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Lab. #1  Name:  

Signal Processing & Spectral Analysis Date:  

Short Form Report Section / Group:  

NOTE:  To help you correctly answer many of the following questions, it may be useful to 
actually run the cases outlined in the problems. 

PART I:  The questions in Part I refer to the aliasing portion of the procedure as outlined in the 
lab manual. 

1.  (5%)  In part (a), with the sampling rate set at 100 Hz, why does the sampled signal appear 
to be the same when the input signal is 20 Hz and 80 Hz? 

2.  (5%)  When the sampling rate is set at 1000 Hz, what is the highest frequency that can be 
accurately measured? Check this using the VI. 

3.  (5%)  With the settings of part (c), (1000 Hz sampling rate, 512 samples, and an input of a 
100 Hz square wave), does any aliasing occur?  Explain. 

4.  (5%)  With a setting of 1000 Hz sampling rate and 512 samples, what is the resolution in the 
frequency domain? (i.e. what is Δf?) 
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5. (5%)  When the input signal is a 100 Hz sine wave and the sampling frequency is also 100 
Hz, what does theory predict the time domain graph will look like?  What does it actually 
look like in practice?  Explain this discrepancy. 

6.  (5%)  In part (c) (sampling rate of 1000 Hz, 512 samples, and a square wave of 100 Hz), 
filtering the square wave before it is processed causes the signal to loose its square shape 
when viewed in the time domain.  Why does this happen? 

7. (5%)  If the input square wave is reduced to 10 Hz, (with the filter on), what is the shape of 
the signal in the time domain?  Why is this different from the shape you observed in 
question 6? 



Lab #1 Signal Processing & Spectral Analysis  page 3 of 8 
Short Form Report 
Update Fall 2008. 

8. (10%)  A 300 Hz square wave with a amplitude of 2 volts is sampled at a rate of 1000 Hz. 
Calculate the amplitude and frequency of the first three non zero terms in a Fourier Series 
representation of a 2 volt, 300Hz square wave.   

 Assuming this square wave had been sampled at 1000 Hz, sketch what the frequency domain 
signal would look like.  Be sure to take into account the effects of aliasing.  Compare the 
calculated values to what you see on the VI for this signal.  Explain any differences. 

 
Figure 1.  Frequency Domain Response 
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PART II:  The questions in Part II refer to the leakage portion of the procedure. 

1. (5%)  With a sampling rate of 1000 Hz and the number of samples set at 32, calculate the 

frequency that will produce a display of exactly two periods in the time domain.  Show your 

calculations. 

 

 

 

 

 

 

2.  (5%)  Change the frequency of the input signal so that exactly two complete cycles of a sine 

wave are showing in the time domain. 

a. How many data points are there in the frequency domain that are clearly non-

zero?  Label the points A, B, C, .... etc. 

 

 

 

 

 

 

b. What happens to the magnitude of the points A, B, C, etc... (as labeled in part(a) 

above) when the input signal is changed a little so that it is not periodic within the 

sampling window? 
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3. (5%)  Apply the Hanning Window on the VI and increase the number of data points 

collected to 128.  Sketch the time domain graph with and without the window function on 

the figures supplied below. 

 

 
Figure 2.  Time Domain Response Without Windowing Function 

 

 
Figure 3.  Time Domain Response With Windowing Function 

 

4. (5%)  The windowing function tapers the data at the beginning and the end of the time 

record so that there is not a sudden discontinuity. Why might this reduce the number of 

frequencies shown in the FFT? 
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PART III:  The questions in Part III are general questions and refer to the aliasing and leakage 

sections of the procedure as well as to the theory section of the write up and the lecture notes. 

 

1. (5%)  A measured signal has a duration of 2.048 seconds and is sampled at 256 equally 

spaced points. 

a. Determine the frequency resolution (the increment in Hz between successive points in the 

frequency domain). 

 

 

 

 

 

b. What is the highest frequency permitted in the signal if no aliasing is to occur? 

 

 

 

 

 

 

2. (10%)  An FFT processor is to be employed in the spectral analysis of a signal obtained from 

a mechanical system.  You can assume that the number of points permitted by the processor 

must be an integer power of two and that no special data modification is used.  It is required 

that the processor be able to detect frequencies up to 1.25 kHz with a frequency resolution of  

5 Hz or smaller.  Determine the following parameters: 

a. The minimum time record length 
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b. The minimum number of points in a record 

 

 

 

 

 

c. The maximum time between samples 

 

 

 

 

 

3. (8%)  If you are processing a single sine wave and its spectrum (frequency domain) looks 

like the one in Figure 4, what has gone wrong?  If the magnitude of the sine wave was X, will 

the height of the magnitude peak in Figure 4 be smaller, larger, or the same as X? Why? 
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Figure 4. 
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4. (7%)  If you are processing a single 25 Hz cosine wave and its spectrum is as given in Figure 

5, what do you think is the problem?  What was the sampling rate? 

 
Figure 5. 

 

 

 

 

 

 

 

 

5.  (5%)  In a short paragraph, discuss some possible applications of how digital signal 

processing and spectral analysis could be used.  (Think broadly:  Music, tuning, diagnostics, 

finding frequencies, etc) 

 


