305-261/262 Measurement Laboratory

Experiment III

Data Sampling  

Introduction

To use digital signal processing techniques, you must first convert an analog signal into its digital representation. This is done by using an analog-to-digital (A/D) converter. Consider an analog signal v(t) that is sampled every t seconds. The time interval t is defined as the sampling interval and its reciprocal, 1/t, is the sampling frequency. Each of the discrete value of the signal v(t) at t=0, t, 2t, 3t, etc., is known as a sample. 
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Figure 11-3 below shows an analog signal and its corresponding sampled
version. The sampling interval is Az. Observe that the samples are defined
at discrete points in time.

At= distance between
samples along time axis

™

Figure 11-3. Analog Signal and Corresponding Sampled Version
The following notation represents the individual samples:

x[i] = x(iAr)

=012

If N samples are obtained from the signal x(7), then x(#) can be represented
by the sequence

X = {x[0], x(1], x{2], x(3], ..., x[N-1] }

This is known as the digital representation or the sampled version of x(z).

Note that the sequence X = {x[i]} is indexed on the integer variable i, and

does not contain any information about the sampling rate. So by knowing
just the values of the samples contained in X, you will have no idea of what
the sample rate is.

Sampling Considerations

A/D converters (ADCs) are an integral part of National Instruments
DAQ boards. One of the most important parameters of an analog input
system is the rate at which the DAQ device samples an incoming signal.
The sampling rate determines how often an analog-to-digital (A/D)
conversion takes place. A fast sampling rate acquires more points in a given
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time and can therefore often form a better representation of the original
signal than a slow sampling rate. Sampling too slowly may result in a poor

representation of your analog signal. Figure 11-4 shows an adequately 1

sampled signal, as well as the effects of undersampling. The effect of =
undersampling is that the signal appears as if it has a different frequency 5 =
than it truly does. This misrepresentation of a signal is called an alias. g 25 Hz
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Figure 11-4. Aliasing Effects of an Improper Sampling Rate

According to Shannon’s theorem, to avoid aliasing you must sample at a
rate greater than twice the maximum frequency component in the signal
you are acquiring. For a given sampling rate, the maximum frequency that
can be represented accurately, without aliasing, is known as the Nyquist
frequency. The Nyquist frequency is one half the sampling frequency.
Signals with frequency components above the Nyquist frequency will
appear aliased between DC and the Nyquist frequency. The alias frequency
is the absolute value of the difference between the frequency of the input
signal and the closest integer multiple of the sampling rate. Figures 11-5
and 11-6 illustrate this phenomenon. For example, assume f;, the sampling
frequency, is 100 Hz. Also, assume the input signal contains the following
frequencies—25 Hz, 70 Hz, 160 Hz, and 510 Hz. These frequencies are
shown in Figure 11-5.
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The picture shows an analog signal and it corresponding sampled version. The sampling interval is t and the sampled are defined at discrete points in time. The sampling rate determines how often the analog-to-digital conversion takes place. A fast sampling rate acquires more points in a given time and in general forms a better representation of the original signal. If the signal is not sampled at a sufficiently high rate, undersampling effects take place. As a result, the signal appears as if it has a different frequency than it truly does. This misrepresentation of a signal is called an alias. According to Shannon’s theorem, to avoid aliasing you must sample at a frequency greater than twice the maximum frequency component in the signal you are acquiring. For a given sampling rate, the maximum frequency that can be accurately represented without aliasing is known as the Nyquist frequency. The Nyquist frequency is one half the sampling frequency, and signals that contain frequency components above the Nyquist frequency will appear aliased. The alias frequency is the absolute value of the difference between the frequency of the input signal and the closest integer multiple of the sampling rate. For example, if the sampling frequency fs is 100 Hz and the input signal consists of different components with the following frequencies: F1=25 Hz, F2=70 Hz, F3=160 Hz, and F4=510 Hz, then the frequencies below the Nyquist frequencies (only F1) will be sampled correctly. However the other components will give the following results:

Alias F2= | 100-70 |  = 30 Hz

Alias F3= |(2 x 100)-160 |  = 40 Hz

Alias F4= |(5 x 100)-510 |  = 10 Hz

In order to avoid aliasing, the first thought might be to sample at the fastest rate available on your data acquisition system device. However, if you need to sample for a long period of time the number of samples you acquire is too high to be handled by your computer. A good rule of thumb to accurately reproduce a waveform is to use a sampling frequency about 10 times the maximum frequency component of your signal.

Objective of the present investigation

1. To build a simple VI instrument able to capture an unknown signal.

2. To learn to decide the sampling rate of the A/D converter.

Description of the investigation


A vibrating string generates the signal under investigation and it is obtained via an inductive transducer (see class notes). The signal is sent to the back plane of your working station where it is conditioned by an amplifier. 


The VI (virtual instrument) you are going to build, allows you to choose the number of samples to acquire and the sampling frequency. Observe that the time interval during which you acquire the signal is given by the product of the number of sample times the sampling interval. Remember that the sampling interval is given by the inverse of the sampling frequency.  For example, if you decide to acquire 1000 samples and the sampling frequency you choose is 5000 Hz (i.e., 5000 sample/sec) then the sampling interval t is 1/5000 Hz = 0.0002 sec. As a result, you will be able to observe the signal for a total interval of (1000 samples) x (0.0002 sec) = 0.2 sec. You will test different sampling frequencies and you will save the data obtained in different spreadsheet data file. You will use Microsoft Excel to plot the data files from which you will determine the unknown frequency of the signal.

Equipment provided
One string (guitar) already tuned for the investigation.

One Oscilloscope.

Connecting BNC cables.

BNC “T” to split the signal.

A wideband signal conditioner.

A computer workstation with LabVIEW.

Procedure (read the instructions before starting)

Turn On the oscilloscope and the back plane. Pluck the string to obtain a note and observe the corresponding signal on the oscilloscope. Adjust the controllers of the oscilloscope to obtain a good representation of the signal and try to estimate the (fundamental) frequency. Write this frequency on your datasheet.

Start LabVIEW and build a VI instrument as indicated in the diagram included with these instructions. This simple VI allows you to capture the signal and save it in a data file, however a few setting must be entered before starting the program. You must enter :

1. The channel Number where the signal is routed.

2. The number of samples to acquire: set 1000.

3. The sampling rate: set 5000.

4. Right click the Waveform Graph of your VI to ensure that the X and Y axes are in autoscale (checkmark). You can always edit the X and Y scales. 

5. While your partner plucks the string, you start the program (RUN). Since the sampling rate is 5000, the sampling interval is t  = 1/5000 = 0.0002 sec which multiplied by the number of samples (1000) gives the total sampling time of 0.2 sec.

6. The computer will prompt you to save the data. Save in the F: drive as FILE1.

7.  Repeat the experiment if you are not satisfied with the result of the waveform.

8. Edit the axes of the front panel if necessary.

9. Repeat steps 2 to 8 setting 1000 samples at 1000 Hz and save the data as FILE2.

10. Repeat steps 2 to 8 setting 500 samples at 100 Hz and save the data as FILE3.

11. Repeat steps 2 to 8 setting 200 samples at 50 Hz and save the data as FILE4.

12. Calculate the sampling interval t that you used for each of the 4 tests and write them on the Datasheet. On a separate paper report all your calculations.

Now you will plot the data you obtained.

1. Start Excel and open FILE1>> Finish. Excel will display your files in a column vector (column A). 

2. Block column A and go to INSERT>>COLUMN so you can build another column vector (time) on the left with respect to which you will plot the data. Now the data is in column B.

3. The Write 0 in the first cell of column A (time “zero”). Time must increase at intervals equal to the sampling time t.

4. In the second cell write the formula: “ =A1+t” where t is the sampling time (in seconds) you calculated for this set of data.

5. Check this cell and click COPY. You want to paste this formula in a number of cells corresponding to the number of samples. Block the next cell in the first column and drag it down along the column until you reach the end of the data in the second column.

6. Click PASTE. Now you have obtained two column vectors that can be plotted against each other (Data point on vertical axis, Time on horizontal axis).

 Now you can follow the rest of the instructions if you did not use Excel before. 

7. Block Column A and B. 

8. On the taskbar click CHART WIZARD>>XY SCATTER and choose the smoothed line without markers.

9. Click Next>>Next to write the title of the graph and to label the axis with the appropriate units. Click finish.

10. Right click on the axis to change the scale. 

11. Change the scale of the horizontal axis to obtain only a few waveforms to measure the frequency of the signal. Write this frequency on your datasheet.

12.  When you are satisfied with the look of your graph print it. Print only the graph, not the data file.

13. Repeat these steps with the other files.

14. Hand in the 4 graphs and all your calculations. 

