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1. This Tutorial will use a GNU Radio flowgraph to demonstrate several aspects of filtering 
in a linear time invariant system.  

a. Open GNU Radio Companion by clicking on the GRC icon at the top of the 
screen or through the menu: Applications > Programming > GRC. 

b. Open the file “SquareWaveFiltering.grc” located in the “3 - Linear Time Invariant 
Systems” folder of the “3614 Tutorials” folder on the Desktop. 

c. Execute the flowgraph by clicking the green play icon, by pressing F6, or through 
the menu: Run > Execute. 

2. The flowgraph generates both a time domain and a frequency domain representation of 
a square wave.  

a. The Frequency slider can be adjusted to change the fundamental frequency of 
the square wave. Adjust it and note how in the FFT, the other frequencies 
present in the signal change accordingly. 

b. In the frequency domain view, there is an impulse at the zero frequency. This 
represents the DC offset of the signal which can be adjusted by moving the 
Offset slider.  

c. Try doubling the current value of the offset. Did the zero frequency impulse 
increase? By how much? Why? 

d. Now try multiplying the current offset by a factor of 10 (You may have to type the 
new offset value and press enter if it is out of range of the slider). Did the zero 
frequency impulse increase? By how much? Why? 

e. You can quickly return to the default values by stopping the flowgraph and then 
executing it again. 

3. The flowgraph also contains several tabs, each of which displays the signal after it has 
been passed through a filter. 

a. First look at the Low Pass filter with a cutoff frequency of fc=f/2. That is, the cutoff 
frequency is half the fundamental frequency of the square wave. 

b. Observe the time domain representation of the filtered signal. It is almost a flat 
line. The filter has removed the vast majority of the higher frequency components 
of the signal.  

c. This can similarly be observed in the FFT view. Every impulse above f/2 is at 
least 60 dB lower than before filtering. Check the original signal tab to compare.  

d. Note that the zero frequency pulse is unaffected by the filter. If you are using the 
default values, then in the time domain representation, the signal is almost 
constant at 5, which is where the square wave was centered before filtering.  

e. Try zooming into the Time Domain representation of the filtered signal to see the 
remaining high frequency components (the ‘ripple’). 

4. The remaining tabs of the flowgraph are displays of the signal after being sent through 
different band pass filters. Each band pass filter is centered on one of the harmonics of 



the square wave and isolates the frequency component it centers on by using a 
bandwidth that is equal to the fundamental frequency. Why does this work? 

5. Consider the third tab: Band pass Filter with fc=f and BW=f.  
a. In the FFT view, the only significant spike is that centered at the fundamental 

frequency.  
b. Compare the time domain view of the filtered signal with that of the original 

signal. Note that they have the same frequency but different shape and DC 
offset. Also note that the amplitudes are similar but not equal. Why? 

6. The remaining tabs show similar views of higher harmonics of the signal, each getting 
progressively smaller in magnitude as the frequency gets higher. In each case the output 
of the filter is (almost) a pure sine wave because a square wave is made of discrete 
frequency components. How would the both the Time Domain view and the FFT view 
change if the original signal contained continuous frequency components? 


