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Laboratory 5 
RC Filters  
Introduction 

In this lab, you will build passive filters using resistors and capacitors.  
You will develop theoretical models for these filters as systems based 
on complex impedance, and use the Sine Waveform Generator mode 
on your MicroBLIP to test your models by viewing the input and output 
voltages simultaneously on two channels of the oscilloscope. You will show the system response using a Bode 
plot, which displays both gain and phase shift on two parallel graphs.  You will also use the Square and Triangle 
Waveform Generator modes to demonstrate how your filters perform derivatives and integrals. 

As in previous labs, you will get +5 V and ground from the MicroBLIP.  As in Lab 4, you will again use the 
MicroBLIP’s Digital-to-Analog (DA) converter to produce the waveforms.  The relevant pins are shown shaded 
in Fig. 1, with their corresponding column numbers on the breadboard. 

 
 
 
 
 
 
 
 
 
 

  

Parts List 
2 x 1 KW  ¼ watt 5% resistor 
1 µF electrolytic capacitor  

Fig. 1 
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Low Pass RC Filter 
The first filter you will build is a low-pass RC filter, shown in Fig. 

2, a voltage divider using complex impedances. The values of the 
resistor (R) and capacitor (C) determine the “corner” frequency for 
particular the  filter.  Use two 1 K W  resistors in parallel to create 
a 500 W resistance and 1.0 µF electrolytic capacitor, as shown in 
Fig. 3. Be sure to observe the correct polarity for the electrolytic 
capacitor (negative pole to ground).  Attach the black (ground) 
leads of the Channels 1 and 2 scope probes to the loop you 
installed for this purpose on the ground bus in the previous lab.  
Then attach signal red (signal) leads of the two scope channels to 
the input and output of the filter, as denoted by “CH1” and “CH2” 
in Figs. 2 and 3. “CH1” is now viewing the input of the filter (the 
waveform from the MicroBLIP’s DA output , and “CH2” is the 
output of the filter (the midpoint of the divider). 

 
 

 
 
 
 
 
 
 
 
 Fig. 3 

Fig. 2 
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The Low-Pass Filter in Theory 
The voltage divider circuit shown in Fig. 2 is called a “system” because it takes a signal at its input and 

delivers a signal at its output. Recall that a linear system can be analyzed in the frequency domain as a filter 

           
where the system’s transfer function 𝐻(𝜔) is defined as 

 𝐻(𝜔) = 𝑌(𝜔)
𝑋(𝜔).  

the ratio of the spectra of the output 𝑌(𝜔) to the input 𝑋(𝜔), complex numbers denoting the magnitude and 
phase of the component phasors in the corresponding signals as a function of frequency 𝜔.  Real sinusoids 
(e.g. voltages) at frequency 𝜔 consist of a pair of complex conjugate phasors at ±𝜔. 

The low-pass filter you have built is a voltage divider,  

 
and obeys the same law we saw with simple resistors, generalized to include inductors and capacitors: 

 𝐻(𝜔) = 𝑍1
𝑍1+	𝑍2

 . 
Based on the impedance of a resistor and a capacitor, show that the following is true for your circuit (A): 

      𝐻(𝜔) = 1
1+𝑗𝜔𝑅𝐶        
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In the low-pass filter circuit you just built, you used a 500 W resistance (two 1KW resistor in parallel) and a 
1.0 µF capacitor. Show that the “corner frequency” 1 𝑅𝐶⁄  for these values is 318 Hz. (B) (Recall that 𝜔 is 
defined in radians/second, so you’ll need to convert to Hz).   

We will validate the theory above by creating various input waveforms, sending them though the filter, and 
viewing the corresponding output waveforms alongside the input waveforms on the scope.  The MicroBLIP can 
produce waveforms over a wide range of frequencies, from 1 Hz to 4000 Hz.  As we have seen, the frequencies 
are selectable by pushing User Button 2 and adjusting the onboard potentiometer.  For our experiments we 
will use 5 different frequencies, 30, 90, 300, 900, and 3000 Hz, representing an approximately exponential 
series (each incrementing by roughly a factor of 3).  Thus, when plotted logarithmically on the horizontal axis 
they will be evenly spaced, as is traditional in Bode plots of system response.  The five frequencies are centered 
approximately at the corner frequency of 318 Hz established above. 

You will use the worksheet on the following page to compare the theoretical and experimental values of 
your model of the low-pass filter (and subsequently a high-pass filter in a subsequent section).  The tables on 
the left use the same units of the Bode plots on the right:  The gain |𝐻(𝜔)| is in decibels (dB), and since this 
system is a passive filter made of resistors and capacitors, that gain must be ≤ 1.  In other words, the passive 
filter is only capable of “attenuation” and the corresponding dB must be negative.  Phase shift ∠𝐻(𝜔) is in 
degrees rather than radians, and frequency is in Hz.   

On the worksheet, for the low-pass filter, fill in the theoretical values for gain |𝐻(𝜔)| and phase shift ∠𝐻(𝜔), 
for each of the indicated frequencies (30, 90, 300, 900, and 3000 Hz).  You may use a calculator, MATLAB, 
Excel, or website resources to make these calculations. In Excel, the calculations may be performed using the 
following functions: COMPLEX(), IMDIV(), IMABS(), IMARGUMENT(), DEGREES(), and LOG().  (C) 

In the next section we will make empirical measurements to determine gain |𝐻(𝜔)| and phase shift ∠𝐻(𝜔).  
Recall that 𝐻(𝜔) = 𝑌(𝜔) 𝑋(𝜔)⁄ , and that a sinusoid at frequency 𝜔 is made of a complex conjugate pair of 
phasors at ±𝜔.  What 𝑋(𝜔) represents is the magnitude and phase of the phasors making up the input sinusoid, 
and likewise with 𝑌(𝜔) for the output sinusoid. Therefore, we can determine their ratio, 𝐻(𝜔) = 𝑌(𝜔) 𝑋(𝜔)⁄ , by 
comparing the magnitudes and phases of the input and output sinusoids: |𝐻(𝜔)| is the ratio of the magnitudes 
of the input and output sinusoids at frequency 𝜔 (the gain of the filter), and ∠𝐻(𝜔) is the difference in their 
phases (the phase-shift of the filter). 
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Low-Pass Filter 

 
Frequency 

Hz 

|𝐻(𝜔)| 
dB 

∠𝐻(𝜔) 
degrees 

 theory actual theory actual 
30     
90     

300     
900     

3000     
 

High-Pass Filter 
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Frequency 

Hz 

|𝐻(𝜔)| 
dB 

∠𝐻(𝜔) 
degrees 

 theory actual theory actual 
30     
90     

300     
900     

3000     
 

 
Validating your Mathematical Model 
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You will test the model against your actual 
RC Low-Pass Filter by inputting sine waves at 
various frequencies. Connect the MicroBLIP 
to a computer and open a blank Word 
document.  Push User Button 1 repeatedly on 
the MicroBLIP until “Sine Waveform 
Generator” is typed.  Then push User Button 
2 and adjust the potentiometer on the 
MicroBLIP such that 300 Hz is printed.  Press 
User Button 2 again to output the 300 Hz sine 
waveform.  This is approximately the corner 
frequency (318 Hz). 

You should have already attached the 
probes for Channels 1 and 2 of the 
oscilloscope to the input and output of your 
filter (Figs. 1 and 2). Activate both channels 
on the scope by pushing the yellow (Ch 1) and 
blue (Ch 2) buttons. Set the vertical scale 
initially to 1 V/division for both channels and 
horizontal scale to 1.00 ms/division.   

Since the MicroBLIP’s DA converter produces voltages between 0 and 5 V, the waveforms it produces are 
not centered around 0 V but rather around something like 2.5 V.  We wish to eliminate this arbitrary “DC offset” 
and just look at each sinusoid centered around its average value.  Using the yellow and blue buttons again, 
set the “Coupling” for each channel to “AC” (circled in Fig. 4). This will eliminate the offset voltage. Now adjust 
the Vertical Position knob for each channel to center both traces vertically on the screen grid, as shown by 
yellow and blue arrows numbered “1” and “2” at the left of the screen (Fig. 4).  Next, set the Trigger mode as 
shown in Fig. 5, noting in particular that you are using “AC coupling.”   

Fig. 4 
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Given the input waveform is a sinusoid, and the system is linear, the output waveform will also 
be a sinusoid at the same frequency.  What is it about linear systems that guarantees that the output 
will also be a sinusoid of the same frequency? (D)  The amplitudes of the two sinusoids (input and 
output) at 300 Hz may now be compared. The ratio of the output amplitude to the input amplitude 
is |𝐻(𝜔)|.  Record this in decibels, 20	log|𝐻(𝜔)|, in the appropriate cell on the worksheet.  How 
does this compare with your theoretical value? (E) 

We will now compare phases of the input and output sinusoids at the present frequency of 300 
Hz as displayed on the scope.  Before proceeding, we should first answer the eternal mind-bending 
question: If the output sinusoid is shifted to the right compared to the input, is that a positive or 
negative phase shift?  No, really, which is it?  (F) 

To measure phase shift, it is convenient to establish the “zero crossing” of the input sinusoid 
(yellow) at the horizontal center of the screen (Fig. 4).  To do this, adjust the Trigger Level knob so 
that the little arrow on the right side of the screen sits on the central horizontal grid (Fig. 4).  This 
means the scope will trigger when the input sinusoid just crosses the horizontal axis. Adjust the 
Horizontal Position knob so that the little arrow on the top of the screen sits just mid screen (Fig. 
4).  The input sinusoid (yellow) should now cross exactly at the center of the screen. The phase angle between 
the input and the output can be determined by seeing how far the zero crossing of the output sinusoid (blue) 
is shifted left or right in comparison to the input (yellow).  Estimate this phase angle, ∠𝐻(𝜔), in degrees and 
record it on the worksheet. How does it compare with your theoretical value?  (G) 

Now repeat the process of determining of |𝐻(𝜔)| and  ∠𝐻(𝜔) for the other four frequencies on the worksheet 
for the low-pass filter. (H) Finally, sketch |𝐻(𝜔)| and  ∠𝐻(𝜔) on the Bode plots to the right for the low-pass 
filter. (I) 

Note that at 3000 Hz the sine waveform displayed on the scope will exhibit a vibrating step-like appearance.  
This is because the waveforms created by the MicroBLIP are not truly continuous, but rather are discrete 
voltages converted from numbers to voltages at 40 KHz by the MicroBLIP’s Digital-to-Analog (DA) converter.  
Thus you can see roughly 13 steps per cycle in the 3000 Hz sinusoid. 

While you are at 3000 Hz, change the MicroBLIP to Square Waveform Generator mode by pushing User 
Button 1 and compare the input and output waveform.  At this frequency, well above the corner frequency, 

Fig. 5 
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𝐻(𝜔) is almost a pure imaginary negative number, which has the effect of performing integration on the input 
signal.  What would you expect the integral of a square wave to be?  What do you observe? (J) There will be 
quite a bit of “jitter” on the scope, because of the temporal sampling of the square wave at 40 Hz by the 
MicroBLIP just noted. 

 
High-Pass Filter in Theory and Practice  

Now consider the high-pass filter shown in Fig 7. Build it 
using the same two KW resistors in parallel to construct a 500 
W resistor, and a 1.0 µF electrolytic capacitor, switching the 
components around while still observing the proper polarity of 
the capacitor as shown in Fig 7. Develop an expression for the 
transfer function 𝐻(𝜔) of this filter. (K) What is the expected 
corner frequency in Hertz? (L)  

Based on your model of the high-pass filter, fill in the 
theoretical values for gain |𝐻(𝜔)| and phase shift ∠𝐻(𝜔), for 
each of the indicated frequencies (30, 90, 300, 900, and 3000 
Hz).  (M)  Then, switching the MicroBLIP back to Sine 
Waveform Generator mode, determine actual values for 

|𝐻(𝜔)| and  ∠𝐻(𝜔) for each of the five frequencies on the worksheet for the high-pass filter, as you did for the 
low-pass filter. (N) Finally, sketch |𝐻(𝜔)| and  ∠𝐻(𝜔) on the Bode plots for the high-pass filter. (O) 

Whereas the low-pass filter performs integration at frequencies well above the corner frequency, the high-
pass filter takes the derivative at frequencies well below the corner frequency, where 𝐻(𝜔) is almost a pure 
imaginary positive number  Set the MicroBLIP to Triangle Waveform Generator mode and set the frequency to 
30 Hz.  Observe the input and output signals, adjusting the gain of Channel 2 (the output signal) to 100 mV per 
division.  Notice the curvature in both signals.  This is due to the AC coupling of the scope.  Change the coupling 
for Channels 1 and 2 to “DC” and observe again.  They should appear straighter.  What do expect the derivative 
of a triangle wave to be?  What do you observe? (P) Notice how the output (blue) trace is still centered vertically 
around zero, even with DC coupling.  The derivative of the triangle wave goes truly positive and negative, and 
thus the voltage in the output signal actually goes below ground, even though the power supply is 0-5 V.  

Fig. 7 


