Quick Look
Dynamic Signal Measurement Basics 

Signal Conditioning

Anti-Aliasing

Simultaneous Sampling

Spectral Leakage

Smoothing Windows

Signal conditioning for various sensors is covered on sensors quick look documents, but additional requirements are needed to ensure the proper acquisition of the signal (anti-aliasing, simultaneous sampling) and the adequate processing of this acquired signal (spectral leakage, smoothing windows).
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According to Shannon sampling theorem, the highest frequency (Nyquist frequency: fN) that can be analyzed is fN = fs/2, where fs is the sampling frequency. Any analog frequency greater than fN will, after sampling, appear as a frequency between 0 and fN. 

Such a frequency is known as an “alias” frequency. In the digital (sampled) domain, there is no way to distinguish these alias frequencies from the frequencies that actually lie between 0 and fN. Therefore, these alias frequencies need to be removed from the analog signal before sampling by the A/D converter.
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To remove these components present at higher frequencies than the Nyquist frequency, an analog lowpass filter must be used. This anti-aliasing filter should exhibit a flat in-band frequency response with a good high frequency alias rejection and a fast roll-off in the transition band.
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The user needs to be aware that there may be a very tight or very loose relationship between the anti-aliasing filter cutoff frequency and sampling frequency.  Some Dynamic Signal Analyzers (DSA) use  converters to convert analog signals into digital data.  

These converters have built-in anti-aliasing filters whose cutoff frequency is typically 45 to 50% of the sample rate.  This sort of converter provides very sharp rejection, and the filter cutoff frequency automatically tracks with the sample rate.  Other DSAs use converters that do not have built-in antialias filters and must rely on external filtering with fixed filter cutoff frequencies.
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An alias is a false lower frequency component that appears in sampled data acquired at too low a sampling rate.  All acquired data will include some amount of aliasing, since there is no such thing as a perfect filter with infinite cut-off or a signal which is truly band-limited.  The antialiasing filter is there to minimize the the amount of aliasing which will occur in the acquired signals.  The user must know the characteristics of the signal to be acquired.  If the user knows that no measurable signal content exits above 2X the sampling frequency, then antialiasing filters will not help improve the acquired signal quality.  In most cases, the user may acquire data from many different sources, with different characteristics.  In these cases antialias filters are a must to remove unwanted signal components.
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A square wave is made up of odd harmonics and is an excellent signal to demonstrate the effects of antialiasing filters.  If the antialiasing filter cutoff frequency (fc) is moved up in frequency, the acquired signal will look completely different.  If the cutoff frequency is just above the fundamental frequency of the raw signal, then the acquired waveform will be sinewave.  The acquired signal will not look like a square wave until the filter cutoff frequency has been moved up in the frequency domain to include many of the harmonics.
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In some applications, such as modal analysis and sound intensity measurements, the inter-channel phase information is crucial. These types of measurements thus require simultaneous sampling, which means that the A/D conversion must be performed at the same instant for every channel.

In the case of  converters, the concept of simultaneous sampling loses its literal meaning, but the phase relationship between the channels is guaranteed by the fact that the converters are run from the same clock.
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In practical applications, you obtain only a finite number of samples of the signal. The FFT assumes that this time record repeats. If you have an integral number of cycles in your time record, the repetition is “smooth” at the boundaries. However, in practical applications, you will usually have a nonintegral number of cycles. In such cases, the repetition results in discontinuities at the boundaries. These artificial discontinuities were not originally present in your signal and result in a smearing or leakage of energy from your actual frequency to all other frequencies. This phenomenon is known as spectral leakage. The amount of leakage depends on the amplitude of the discontinuity, a larger one causing more leakage.
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Because the amount of leakage is dependent on the amplitude of the discontinuity at the boundaries, you can use windowing to reduce the size of the discontinuity and hence reduce spectral leakage. Windowing consists of multiplying the time domain signal by another time domain waveform, known as a window, whose amplitude tapers gradually and smoothly toward zero at edges. The result is a windowed signal with no (or very small) discontinuities, and thus reduced spectral leakage. There are many different types of windows. The one you choose depends on your application.

