ELEC105L
Fundamentals of Electrical Engineering
Spring 2010
Lab #13:  A Filter for the Electronic Organ
Why is this important?
Capacitors and inductors have “resistances” to alternating currents that depend on frequency.  We use a different term, impedance, to specify the ratio of voltage to current in AC circuits.  The fact that impedance varies with frequency allows us to design circuits called filters that respond differently to electronic signals at different frequencies.  If your stereo or car radio has an equalizer (or just a tone control), it is actually a set of adjustable filters.  Filters can be quite complex, but today we will build a simple filter composed of a resistor and a capacitor and measure some of its characteristics.  But its main purpose will be to improve the tone of the electronic organ you have been developing over several lab sessions.
Grading

This lab is a “familiarization exercise” and therefore will be weighted 50 points.  To receive full credit, e‑mail to your instructor the screen images captured in Step 7 and the data and comments requested in the same step.  Add your circuits to those of the other groups to form a 13-note electronic organ.  The screen images, data, and comments are due at 4 pm on the next day after the lab session.  Only one submission per lab group is required; however, each member of the group must contribute to its production.
Background
In general, filters “pass” some frequencies and block others.  In today’s exercise, a capacitor and a resistor will make a low-pass filter.  By rearranging the circuit, we could also make a high-pass filter.  Band-pass and band-stop filters can also be fabricated.  We want to design a filter to attenuate (weaken) the high-frequency components of the output signals from the 555 timer circuits that make up the electronic organ.  The unfiltered output has a rather unpleasant raspy sound because it is comprised of a signal at the fundamental frequency and many high-level harmonics, or signals at integer multiples of the fundamental frequency.  Using a filter, we can attenuate the harmonic signals so that the output signal is closer to a pure sinusoid, which has a more pleasant tone.

The schematic diagram shown in Figure 1 depicts a very simple filter based on a single resistor and a single capacitor.  An application of sinusoidal steady state analysis using phasors will highlight the primary application of the circuit.  In our case, input voltage vin(t) represents the output signal of the audio mixer you built in Lab #11.  We assume here that the output (Thévenin) resistance of the summing amplifier circuit is negligible, which is valid for almost all op-amp circuits that have negative feedback.  If we were to include the output resistance, we could simply add it to R since the output resistance and R would be in series.  As Figure 1 shows, the input voltage can be represented by phasor Vin, and the output voltage by phasor Vo.
The impedance of the resistor (ZR) is simply equal to the resistance itself; thus, ZR = R.  The impedance of the capacitor (ZC) is defined as
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Figure 1.  A simple low-pass filter circuit.

Using the voltage divider formula, the output voltage is related to the input voltage by
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We can multiply the numerator and denominator by jC to obtain the more compact form
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Clearly, the output voltage’s magnitude and phase relative to those of the input voltage depend on the frequency.  For example, suppose that we apply seven different sinusoidal input signals (Vin) to the filter circuit.  All have the same magnitude (1 V) and phase (0°), but the frequencies are 250 Hz, 500 Hz, 1 kHz, 2 kHz, 5 kHz, 10 kHz, and 20 kHz.  If we substitute R = 10 k, C = 0.01 F, Vin = 1, and  = 2f, where f takes on each of the seven given values, into the expression for Vo, the output voltages at the various frequencies would have the magnitudes and phases shown in Table 1.
Table 1.  Output voltage magnitudes and phases at five different frequencies for the circuit shown in Figure 1 with Vin = 1 in each case.

	Frequency (Hz)
	Output Voltage Magnitude (V)
	Output Voltage Phase (deg.)

	250
	0.99
	8.9

	500
	0.95
	17

	1000
	0.85
	32

	2000
	0.62
	51

	5000
	0.30
	72

	10,000
	0.16
	81

	20,000
	0.079
	85


Examination of Table 1 shows that as the frequency increases, the output voltage decreases in magnitude for a given input voltage magnitude.  In other words, the RC circuit “passes” low-frequency signals (below 1000 Hz or so) with little attenuation (weakening), but it attenuates higher-frequency signals significantly, with progressively more attenuation as the frequency increases.  There is also a phase shift that occurs as frequency increases; that is, the sinusoidal output voltage reaches its peaks later and later in time relative to the sinusoidal input voltage.  However, in audio applications phase shift is rarely distinguishable by the human ear.
To determine quantitatively how much attenuation takes place at various frequencies, we can examine more closely the ratio of the output voltage phasor to the input voltage phasor:
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We are primarily concerned with how the magnitude of the voltage is affected as the signal passes through the filter.  That is, we really just want to know the magnitude of the ratio.  The quantity on the right-hand side is just a complex value.  It has a magnitude and a phase that both vary with frequency.  What we need to do is to isolate the magnitude.  We can do that by multiplying the right-hand side by its own complex conjugate, which is formed simply by replacing j everywhere it appears with –j.  Thus, the magnitude of the voltage ratio becomes
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where the asterisk indicates complex conjugation.  Continuing, we obtain
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Applying the fact that j2 = 1 yields the result
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We can now see that if  < 1/(RC), then the magnitude ratio will be close to one, which means that the magnitude of Vo will not be much different from the magnitude of Vin.  However, if >1/(RC), then the magnitude of Vo will be substantially reduced.  The “threshold” frequency defined by
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is called the cut-off frequency, and it is accepted as defining the boundary between the frequency range over which signals experience little attenuation and the range where signals experience significant attenuation.   In other words, signals below fc pass easily, and signals above fc are attenuated.
Procedure

1. Check that the tone generator circuits and the summing amplifier (audio mixer) that you assembled in the previous lab exercises are still working.  Examine the output of the summing amplifier using the oscilloscope as you activate each timer circuit in turn.  Recall that you should see a series of pulses at the appropriate frequency with an amplitude of approximately 500 mV.  Verify that your assigned musical notes are accurate to within a few Hz and that the amplitude is correct.

2. The tones produced by the 555 timer circuits are somewhat unpleasant to listen to because they consist of sinusoids at the fundamental frequency and at every integer multiple of the fundamental (harmonics).  The relative levels of the harmonic signals decrease with increasing frequency, but they are strong enough to affect the tone quality.  Design an RC low-pass filter like the one shown in Figure 1 to attenuate the harmonics and hopefully produce a purer tone.  This means that you will have to set the cut-off frequency of the filter to some frequency above the highest tone your 555 timers produce but below the first harmonic of the lowest tone.  Try locating the cut-off frequency in the middle of those two frequencies.  Many R and C value combinations will work, but you should choose a C value in the 0.01 to 0.47 F range since non-polarized capacitors are available in the lab with those values.
3. An important issue that we have not discussed yet is that the output terminals of the filter will be connected to the “master” mixer on the instructor’s proto-board to form the full electronic organ.  The equivalent input impedance of the mixer will therefore be in parallel with the capacitor in the filter, which could alter the behavior of the circuit.  One way to avoid this is to use a buffer amplifier between the filter and the “master” mixer.  A buffer amplifier has a very high input impedance and therefore will not “load down” the filter; that is, its equivalent input impedance (which is in parallel with the capacitor) is so high that it can be ignored.  A voltage follower using an op-amp makes a great buffer amplifier.  Thus, your complete filter circuit should be designed as shown in Figure 2.


[image: image11]
Figure 2.  Filter circuit with voltage follower acting as a buffer amplifier.
4. Assemble your filter circuit on the same proto-board as your tone generators and summing amplifier.  A pin-out diagram for the LM741 op-amp can be found in the data sheet available on the lab web page.  Use the bench-top power supply to provide the ±12 V operating voltages (the same voltages that power the tone generators and the summing amplifier).  Connect the output terminals of the summing amplifier to the input of the filter circuit.  Plan your circuit layout carefully so that the pushbuttons are clear of the rest of the circuitry and so that the connections to the instructor’s “master” summing amplifier have easy access.
5. Once the entire circuit is built (the three tone generators, the summing amplifier, and the filter), use Channel 1 of the oscilloscope to verify that the output voltage vsum of the summing amp is a train of pulses at the proper frequencies with amplitudes close to 500 mV.  Activate the tone generators one at a time to check them individually.
6. Connect Channel 2 of the oscilloscope to the output of the buffer amplifier in the filter circuit (vo in Figure 2).  Activate one of the timer circuits, and display vo simultaneously with the Channel 1 waveform with the same 0-V (ground) reference level.  Adjust the time and voltage scales so that both waveforms are clearly distinguishable.  Use the “BW Lim” feature to minimize the fuzziness caused by WVBU.
7. Capture the screen image of the waveforms at the input (vsum) and output (vo) of the filter circuit for each timer circuit operating individually.  (Capture three images, one for each tone.)  Instructions for capturing screen images are available on the lab web page.  E-mail the images to your instructor along with the resistor and capacitor values you used in the filter circuit.  Include the cut-off frequency you chose and a brief explanation of how you determined it.  Also comment on the tone quality if you are able to listen to the filtered signals.
8. When your circuits are operating properly, set up your proto-board next to the instructor’s proto-board in combination with the circuits built by the other lab groups.  Once all four proto-boards are ready, play a tune!
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