
Lab 4: AC Phase Shift, High and Low Pass Filters 
 

Phase relationships are not apparent in DC circuits (DC signals have no phase). In AC circuits, 

however, the phase of a signal is affected by the impedance, Z, of each circuit element. For 

resistors, their impedance is given simply by their resistance, R, which is not frequency-dependent 

(and therefore does not induce a phase shift in signals). For capacitors and inductors, however, the 

impedance is frequency-dependent, with the phase information represented by writing the 

impedance as an imaginary rather than purely real value. Specifically, the impedances for 

capacitors and inductors are given by: 
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respectively (where in electronics it is best to write the frequency, f, rather than angular frequency. 

, since meters and oscilloscopes measure f, in Hz). 

 

The phase relationship of a voltage signal and the corresponding current through a circuit element 

is then given by an AC version of Ohm’s rule: 

∆𝑉 = 𝑍𝐼.      (2) 

In the case of a capacitor, this says the phase of the voltage across the capacitor is 
1

𝑖
= −𝑖 = 𝑒−𝑖𝜋/2 

times the phase of the current; thus the current is ahead of the voltage in phase, by 
𝜋

2
= 90°. For an 

inductor, the phase of the voltage is 𝑖 = 𝑒+𝑖𝜋/2 times the phase of the current, so the current lags 

behind the voltage by 
𝜋

2
= 90° . (Sometimes introductory texts avoid introducing complex 

impedance, presenting instead a quantity called the reactance, X, which is just the magnitude of the 

complex impedance, 𝑋 = √𝑍∗𝑍. Phase relationships must then be memorized rather than derived 

from the mathematical expressions for complex impedance.)  

 

Thinking of impedance as an AC version of resistance, the equation for ZC indicates that at high 

frequencies, a capacitor acts like a short circuit (ZC  0), while at low frequencies it acts like an 

open circuit (ZC  ).  Therefore, a DC offset on an AC signal can be eliminated by sending the 

signal through a capacitor.  This application, called a “blocking capacitor,” is used in designing the 

AC coupling input setting for oscilloscope channels and is the basis of the high pass filter in Part 2, 

below.  Using the capacitor in the other position in the RC circuit produces the opposite behavior, 

blocking high frequencies and passing low ones. These characteristics can be exploited to change 

the shape of AC signals by changing the frequency content of those signals, suppressing one range 

of frequencies relative to another.  This is called filtering the signal. 

 

Part 1: Phase relationships for devices with complex impedance 
 

As explained above, the complex impedance of a capacitor results in a phase shift between the 

voltage across and the current through the capacitor, such that an alternating current (AC) through 

the capacitor peaks before the corresponding alternating voltage signal measured across the device 

(current “leads” voltage for a capacitor).  There is a similar phase shift (in the opposite sense) for 

the current through and voltage across an inductor (current “lags” voltage for an inductor).  Using 

the circuits shown below, with the resistor doubling as a shunt resistor for current measurement 

with LabVIEW, use LabVIEW to capture and compare the voltage across and current through each 

device, plotting both curves on the same graph for each device (one graph for C, a separate graph 



for L).  Use R =1 k, C = 100 nF, L = 150 mH, and f = 1 kHz. 

 
 

Part 2: The high pass filter (HP) 
 

The circuit fragment shown below, in which a series capacitor is used to block any DC component 

but transmit any AC component of some input signal to a resistive load R, is used frequently in 

electronic circuits.  Put another way, it has the property that it passes high frequencies without 

diminishing their amplitudes, while it attenuates low frequencies.  The distinction between what is 

high and what is low frequency for such a filter depends on the values of the blocking capacitor 

and the load resistor making up the filter. A characteristic frequency called the breakpoint 

frequency fbp is used to distinguish what frequencies will be passed and what ones will be 

attenuated for any given R and C: 
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Frequencies well above the breakpoint will be passed, while those below (and even at) the 

breakpoint frequency will be attenuated.  Even if you aren’t planning on building a filter, you 

should think about this effect – any time you use a capacitor to pass the AC portion of a signal to 

the rest of your circuit, you need to check to make sure that the input impedance R of the next stage 

is large enough to keep the frequencies you want from being cut out of the signal! 

Assemble a high pass filter using a 1 kΩ resistor and a 100 nF capacitor and apply a ten volt 

peak-to-peak sine wave from the function generator across the input.  Make sure that the input 

signal remains 10 Vpp over the whole range you’ll be measuring by sweeping through frequencies  

from about 100 Hz to 20 kHz before you start.  Use channel 1 to measure the input signal and 

channel 2 to measure the output signal simultaneously.  Describe qualitatively what happens to the 

amplitude and phase of the output wave relative to the input wave as you increase the frequency 

over that range.   

 

By hand, use the time measurement cursors on your oscilloscope to record the time lag Δt between  

corresponding zero crossings of the input and output waves at several different frequencies from 

100 Hz to 20 kHz (also record the frequency of the input signal as measured by the oscilloscope).  

Use your measurements to calculate the phase difference Δφ = 2πfΔt of the output signal relative 

to the input signal and plot it as a function of the (base-10) logarithm of the frequency. 



 

Then, connect the input and output points to separate analog input channels on your LabVIEW 

breakout board, grounding the low side of each signal to the breakout board’s analog input ground 

connections (for voltage measurement in RSE mode).  Use the Tone Measurement express VI in 

the Signal Analysis group to extract amplitude and frequency from the input waveform and 

amplitude from the output waveform.  Choose an appropriate sample rate and number of samples 

so that the Tone Measurement VI will have enough data to characterize the waveforms across the 

whole range of frequencies. Run your VI and append data to the output file for at least 10 values of 

frequency from about 100 Hz to 20 kHz, set by adjusting the frequency knob on your function 

generator by hand. Import these data into Origin and use them to graph the voltage gain AV  = 

Vout/Vin as a function of log frequency. When taking data as a function of log frequency, sample at 

intervals that will be roughly equally spaced after taking the logarithm rather than before! 

 

From your second graph, determine the value of the breakpoint frequency (i.e. find fbp 

corresponding to a gain of 
1

√2
 by interpolating between points on your AV vs log(f) graph).  

Compare your results with the value expected from Eqn. (3).  Be sure to use measured values of R 

and C for your components in your calculation of the expected value. 

 

To emphasize the role of the initial capacitor of this filter as a DC blocking capacitor, use your 

oscilloscope to document the effect of this filter on an input wave with a DC offset. Show 

oscilloscope traces of input and output waves with no offset (mean of each should be zero). Then 

introduce a DC offset of a few volts using the offset knob on the function generator and show 

scope traces of the input and output waves, again showing the mean on each channel. Your 

oscilloscope must be in DC coupling for these traces to make sense! 

 

Part 3: The low pass filter (LP) 

 

Interchange the resistor and capacitor in the high pass circuit of Part 2 to obtain a low pass filter, 

shown below.  Repeat the gain measurements performed using LabVIEW, plot Av as a function of 

log(f), determine the breakpoint frequency from the graph, and compare it with the expected value.  

You do not need to measure the phase difference as a function of frequency (unless you want to!), 

nor do you need to repeat the last paragraph of Part 2, looking at the effect of the filter on a DC 

offset, since a low pass filter should make no change to a DC offset. 

 
Perhaps add RL circuit, find gain vs f, check breakpt freq, and notice that you need R+RL in 

breakpt calc to get correct breakpt freq? 

 

Part 4: Ripple voltage 
 

On a signal with no negative-going portions, a low pass filter can be used to smooth out any bumps, 

producing an effect which tends to “fill in” the valleys between adjacent hills.  Wire the function 

generator input (full amplitude sine wave at 100 Hz) into the diode as shown below.  This 



combination should produce a half-rectified wave at the point between the diode and the load 

resistor, before the RC low pass filter is added.  To make a DC source from the rectified wave, we 

add the RC low pass filter between the rectified wave and the load resistor, as shown.  We want the 

capacitor in the filter to charge up quickly to some maximum value (equal to the peak voltage of 

the rectified voltage signal), but then discharge slowly, so that the valleys between rectifier bumps 

get filled in.  Looking at the circuit, you should be able to argue that the capacitor charges through 

the filter resistor but discharges through the load resistor.  Explain this argument in your lab 

notebook and relate it to the following choices for resistance values for the circuit: R ~ 10-20 Ω, RL 

~ tens of kΩ.   

 

Use a fixed resistor for R, a potentiometer for RL, and an electrolytic capacitor with a large 

capacitance value (at least 100 μF) for C to wire the circuit as shown, taking care to connect the 

negative terminal of the electrolytic capacitor to the ground side of the circuit.  Set the load 

resistance by looking at the output signal using DC coupling: start with RL set to at least 10 kΩ; 

then turn down the load resistance value until you see the DC level start to droop (i.e. sag toward 

lower voltage by a few tenths of a volt).  Explain why a low value of RL causes such behavior (and 

leave the load resistance set as it is, showing a few tenths of a volt of droop).   

 
Once the circuit is set up and operating as described above, connect channel 1 of your oscilloscope 

to the input signal (trigger on this channel) and channel 2 to the output across the load resistor.  

With both channels on the same scale and having the same position for 0 V on the screen (near the 

middle or lower part of the screen), record the two scope traces and mark important levels (peaks, 

differences).  While the output wave may look smooth on that trace, it should not be perfectly 

smooth upon closer inspection.  Switch channel 2 (output) to AC coupling and increase that 

channel’s sensitivity to investigate what’s called the “ripple” on this DC voltage output; it should 

appear as a sawtooth shaped (i.e. asymmetrical) triangle wave.  Measure the peak-to-peak ripple 

voltage and frequency of the output wave and then investigate the effect on each of those quantities 

as you change the input frequency (i.e. record a few values that show how Vpp(ripple) and fout 

change with increasing fin).  Also go back to DC coupling (reset the vertical scale to see the DC 

signal), and see if changing the frequency affects the DC level.  Then, set the frequency back to 

100 Hz and investigate what effect changing the load resistance value has, if any, on the output 

frequency, the (AC coupled) peak-to-peak ripple voltage, and the DC-coupled output voltage level.  

Explain your observations. 

 

 


