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Abstract

This paper presents laboratory materials on Digital Signal Processing (DSP) for Computer
Engineering (CmpE) curriculum using Altera’s DE2 FPGA (Field Programmable Array)
university kits. The Altera’s DE2 kit has been adopted by many universities for courses on
digital logic, embedded systems, and computer architecture. However, it has not been fully
exploited for DSP. We take advantage of the multiplier blocks and the IP (Intellectual Property)
cores available in the on-board FPGA to demonstrate the basic digital filter operations. Although
the number of multiplier blocks in the DE2 board is limited, we have successfully implemented
high pass, low pass, and band pass filters. We also utilize the on-board audio codec to
demonstrate real-time data acquisition and processing. By comparing the sound effects of input
and output audio signals, the lab exercises demonstrate basic DSP theory such as analog-to-
digital converter, frequency analysis, digital filter, and digital-to-analog converter. The designed
experiments can be used either in an upper undergraduate level electronics or embedded systems
course or in a stand-alone DSP course for both EE and CmpE. It offers excellent integration of
the DSP component with other components of the CmpE curriculum and achieves necessary
coverage in the limited number of hours allocated.

Introduction

Digital Signal Processing (DSP) courses have been well developed for electrical engineering
(EE) curriculum with heavy treatment on theoretical foundations, significant amount of Matlab
simulations, and reinforcement by hardware laboratories. The hardware labs are often designed
using specialized digital signal processor kits (DSK) such as C54xx/C67xx DSK from Texas
Instruments or Blackfin kit from Analog Devices.

Recently, DSP is also recommended as a critical, necessary component for computer engineering
(CmpE) curriculum. The importance of DSP design and its integration in to the undergraduate
computer engineering curriculum is considered critical for educating the 21% century computer
engineers and preparing them to be on par with the ever increasing contribution of DSP in many
real-world applications today. However, incorporating DSP into CmpE curriculum presents two
major challenges: the limited number of lecture hours allocated to the DSP component and the
integration of the DSP component with other CmpE components. The curriculum guidelines [1]
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suggests only 17 core hours to cover a breadth of DSP history, theories, and concepts, including
spectra analysis, discrete Fourier transforms, sampling and digital filters. It also suggests some
elective hours to cover discrete time signals, window functions, convolution, and audio/image
processing. In comparison, these similar topics are covered in depth in EE curriculum with 63
core hours. Therefore, the courses designed for EE curriculum may not be directly used for
CmpE curriculum. Meanwhile, many universities, including the University of Missouri-Rolla,
have adopted Field Programmable Gate Array (FPGA) for many core CmpE courses [6] such as
digital logic, embedded systems, microprocessors, and computer architecture. The DSP on
FPGA approach [2-5] becomes more attractive to implementing DSP component for CmpE
curriculum than digital signal processors traditionally used for the EE curriculum. Besides, the
increasingly important role played by FPGA in the DSP market also gives strong justification to
the adoption of FPGA for our DSP laboratories.

This paper presents our new development on DSP laboratory materials for CmpE curriculum
using Altera’s DE2 FPGA kits. Many universities have developed DSP labs based on more
sophisticated FPGAs such as Xilinx Vertex 4 and Altera’s Stratix II. However, low-end FPGA
such as the Cyclone II on Altera’s DE2 board have mainly been used as simple input/output (I/O)
and micro-controller. Teaching materials are found only for digital logic and computer
architecture courses in both the CDROM provided by Altera and university course websites. To
the best of our knowledge, there is no DSP lab material based on DE2 FPGA board available
online at the time of this writing.

In this work, we take advantage of the multiplier blocks and the IP (Intellectual Property) cores
available in the on-board FPGA to demonstrate the basic digital filter operations. Although the
number of multiplier blocks in DE2 boards is limited and basic logic elements have to be used to
implement the accumulator to complete a Multiply-Accumulate (MAC) operation, we have
successfully implemented high pass, low pass, and band pass filters. We have also utilized the
on-board audio codec to implement real-time data acquisition and processing. The input and
output audio signals are compared to demonstrate the functionalities of the filters as well as the
basic DSP theory such as A/D converter, D/A converter, digital filtering, and frequency analysis.
Our design also makes use of DSP Builder and the IP (Intellectual Property) cores provided
originally for Altera’s Stratix II and migrate them onto Cyclone II. This approach saves us from
writing VHDL/Verilog codes for DSP functions from scratch and speeds up the design
considerably.

The designed experiments can be used either in an upper undergraduate level electronics or
embedded systems course or in a stand-alone DSP course for both EE and CmpE. This approach
offers excellent integration of the DSP component with other components of the curriculum and
achieves necessary coverage in the limited number of hours. Some parts of the designed lab
materials will be used in a real-time DSP course and an embedded systems course in spring
2007. A semester-long course using all the designed materials is also planned. As DE2 board is
used in several of the CmpE courses at the University of Missouri-Rolla, this approach offers
students more time on DSP education rather than taking time away teaching other unfamiliar
development tools.
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FPGA Background

A Field Programmable Gate Array (FPGA) is a re-programmable
logic device having hundreds and thousands of transistor clusters
which can be used as a rapid prototyping environment. It primarily
consists of logic elements (LE) which can be interconnected in a
user-defined manner. These LEs can be interfaced with external
hardware through I/O blocks near the outer edges of the FPGA.

The Altera DE2 board contains Altera Cyclone II 2C35 FPGA
device and many supporting hardware. These include Input/Output
(I/O) ports, memory, CD-quality audio codec, VGA digital-to-analog
converter (DAC) and TV (NTSC/PAL) decoder, Ethernet controller,
USB/RS232 interface, and various user LED, connectors, and
switches. We use Quartus II v5.1 (as we have the full license for this
version and is available in several computers in computer
engineering labs) along with FIR mega-core plug-in v3.3 to program
the DE2 FPGA boards.

Design flow of DE2 FPGA board is illustrated in Fig.1 with
emphasis in designing an audio filter. We start with a design entry
which is a Verilog, VHDL or Block Description File (BDF) which
contains the basic pin set up and interconnections between different
entities in the design. Then the audio codec configuration is
integrated into the design to allow the FPGA to control the
characteristics of the codec. Then the IP core, i.e. FIR compiler mega
core plug-in is added into the design. Then the design is synthesized
to check for programming errors. Eventually, pin assignments are
made according to the pin table of the DE2 board. The Quartus
project is then compiled to perform place & route, fitting and timing
analysis. Then it is simulated and debugging is done with the help of
Signal Tap II logic analyzer after programming the device.

Laboratory Materials for DSP

We designed four DSP labs based on Altera’s DE2 FPGA board.
Each lab is designed to cover some aspect of DSP theory as well as
FPGA operation. The summary of these four labs are described here.
We also give detailed description for Lab 3 in the next section.
Complete descriptions and files are available on CDROMs.
Interested readers may contact the authors.

Lab 1. Audio signal generation and Run-through on DE2 board
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Fig.1. Design Flow in
Quartus for filter design
using IP core

This lab is designed to input an audio signal from the host
PC’s sound card or a MP3 player to DE2 board via “line-in”
connector and play it back to loudspeakers. The input signal
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is sampled and encoded by the on-board audio codec at several different sampling
frequencies and then sent directly to the decoder of the audio codec. It is output via “line-
out” to loud speakers to allow students to listen to the input and output audio signals and
make comparison. Aliasing is demonstrated by sampling a high frequency tone (5000 Hz)
at 8 kHz sampling frequency and comparing it with a low frequency tone (1000 Hz) also
sampled at 8 kHz. This lab covers the DSP theory on ADC, DAC, and sampling theorem.
It also helps the students to get acquired with (or reinforce the knowledge on) the DE2
FPGA board and its related software tools.

Lab 2. Digital Signal Spectral Analysis
This lab is designed to implement Discrete Fourier Transform (DFT) or Fast Fourier
Transform (FFT) on the DE2 board. Periodic rectangular or triangular signals are input to
the audio codec and are transformed to frequency representation. The magnitude and
phase representation is plotted to demonstrate the spectra contents of the signal.
Wideband music or speech signals are also processed to illustrate their spectra. This lab
covers periodic signals, random signals, Fourier transform, DFT, and spectral analysis.

Lab 3. FIR Filter

This lab is to utilize the multiplier blocks and logic arrays on Cyclone II to implement
FIR filters and process audio signals before outputting them to the loudspeakers. A signal
consisting of sine waves of three different frequencies is filtered by a low-pass, band-
pass, or high-pass FIR filter. Thus the output signal contains only one of the three tones
and can be distinguished from the input signal. Other wideband signals are also used to
demonstrate the effect of filter band with and cutoff frequency concept. This lab
reinforces the spectrum concept of digital signals covered in Lab 2 and demonstrates
digital filter (FIR) and digital signal processing.

Lab 4. Real-Time Processing Challenges

This lab is designed to demonstrate real-time requirements for signal processing and
design and implementation tradeoffs between size and speed. Lab 2 or Lab 3 is repeated
with different settings in filter design as well as FPGA implementation. Higher
processing speed may be achieved by using parallel architectures in the implementation
at the cost of using more resources, such as memory, logic elements, and multiplier
blocks, etc. With limited resources on-board, we demonstrate that there is a limit on the
higher speed.

These labs can be used together as a semester-long course as an upper level undergraduate
elective for both CmpE and EE curriculum. They can also be used individually as supplement to
related CmpE courses such as discrete linear systems, embedded systems, and computer
architecture.

Design Example- FIR Filter

Lab 3 deals with the design of a 24 bit low pass FIR filter (whose canonical form structure is
described in [2]and [3]) operating at 8 kHz and which has a sampling rate for the audio codec at
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8 kHz. The cut off frequency of the filter is kept at 800 Hz. Audio signal is filtered in the FPGA
through an interface with audio codec on the FPGA board which accepts unfiltered audio signal
through Line In and sends out filtered audio signal through Line Out.

A detailed description of critical stages of the design is explained in the following sections.
Configuring the Audio codec

The basic block diagram for interfacing the audio codec with the FPGA for designing filtering is
as shown in Fig.2. The DE2 board is provided with a CD which includes a design example for
capturing sound through Line In or MIC port through the audio codec. In the provided example,
the input sound signal bypasses the FPGA and output directly to Line Out. It does not configure
the audio codec to activate the Digital Audio Interface (DAI). In our design, the code is modified

Fig.2. Interfacing the audio codec to the FPGA. Arrows indicate the flow of signals between
the FPGA and the audio codec.

to enable the FPGA and to route the incoming data on to the FPGA for processing. The FPGA
then filters the data and sends them to the D/A converter. The processed data is available for
output at Line Out of the codec. A BDF file is created consisting of two block symbols. One
block symbol configures the audio codec to operate as a master generating a clock out for
synchronizing with the filter. The audio codec is set to operate in I12S mode. Certain areas of the
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audio codec, such as the bypass lines, side tone circuitry, and MICIN are powered down
(described in the data sheet of the audio codec). The bit length for processed data is set to its
native 24 bit value. This configuration is done with the SDIN and SCLK pins of the audio codec
to modify the contents of the internal register to operate in this way.

Another block symbol is generated for separating the left and right channels for the stereo input
through Line In. The whole contents of this BDF file are again converted into a symbol for
designing a primary BDF where the symbol for the filter from the Mega core IP plug-in can be
inserted.

Adding FIR compiler IP core into the design

The top level design for the entire quartus project is generated consisting of two symbol blocks
one of which contains the BDF file mentioned above and the other consists of the filter block in
which the FIR compiler IP core plug-in is added.

FIR compiler mega core plug-in configuration

The FIR compiler can be invoked from the mega core plug-in wizard in Quartus and selecting
the FIR compiler v3.3 core from the DSP Plug-ins and then specifying a filename for its
automated code generation either in Verilog or in VHDL. The mega core plug-in offers several
customization options. The structure of the filter can either be a bit-serial, fully parallel, multi-
cycle or a fully serial filter. The coefficients are automatically generated with user specified bit
width.

Fig.3. FIR compiler Mega Core Plug-in window
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The filtered data and the coefficients can either be stored on the onboard logic cells or on M4K
memory that cyclone II FPGA has built into it. Since the output of the A/D converter in the audio
codec is 24bit, the width for the filter is set as 24bit and the output of the filter after processing
results in 35 bits. Since the resolution of the D/A converter is only 24bits, the eleven extra LSB
filter output bits are truncated.

The “edit coefficient set” button offers the user access to the primary filter characteristics. Here
the user can specify parameters such as the filter type, sampling rate, cutoff frequency, window
type etc. This window also offers the user to either import coefficients generated by other tools
such as MATLAB or a custom coefficient set can be loaded.

The sampling rate of the filter design is set at 8 KHz

with a cut off frequency setting at 800 Hz. After firfiter

setting up these parameters, the necessary HDL files el

are generated and the design is added in to the clk fir_result[23..0]
Quartus project. The resultant symbol of the FIR rst done
filter block to be used in the design is shown in data_in[23..0] rdy_to_ld
Fig.4.

Fig.4. FIR filter block generated by Mega core plug-in Wizard manager
Compilation and Pin assignment

The pins that are placed in the BDF are now assigned to specific locations on the chip.Fig.5.

|T0 Location If0 Bank 1/ Standard General Funckion Spedial Function Reserved Enabled
I 50MHZ PIMN_NZ Z LYTTL Dedicated Clock CLKO, LVDSCLKOp, In... es
P 12C_SCLK PIN_AS 3 LYTTL Colurnn Ij0 LWDS53n es
A 20 _SDAT PIN_EG 3 LYTTL Calumn [fO LYDS53, COPCLET.. . Yes
B+ AUD_ADCDAT PIN_ES 3 LYTTL Colurnn Ij0 LWDS52n es
L D _DACDAT PIN_Ad 3 LYTTL Calumn [fO YOS5 1 Yes
L DK, PIN_AS 3 LYTTL Calumn [fO LYDS52p Yes
U0 _BiCLE PIMN_B4 3 LYTTL Colurnn Ij0 LWDS51n es
|EBKEYD_reset PIN_G26 5 LYTTL Raw [0 LYDS112n ‘es
|40 _SampChkaDc |PIN_CS 3 LYTTL Calumn 1O LYDSS0n/DEY_CLRN Yes
| AUD_SampCkDAC  |PIN_CB 3 LYTTL Calumn [0 LYDSS0p Yes

Fig.5. Pin assignments
After pin assignments the design is set for full compilation. In this stage the software maps the
HDL libraries on to logic blocks, places and routes the interconnections and fits the design on to
the FPGA to perform timing analysis. Any warnings resulted at this stage may be due to bad
design or timing restrictions. These have to be reduced to make the design optimal. After
successful compilation the software generates a chain descriptor file (CDF) which is used to
program the device through USB.

Verification and Results

The proper functioning of the design after programming the FPGA can be verified in real-time
with the help of Signal Tap II Logic Analyzer which is integrated into Quartus II. Thus the
Signal Tap II analyzer window is to be set up before programming the FPGA. This tool allows
the user to monitor the internal contents of the FPGA in real-time while it is operating. Fig.6.
shows the configuration and analysis window of Signal Tap II analyzer.
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Fig.6. Signal Tap II logic analyzer window

The DE2 Board is then programmed using the USB cable provided with the kit. Now the FPGA
is programmed to operate as an FIR filter. Sound signals fed into Line In created through
software such as MATLAB can now be filtered thorough the low pass filter designed using the
steps described previously. The filter response curve is similar to the characteristic curve shown
in Fig.3. The filter designed in this method uses a multi-cycle structure thereby utilizing the on
board multiplier blocks. The timing analysis estimate points that the maximum operating
frequency for the current design is 158.6MHz without any clock skew although we operate our
filter at just 8 KHz. The speed of the filter is thus limited by the performance of the audio codec.
In this way many Filters with different characteristics and performance figures can easily be
designed with the help of the FIR compiler Mega core plug-in.

Conclusions

Laboratory materials and experiments are designed using the Altera’s DE2 FPGA for fulfilling
the DSP requirement of the CmpE curriculum. Although DSP has been conventionally taught
using digital signal processors or sophisticated FPGAs, we were able to successfully implement
DSP filters and processing audio signals using the low-end FPGA such as the one on DE2 board.
As DE2 board is used in several of the CmpE courses at the University of Missouri-Rolla, this
approach offers students more time on DSP education rather than taking time away teaching
other unfamiliar development tools. The designed labs will be used and assessed in a real-time
DSP course in spring 2008.
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Further development of lab materials may be made in areas of parallel processing with DSP,
video signal acquisition, image processing techniques, and communications applications.
Besides the designs on DE2 board, we are also exploiting the possibilities of using Stratix II
board for our teaching and research in the DSP area. DSP education with the help of FPGAs
provides invaluable information to students apart from their ease of programming. Once the
curriculum is strengthened by developing more laboratory exercises its inclusion into computer
engineering will provide students with state-of-the-art engineering education. Further the DE2
board would open limitless possibilities to undergraduate students in design projects.
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