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With today’'s personal computer technology and software development tools, the capabilities of
dedicated instrurnentation can be recreated in a virtual environment. The fesf system accuracy
is imited only by the quality of the data acquisition board or sound card. Ali of the signal
generalion, filtering, analysis and data handiing can be performed in software such that the PC
becomes the test platform. The user-interface can even be made to emulate familiar analogue
instrumentation using standard Windows controfs.

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 softwara is also
important and will be discussed. An actual test system daveloped 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 analogue instrumentation. As an example of this, a test algorithm will be
demonstrated that can simultaneously measure all harmonics, yet only a singie sine swaep is
necessary.

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

2 VIRTUAL INSTRUMENTS

Many companies still use ofd swept sine measurement systems consisting of separate
standalone hardware linked together by BNC cables {often referred to as a “rack-and-stack”
systemn). In a traditional hardware-based test system {see Figure 1), a sine generator perfarms 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 cutputs a propertional DC voltage to a synchrenised chart/level recorder or an
oscilloscope. The level on the chart recorder comesponds to the sound pressure level measured
at each frequency.

The comresponding frequency resolution is limited by the sweep rate, filter bandwidth and the
level recorder writing and paper speed. If the sweap rate is too fast, frequancy 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.
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A “virtual” test system was davelopad that operates on the same principles as a traditional swept
sine measurement system consisting of a sine generator, valtmeter, tracking filter, and lave!
recorder. The main difference is that all these functions are implemented in software as virtual
instruments, “VlIs” (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 minimise the
effect of background noise {see Figure 3). Increased averaging has the effect of narrowing the
filter bandwidth for better noise rejection. Transducer seftling (transient ringing) is alsc
minimised 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

wWhan performing digital signal analysis, the test system accuracy is ultimately iimited by the
quality of the measurad analogue signal that is converted to the digital domain for analysis.
Therefore it is important to choose quality transducers, signal conditioning, and A/B & DA
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
conupted. It is important to make it easy for the user ta interface the test system to these
transducers by providing a compatible microphone power supply with adjustable gain to
maximise the signal to noise ratio of the measured signal. By keeping the signal conditioning
extemal to the PC, the measurement system dynamic range is maximised.

3.2 DAQs and Sound Cards

With the virtuatly unlimited memory capability of modemn 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 softwara analysis tools. The data can also be analysed and
reanalysed as desired. The analysis can be in as much detail as is appropriate for the
application.

This processing raquiras a good D/A converter for transforming the digital representation of the
sine sweep created in the Stimulus.vi into an analogue signal and a good A/D converter for
transforming the measured analogue signal back into the digital domain for analysis in the
Analysis.vi. In the audio range of frequencies, goud 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%.
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Original development was done on a National instrument's AT-DSP2200 data acquisition board.
This data acquisition beard has an on-board DSP processor, The computational speed of the
PC’s CPU, however, was more than adequate for this application and consequently it was not
necessary to utilise the on-board DSP. In order to reduce the system price, a scund card driver
was developed using standard Windows multimedia calls,

Another key requirement was that the system could be calibrated and traced to the National
institute of Standards and Technology (N.1.5.T.). Therefore, a comprehensive set of calibration

rautines was created including a microphone calibration that uses N.1.5.T. traceable acaustic
calibrators (see Figure 4).

4 ANALYSIS

A common technique for distortion testing is to attenuate the fundamental with a noteh filter (see
Figure 5). This measurement technique, however, cannat distinguish the amplitude of individual
harmonics {e.q., 2nd, 3rd, and 4th harmonics) or distinguish distortion from neise. Moreover,
these measurements are typically performed in the presence of high background noise. In this
situation, it is impossible to discem distortion from noise.

Alternatively, a tracking filter can be used to measure an individual harmonic. This technique,
however, is slow and must be repeated if additional harmonics are desired. Instead of using a
tracking filter that can only measure one harmonic at a time, a special FFT-based algorithm was
developed to measure all the harmanics in a single sine sweep (sae Figure 8). This is equivalent
to a parallel bank of individuai tracking filters that measure all selected harmonics
simultaneously. This parallel analysis technique saves considerable measurement tima over the
traditional serial analysis method. The ability to separate out individual harmonics is idaal for
detecting and analysing different kinds of transducer fauits, such as rubbing voice coils, loose
particles in the gap, and buzzing or rattling.

It was decided to minimise the number of necessary set-up parameters in order to make this
foutine easy to use, By default, the appropriate msasurement algorithm and set-up is chosan
depending upon the number of harmoenics selected (see Figure 7).

5 POST-PROCESSING

Once an accurate measuremaent is performed, one possible post-processing step is to test the
DUT response against limits according to user's specifications. This was achieved by providing
very flexible, user-definable, tolerance limits (see Figure 8). The curves are defined by either
specifying the frequency "knee points," using actual fransducer measurement data, or selecting
from a list of standardised curves. Depending on the test requirements, the tolerance curves can
be Absolute, Fioating or Alipnad. In Absolute mode, the measurement curve is tested against
"fixed" tolerances. In Fioating mode, the transducer curve “floats” for a best fit between the

tolerance limits. For Aligned made, the measurement curve is “anchored” to a single reference
point,
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After the measurement is completed, the limit curves’ resolution is matched to the
measurement’s resolution {using a straight-line interpolation if necessary) and the rasult and
telerance margins are displayed. The tolerance margin is the degree to which the device passes
or fails, a useful statistical indicator of production quality (see Figure 9).

6 DATA HANDLING & MANAGEMENT

No two measurement applications are exactly alike. Each user requires a certain amount of
customisation. In order to aid in optimising tests to specific customers needs, a test sequancar
was designed that would allow for a variety of tests. Different steps and sequences can be
stored and modified. With the Sequence Editor, custom test procedures are easy to setup and
automate. The big advantage of this approach is being able to setup a variety of tests and add
new modules and features in the future.

Very often it is desirabla to decide a test action based on infoermation from a previous test or
step. This requires information about whether 2 previous test passed or failed and the curve
data from the previous step(s). Each step can be configured for display options and conditional
branching. In addition, the overall sequence can be configured for display options and
conditional execution for trouble shooting (e.g., single stepping) as well as memoary
management. The sequence editor treats each step as an individual test with its own data and
results. This aliows the user to configure each step depending on the data and results from its
own step and previcus steps. The flow diagram in Figure 10 shows how each step can be
configured individually and the overali sequence configured globally.

7 HUMAN INTERFACE

The user-interface can be mada to emulate familiar analogue instrumentation using standard
Windows controls. This provides a consistent and user-friendly interface that does not change
from instrument to instrument, making it much easier for the average instrumentation user to
quickly start performing measurements.

The Sine Generator.vi, for example, was designed to look, feel, and sound like a real analogue
sine generator. When changing frequency or level, the sine generator.vi actually sweeps to the
new frequency or level for a smoath transition without any dropouts. In addition, the user can
control the sweep rate to their personal taste to create a certain amount of hysteresis, similar to
the feel of a real knob on an analogue sine generator.

8 CONCLUSION
Graphical programming languages provide powerful tools for designing, testing, and creating

virtual instruments. Because VI's are scftware-based, they never become obsolete. As the
power and performance of computers improve, so does the test system. Virtual instruments
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make programming and using the hardware much easier. A minimum of external test equipment
is required.

Properly implemented “virtual instruments” can be a cost-effective, flexible, portable, and
powerful solution for collecting accurate audio test data.
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Figure 5 THD +N measured with a “nofch” filter (includes overall noise level)
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Figure 6 Total Harmonic Distortion (THD) measured with HarmonicTrak™ (includes selected distortion
components)

Figure 7 Analysis Setup automatically selects correct measurement algorithm
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Figure 9 Final Data and Results Display with Pass/Fail Information on a Variety of Different Tests
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Figure 10 Sequence Flow Chart with Conditional Branching for Individual Steps
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