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DSP
Measuring Waveform Spectral Content

Analysis of electronic circuits is often much more convenient to perform in the frequency domain. In order to compute and display frequency domain measurements, your computer must rely on the basic transformation processes that allow you to convert data from one domain to another. These are summarized briefly below.

Summary of Fourier Series and Transform

Many of the waveforms of interest to engineers are periodic in nature. There are some characteristics of ideal periodicity that real laboratory waveforms do not have, but it is still possible to treat them as approximately periodic. For a function of time, v(t) , to be truly periodic, with a period T, it must obey the relation,




v(t) = v(t ± NT),
(7.1)

where N is any integer. This requirement is impossible for any real waveform to satisfy exactly, since it would require that the waveform be “on” for all time. However, if the real waveform satisfies Eq. (7.1) for a fairly wide range of N, say several hundred consecutive integers, the waveform can be treated as approximately periodic.

Such an approximately periodic function can be represented as an infinite series of sine waves, having the form of a Fourier Series, which looks like





[image: image20.png]L
w- l‘\w,w,ww i




  (7.2)

The term, A0, is independent of time, and can be thought of as the dc offset of the waveform. Its value is determined by the integral,
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(7.3)

where the interval, 0 to T, corresponds to the time interval over which the waveform has been measured.

The coefficients, Am in (7.2), each represent the amplitude of the Fourier component of the waveform with the frequency m/T.     Since the m-th term in the summation in (7.2) has a frequency which is m times that of the lowest non-zero frequency present, this term is called the m-th harmonic in the waveform. The term for m = 1 is called either the first or the fundamental harmonic. The coefficient, Am, is found from the measured waveform by the relation,
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   (7.4)

In a voltage waveform, it has the dimensions of volts. The phase m,of the m-th harmonic is given by
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(7.5)

Therefore the Fourier spectrum of a periodic waveform takes the form of two lists of numbers with the index m, one list for the amplitude and another for the phase.

If the voltage waveform under consideration is not periodic, and no waveform really is, the analogous amplitude and phase spectra are not discrete series, but rather continuous functions of frequency. They represent the amplitude and the phase of a complex function,
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(7.6)
The job of the Virtual Bench Digital Spectrum Analyzer (DSA), or of any other spectrum analyzer, is to compute and display the amplitude and or phase spectrum of any captured waveform. If the VI computes the spectra of more than one waveform, it may also do comparison operations such as computing an impulse response or transfer function. Since the computer calculates these spectra from voltage waveform samples takes at a sampling rate fs,, the frequency range covered by the amplitude and phase spectra will be
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(7.7)

The amplitude and phase spectra are represented in the computer and on the display as plots consisting of N/2 points, where N is the total number of samples taken when capturing the waveform. This number is often called the frame size of the signal acquisition. Therefore, each point plotted on a graphic display by a digital spectrum analyzer represents an average over a frequency band that is fs/N Hertz wide.

The amplitude spectrum can be visualized in a number of different ways. In the above discussion, the amplitude spectrum is proportional to the magnitude of the function, F, in Eq. (7-6), while the phase spectrum is its angle in the complex plane. On some occasions you may be interested in the frequency regions in which the signal you are measuring carries most of its power. You can generate a power spectrum from the amplitude spectrum just by squaring it. You can also normalize this power spectrum so that is shows power density per unit bandwidth (the dimensions are watt/Hz). Other units include dB scales for amplitude or for power. Since dB scales must be referenced to something, the usual reference level is 1 volt, 1 volt rms, or 1 watt, depending on the units in which the amplitude spectrum is being measured.

Spectral measurement with the Virtual Bench Digital Spectrum Analyzer

Figure 1 shows the front panel of the Virtual Bench DSA in a typical measurement situation. The area to the right of the two graphs contains the display controls. The two arrows at the top of this 
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Figure 1.

area toggle the display controls between Display 1 (the upper graph) and Display 2 (the lower graph). After selecting a display, you can set it up using the following menu choices. The control labeled [A] selects the quantity to be displayed from among these options:

1. Time waveform displays the captured signal as a function of time, the same as an oscilloscope would.

2. Amp spectrum displays the amplitude spectrum of the captured signal as a function of frequency.

3. Pwr spectrum displays the power spectrum of the captured signal as a function of frequency.

4. The other options on this menu allow you to make comparisons between two different captured signals, computing a cross-power spectrum, frequency response, coherence function or impulse response. 

In order to use these options properly, you must take account of the fact that the two signals to be compared are sampled alternately, not simultaneously. For the basic frequency spectra measurements in this chapter, you will not need these options anyway.

The control labeled [B] toggles between Magnitude and Phase. Of course, this control has meaning only for displays where the values are complex. For example, if you selected Time Waveform in the control [A], above, the choice of between Amplitude and Phase has no effect.

The control labeled [C] lets you chose the units for your display. Not every choice is available for every display. The available units are volts (rms or peak amplitude), volts2 (equivalent to power) rms or peak, the square root of spectral power density: peak or rms v/(Hz)½, or spectral power density: peak or rms v2/Hz.

The control labeled [D] lets you select a vertical scale for amplitude measurements:
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Linear, dB, or dBm. The control labeled [E] does the same for phase measurements:

degrees or radians.





Figure 2.

Before using the Virtual Bench DSA, you need to set up the measurement by choosing Settings from the Edit menu. Figure 2 shows the Hardware section of the DSA settings. Your DAQ

device and its settings should be properly identified here, along with the input voltage range. If your lab instrumentation has already been configured, you will only need to associate up to two DAQ input channels with the DSA channels, A and B. Figure 3 shows the Acquisition section of the DSA settings. You need to make two settings here:

1. Frame Size is the number of samples of the waveform(s) that will be taken. To increase computation speed, the Virtual Bench DSA allows only an integer power of 2 to be selected.

2. Sampling rate is the rate at which the DAQ board takes samples from all channels in use. In the Virtual Bench DSA, you have either one or two channels of input. The effective sampling rate per channel is either:

· The sampling rate, if DSA channels A and B are set to the same DAQ board input channel, OR

· Half the sampling rate, if DSA channels A and B are set to different DAQ board input channels.
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Figure 3.

Your choices for these items will determine the horizontal axes in your displays. If you display a 

time waveform, the length of time displayed is




Tr = (framesize) /(effectivesamplerate).
(7.8)

If you display any type of spectrum, the frequency range of the spectrum will be from zero to half the effective sampling rate per channel. Therefore, if your measurement involves N channels and you want to cover a frequency range from zero up to B Hz, you need to use a sampling frequency of at least
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(7.9)

To illustrate the use and some of the properties of the Virtual Bench DSA, consider some example waveforms with well-known spectral properties:

Example 1:  Sine wave (1.5 volt amplitude): 

Both displays in Fig. 4 show properties of the waveform acquired on Channel A. The upper graph, Display 1, shows the time waveform. The frame size and the sampling rate have been 
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Figure 4.

chosen rather arbitrarily. Note particularly that the time waveform display shows a fractional number of periods of the waveform. Display 2 shows the amplitude spectrum of this section of a sine wave. Since a sine wave is by definition a wave at a single frequency, you might well expect the amplitude spectrum to look like a single spike at the frequency of the sine wave. Although you can clearly see this spike in the amplitude spectrum, it also appears that there are some other frequencies present in the acquired waveform. These frequencies arise in the amplitude spectrum because the Virtual Bench DSA calculates it assuming that the waveform is periodic with a period of Tr, the overall time range of the measurement. As this periodic function repeats itself, there will be some discontinuities in the waveform every Tr seconds, and these will result in the appearance of other frequencies in the amplitude spectrum. A sine wave input to the Virtual Bench DSA gives an amplitude spectrum that looks nearly ideal (a single spike at the sine wave frequency) only if the sampling rate and frame size produce a Tr that is close to an integral number of periods of the measured waveform. Figure 5 illustrates this situation and shows why it is important to “frame” an integral number of oscillations of a periodic function within the Frame Size if you want to compare its spectra with those predicted by a Fourier series.

Example 2:  One period versus many periods within the Frame Size.

Figure 5 shows the time waveforms and the amplitude spectra for Frame Sizes that include only one period (Fig 5a) and many periods (5b) of the same square wave. A Fourier series calculation on a square wave shows that it has only odd harmonics (m = 1,3,5,7....) and that their amplitudes are proportional to 1/m. The previous example shows that the amplitude spectrum of a sine wave is just a spike at the sine wave frequency with an amplitude equal to that of the sine wave. Thus, a summation of sine waves such as a Fourier series should produce a set of spikes. For the square wave with a fundamental frequency of f0, you should expect a spike one unit high at f0, another 1/3 unit high at 3 f0, another 1/5 unit high at 5 f0. etc. The spikes corresponding to these frequencies have the correct positions and amplitudes in both Figs. 5a&b. The spikes in Fig. 5b
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Figure 5a.


Figure 5b. 
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are narrower. This is because of the nature of the plots produced when the amplitude spectrum is measured: If N samples of the original waveform are taken at a sampling frequency f, then the amplitude spectrum is plotted by joining N/2 data points distributed over the frequency range, 

0 ( f ( fs/2. Figure 5b results from more samples than Fig. 5a, so the frequency interval between harmonics is covered by more data points and the spikes look narrower.

Example 3:  Phase spectra at all frequencies 

Figure 6 shows the Virtual Bench DSA displaying the power and phase spectra of the waveform from Example 2. The amplitude spectrum on the upper display makes it obvious that the only significant power in this square waveform is at the frequencies f0, 3 f0, 5f0, etc. The relatively low power density at other frequencies results from the inevitable noise present in the circuitry. The Virtual Bench DSA tries to measure and display the phase of all the frequencies within its measuring range of 0 ( f ( fs/2, even if the associated amplitudes at those frequencies are negligibly small. If you took repeated measurements of the phase spectrum for a signal like this one, the phases measured for the frequencies other than the odd harmonics of f0 would be more or less randomly distributed over all possible values. Only the phases measured at the odd harmonics of f0 would take on their correct values (for the square wave of this case, zero) for each measurement.



Figure 6.
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