )
https://github.com/adafruit/Adafruit-RGB-LCD-
Shield-Library

The TimerOne library (for the DDS sample clock)
https://code.google.com/p/arduino-timerone
The Analog Shield library (for analog input)
http://github.com/wespo/analogshield

In case these libraries move in the future, the
Adafruit LCD libraries are linked from the Adafruit
Touch LCD Shield tutorial at Figure 3: LCD with cursor and DDS running.
“https://learn.adafruit.com /rgb-lcd-shield/

The code for the DDS is available with this
document at TWO LINE
http://www.digilentinc.com/analogshield. CHARACTER LCD
A detailed discussion is included below, in the ‘How
the Code Works’ section of this document. (— o
5 | 90? °
Once these libraries are downloaded and unzipped Lefe | Right |
in the Arduino/libraries folder, open the Arduino Down Select Reset

IDE and the “DDS_Generator” sketch. It is important

to note that if the Arduino IDE was already open Figure 4: DDS Controls.
before the libraries were added, the IDE will need to

be restarted to recognize the libraries.

Stack the LCD and Analog Shield on your Arduino. Next, click the “Upload” arrow in the top
left to upload the DDS Function Generator to the Arduino.

Once the upload is complete, you will see a menu will appear on the LCD.



Controlling the Demo
At startup, the Arduino waits for the user to
set the frequency and wave output type.

To change the frequency, press up and
down. The left and right buttons move the
cursor and selects which digit the up and
down buttons effect (figure 4). Moving the
cursor past the lowest digit allows selection
of the wave shape (sine, square, sawtooth,
triangle).

Once a timeout (5 seconds) occurs or the
user presses ‘select’ the system will output
the desired wave. When running, the word
‘run’ displays in the upper right corner of
the LCD (figure 3).

To set a new waveform, press reset to
return to the menu.

Output

Now that there is a signal coming out of DO
on the analog shield, the next step is to do
something with the signal.

One option is to directly connect the output
(DO0) to an oscilloscope (as well as a ground
from the shield to the ground on your
oscilloscope probe, to complete the circuit).

With a direct output, an oscilloscope will
show a fairly clear waveform at low
frequencies (up to 1 kHz or so, figure 5),
although it will have a somewhat stair-step
nature. At higher frequencies, the waveform
will break down. This is due to the nature of
the DDS. At higher frequencies, the DDS
skips more steps, and each step will
therefore make a larger vertical jump. At a
high enough frequency, the signal begins to
look like a rolling square wave. To allow the
DDS to work at higher frequencies a
reconstruction filter is needed, which will be
addressed below.

Arduino Analog Shield DDS
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Figure 7: Headphone jack output. Orange wire (top)
to DO, green wire (bottom) to the ground on the
analog shield.
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Figure 8: Headphone jack connector circuit.



If an oscilloscope isn’t handy, the output can
be heard with headphones. One advantage of
this is that most headphones naturally act as
a low pass filter with a cutoff at or below
20 kHz. To connect your headphones you’ll
need a headphone jack and a resistor with
a value of at least 3.3 kQ. The resistor is
critical because it will limit the volume put
out through the headphones, saving your
ears and your headphones from damage.
Figures 7 and 8 show this circuit.

Reconstruction Filter

To improve the DDS, a reconstruction filter
can be added.

The purpose of the reconstruction filter is to
remove the stair-step nature of our sampled
sine wave. Figure 9 shows the relatively low
frequency 1kHz output after passing through
the high quality filter that will be discussed in
a moment. Note the drastic improvement in
this output when compared to the same wave
seen without a filter in figure 5.

The reconstruction filter should be a low pass
filter which removes the sharp (40 kHz high
frequency) steps in the output without
weakening the lower frequency (1Hz -
16 kHz) signal that is the actual intended
output.

The simplest filter that can be implemented
is a passive RC (resistor-capacitor) low pass
filter. Such a filter will improve the signal, but
its simplicity means that it will only weakly
attenuate higher frequencies. This means
that the resulting signal is less of an
improvement when compared to a better
filter.
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Figure 9: 1kHz sine through high quality filter.
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Figure 10: 10kHz signal through RC filter, with the same
scale as figure 9.
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Figure 11: Simple RC filter.

To make a simple RC Filter, connect a resistor of 2 kQ between DO on the analog shield and
our output, and a capacitor of 22 nanofarads (nF) between our output and ground as

shown in figure 11.



This will create a filter with a ‘cutoff
(half power) point at:

fcutoff = 2 x pl * 2000 % .000000022

fcutoff =3617Hz

This will help our resulting signal by
attenuating high frequency noise. It will
not provide optimal performance,
however, as the signal of interest is often
above 10 kHz and will be attenuated as
well. Figure 10 shows the 10 kHz signal as
observed through this RC filter. Note that
it is closer to a sine wave than figure 5
above, but is still a poor quality output.

To maximize the frequency that can be
reproduced with the DDS, a complicated
8th order active low pass filter can be
implemented. Such a filter uses
operational amplifiers (op-amps) to allow
numerous successive stages of high
frequency removal without a loss in signal
strength. Figure 12 shows the same signal
as figure 10, passed through one of these
high quality filters.

A full filter design has been attached to
this document for an 8th order filter with
an 18 kHz cutoff that will allow for a clear
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Figure 12: The same 10kHz sine wave through an 8th
order reconstruction filter, with an 18kHz cutoff.

Figure 13: 8th order reconstruction filter with an
18KIHz cutoff constructed on the prototyping area of
the Analog Shield.

DDS output up to a 16 kHz sine wave. The design for this filter has been included as figure

17 at the end of this document.

There is a caveat, however. Sometimes, the desired output waveform needs to have sharp
edges. In an extreme example, the DDS can output a square wave, which has the sharpest
possible edge. By passing that signal through the reconstruction filter, the output
waveform would be reduced to an approximation of the sine wave output at 10 kHz (see
figures 14 and 15). This is due to the nature of a square wave itself, whose sharp edges are
the result of harmonics which are attenuated through the reconstruction filter.



Arduino Analog Shield DDS

A 420us 23.4nV JERT

VERTICAL MODE VERTICAL MODE
Figure 15: 10 kHz square wave through 8t order

reconstruction filter with an 18kHz cutoff.

Figure 14: 10 kHz square wave with no
reconstruction filter

How the Code Works
On the Analog Shield, the DDS has been implemented in a very standard configuration.

32 Bits 12 Bits 16 Bits
[ | | |
. i‘ Ph R
. + Phase L ase to econstruction
Tuning Word ) Accumulator Decimation — Magnitude | | DAC > Filter

wl

Figure 16: DDS Software block diagram

The DDS stores a phase offset, which represents a position in a hypothetical infinite
waveform. Each sample cycle, the DDS routine increments that phase offset by its stride
size (tuning word). Since only one period of the waveform is actually stored in memory,
the DDS computes the offset with respect to a single wave cycle and uses that as a table
lookup. The resulting value is then sent to the DAC for conversion to a voltage output. By
storing the phase in a higher precision word than the table, the program avoids having to
perform complicated carry offset operations every time it generates a sample (figure 16).

The actual DDS routine is moderately complex as it supports multiple waveforms and
controls the LCD and menu system. A shortened version of the main code (attached below)
shows how the block diagram can be simply implemented with careful coding.
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/* Direct Digital Synthesis */

//12 bit long (4096 length) sine wave table
PROGMEM prog uintl6é t isinTablel6[] = {<sine wave table omitted for space>};
#include < .h> //Analog Shield
#include <avr/pgmspace.h> //Sine Wave Storage
#include <TimerOne.h> //Timer Control
//DDS variables
volatile tuningWord = 0;
volatile phaseAccumulator = 0; //32 bits
toggle = false;
0 {}
() {//takes user input and the goes into DDS forever.
Timerl.initialize(16); //Setup the timer for DDS

Timerl. (dds); //start DDS
while (1) {}; //wait forever. Reset Arduino for new frequency.

{ //Direct Digital Synthesis Lives Here.

value; //value to output on DAC

tempPhase; //calculated phase for this sample

//Increment the phase accumulator by the value stored in the tuning word.
phaseAccumulator += tuningWord; //32 bits
//use only top 12 bits of 32 bit phase accumulator
tempPhase = ( ) (phaseAccumulator >> 20);
//Get Sine Value
value = pgm read word(isinTablel6 + tempPhase);
//write the result to the output.
analog. (0, wvalue);

}

Additional Caveats About the DDS

The waveform itself of a DDS is band limited by the sample clock used to drive the digital
to analog converter. In the case of the Analog Shield DDS, the sample clock runs around
40,000 samples/second. This means that a sharper edge (as found in the square and
sawtooth waveform) can’t be accurately reproduced. This phenomenon results in
apparent jitter on the sharp edges of the waveform as they appear to move back and forth
in time by one sample.

Notes

[1] Maxim Semiconductor has produced a whitepaper, MT-085 which explains DDS much
more rigorously. It can be found at:
http://www.analog.com/static/imported-files/tutorials/MT-085.pdf

Disclaimer:

This code and circuit was developed by William Esposito, Ph.D. Candidate in Electrical Engineering, Stanford
University, in the Kovacs/Giovangrandi Laboratory in collaboration with Texas Instruments, Incorporated. All
code herein is free and open source, but is provided as-is with no warranties implied or provided. Use of this code
and the associated documentation is at the user’s own risk.
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Analog Shield Application Note 2: FFT Spectrum Visualizer
By William ]. Esposito, Doctoral Candidate and Gregory Kovacs, Professor of Electrical

Engineering, Stanford University
R0.4,5/9/14

Overview

The FFT Spectrum Visualizer takes in a signal (sound,
electricity, noise) and shows the tones that make up
that signal.

For example, in a musical piece, two musical
instruments could be playing tones at different
frequencies. The spectrum reveals exactly what tones
make up that sound.

Figure 1: FFT spectrum visualizer.

It displays the spectrum of tones in a signal acquired

with the Analog Shield and computes the spectrum using the Fast Hartley Transform (FHT)
library from Open Music Labs (http://wiki.openmusiclabs.com/wiki/ArduinoFHT). The FHT
function is a modified version of the Fast Fourier Transform optimized for strictly real input
data [11.

The system offers touchscreen selectable log and linear
scaling as well as selectable frequency span from 1 kHz to
30 kHz.

Hardware

The FFT Spectrum Visualizer is built around the Arduino
and two shields, the Digilent Analog Shield*, and the
Adafruit 2.8” TFT Touch Shield (v2), a 320x240 pixel
touchscreen LCD. The Analog Shield is used for signal
acquisition, and the Adafruit Touch LCD Shield is to display Frigure 2: Adafruit touch LCD.
the spectrum.

The Arduino UNO R3 Can be found at:
http://store.arduino.cc

The Adafruit RGB LCD Kit can be found at:
http://www.adafruit.com/products/1651
The Analog Shield can be found at:
http://www.digilentinc.com/analogshield

Figure 2: Analog Shld,rshowing space
for prototyping breadboard.

*The Analog Shield was developed in cooperation with
Texas Instruments and the Kovacs / Giovangrandi lab
at Stanford University 1
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Also recommended is some sort of input. At least a headphone jack or plug (see the “Input”
section). Eventually, advanced users may want to build an anti-aliasing filter as well, although
this is not necessary. It is discussed in a separate section for the interested reader.

To build the microphone input circuit, you will need:

1x LM741 Op Amp (or equivalent)

1x Electret Microphone

1x 1 kQ Resistor

1x 10 kQ Resistor

1x 200 kQ Resistor

1x 100 nF Capacitor

Some solid core wire suited for breadboard use.

If you wish to use a line level input, you will also need a 3.5mm headphone jack.

Building the Demo

In order to build the Analog Shield FFT Visualizer, five nonstandard Arduino libraries are
required. For a guide on Arduino libraries and how to install them, go to
http://arduino.cc/en/Guide/Libraries

The libraries required for the visualizer are:

The Open Music Labs FHT library
http://wiki.openmusiclabs.com/wiki/ArduinoFHT

The Adafruit ILI9341 library (For the LCD )
http://github.com/adafruit/Adafruit 11.19341

The Adafruit GFX library (For the LCD)
http://github.com/adafruit/Adafruit-GFX-Librar

The Adafruit STMPE610 library (For Touch Functionality)
http://github.com/adafruit/Adafruit STMPE610

The Analog Shield library (for analog input)
http://digilentinc.com/analogshield

In case these libraries move in the future, the Adafruit LCD libraries are linked from the
Adafruit Touch LCD Shield tutorial at
http://learn.adafruit.com/adafruit-2-8-tft-touch-shield-v2

Once these libraries are downloaded and unzipped in the Arduino/libraries folder, be sure to
re-open the Arduino IDE as it will not recognize libraries added while the program is open.
Once the libraries are ready, stack the LCD and Analog Shield on the Arduino Uno. Next open
the “FFT_Visualizer” sketch with the Arduino IDE and upload it to the Arduino UNO. Some
data will appear on screen, although the visualizer does not yet have a signal. This data
represents the inherent noise in the Spectrum Visualizer and the environment.



Input

To actually use the visualizer, some signal input is needed. Input
from a signal generator is the obvious solution for an initial test, so
any sort of handy sine wave generator will work. Hook the sine
wave output between A0 and Ground and run. Be sure to not
exceed the safe voltage of the Analog Shield, +/-5V.

A function generator is not a very satisfying test. Many hobbyists

Arduino Analog Shield FFT Spectrum Visualizer

Figure 3: Headphone jack

and students do not have convenient access to a good signal ;.
generator, and almost everyone will eventually want to investigate

real world signals.

One option is to simply use line level (0-1.4V)
audio as an input source. A standard 3.5mm
(1/8”) headphone jack soldered to breadboard
wire can be connected to the headers of the
Analog Shield. With this, the spectrum of playing
music can easily be observed. Figure 4 shows the
Spectrum Visualizer with a headphone jack
attached and LCD removed.

Going one step farther, one can connect a
microphone to the analog shield. After all,
watching the spectrum move around as a person
sings a tune or whistles, is fascinating.

C3
100nF

+6V

-6V

R3 R4 Gnd
1kQ  200kQ

fritzing
Figure 4: Microphone circuit layout.

A fairly straightforward solution is to obtain an electret microphonel?] and an amplifier.
Figures 5 and 6 show an example circuit using a commonly available electret microphone and
an inexpensive LM741 Amplifier. For better performance, a higher performance amp, like an
LF356 amplifier can be used . (U1 is the electret microphone).

R3
+6V
200k .
O
S<x GND || Ic1
s 3 5 ANALOG_SHIELD_A0
U1 0,2 R2 : O
! —l AW 2
+)2 ] " [ Lm741P
cND
O -sv

Figure 5: Electret microphone circuit schematic.
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Using the Analyzer
With a signal in the analyzer, it is worth discussing how to use the analyzer itself.

The main display shows the spectrum of the signal received, which is a plot of the tones of the
received signal. Increasing in frequency from left to right, the left most column reflects the
power in the signal at OHz (DC) and the right most column the power in the signal at about
30 kHz. Each column reflects the power of a distinct frequency bin (band).

Tapping the main display (where the spectrum is displayed) will toggle the grid on and off.
The grid shows the magnitude (strength) of a signal on the vertical axis and the frequency of
the signal received on the horizontal axis. Toggling the grid off will allow for faster screen
updates (a smoother output).

Tapping the ‘span’ button changes how wide of a frequency range the system samples. There
are several steps from 1 kHz to 30 kHz. Switching to a smaller range means that individual
frequency bins represent a smaller frequency band, but a smaller total frequency range is
measured.

Finally, tapping the ‘magnitude’ button will switch between a logarithmic display and a linear
output. A logarithmic output is generally more useful as it is more representative of how we
perceive sounds, and makes small signals more visible.

How the Code Works

The FFT Spectrum Visualizer follows a fairly straightforward program flow. With each
iteration of the main loop, it acquires an array containing 256 samples of 16-bit data from the
Analog Shield at the specified sample rate. Once the array has been acquired, it passes the
data to the FHT function, which transforms the time domain samples of a waveform in the
array into a frequency spectrum. Finally, the resultant 16 bit spectrum is converted to an 8-bit
range (on a logarithmic or linear y-axis scale) so that it can be reasonably displayed on our
240 pixel tall LCD.

Once the spectrum is ready to display, the system spends a few tens of milliseconds updating
the LCD, as well as checking for touchscreen input and minor housekeeping. It then repeats
the process. For slow sample rates (with a frequency span close to 1 kHz) the screen update
delay is a fairly small part of the overall display frame rate (a few frames per second). At high
sample rates, the screen refresh time is the dominant factor and the display output appears to
be continuous.

The section of code below is not meant to convey the entire code, but merely the program
flow of the main loop. The entire program has many helper functions and takes up several
hundred lines, not including the invoked libraries. The full code can be found at
http://www.digilentinc.com/analogshield
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void loop() {
while (1) { //not leaving the loop function reduces jitter

cli(); //stop all interrupts for acquisition.
if(span == 30) //fastest frequency range, no sample delay
{

for (int 1 = 0 ; 1 < FHT N ; i++) { // save 256 samples
fht input[i] = analog.signedRead(0); // put real data into bins
}
}
else //any other frequency span.
{
for (int 1 = 0 ; 1 < FHT N ; i++) { // save 256 samples
fht input[i] = analog.signedRead(0); // put real data into bins
delayMicroseconds (spanDelay); //wait to lower sample rate
}
}

//now, the fourier functions!

fht window(); // window the data for better frequency response
fht reorder(); // reorder the data before doing the fht

fht run(); // process the data in the fht

if(linLog) //decide if output is going to be linear or logarithmic.

{

fht mag 1in8(); // take the output of the fht
}
else
{

fht mag log(); // take the output of the fht
}

sei(); //start interrupts back up and build our display
SPI.setDataMode (SPI_MODEOQ); //correct SPI Mode for the LCD

if(linLog) //draw the display in the right mode

{

drawBins (fht lin out8); //draw the screen.
}
else
{

drawBins (fht log out); //draw the screen.
}

SPI.setDataMode (SPI_MODE3); // correct SPI mode for analog.read();
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Anti-Aliasing Filter
To improve the analyzer, an anti-aliasing filter can be added.

The process of sampling a digital signal into the analog domain causes frequencies too high to
be accurately captured by the Analog to Digital conversion to falsely reappear as lower
frequencies in the digitized signall2l. Signals seem to wrap around, or ‘bounce off’ the top of
the spectrum plot.

The FFT spectrum visualizer can actually provide a fantastic
demonstration of aliasing and the need for an anti-aliasing
filter. If the FFT Visualizer is set to a 1 kHz span and given an
input sine wave at 500 Hz (for example, using a headphone
jack and an online tone generator), there will be sharp peak
in the middle of the spectrum. If the input frequency is
increased to 800 Hz, the peak will move to the right. Above
1 kHz (1000 Hz) the peak would begin to move ‘backwards’
(to the left), even as the frequency continues to increase. At
1.5 kHz, the peak would once again be in the center of the
spectrum. At 2 kHz, the peak reaches the left hand side, and Figure 6: Anti-aliasing filter.

then starts moving rightward again! By 2.5 kHz it would

once again return to the middle of the display, appearing for all intents and purposes identical
to the 500 Hz signal! Clearly, this is a problem.

The solution to this is an analog ‘low pass’ filter between the input signal and the input to the
Analog Shield. A low pass filter is used to remove the higher frequencies before they are
digitized, passing only the frequencies of interest.

In an ideal world, this filter would act like a brick wall, perfectly passing frequencies up to the
highest one that the Visualizer can capture and perfectly eliminating all others. Unfortunately,
such filters can’t be made in the real world, as making a sharper edge requires a more
complicated filter. A truly perfect cutoff would require an infinitely large filter!

For the 30 kHz sample mode, an example anti-aliasing filter design with a cutoff at 24 kHz and
a stop band at 40kHz has been shared with this document, both as Figure 7 and in more detail
as “Appendix A_Filter.pdf”. This filter is not perfect, as signals between 24 kHz and the highest
frequency bin (around 30kHz) would appear weaker than they actually are. Furthermore,
signals between 30 kHz and 40 kHz will still appear, as if they are actually signals below
30kHz, but these tradeoffs have to be made. Ideally, one would simply not show the bins
between 24 and 30 kHz, but given the flexible nature of this project and the fact that it is
already limited to 30kHz, those bins have been kept.

It stands to reason that if the FFT Visualizer is set to 1 kHz mode, a filter with a cutoff near
1kHz should be chosen, offering similar behaviors to the 30 kHz filter, but at lower
frequencies. Such a design hasn't been included here, but TI Webench
(www.ti.com/webench), or many other free filter design tools can easily design such a filter.
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For any active filter, the signal from outside should go into the input of the filter; output from
the filter should be connected to the input (AO) of the Analog Shield. Power can be drawn
from the Analog Shield’s onboard adjustable supply.

Notes

[1] Cypress semiconductor has a whitepaper explaining the differences between the FFT and
FHT, it can be found at http://www.cypress.com/?docID=43614

[2] An electret microphone is a simple microphone that is fairly easy to wire up, see the

Wikipedia article at http://en.wikipedia.org/wiki/Electret microphone. Sparkfun sells a

standard electret https://www.sparkfun.com/products/8635, although it is identical to one
you can get at Radio Shack or any commodity electronic components store.

[3] Maxim Integrated has put together a clear article describing the need for and benefit of an

anti-aliasing filter which can be found at http://www.maximintegrated.com/app-
notes/index.mvp/id/928.
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Analog Shield Application Note 3: Polyphonic Music Player
By William ]. Esposito, Doctoral Candidate and Gregory T.A. Kovacs, Professor of Electrical

Engineering, Stanford University
R0.6,5/29/14

Overview

The Analog Shield Polyphonic music Player plays a
converted 4-voice music file through normal
headphones or a stereo system.

Hardware

The Polyphonic Music Player is built around the
Arduino and uses the Digilent Analog Shield* for signal
output, combining the four channels with a simple
resistive mixer.

The Arduino UNO R3 Can be found at: ‘
http://store.arduino.cc/ g w o T 7T
The Analog Shield can be found at: '

http://www.digilentinc.com/analogshield Figure 1: Polyphonic music Player
with an oscilloscope.

A full description of the resistive mixer is found below,
but the parts requirements include (for monaural output):
4x 330() Resistors

1x 3.3k} Resistor

1x 0.047pF Capacitor

1x 3.5mm Headphone Jack

Building the Demo

In order to build Polyphonic music Player, two
nonstandard Arduino libraries are necessary. For a guide
on Arduino libraries and how to install them, go to
http://arduino.cc/en/Guide/Libraries

The libraries required for the visualizer are:

The TimerOne library (for the DDS sample clock)

https://code.google.com/p/arduino-timerone/ Figure 2: Analog Shield, with
The Analog Shield library (for analog input) breadboard notattached.
http://github.com/wespo/analogshield

In case these libraries move in the future, the Adafruit LCD libraries are linked from the
Adafruit Touch LCD Shield tutorial at
https://learn.adafruit.com/rgb-lcd-shield/

*The Analog Shield was developed as a collaboration between Texas Instruments and the
Kovacs / Giovangrandi lab at Stanford University.
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Once these libraries are downloaded and unzipped in four Arduino/libraries folder, be sure
to re-open the Arduino IDE as it will not recognize libraries added while it is open. Once that
is done, attach the Analog Shield to the Arduino Uno. Next, open the “Polyphonic_music”
sketch with the Arduino IDE and upload it to the Arduino Uno. Once the demo is uploaded,
one tone will be output from each of the four DAC outputs on the analog shield (D0-D3).

Included with the player is an example song, which plays when the sketch is uploaded.

At this point, tones can be heard directly at the outputs, by connecting a headphone (and a
current limiting resistor of at least 330 (1). To produce a combined sound output, a simple
filter will have to be constructed, which will be described next.

Connecting the Output

The most straightforward way to output all four voices at one time is to use resistors to build
a simple four input low-pass mixer / filter at the output of the Analog Shield’s DAC. It is
crucial that all four independent resistors be used before the junction instead of one after, as
the presence of the resistors ensures that there is no short circuit between outputs of the
DAC. These circuits will work well for headphones, and a lower value or a potentiometer can
be substituted for R5 (and R6) if adjustable volume is desired.

Do Rajnu
Yyvy
22K
2
D1 Rﬂu
Yyvy

2.2k RS

Headphone Jack

U1

GND

Figure 3: Monaural output mixer for headphones.

An alternative configuration allows stereo output, although the left and right channels are
separated by voice, rather than arranged as the composer may have intended.

- R1
DO AMA————
2.2k
2 5
D1 Rﬂu . Rﬁu
Yyvy YYYY
2.2k 2.2k
_LC1 Headphaone Jack
D2 Qndnu 10n ~
YYVY
2.2k
i R4 R6
D3 AV Y o =5 AMAN—
2.2k o c2 2.2k
GND i Tmn

Figure 4: Pseudo-stereo output headphone mixer.
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R1
D0 AMA——
2.2K
R2
Dl AAAA
¥ |
2.2K R5
e WW—e
. R3 LCT ek
b AW
2.2k 1on
a R4 D —
D AMA——————— g
2.2k
GrND

Figure 5: Mixer for driving line input on a home stereo.

For driving a stereo receiver, this output may deliver too much power. Be sure to turn the
volume to the minimum setting and then adjust upward. If the primary output of the player is
going to be a stereo, the circuit described in figure 5 would be preferable.

Once a mixer has been connected to the music Player, a headphone or the line input of a
stereo can be connected to the polyphonic demo and tested. Beware, that the input is above
standard line input voltages (line level) and a larger resistor is recommended for R5/6

A simple resistive mixer is a low quality circuit and it is only due to the buffers on the outputs
of the Analog Shield DAC that such a simple circuit is possible here. A more detailed
discussion of mixer circuits (along with several higher quality mixer circuits that can be built
with components found in most any parts kit) has been
written by Rod Elliot and can be found at

http://sound.westhost.com/articles/audio-mixing.htm.

How the Music Is Stored

The Polyphonic Music Player stores its output sound in the form of an array stored in
program memory. Using this larger part of memory allows a much longer song to be stored
but prevents the score to be modified in real time by the player itself. Changing the output
song requires a new upload to the Arduino Uno. Using program memory is described in
detail at http://arduino.cc/en/Reference/PROGMEM .

In order to create a new song, an array of commands and delays must be constructed.
Instructions perform operations such as starting a tone generator, stopping a tone generator,
ending the track, or restarting the track from the beginning. Between events, delays are
inserted to pace the music.

The command to start a tone generator is of the format ‘0x9n’ where ‘n’ is a number between
0 and 3 indicating which tone generator to start. This command must be followed by an
integer indicating which MIDI note to start the generator at. There are 128 MIDI notes which
span five octaves, from 8 Hz to 12.5 kHz. A full listing of MIDI notes can be found at
http://www.tonalsoft.com/pub/news/pitch-bend.aspx.
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~
C:\Windows\system32\cmd.exe { | E H =NRE |—-zh]

Microsoft Windows [Uersion 6.1.76811]
Copyright (c> 2009 Microsoft Corporation. All rights reserved.

C:\Users\Bill Esposito>cd downloads

C:\Users\Bill Esposito\Downloads>miditonesUl.6.exe
MIDITONES U1.6,. <(C> 2011 Len Shustek
See the source code for license information.

Convert MIDI files to an Arduino PLAYTUNE bhytestream
miditones [-pl] [-1gl [-1p]l [-s1]1 [-tn] <basefilename>
-p parse only, don’t generate hytestream
—1p log input parsing
-lg log output generation
strategy 1: favor track 1
strategy 2: try to assign tracks to specific tone generators
use at most n tone generators (default is 6, max is 16>
binary file output instead of C source text
mask for which tracks to process, e.g. —c3 for only 8 and 1
key shift in chromatic notes, positive or negative
<bhasefilename>.mid
: <basefilename>.bhin or .c
<hasefilename>. log

C:\Users\Bill Esposito\Downloads>_
F—=

Figure 6: Miditones command line interface.

{START GENERATOR 0, MIDI NOTE 20, DELAY 2000ms, START GENERATOR 1, MIDI NOTE
30, DELAY 1000ms, START GENERATOR 2, MIDI NOTE 40, DELAY 1500ms, STOP
GENERATOR 0, DELAY 1500ms, END TRACK}

Converting a MIDI for the Player

A utility called Miditones exists which takes a MIDI file as input and outputs an array in the
format used by the player. The program is open source and available on Google code at
https://code.google.com/p/miditones. Unfortunately, the version on Google code is not
compiled for 0SX, so included with the polyphonic player download are Windows and Mac
compiled binaries of Miditones along with the source code.

The primary limitation of the Polyphonic MIDI player is that it only has four voices. Although
this is better than the best internal Arduino tone generator, there are many midi files with
more than four voices. Be aware that complex tracks may have “missing” portions if too
many voices are cut out in the conversion process.

Once a suitable midi file is ready, download the Miditones program from Google code. It is
easiest to download Miditones to a default directory, such as “downloads” as it will be easier
to find and use on the command line.

“Miditones” must be run from a command window. The command window can be found by
searching for CMD on windows).
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From the command window, navigate to the folder which contains miditones (if the
command window opens in “C:\Users\<your username>\", typing “cd Downloads” will work.

Try executing Miditones with no optional parameters by typing “miditonesV1.6.exe”.
Miditones will display a manual page which explains various useful options.

To convert a file, execute Miditones with the filename as a parameter. It is also useful to limit
the number of output voices to four with the “~t4” option. Four is the maximum number of
channels that the Midi Player will output, and additional channels will waste memory but not
play back sound.

For example, for a file “song.mid”, with a four voice limit, the command would be:
miditonesVl.6.exe —-t4 song

Including the .mid extension to the file name will cause an error.

The output will look like the figure below

<
C:\Windows\system32\cmd.exe [QD & I ‘ = | E ‘-é&-J

C:\Users\Bill Esposito\Downloads>miditonesUl.6.exe —-t4 song
MIDITONES U1.6,. <(C> 2811 Len Shustek
See the source code for license information.

Using 4 tone generators.
Processing 18 tracks.
All 4 tone generators were used.
822 notes were skipped hecause there weren’t enough tone generators.
3748 hytes of score data were generated.
Done.

C:\Users\Bill Esposito\Downloads>

@ O s  —— A
Figure 7: Executing Miditones.

Once Miditones reports that it has produced an output, it will be stored in a file with the
same name as the input midi but a .c extension (in the example, “song.c”). This file can be
opened with any text editor (notepad will do), and the text is ready to copy into the
polyphonic MIDI player Arduino sketch.

Adding Music to the Player

To copy the song into the Arduino sketch, replace the array named ‘score’ that starts on line
17 of the sketch, just below the comment “PASTE YOUR SONG HERE” and above the
comment “Analog Shield Library”
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r B
polyphonic_tocatta | Arduino 1.5.2 |l | (B e S

File Edit Sketch Tools Help

polyphonic_tocatta §

//array containing frequencies of midi notes. Position 0 is note 21 -~
const float freq lookup[l28] = {8.176, 8.662, 9.177, 9.723, 10.301, 10.913, 11.562, 12.250, 12.978, 13.750, 1.

volatile unsigned int scorelndex = 0; //position in the song array.

W //PASTE YOUR SONG HERE!

byte PROGMEM score [] = {

0x90,81, 0x91,69, 0,93, 0x8l, 0x80, 0x90,79, 0x91,67, 0,93, Ox8l, 0x80, 0x90,81, 0x91,69, 0,187,
4,226, 0x81, 0x80, 0,187, 0x90,79, 0x91,67, 0,93, 0x8l, 0x80, 0x90,77, 0x91,65, 0,93, Ox81,

0x80, 0x90,76, 0x91,64, 0,93, 0x8l, 0x80, 0x90,74, 0x91,62, 0,93, 0x8l, 0x80, 0x90,73, 0x9l,61,
0,187, 0x81l, 0x80, 0x90,74, 0x91,62, 1,119, 0x8l, 0x80, 2,238, 4,226, 0x90,69, 0x91,57, 0,93,
0x81, 0x80, 0x90,67, 0x91,55, 0,93, Ox8l, Ox80, 0x90,69, 0x91,57, 0,187, 4,226, 0x8l, 0x80, 0,187,
0x90,64, 0x91,52, 0,187, 0x81, Ox80, 0x90,65, 0x91,53, 0,187, Ox8l, 0x80, 0x90,61, 0x91,49, 0,187,
0x81, 0x80, 0x90,62, 0x91,50, 1,119, 0x8l, 0x80, 2,238, 4,226, 0x90,57, 0x91,45, 0,93, 0x8l,

0x80, 0x90,55, 0x91,43, 0,93, 0x81, 0x80, 0x90,57, 0x91,45, 0,187, 4,226, 0x8l, 0x80, 0,187,
0x90,55, 0x91,43, 0,93, 0x8l, 0x80, 0x90,53, 0x91,4l, 0,93, 0x8l, 0x80, 0x90,52, 0x91,40, 0,93,
0x81, 0x80, 0x90,50, 0x91,38, 0,93, 0x8l, 0x80, 0x90,49, 0x91,37, 0,187, 0x8l, 0x80, 0x90,50, 0x91,38,
1,119, 0x81, 0x80, 4,101, 0x90,38, 5,220, 0x91,49, 5,220, 0x80, 0x8l, 0x90,52, 5,220, Ox80,

AeAd PR P AAA AAA AeAA FA P AAA A.AA Ae.An A1 P AAA AR AeAA ~a F AR AAn A AR

< »

Arduinoe Uno on COM13

L
Figure 8: Insertion location for the song.

Once the new song is pasted into the sketch, it is ready to upload. Note, that a long or
particularly complex music file can cause the Arduino to run out of memory and compilation
to fail.

If the song is too long, array elements can be deleted, which will truncate the song, but save
memory. To truncate the song, delete array elements to (but not including) an “0x80”,
“0x81”, “0x82” or “0x83” and add an “0xf0” command. So long as the last element of the
array is 0xf0, the song will end properly. These ‘Ox## commands are hexadecimal
instructions.

How the Code Works

The actual code of the Polyphonic music Synthesizer is based on the Analog Shield DDS
routine described in Instructional materials available online at

http://digilentinc.com/analogshield. The routine has been extended to support four
channels of output, at the cost of some frequency precision and bandwidth.

Unlike the single channel DDS routine, the polyphonic music player can only generate sine
waves; output becomes unreliable for notes above 8 kHz (which manifests in the form of
tones modulated on the 20 kHz sample clock).
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With the DDS acting as a four channel tone generator, the main loop drives the DDS by
reading the score array and parsing the commands therein which are a series of instructions
to set a tone generator to a certain frequency, stop a tone generator, or wait a set amount of
time.

When the main loop reaches the end of the array, it will either begin again or simply stop
playback, as determined by the last element of the array (either 0xf0 or 0xe0).

The code for the polyphonic music player is attached here, and can be found at
http://www.digilentinc.com/analogshield

/* Direct Digital Synthesis with LCD Output */

/* 16 bit polyphonic DDS for music generation.*/

//12 bit long sine table

PROGMEM prog uintlé6 t isinTablelé6[] = { <full sine wave here> };

const float freq lookup[128] = {<frequencies go here>}; //fregs of midi notes.
volatile unsigned int scoreIndex = 0; //position in the song array.
byte PROGMEM score [] = {<music goes here>}; //PASTE YOUR SONG HERE!

#include <analogShield.h> //Analog Shield Library
#include <avr/pgmspace.h> //for storing sine and song
#include <TimerOne.h> //Timer

//DDS variables

volatile unsigned int tuningWord[4] = {0};

volatile unsigned int phaseAccumulator[4] = {0}; //16 bits
volatile unsigned long sampleCount = 0;

volatile unsigned long nextEvent = 0;

void setup () {}

void loop ()
//takes user input and the goes into DDS forever.
{
Timerl.initialize(50); //Setup the timer for DDS
Timerl.attachInterrupt(dds); //start DDS
while (1) { //stay inside this loop to reduce jitter
TIMSKO = 0x00;//Turn off timers
TIMSK2 = 0x00;//to reduce jitter
//enough samples have passed time to do something
if (sampleCount > nextEvent)
{
//first a byte from the array.
//This will set your nextEvent delay
byte event = pgm read word(score + scorelndex);
scorelndex++;
if (event < 0x80)
//If the highest bit is zero.
//It is a time and we want to get a delay.

unsigned int delayMS =
highByte (event) +
lowByte (pgm read word(score + scorelndex));
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scorelndex++;
nextEvent += 20 * delayMS; //actually 19.770
}

else //some sort of command

{

if ((event&0xF0) == 0x80) //start channel
{ event = event & 0x03;
tuningWord[event] = 0;
ilse if ((events&0xF0) == 0x90) //start channel
{ event = event & 0x03;

//get midi Note
byte note = pgm read word(score + scorelIndex):;
scorelIndex++; //increment table pointer
//convert midi note into frequency
float newFreq = freq lookup[note];
//set appropriate channel;
tuningWord[event] = (unsigned int) (newFreq * 3.28);
}
else if (event == 0xF0) //end of song sentinel; Stop
{
tuningWord[0] =
tuningWord[1l] =
tuningWord[2] =
tuningWord[3] =
while (1) ;
{}r:
}
else if (event == 0xE0) //end of song sentinel; Repeat
{
scorelIndex = 0;

}

Ne Ne N

e eoNeNe)
~

~.

}
}

}: //wait forever.

//DDS code
void dds () //Direct Digital Synthesis Lives Here.

{

unsigned int value([4];

unsigned int tempPhase[4];

//1loop unrolled by hand because apparently the ATMEGA
//doesn't understand the word 'optimize'.

//increment the phase accumulator by the value
//stored in the tuning word.

phaseAccumulator[0] += tuningWord[0]; //16 bits
phaseAccumulator[1l] += tuningWord[1]; //16 bits
phaseAccumulator[2] += tuningWord[2]; //16 bits
phaseAccumulator([3] += tuningWord[3]; //16 bits

//top 12 bits of each accumulator

tempPhase[0] = (unsigned int) (phaseAccumulator[0] >> 4);
tempPhase[1l] = (unsigned int) (phaseAccumulator[l] >> 4);

compiler



Arduino Analog Shield Polyphonic Music Player

tempPhase[2] = (unsigned int) (phaseAccumulator[2] >> 4);
tempPhase[3] = (unsigned int) (phaseAccumulator[3] >> 4);
//look up values
value[0] = pgm read word(isinTablel6 + tempPhase[0]);
value[l] = pgm read word(isinTablel6 + tempPhase[1]);
value[2] = pgm read word(isinTablel6 + tempPhase[2]);
value[3] = pgm read word(isinTablel6 + tempPhase[3]);

//write the result to the output.

analog.write(value[0], value[l], value[2], value[3], true);
//count samples

sampleCount++;

Potential Improvements

The music player is an extremely satisfying application of the Analog Shield. It would be
worth additional investigation to attempt to connect the Arduino to an SD card, which would
provide hours of playback. Another improvement worth investigating is “soft voices”. That is,
implementing software multiplexing of two voices on each channel. This could allow for an 8
voice music player, although the cost would be a further reduction in bandwidth of the
synthesized output.

Another interesting modification would be to use four amplifiers and four speakers to output
each voice on its own physical channel.

Disclaimer:

This code and circuit was developed by William Esposito, Ph.D. Candidate in Electrical Engineering, Stanford
University, in the Kovacs/Giovangrandi Laboratory in collaboration with Texas Instruments, Incorporated. All code
herein is free and open source, but is provided as-is with no warranties implied or provided. Use of this code and the
associated documentation is at the user’s own risk.
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Analog Shield Application Note 4: Lissajous Diagrams
By William ]. Esposito, Doctoral Candidate and Gregory T.A. Kovacs, Professor of Electrical

Engineering, Stanford University
R0.3,5/29/14

Overview

Using concepts from trigonometry, a circle
can be created from a sine and a cosine
function. More complex shapes can be made
by varying phases and frequencies.

With the Analog Shield DAC, two waves are
output to the x- and y- axis inputs of an
oscilloscope. One is set at a fixed frequency
and the second varies over time.

The ratio of the frequencies on the x- and y-
axes determines shape of the waveform
displayed on the screen. If the frequencies
are equal, a single loop is displayed. At a ratio
of 2:1, a figure eight shape with two lobes
appears. At 3:1, three lobes appear, and so
on.

Hardware
The Lissajous Pattern Generator is built
around the Arduino and the Analog Shield*

The Arduino UNO R3 Can be found at:
http://store.arduino.cc/

The Analog Shield can be found at:
http://www.digilentinc.com/analogshield

The demo also requires a two-channel
oscilloscope with x-y mode for output.

Building the Demo
In order to build Lissajous demo, two
nonstandard Arduino libraries are necessary.

Figure 1: Prototype Analog Shield with Lissajous pattern
generator with an oscilloscope.

Figure 2: Prototype Analog Shield, with breadboard not
attached.

For a guide on Arduino libraries and how to install them, go to

http://arduino.cc/en/Guide/Libraries

*The Analog Shield was developed as a collaboration between Texas Instruments and the
Kovacs / Giovangrandi lab at Stanford University.
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The libraries required for the demo are:

The TimerOne library (for the DDS sample clock)
https://code.google.com/p/arduino-timerone
The Analog Shield library (for analog input)
http://github.com/wespo/analogshield

The code itself for the Lissajous demo can be found at https://github.com/wespo under
‘Lissajous’, as well as in this document.

Once these libraries are downloaded and unzipped in four Arduino/libraries folder, be sure
to re-open the Arduino IDE as it will not recognize libraries added while it is open. Once that
is done, attach the Analog Shield to the Arduino Uno. Next, open the “Lissajous_curve” sketch
with the Arduino IDE and upload it to the Arduino Uno.

Connecting the Output

Next, connect the channel one input of an oscilloscope between DO and Ground on the Analog
Shield. Connect the channel two input of the oscilloscope between D1 and Ground. Switch the
oscilloscope to X-Y input mode and the image on the scope should appear to shift and swirl in
patterns similar to figure 1. Switching the oscilloscope to standard time mode will show two
sine waves (one on each respective channel), one at a fixed frequency and one varying in
frequency over time.

How the Code Works

The Lissajous curve generator is based on DDS code outlined at in the DDS tutorial at
http://www.digilentinc.com/analogshield. It uses a recorded single period of a sine wave
stored in a table to generate an output waveform. It can adjust the output frequency via
software, by controlling the rate at which the program steps through the table. By outputting
two sine waves simultaneously (one of them phase shifted by 90° to generate a cosine), a
Lissajous curve is produced.

The code for the Lissajous curve generator is attached here, and can be found at
http://www.digilentinc.com/analogshield

//12 bit long sine table

unsigned long frequencyIncrement = 4000
unsigned long frequencylIncrement2 =
unsigned long phaseAccumulator = 0; //

unsigned long phaseAccumulator2 = 0;

void setup() {
Timerl.initialize(30); //100000
Timerl.attachInterrupt (circle);
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void loop(){ //Sweeps frequency

frequencyIncrement2 = 20000;
while (frequencyIncrement2 < 40000)
{

frequencyIncrement2 += 50;

delay (50);
}
delay (10000);

}

void circle() //this is it.

{
//increment the phase accumulator
phaseAccumulator += frequencyIncrement;
phaseAccumulator2 += frequencylncrement2;

//peel off top bits ch 1

unsigned long tempPhase = (phaseAccumulator >> 12);
unsigned int tablePosition = tempPhase & OxOFFF;
tablePosition = tablePosition & OxOFFF;

//peel off top bits ch 2

unsigned long tempPhase2 = (phaseAccumulator2 >> 12);
unsigned int tablePosition2 = tempPhase2 & 0xOFFF;
tablePosition2 = (tablePosition2 + 1024) & Ox0FFF;

ine wave valu

//look up and outy si
unsigned int value = 0;
unsigned int value2 = 0;

value = pgm read word(isinTablel6 + tablePosition);
value2 = pgm_read_word(isinTablel6 + tablePosition2);
analog.write (value,value2, true);

Potential Improvements

The Lissajous curve generator could be used as a music visualizer by controlling the
frequency variable with input from and Analog Shield ADC configured as a beat detector. It
could also be used as a back end for a game where the user controls one of the frequencies
with a potentiometer and the other is controlled via software, challenging the user to follow
the frequency changes made by the software and maintain a circular output.

Disclaimer:

This code and circuit was developed by William Esposito, Ph.D. Candidate in Electrical Engineering, Stanford
University, in the Kovacs/Giovangrandi Laboratory in collaboration with Texas Instruments, Incorporated. All code
herein is free and open source, but is provided as-is with no warranties implied or provided. Use of this code and the

associated documentation is at the user’s own risk.
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By William ]. Esposito, Doctoral Candidate and Gregory T.A. Kovacs, Professor of Electrical Engineering,
Stanford University
R0O.1,6/12/15

Overview

The Network Analyzer project extends concepts from the
FFT Spectrum Analyzer project to use the analog shield to
generate the frequency domain magnitude transfer function
of an electrical circuit, up to 30 kHz.

Figure 1 Network Analyzer.

Hardware

The Network Analyzer is built around the Arduino and two
shields, the Digilent Analog Shield*, and the Adafruit 2.8” TFT
Touch Shield (v2), a 320x240 pixel touchscreen LCD. The
Analog Shield is used for signal acquisition, and the Adafruit
Touch LCD Shield is to display the spectrum.

The Arduino UNO R3 Can be found at:
http://store.arduino.cc/

The Adafruit RGB LCD Kit can be found at:
http://www.adafruit.com/products/1651 Figure 2: Adafruit Touch LCD.
The Analog Shield can be found at:
http://www.digilentinc.com/analogshield

Also needed are several analog components to build the
noise source and Anti-aliasing filter (described in detail
below). You will need:

1x solderless breadboard

1x LM741 Op Amp (or equivalent)

1x LM324 Quad Op-Amp (or equivalent)

2x 2N3904 Bipolar Junction Transistor (or equivalent,
MOSFET Types will not work)
4x each 100n, 1nF capacitor Figure 3: Analog Shield without
2x 1.5nF capacitor breadboard.

1x each 1y, 470n, 33n, 3.3nF capacitor

1x each 47k, 10k, 8.2k, 5.1k, 4.7k, 3.6k, 3.3k, 2.7k, 2.4k, 1.5k, 5601, resistors

Some solid core wire suited for breadboard use.

Additional components for optional, test filter:

1x each 10k, 1500 resistors

1x each 47n, 470nF capacitors
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Building the Demo: Software

In order to build the Analog Shield Network Analyzer, five nonstandard Arduino
libraries are required. For a guide on Arduino libraries and how to install them, go
t’(I?hle ltbratiee retlhlreh to(r‘the vvlsuall‘zer are. The Open Music Labs FHT library
The Adafrlht I‘LI§1;>V41 11brary (Ferthe LCDS‘ o

The Adafrult GFX llbrary (For‘the‘I;CD) o

The Adafru1t STMPE610 llhrat;/ (IIL‘or To‘uch‘ thctlonahty)

The Analog Shleld llbrary (for‘ an!log 1ht)11‘t‘)‘

) thub.con
In case these libraries move in the future the Adafruit LCD libraries are linked from
the Adafruit Touch LCD Shield tutorial at

) n.adafruit.com/adafruit-2-8-tft-touch-shield-v?
Once these libraries are downloaded and unzipped in the Arduino/libraries folder,
be sure to re-open the Arduino IDE as it will not recognize libraries added while the
program is open. Once the libraries are ready, stack the LCD and Analog Shield on
the Arduino Uno. Next open the “Network_Analyzer” sketch with the Arduino IDE
and upload it to the Arduino UNO. Some data will appear on screen, although the
analyzer does not yet have a signal. This data represents the inherent noise in the
analyzer and the environment.

The Theory of the Network Analyzer

With the software out of the way, the next task is to construct the necessary
hardware. First, however, a detour into theory is in order. This hardware consists of
two major parts, the first is a “white noise" source. White noise sources are so
named because, like light coming from a white lightbulb, their output contains all
the frequencies (colors) of the audio spectrum. The output of this device sounds
much like the “snow” effect heard when turning an old-fashioned analog television
or radio to an unused channel. This source is key element to the Network Analyzer.
When the white noise is passed through a cricuit with an unknown frequency
response, the output will contain all the frequencies that the circuit being tested can
pass. By taking the FFT of the output signal, the Network Analyzer can show the
frequency response of the circuit.

There is however, a catch. The white noise source, necessarily cannot put out every
possible frequency in a given instant. Instead, what it does is put out many
frequencies at once, so that over sufficient time, all frequencies will be output. Since
the Network Analyzer’s FFT won’t show frequencies that are missing, the result
would be an incorrect frequency response of the circuit. There’s a simple
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workaround to this, however — the Network Analyzer records several periods of
output and averages the resulting FFT response. A larger number of averages means
frequencies are more uniformly represented at the input, producing a more accurate
result at the output.

As with the FFT Spectrum Analyzer project, the Network Analyzer also requires an
Anti-Aliasing filter before the input. With the output signal being a white noise
source, this is substantially more critical than in the case of the spectrum analyzer,
as the output signal is guaranteed to contain frequencies that would “fold” back and
incorrectly appear to the analyzer as lower frequencies. The Anti-Aliasing filter
section of the FFT Visualizer tutorial goes into the theory in greater detail. It is key
to note though, that the folding phenomenon is real and can drastically affect the
output of the system, as seen in the figure below. This pair of figures demonstrates
how a notch filter appears to be nonfunctional when tested with the anti-aliasing
filter disabled.

Figure 5: Network Analyzer with the anti-aliasing filter bypassed (top) and
connected (bottom)
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Building the Demo: Hardware

Now, with theory handled, it is time to assemble the circuits for the Noise Source
and Anti-Aliasing filter as shown below. Note that VCC and VSS in the circuit
diagrams are +Vadj and itrVadj on the Analog Shield, respectively. The variable
supply on the Analog Shield should be set to its maximum value (+7.5V) to ensure
that the noise source generates output.

Out to dreuit under test

Input from circuit i I

under test

— AN h T
D e L e
- <
VCC = 7.5V
VSS = -7.5V

L
P |

Out to Analog Shield

AW —— AW — T H: AD

Figure 6: Noise source and anti-aliasing filter.
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Connecting the Output

Now, the circuit is ready to go. A simple test is to design a simple 21d order low-pass
filter, using resistors and capacitors. The example filter below uses a 47 nF
capacitor, a 470 nF capacitor, a 10 kQ resistor and a 150 (1 resistor.

Lowpass Filter

Input Output

AAAA AAAA

e

When the output of the noise source is connected to the input of the test filter, and
the input of the anti-aliasing filter is connected to the output of the test filter, the
network analyzer produces the output shown below.

Figure 7: Test low-pass filter.

Figure 8: Network response of test low-pass filter.

Conclusion

The network analyzer provides a practical application of FFT spectrum plotting and
provides a useful, if rudimentary version of a test instrument that normally retails
for hundreds or thousands of dollars. Knowing the frequency response of a circuit
under test is immensely useful for debugging circuits of all types and can provide
insights into their behavior that are unobvious when observing the circuit purely in
the time domain using an oscilloscope alone.
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Disclaimer: This code and circuit was developed by William Esposito, Ph.D.
Candidate in  Electrical Engineering, Stanford University, in the
Kovacs/Giovangrandi Laboratory in collaboration with Texas Instruments,
Incorporated. All code herein is free and open source, but is provided as-is with no
warranties implied or provided. Use of this code and the associated documentation
is at the user’s own risk.
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Long-QT Detection Algorithm
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function [outsig, triggers, avgsig] = TExtractor(signal, Fs, Tt, displayPlots)
% Check number of inputs.
if nargin > 4
error ('myfuns:somefun2:TooManyInputs',
'requires at most 3 optional inputs');
end
% Fill in unset optional values.
switch nargin
case 2
Tt = 0.25;
displayPlots = false;
case 3
displayPlots = false;

end

%$settings

numplots = 6;
skipTimeFactor = 5;

$Filte for QRS
Fc = 10;
b = firl (50, 2/Fs * Fc, 'high'");
%$remove mean, plot
meanSig = mean(signal);
signal = (signal - meanSigqg);
if (displayPlots)
subplot (numplots,1,1);
plot (signal) ;
title('mean removed signal');
end

fSignal = filtfilt(b,1,signal);
%$fSignal = fSignal.”"2;
if (displayPlots)
subplot (numplots,1,1);
hold on;
plot (fSignal, 'red');
title('mean removed signal, filtered signal');
hold off;
end

%some info
max (signal)
min (signal)

e dP oe oe

range (signal)

$take derivative,
$diffsig = diff (f£Signal);
%$do not take derivative
diffsig = fSignal;
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diffclamp = (diffsig > std(diffsig) * 3); %2.5 gets all three but misses beats

index = 1;
numBeats = 0;
outsig = signal;
triggers = zeros(l, length(diffsiqg));
windowLength = floor (Fs*0.05);
tLength = floor (Fs*Tt);
avgsig = zeros(l, 2*tLength);
while index < length(diffsig) %loop until end of array.
if (diffclamp (index) == 1) %if triggered, set start index, set end index, copy data to¥

ouptut array, move to end of copy period

$compute start index

startIndex = max([1l,index - windowLength*3/4]); %compute start

endIndex = min([index + windowLength*5/4, length(diffsig)]); %compute end

outsig(startIndex : endIndex) = linspace(signal (startIndex), signal(endIndex),f
endIndex - startIndex + 1); Scopy data
triggers(startIndex : endIndex) = ones(l,endIndex - startIndex + 1);
numBeats = numBeats + 1;
beat = signal (endIndex : min([length(diffsig),endIndex+2*tLength-1]));
if (length (beat) == length(avgsig))
avgsig = avgsig + beat/numBeats;
end
index = index + windowLength * skipTimeFactor;
else
index = index + 1;
end
end
maxsig = max(signal);

if (displayPlots)
subplot (numplots,1,1);
hold on;
plot(triggers.*maxsig, 'green');
title('mean removed signal (blue), filtered signal(red) [Fc = 10Hz, 50 Tap FIR], ¥
triggered time (green)');
hold off;
subplot (numplots,1,2);
plot (outsig);
title ('QRS Removed signal');
end

o)

% now we have QRS free signal. Extract T wave. Remove P wave

% now we have a PQRS free signal. extract T wave

$first high pass
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Fc = 1.5;

b = firl (250, 2/Fs * Fc, 'high'");
fSignal = filtfilt(b,1,outsigqg);
Fc = 10;

b = firl (250, 2/Fs * Fc);

fSignal = filtfilt(b,1,fSignal);

if (displayPlots)

subplot (numplots,1,3);

plot (fSignal) ;

title('Filtered S signal');
end
% blank out all of time except for 250ms after end of QRS
difftriggers = diff(triggers);
difftriggersneg = (difftriggers < 0)*1.0;
tWindow = 250/1000; % (250ms)
windowPeriod = ones (1, tWindow * Fs);
diffperiod = conv(difftriggersneg,windowPeriod) ;
diffperiod = diffperiod(l:length(outsiqg));
tattack = fSignal .* diffperiod;

% now trigger
tclamp = (tattack > (std(tattack) * 1))*1.0; %2.5 gets all three but misses beats
diffTpos = (diff (tclamp) > 0)*1.0;
if (displayPlots)
subplot (numplots,1,3);
plot(signal) ;
hold on;
title('T Wave Extracted signal');
subplot (numplots,1,3);
hold on;
plot(triggers.*maxsig, 'green');
plot (tclamp*maxsig, 'magenta');
hold off;
end

Spositions = find(difftriggersneq);
Tpositions = find(diffTpos);

if (Tpositions(l) < Spositions(l)) %if there's a T trigger before the first s, drop it.
Tpositions = Tpositions (2:end);
disp 'drop first for T before s'

end

if (Tpositions (end) < Spositions(end)) %if the last T comes before the last S, we have an¢
unfinished beat, drop it
Spositions = Spositions(l:end-1);
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disp 'drop last for s after t'
end
if (displayPlots)
subplot (numplots,1,4);
hold on;
title('Triggers Blue = S, Red = T'");
subplot (numplots,1,4);
plot(difftriggersneg*maxsiqg) ;
hold on;
plot (diffTpos*maxsig, 'red');
hold off;
end
intervals = [];
for beatIndex = 1:(length(Spositions)-1) S%$make sure each T is before the next S
if (Spositions (beatIndex+l) > Tpositions (beatIndex)) %next QRS comes after next T
intervals = [intervals Tpositions (beatIndex) - Spositions(beatIndex)];
end %otherwise, skip to next S
end
intervals = intervals / Fs * 1000; %convert to ms
mintervals = ones(l, length(intervals)) * mean(intervals);
$first, drop a Q
if (displayPlots)
subplot (numplots,1,5);
plot (intervals);
hold on;
plot (mintervals, 'red--');
plot (mintervals + std(intervals), 'red-.'");
plot (mintervals - std(intervals), 'red-.'");
title(strcat ('QT Interval mean: ', num2str (mean (intervals)), 'ms standard deviation:¥
', num2str(std(intervals)), 'ms'));

ylabel ('milliseconds');
axis tight;
hold off;

end

end
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