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ECE 480L: SENIOR DESIGN SCHEDULED LAB

DEPARTMENT OF ELECTRICAL AND COMPUTER ENGINEERING

MICHIGAN STATE UNIVERSITY

I. TITLE: Lab V: Digital Color Organ - Lattice Wave Digital Filters and
Testing

II. PURPOSE: 

Digital filters can be classified as either Finite Impulse Response (FIR),
or Infinite Impulse Response (IIR). FIR filters have excellent phase
linearity, but require a higher order. IIR filters can have similar
performance with a smaller order, but are sometimes unstable. This lab
will explore a special class of IIR filter called a Lattice Wave Digital
Filter (LWDF) that is very stable. First, a single 3rd order LWDF will be
programmed and tested using the function generator. With this setup,
the cutoff frequency and attenuation in the stop band can be measured.
Next, the performance of the filter will be optimized by modifying the
code. This will reduce the number of clock cycles that the filter requires
to operate, and allow more filters to run in the same number of clock
cycles. Finally, all four filters of the digital color organ (a low pass, two
band pass, and a high pass) will be designed to complete the color organ
project.

The concepts covered are:

1.  Programming a lattice wave digital filter.
2.  Optimizing code to run faster or more efficiently.
3.  Low pass, high pass, and band pass filters.

The laboratory techniques covered are:

1. Measuring the cutoff frequency of a digital filter.

III. BACKGROUND MATERIAL:

See Lab Lecture Notes.
MSP430G2553 Data Sheet
MSP430 User's Guide
Texas Instruments SLAA331 Application Report
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IV. EQUIPMENT REQUIRED:

1 Your own personal Bound Lab Notebook
1 Agilent Infiniium DSO-9064A Digital Storage Oscilloscope
4 Agilent N2873A 10:1 Miniature Passive Probes
1 Agilent 33250A or 33120A Function Generator

V. PARTS REQUIRED:

1 MSP-EXP430G2 LaunchPad kit
1 USB cable
1 32.768 kHz crystal
7 Female-Male 6" jumper wires
1 BNC-to-Banana adapter
2 Banana-to-grabber wires

VI. LABORATORY PROCEDURE:

A) Lattice Wave Digital Filter Programming

1. Start out by locating the Texas Instruments Application Report SLAA331
on Lattice Wave Digital Filters. This application note contains all of the
information necessary for programing lattice wave digital filters on the
MSP430, along with a program for generating the filter coefficients
located in the associated file slaa331.zip. Read through this information
before continuing on to the next step.

2. The example code uses sine wave data in a .dat file to test the filters, but
we are going to use real data captured from the ADC10 to test our filter.
Start a new project called Lab V - Part A, and create a new source file
labeled lab5_parta.c. We can reuse most of the code that was used in Part
VI-C of Lab IV to set up the ADC10.

3. Make sure that your code has the following functionality:

  a. A line to stop the watchdog timer.
  b. Two lines to set the DCO to 16 MHz.
  c. ADC10 setup in Repeat Single Channel Mode with a 2.5V reference.
  d. A line in the while loop to set the ADC10MEM register to a temp

variable.

4. We can now start to program a lattice wave digital filter. Refer to Figure
1 of the SLAA331 application report to see a block diagram of a generic
lattice wave digital filter. Each large block in the diagram is an adaptor,
and the total number of adaptors determines the order of the filter. If we
wanted to create a 3rd order filter for example, we would only need the
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first three large blocks on the left hand side of the block diagram.

5. Each adaptor has four connections: two inputs and two outputs. The
smaller block labeled T is a delay element; simply a temporary variable
that is updated as each new sample is filtered. There are four different
types of adaptors, each with different design equations that are given in
Figures 2-5. The type of the adaptors, along with the alpha coefficients
determine the performance of the digital filter.

6. Download the file slaa331.zip, and open the program called wdf_coeff.exe.
This is the tool that we will use to design our filters; in other words, get
the number/types of adaptors and alpha coefficients for a given set of
filter specifications.

7. Enter the following filter specifications into the command line prompt:

  a. Type: LP
  b. Design: Cheby
  c. Structure: Normal
  d. Pass Band Edge Frequency: 125
  e. Stop Band Edge Frequency: 250
  f. Sampling Frequency 16000
  g. Pass Band Ripple: 0.5
  h. Stop Band Attenuation: 18
  i. Design Margin: 0.5
  j. Number of Bits for Binary: 16

8. After you enter the last filter specification, the program will exit, and the
design information will be stored in a file called Coeff.dat. Open this file
using a text editor. You should have a third order filter with three
gamma coefficients and 3 adaptor types. If not, try running the program
again, or contact the TA for help.

9. Start by copying the three alpha coefficients directly into the
initialization section of your code. Each adaptor has its own alpha
coefficient, labeled alpha0 for adaptor 0, alpha1 for adaptor 1, and alpha2
for adaptor 2. While you are at it, also initialize a delay variable for each
adaptor to 0. These should be labeled in a similar fashion.

10. We can now start to program the individual adaptors for our lattice wave
digital filter. Refer to Figures 1-5 of SLAA331 during this process. Page
11 of the application note gives the sequence for programming the
adaptors of a multi-order filter. The top section always comes before the
bottom section, and the order in each section needs to be followed for
proper operation of the filter. For our third order filter example, this
means that the order of the adaptors is 0, 2, and 1.
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11. Locate the type of each adaptor in the Coeff.dat file. To make things
easier, here is a generic block of code for each adaptor type:

Type 1:

inp1 = VARIABLE;
inp2 = VARIABLE;
p1 = inp1 - inp2;
outp2 = (alpha0 * p1) + inp2;
delay0 = outp2;
outp1 = outp2 - p1;
topout = outp1;

Type 4:

inp1 = VARIABLE;
inp2 = VARIABLE;
p1 = inp2 - inp1;
outp2 = (alpha1 * p1) - inp2;
delay1 = outp2;
outp1 = outp2 - p1;
botout = outp1;

12. Check Figures 2 and 5 to make sure that these design equations are
correct. You might need to use adaptor types 2 and 3 later in the lab,
which would require a modification of the design equations. Copy and
paste the three adaptors that you need for this example filter into your
code.

13. Notice that both inputs for each adaptor are left blank. These can either
be an input to be filtered, a delay element, or a temporary variable from
a previous adaptor. Use Figure 1 in the application note to figure out what
these inputs should be.

14. Likewise, both outputs for each adaptor can be set to a delay element, a
temporary variable from a previous adaptor, or a filtered output. For this
example, there will be two filtered outputs; topout and botout.

15. Each adaptor has 5 temporary variables that can be reused in each
adaptor and only need to be defined once (inp1, inp2, outp1, outp2, and p1),
and two variables that need to be stored individually in RAM for each
adaptor (alpha0 and delay0). These two variables are updated each time
a new sample is run through the filter.

16. Once all three adaptors of the filter are programmed we can create the
final output of the filter, either high pass or low pass. The method for
doing this is shown visually on the right hand side of Figure 1 in the
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application note, or in code format at the end of Figure 2.5.1 in the
application note. Put simply, half the sum of your two filtered outputs
(topout and botout) is the low pass output, and half the difference of the
two filtered outputs is the high pass output. Add these two lines to the
end of your filter code.

17. Use two if statements to test the functionality of your code: if the low pass
output is greater than 512 samples, light up the green LED, and if the
high pass output is greater than 512 samples, light up the red LED.
Remember that you will have to set pins P1.0 and P1.6 to outputs using
the P1DIR register in the initialization section.

18. Finally declare all of the temporary variables that are used in your three
filter adaptors and final filter outputs. This should be a total of 15
variables. Use the variable type float to declare these variables in the
initialization section. The voltageRaw variable can be declared as a
volatile long variable as in Lab IV.

19. Debug your code and check for any errors. There is a lot going on in this
code, so it might be a good idea to check your code against Figure 1 of the
application note before debugging. If you do get any errors that won't go
away even after fixing them, use the Project > Clean command.

20. Once your code is free of errors, setup the Function Generator to output
a 100 Hz, 2.6Vp-p Sine Wave with a 1.25V DC offset. Remember to set
High Z! Connect this signal to the ADC10 input pin that you selected and
enabled in the initialization section.

21. Sweep through the frequency range around 100 Hz in steps of 10 Hz while
watching the Red and Green LEDs. You should see the two LEDs
changing in response to the frequency of the input. If not, double check
you code, or contact the TA for help.

22. Locate the frequency where both the Red and Green LEDs appear to be
approximately the same brightness. This is the crossover frequency of the
two filters. Locate the frequency where only the Red LED is on. Finally,
locate the frequency where only the Green LED is on. These two
frequencies are approximately the cutoff frequencies of the low pass and
high pass filters, respectively. Record these three values in your lab
notebook.

23. Comment each line in your completed code for this section, and save your
.c file. Each filter adaptor only requires one comment. Add this to the
folder of files that you will submit for your digital lab report.
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B) Optimizing a Lattice Wave Digital Filter

1. Now that we have a simple high pass and low pass filter working, we can
attempt to optimize the performance to make it run faster, or allow the
addition of several more filters. Start a new empty project titled Lab V -
Part B, and create a source file called lab5_partb.c. Copy and paste your
code from Part A into Part B.

2. If we want the ADC10 to sample at 16 kHz, the filter code must operate
in 1000 CPU cycles or less (16 MHz/16 kHz = 1000). This would mean that
the maximum frequency the filter could resolve would be 8 kHz. Slowly
ramp the frequency of the input up in steps of 100 Hz and watch what
happens. Does the filter perform as expected all the way up to 8 kHz? If
not, at what frequency does it stop working?

3. Remember that the analog filter in Lab II was added to limit the input
frequency to less than 8 kHz to prevent aliasing. Aliasing can be observed
as higher frequencies imitating lower frequencies. Is this the behavior
that you see when the filter stops working?

4. Based on the aliasing frequency that you measured, can you estimate
what the actual sampling rate of the ADC10 is? Record this sampling rate
in your lab notebook. Remember that the ADC10 was setup to sample at
200 ksps.

5. To figure out why the sampling rate is so much lower than expected, we
can count the number of CPU cycles that the filter code takes to execute.
If this number of cycles is greater than 1000, the filter will not be able to
run fast enough to keep sampling at 16 kHz. You could debug your code
and click step into several times, but there is a much easier way.

6. Set one of the unused GPIO pins (Pin P2.2 is easily accessible) to toggle
each time the end of the while loop is reached. We can then measure the
frequency at which this pin toggles to determine how long it takes the
CPU to run through the filter code. By dividing the CPU frequency (16
MHz) by the frequency that you measure, you can determine the
approximate number of cycles that the code takes to execute. Don't forget
to set your chosen pin to an output in the initialization.

7. Use the oscilloscope to find the frequency at which this test pin toggles.
Make a hard copy of the screen (select invert waveform colors) and include
all measurements.

Mark this section letter and number on the plot. Give the plot an
appropriate title. Attach as indicated in the Lab Report.
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8. Notice the information circles located on the left side of your code in the
CCS editor. These are tips from the Ultra Low Power (ULP) advisor. If
you click through and read these, you should see two distinct tips several
times; one telling you that floating point operations are CPU intensive,
and one telling you that this MSP430 variant does not have a hardware
multiplier.

9. See if you can find a way to make the code run faster by following the
advice of the ULP advisor. A multiplication operation can be
approximated with several shift and add operations, and the floating
point operations can also be simplified to make the code run faster. This
will be necessary to sample at a frequency of 16 kHz. If you are able to
make the code run faster, update your plot from section VI-B-7.

10. If you are not able to make the code run faster, you can still complete the
lab, but the maximum frequency for you filters will be limited. Remember
that this might require you to redesign the analog filter from Lab II for a
lower cutoff frequency to prevent aliasing.

11. Update the comments in your completed code for this section, and save
your .c file. Add this to the folder of files that you will submit for your
digital lab report.

C) Low Pass Filter Digital Color Organ

1. Your optimized filter code can now be used to add frequency selectivity to
the digital color organ. This will be very similar to Part C of the last lab
where you used the sampled analog input to directly control the PWM
output. The only difference is that you are using a filtered input to control
the PWM output.

2. Start by setting up the Timer A0 to run off the SMCLK in Up-Down mode,
setting up P1.2 as an output of TA0.1, setting the value in TA0CCR0 to
512, and setting up the CCR1 output to the toggle/set mode. This is that
exact same initialization as Part C of Lab IV, and is required to create a
PWM output.

3. The process for making the LED respond to amplitude instead of
frequency is almost exactly the same as well. The only difference is that
your starting variable is now lpfout instead of voltageRaw.

4. Here are the hints for programming this part of the code:

  a. The brightness of the LED is determined by the average value of the
voltage that is applied. If you consider the maximum input signal (2.5V
Vp-p with 1.25 V DC offset), and the minimum input signal (0V Vp-p with
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1.25 V DC offset), both will have the same average value. You can
subtract the DC offset in the code by subtracting the equivalent decimal
value of 1.25V, given the value of the reference voltage and the bit depth
of the ADC. Just remember that you need to set the ADC10MEM register
to a temporary variable first.

  b. After you subtract the DC offset, the new signal will go negative, so you
can fix this by taking the absolute value of the temporary variable.

  c. Remember that you set the maximum brightness to occur at an
instantaneous voltage of 2.5V, but after subtracting 1.25V, the maximum
voltage you can see now is only 1.25V. Maximum brightness needs to
occur at 1.25V now, so adjust the appropriate register to fix this.

  d. You want the LEDs to go off when there is no input, but there will always
be a small amount of noise that lights up the LEDs. You can use an if/else
statement to set the output to zero if the sampled value is below a certain
value, and continue on as normal otherwise.

5. Debug and run your code. It might be a good idea to start with a small set
of features and add to this each new time you debug, rather than trying
to get the code perfect on the first try. It can be difficult to find a single
error in a large chunk of code.

6. Test your code with the function generator first; set it to output a 100 Hz
Sine Wave at 2.5Vp-p with a 1.25V DC offset, and connect this to your
analog input. Vary the frequency above and below 100 Hz; do you see a
low pass filter behavior? What is the cutoff frequency? Does the
brightness of the LED vary with amplitude in the pass band of the filter?

7. If your cutoff frequency is not close to 100 Hz, you will have to redesign
your filter using the wdf_coeff.exe program. Remember that the original
filter was designed for a sampling frequency of 16 kHz. If you have to
redesign your filter, use the sampling frequency that you measured in
part VI-B7. You can also play around with the filter design parameter,
and pass band/stop band frequencies. Always try to shoot for a 3rd order
filter though.

8. Once you are satisfied with the performance of your program on the
Launchpad with the function generator as an input, connect the
Launchpad to your protoboard, and use the microphone/line inputs and
LED bank outputs.

9. Test the performance of the microphone input using any combination of
high-pitched and low-pitched sounds you can think of. The idea is to find
two sounds that fall on either side of the 100 Hz cutoff frequency.
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10. Test the performance of the line input by playing a song that is very bass
heavy. You should see only the bass line flashing on the LEDs, and not
any vocals or higher pitched guitars. As an alternative, you can use the
function generator set to output a sine wave connected to the line input
summer.

11. Set up the oscilloscope to capture the analog input on one channel, and
the PWM output on a second channel with the function generator as an
input, set to output a 50 Hz Sine Wave at 2.5Vp-p with a 1.25V DC offset.
Position the analog input in the top half of the screen, and the PWM
output in the bottom half of the screen, making sure to show the ground
reference for both channels clearly.

Mark this section letter and number on the plot. Give the plot an
appropriate title. Attach as indicated in the Lab Report.

12. Update the comments in your completed code for this section, and save
your .c file. Add this to the folder of files that you will submit for your
digital lab report.

D) Multiple Channel Digital Color Organ

1. The last part of the lab will be graded in three tiers. Tier 0 will be the
program that you just finished in Part C; a single filter color organ. Tier
1 will be a dual channel color organ with a low pass and a high pass filter.
Tier 2 will be a three channel color organ with a low pass, a band pass,
and a high pass filter. Finally, Tier 3 will be a four channel color organ
with a low pass, two band pass, and a high pass filter. Reaching Tier 1
will be all that is required to receive full credit for this lab. If you reach
Tier 2, you will receive 2 extra credit points on any lab of your choosing,
and if you reach Tier 3, you will receive 4 extra credit points on any lab
of your choosing.

2. Tier 1: For this tier, you have the 100 Hz low pass filter that you used in
the last part, but remember that you have a high pass filter output that
you can use as well. Make sure that the sampling frequency is correct
when doing your filter design; high pass filters have more trouble with
stability than low pass filters. Use Timer A0 for the low pass output, and
Timer A1 for the high pass output. Both of these timers have to be
configured independently of each other. Connect the low pass output to
two of the LED banks, and the high pass output to the other two LED
banks.

3. Tier 2: This tier adds a band pass filter, which can be achieved by
cascading a high pass filter and a low pass filter as explain in the
application note. Set the lower frequency to 100 Hz, and the higher
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frequency to 500 Hz. Redesign a high pass filter with a cutoff frequency
of 500 Hz to use as the third filter. It is possible to create a third PWM
output with only two timers available on the MSP430G2553. Notice that
Timer A1 has a third capture compare register (CCR2) that corresponds
to the output TA1.2, which can be used. Connect the unfiltered output to
one of the LED banks, and connect the remaining three filtered outputs
to the remaining three LED banks.

4. Tier 3: This tier adds one more band pass filter to create a full four
channel digital color organ. Set the lower frequency to 500 Hz, and the
higher frequency to 1 kHz for this new band pass filter. Also, redesign the
high pass filter for a cutoff frequency of 1 kHz. Creating a fourth PWM
output with the MSP430G2553 is very difficult, but it is possible. You can
use the Up mode for both timers, in which the timer counts up to a
maximum value of 0xFFFF, which will free up both CCR0 registers to use
for an additional two outputs. The only problem with this approach is that
the frequency of the PWM will be much lower due to the higher count
involved. You will also need to rescale the sampled inputs. A better
alternative might be to find another MSP430 variant that has four PWM
outputs available while operating in Up/Down mode. If you are able to
reach this level, you can connect each of the 4 filtered PWM outputs to the
corresponding LED banks.

5. Update the comments in your completed code for this last section, and
save your .c file. This will be the final program that you use in your color
organ demonstration. Add this to the folder of files that you will submit
for your digital lab report.

E) Clean Up

Do not remove the scope probes from the scope. Turn off all equipment.
Put all of your things back into your Storage Box and take it home with
you.

Assemble your lab report, staple it and hand it in as described in the ECE
480 Lab Syllabus. Please read and sign the Code of Ethics Declaration on
the cover.

Assemble a digital lab report. This report is a collection of files. Rename
your files with your last name, lab number, and title. Format the file
exactly as follows: lastname_lab5_parta.c, where lastname is replaced with
your own last name. You should have three .c files from sections VI-A,
VI-B, VI-C and VI-D. Place these files in a folder named lastname_lab5.
Again, replace lastname with your own last name. Not following this
format will result in a lowering of your lab report grade.
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Zip this folder by right clicking on it and selecting 7-Zip > Add to
lastname_lab5.zip. Email the resulting file to zajacste@msu.edu. Make
sure to include the exact terms ECE 480 and Lab 5 in the subject,
otherwise the email might get lost. Add this declaration of ethics to the
email message: All of the attached work was performed by me. I did not
obtain any information or data from any other student. I will not post any of
my work on the World Wide Web.

This is due as indicated in the ECE 480 Lab Syllabus.

VII. ASSIGNMENT

1. The lab TA will contact you to make an appointment to demonstrate that
your Digital Color Organ works.

2. Finish Digital Color Organ Final Report and submit as indicated in the
ECE 480 Lab Syllabus.



            
             Copyright © 2014 by Stephen A. Zajac & Gregory M. Wierzba. All rights reserved..Spring 2014. 12

Lab Report

Lab V: Digital Color Organ - Lattice Wave Digital Filters and Testing

Name: . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .

Date: . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .

Code of Ethics Declaration

All of the attached work was performed by me. I did not obtain any information
or data from any other student. I will not post any of my work on the World Wide
Web.

Signature . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .
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VI-B-7

Mark VI-B-7 on the top right side of your plot and attach as the next page.
Give the plot an appropriate title.

VI-C-11

Mark VI-C-11 on the top right side of your plot and attach after VI-B-7.
Give the plot an appropriate title.


