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Virtual Instruments for Audio Testing
(Invited)

Steve F. Temme

LISTEN, Inc.
Boston, MA

With today's personal computer technology and software development tools, the
capabilities of dedicated instrumentation can be recreated in a virtual
environment. The test system accuracy is limited only by the quality of the data
acquisition board or sound card. All of the signal generation, filtering, analysis
and data handling can be performed in software such that the PC becomes the test
platformi. The user-interface can even be made to emulate familiar analog
instrumentation using standard Windows controls.

1 INTRODUCTION

Recent improvements in graphical programming languages, data acquisition boards and sound
cards now make it possible to use a PC as the measurement platform for audio testing. Selection
of the appropriate hardware to be used as the “front-end” to the test software is also important
and will be discussed. An actual test system developed using a graphical programming language,
with a PC and a sound card is shown.

DSP-based signal generation, filtering, and analysis software has many advantages over
traditional analog instrumentation. As an example of this, a test algorithm will be demonstrated
that can simultaneously measure all harmonics, yet only a single sine sweep is necessary.

It will be shown that properly implemented “virtual instruments” can be a cost-effective,
flexible, portable, and powerful solution for collecting accurate audio test data.

2 VIRTUAL INSTRUMENTS

Many companies still use old swept sine measurement systems consisting of separate standalone
hardware linked together by BNC cables (often referred to as a “rack-and-stack” system). In a

traditional hardware-based test system (see Figure 1), a sine generator performs a continuous
" sweep through the frequency range of interest. As the sine generator sweeps, a band pass filter
“tracks™ the frequency of the sine generator to suppress noise and harmonics that occur at other
frequencies. The voltmeter or “measuring amplifier” then detects the RMS level, and outputs a
proportional DC voltage to a synchronized chart/level recorder or an oscilloscope. The level on
the chart recorder corresponds to the sound pressure level measured at each frequency.

The corresponding frequency resolution is limited by the sweep rate, filter bandwidth and the
level recorder writing and paper speed. If the sweep rate is too fast, frequency and amplitude



“smearing” will occur. This is particularly noticeable if the transducer’s response exhibits any
sharp peaks or dips, which is usually the case.

A “virtual” test system was developed that operates on the same principles as a traditional swept
sine measurement system consisting of a sine generator, voltmeter, tracking filter, and level
recorder. The main difference is that all these functions are implemented in software as virtual
instruments, “VIs” (see Figure 2).

This virtual system uses a similar but improved approach, sweeping in discrete steps. Each
frequency step can contain numerous cycles that are synchronously averaged to minimize the
effect of background noise (see Figure 3). Increased averaging has the effect of narrowing the
filler bandwidth for better noise rejection.' Transducer settling (transient ringing) is also
minimized by discarding the first few cycles at each new frequency step and providing a phase
continuous transition between frequencies. This provides higher frequency, amplitude, and phase
accuracy, as well as excellent noise suppression.

3 HARDWARE

When performing digital signal analysis, the test system accuracy is ultimately limited by the
quality of the measured analog signal that is converted to the digital domain for analysis.
Therefore it is important to choose quality transducers, signal conditioning, and A/D & D/A
converters for the front-end of the test system,

3.1 Transducers & Signal Conditioning

In acoustics, the finest available measurement microphone ensures that the signal is not
corrupted. It is important to make it- easy for the user to interface the test system to these
transducers by providing a compatible microphone power supply with adjustable gain to
maximize the signal to noise ratio of the measured signal. By keeping the signal conditioning
external to the PC, the measurement system dynamic range is maximized.

3.2 DAQs and Sound Cards

With the virtually unlimited memory capability of modern PCs, it is no longer necessary to
combine the data gathering and analysis into the same step as is done with traditional hardware-
based test systems (e.g., a tracking filter and level recorder). The entire sine sweep is played and
the response of the device under test is synchronously recorded. The frequency analysis and limit
comparisons can then be performed as post-processing steps, taking advantage of existing DSP
software analysis tools. The data can also be analyzed and reanalyzed as desired. The analysis
can be in as much detail as is approprlate for the application.

This processing requires a good D/A converter for transforming the digital representation of the
sine sweep created in the Stimulus.vi into an analog signal and a good A/D converter for
transforming the measured analog signal back into the digital domain for analysis in the
Analysis.vi. In the audio range of frequencies, good A/D & D/A converters are easy to find, in
fact, most sound cards provide at least 16-bit resolution. Some sound cards can even measure
frequency response from DC — 20 kHz + 0.25dB and distortion down to 0.003%."



