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Abstract
Numerous digital delays and loudspeaker processors have granted the user a higher level of
precise control over the alignment of loudspeakers. This paper investigates an efficient
measurement method using correlated pseudo random noise to accurately determine the
acoustic center of a loudspeaker. It can be demonstrated the measurement process is robust
and applicable in less than ideal environments.
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1. Introduction
Quite often the difference between intelligible and unintelligible sound in large and small
systems is due not to a difference in loudspeaker quality or the venue itself, but is a consequence of the system not effectively aligned in the time domain for the majority of the audience. In some cases equalizers are being applied incorrectly to frequency response aberrations
in a attempt to solve a time domain problem. The focus of this paper is to examine a measurement process that will help solve time related problems and make sound systems more
time coherent throughout the listening area. The process permits many measurements to
made in a relative short amount of time. Depending on the type of coverage, the system’s
physical geometry and size, a number of measurements from different locations may be necessary. The real benefit of knowing the acoustic center of a loudspeaker permits one to examine
its relationship in time to other loudspeakers. Noise correlation is very effective at establishing a time reference for each individual loudspeaker. The objective is to identify the acoustic
centers and polarities of loudspeakers at dissimilar locations such that delays may be used to
assemble a coherent wave front.
The acoustic center of a loudspeaker is a term used to note the actual sonic origin of
sound from the loudspeaker. [1] The sonic origin always located farther away than the physical distance of the loudspeaker and is frequency dependent. [1][2] It has been shown that a
single loudspeaker can be viewed as an assemblage of perfect loudspeakers distributed in
space behind the physical position of the loudspeaker. Therefore depending on frequency the
loudspeaker may occupy a different position in the acoustic space. [3] Time delay distortion
is the term used to describe the multiplicity of delayed sources. The process to be described
here derives an optimum singular value of time for a loudspeaker that actually represents a
spatial distribution of many loudspeakers.
There are different schools of thought towards time delay correction. To what degree
should it be applied? [4] If the loudspeaker is minimum phase or a known portion of the
spectrum is, then correction of peaks and dips in the amplitude response will correct related
dips and peaks in the phase response. The domains are mathematically related by the Hilbert
Transform. [5] Clearly minor time correction of phase remains debatable as suggested by
Toole in a previous paper. However, for multiple loudspeakers at dissimilar locations providing coverage to a common area, time correction is indeed extremely valuable and necessary.
The benefits are minimized comb filtering, nulls and an increase in intelligibility. The relative
time relationships of frequencies are altered not only by the dissimilar position of the loudspeakers but are quite often altered electrically. The physical positioning of loudspeakers
create different path lengths at various positions in the coverage area. This in effect is a form
of time delay distortion. The process to be examined here is effective at statistically measuring the optimum time delay or position of the individual loudspeakers in the acoustic space.
Typically this would be at the center of their common coverage area. The process establishes
a reference value in time for each loudspeaker.
Presently, there are several very sophisticated and useful tools to determine the acoustic
centers of loudspeakers. These use an impulse as a test signal to record the time delay of a
system. A FFT (Fast Fourier Transform) transforms the time domain data into frequency
domain information. MLSSA is a system that that uses a pseudo random sequence of rectangular pulses. From this signal a cross correlation method is used to calculate the impulse

response. The method described here is not an impulse measurement at all and avoids some
of the difficulties associated with impulse measurements. For impulse measurements to be
valid the impulse must not exceed the linear capabilities of the system. Using pseudo random
pink noise as the stimulus as demonstrated here linearity is easily maintained. The PC based
systems generally require considerable expertise to operate and the measurement process can
be time consuming.
The noise correlation process described here is a time domain measurement only. However, as will be shown, the results of this measurement are used to display the coherence of
the audio spectra in discrete intervals. This information is then used to identify unequalizable
points in the frequency domain. Therefore the results of the pseudo random noise correlation
process have benefits that extend beyond the actual time delay measurements.

2. Noise Correlation Examined
Pseudo random noise correlation is a technique which takes advantage of the unique
complexity of pink noise. In addition to its equal energy per octave characteristic, it also
exhibits random amplitude and phase over time. If we examine the frequency spectrum of
continuous pseudo random pink noise for any interval of time, it will have a distinctive pattern
or signature up to the maximum length of the pseudo random sequence. It is this characteristic that allows time delay measurements to be made. It is worth noting that this is similar to
pattern recognition and crosscorrelation techniques used in other fields.
Pseudo random noise correlation discussed here identifies the total overall delay or
absolute phase of the test signal from the time it enters the system to the time it is received at
the microphone.
t overall = t min phase + t excess
It does not distinguish between minimum phase and non-minimum phase components
within that system. The overall delay is predominantly the same as the excess delay. In fact
the total delay measurement may include delays inherent in intermediate DSP processing.
DSP loudspeaker management devices vary considerably in the amount of actual inherent
processing delay. The difficulty with inclusion of DSP processing delay is that it is not always
obvious what the actual delay is. Even when it is specified in the manual it is expressed to be
no greater than n ms. It is entirely possible that some users are unaware of the time differential that could exist when using different DSP devices. The random noise correlation process
is applicable whether the delay is electronic, acoustic or both. In some instances it may need
to be considered to achieve the correct alignment. The applied process as describe here could
be used to easily identify these “hidden” delays.
Two continuous identical pseudo random noise sources are digitally created. The first
source we send into the sound reinforcement system to be received by the microphone at a
desired location. The second source is used as a reference to compare the received noise to.
The time relationship of the two sources is controlled by briefly stopping either of the two
sources. If we send continuous pseudo random pink noise into a system and listen to it with a
microphone, the noise will of course be delayed the time it takes the sound to reach the
microphone. Stopping the reference noise the same amount time as the received noise is

delayed, the two sources will once again have the same magnitude, phase and time relationships. If we knew exactly how long we stopped the reference noise, we would know the time
of the acoustic delay. In addition, if we narrow or limit the frequency spectrum, we would
also know the time arrival with respect to a particular bandpass.
The point in time at which the first significant correlation occurs, defines the acoustic
center of the loudspeaker. How well the two signals correlate is a governed by a number of
factors, such as ambient noise or reflections. The maximum point of the first significant
correlation represents the point in time that the delayed reference noise matches the noise
received at the microphone. If multiple loudspeakers are reproducing the same pseudo random pink noise, as will be shown, additional correlations can occur later in time. In addition,
later correlations may form as a result of later arrivals from reflective surfaces. The correlation process will also inherently reveal if the polarity of the received signal is positive or
negative.

3. Noise Correlation Application
The patented Iasys Analyzer uses pseudo random noise correlation to derive the propagation time (or distance) through a system. It automatically runs delay tests that can measure
time delays as long as 300ms with up to 10msec resolution. Additionally it will display the
differential time or distance between 4 measurements which is useful for making alignment
corrections. From the delay measurement, the instrument also inherently displays the polarity
of the received signal with respect to the polarity of the signal inserted in the system. A misswired speaker, cable or an inadvertent polarity switch pushed would be detectable.
For the following discussion please refer to block diagram, Figure 1. The maximum
length sequence of pseudo random pink noise is generated by identically configured 31bit shift
registers driven by gated clocks. The gated clocks permit the time relationship of the two
continuous sources to be altered by momentarily stopping either of the clocks. This function
is under software control of the microprocessor.
The analyzer automatically adjusts tests levels to a specified dB above ambient. VCAs
control the gain of both the output level and that received by the microphone.
The generated pink noise is useful for other tests performed by the analyzer in the frequency domain. One of which is to determine the spectral center or energy center of a loudspeaker. [6] The location of the spectral center is the frequency at which the loudspeaker
produces equal energy above and below. The energy center sets the location of the bandpass
filter in the delay test. This also represents an optimum point with respect to phase. Since
both signals, the received and reference, pass through identical bandpass filters no additional
phase or time is added to the loudspeaker being measured. The bandpass filters have a relatively low Q. To derive a singular time and distance that best represents the spatial position of
a loudspeaker it is necessary to correlate a number frequencies located on either side of the
spectral center. As will be discussed later, the correlation process is still valid when correlating a much smaller group of frequencies. This technique is used to examine the time arrival
relationships of the complete spectrum.
The time or distance of the loudspeaker is determined by delaying the reference signal in
10 msec steps or larger depending on the center frequency of the filters used. The time step
intervals are adjusted as a function of frequency to keep the amount of degrees per step

relatively the same. In other words, longer wavelengths demand longer steps. At each step a
comparison of the two signals is made. This is accomplished using a four quadrant multiplier.
The output of a four quadrant multiplier, also known as a balanced mixer, is a signed product
of the two signals. The actual input signals are not passed through to the output. The multiplier has a positive output if the two pink noise signals at its inputs are both positive or both
negative. It has a negative output if one is negative and the other positive. The output of the
multiplier is fed to a low pass filter that accomplishes the task of averaging the output. The
output values of the filter are fed to the A/D converter and the readings are recorded by the
microprocessor. If the pink noise does not correlate, the random positive and negative products will average out to zero. This indicates the two pink noise sources fed to the multiplier
are not at the same point in their pseudo random sequence and thus they only randomly
correlate. Figure 2 shows two bandlimited pink noise signals at the input of the multiplier
that have no correlation. One is the reference and the other is time delayed through the
system. If the reference signal is delayed the same amount of time as the received signal, the
multiplier inputs will appear as in Figure 3. The output of the multiplier would be positive and
maximum. The output would be negative if the signals were of opposite polarity as shown in
Figure 4. The respective levels of the two signals are automatically made equal by the analyzer.
The analyzer compares the two pink noise sources by stopping the clock of the reference
noise letting the noise fed to the system “catch up” to the reference. At some point in time the
signals begin to correlate. Delaying the internal signal further there will be a point in time
where maximum correlation occurs. At this time the averaged output of the multiplier will
either produce a peak voltage that is either positive or negative. The highest maximum output
(best correlation) from the multiplier identifies the optimum time, distance and polarity of the
loudspeaker. The analyzer selects the maximum point of this peak and displays the time in
milliseconds, feet or meters. The distance displayed is calculated with the speed of sound set
at 1129 ft per second. Applying a fixed number to the velocity of sound is fine since we are
generally interested in relative measurements.
To better demonstrate the correlation process the analyzer is connected through a digital
delay only. In this case there will be optimum correlation because the received signal has not
been altered by the environment or loudspeaker phase error. More importantly, the device
will delay all frequencies the same. Fig. 5 is a digital oscilloscope in 5 second roll mode to
capture the correlation process over time. The detection process starts at approximately 1.5
wavelengths past the derived estimate time which be discussed shortly. The internal noise is
stepped backward in time (to the right). Peak A shows where in time the maximum correlation occurred. The maxima of this peak represents the optimum time arrival for the measured
set of frequencies that centered at 1kHz. The height of the peak represents a quality level of
correlation. Note the side lobes that exists 1/2 wave in front and behind the first arrival or
dominant correlation, peak A. The signal source, being continuous, a small relationship or
correlation exists before and after the first arrival, peak A. Statistically, the pre-correlation,
Peak B, is always significantly smaller and will never exceed the magnitude of the true first
arrival. Peaks B and C are always located in time at a 1/2 wavelength of the filter center
frequency. The pre-correlation is most notably present when there is maximum correlation
between the two signals. The first dominant correlation must represent the point where the
two identical pink noise sources are aligned in time. The first arrival is always identified
correctly by comparing the ratio of the two peaks (A/B). The amount of correlation shift

from Peak A to Peak C is a function of phase error in the loudspeaker relative to the spectral
center or energy center of the loudspeaker. The inclusion of crossovers and other devices that
introduce phase effects will cause a shift in the magnitude of correlation from peak A to C. In
addition, reflections, the reverberant field and ambient noise combine to alter the magnitude
and phase of the received noise. Output averaging of the multiplier combined with proper
rules to determine the correct correlation peak permits measurements to be made in less than
optimum environments. Knowing that no correlation can occur before the first arrival (except
for the small pre-correlation), an absence of correlation verifies the first correlation peak is the
first arrival. A first arrival correlation is detected even with significant degradation of the
received signal. Fig. 6 shows the multiplier output over time when measuring the delay time
to a 1” compression driver at 25 ft. The actual speaker polarity is negative, Peak A. Some
frequencies in the bandpass correlate positive, thus the correlation, Peak C, after the first
arrival has increased in magnitude.
The correlation process will permit accurate location of the first arrival even with multiple
loudspeakers playing. Fig. 7 is two compression drivers that have opposite polarity a few
inches apart. Peak A, negative polarity, is the first arrival of sound from the closest loudspeaker. Peak D, positive polarity, is the first arrival from a second speaker located farther
away. Note the magnitudes of the correlations are less but the discrete time arrivals can be
clearly observed. The analyzer will measure the first arrival or closest source.

4. Speeding up the Correlation Process
If the reference noise started at 0 ms delay it would take significant time to find the first
arrival when the distance between the microphone and loudspeaker is large. The test time
would be even longer if the component was a high frequency device where the time steps
were at the 10msec minimum. Knowing the approximate location of the loudspeaker would
permit the process to skip over the time where no correlation will occur or jump to the vicinity of the expected first arrival. The approximation therefore is used as a starting point to
begin the correlation process. To ascertain the approximate distance of a loudspeaker the
analyzer measures the time of flight of an impulse. A sine ping is used to locate the speaker
within 2 wavelengths of its actual acoustic position. The sine frequency is usually the spectral
center of the driver or another frequency point chosen by the operator. Once the analyzer
determines the approximate distance, it sets the start of the internally delayed pink noise to
approximately 1.5 wavelengths of filter frequency later than the actual time measured. The
internal pseudo random pink noise is then stepped back in time from this point and the correlation of the two signals is recorded. The smallest being 10msec as discussed earlier. Again
the last significant correlation, which is the first arrival, is examined to find the time step that
recorded the highest amount of correlation. Referring to Fig. 6 the correlation process started
when the signal first goes negative, from left to right. This is slightly greater than 1.5 wavelengths beyond the negative first arrival, peak A.

5. Determining Accuracy
The center frequency of the bandpass filter is responsible for the consistency of the noise
correlation measurement. The incremented time steps are determined by the frequency or
wavelength. The accuracy as function of distance does not change. The maxima of the

correlation peak will vary in time due to the fact that pink noise requires a compromise in the
amount of multiplier readings vs. the time it takes to complete the measurement. If expressed
in degrees the maximum variation would be approximately 20°. The highest point of the peak
will change slightly from pass to pass and is attributed to the stimulus itself.. With increasing
distance other factors that can affect the consistency of the results are the stability of the
environmental conditions, i.e. fluctuating air currents from HVAC indoors or wind outdoors.
Tests were conducted on 3 different types of loudspeakers with different bandpasses,
specifically a low, mid and high. Table 1,2 and 3 show the results of 10 tests on the same
loudspeaker. The lower the energy center frequency, the greater the DT.

6. Coherence
Coherence can represent not only the time arrival relationship of frequencies from a single
loudspeaker but many loudspeakers in the acoustical space. Depending on the location of the
listener in the acoustical space coherence will change unless the source is a true point source.
This also implies that the acoustic space is anechoic. Time delay distortion or the alteration of
the phase relationships of frequencies is what affects coherence.
The previously mentioned analyzer provides a means to examine the coherence of the
complete audio spectrum. Once a time delay measurement has determined the time and
distance of a loudspeaker, it is possible to observe the discrete time arrival of a very small
cross-section of the spectrum. The analyzer accomplishes this by narrowing the bandpass
filter to 1/12 octave. Even at 1/12 octave intervals, the pseudo random bandpassed noise has
a unique characteristic of magnitude and phase over time to provide adequate correlation.
Relative to the time measurement, the swept filter at 1/12 octave permits us to examine the
time arrivals of a loudspeakers’ complete bandpass. In addition it is possible to examine the
time arrivals from other types of loudspeakers or other loudspeakers of the same type covering the same area. We can readily observe if the received signal is in time, in polarity, in time
opposite polarity or not in time. The locations of unequalizable nulls are also detectable.
Most importantly, it permits us to see if the collective wave front of the complete spectrum
from a multi-source system is coherent, the real goal.

7. Conclusion
Pseudo Random Noise Correlation is a measurement process that establishes the propagation time of a predetermined specific set of frequencies to a point in the coverage area of a
loudspeaker. The accurate delay times are obtained quickly such that a very large array or
distributed system may be measured efficiently. The process itself is extremely reliable predicated on the fact that no correlation can occur before the first arrival of sound.
What we are really interested in is making a system time coherent as possible not only
to the few but to the majority of listeners. This not an easy task. However, an easy method to
determine the relative acoustic centers of loudspeakers will help us accomplish this. The
method described here represents a very robust method for determining the acoustic center of
a loudspeaker even in unpredictable, noisy environments.
Hopefully this paper has clearly illustrated the process and application of pseudo
random noise correlation as a means to measure time delay. It is a useful and effective process proposed by the architect of the Iasys Analyzer, Robert W. Reams.
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Table 1
~ 5kHz
1” Dome Tweeter Energy Center =
Test
Time Distance Polarity
1
6.57
7.42 Positive
2
6.57
7.42 Positive
3
6.57
7.42 Positive
4
6.57
7.42 Positive
5
6.57
7.42 Positive
6
6.57
7.42 Positive
7
6.56
7.40 Positive
8
6.55
7.40 Positive
9
6.55
7.40 Positive
10
6.56
7.40 Positive
∆Τ = 20usec.
Table 2
~ 1kHz
4” Cone, Energy Center =
Test
Time Distance Polarity
1
6.59
7.44 Positive
2
6.59
7.44 Positive
3
6.59
7.44 Positive
4
6.60
7.45 Positive
5
6.60
7.45 Positive
6
6.61
7.46 Positive
7
6.58
7.48 Positive
8
6.57
7.42 Positive
9
6.59
7.44 Positive
10
6.59
7.42 Positive
∆Τ = 60usec.

Table 3
~ 350kHz
12” Cone, Energy Center =
Test
Time Distance Polarity
1
6.91
7.79 Positive
2
6.85
7.73 Positive
3
6.93
7.82 Positive
4
6.88
7.77 Positive
5
6.95
7.85 Positive
6
6.89
7.78 Positive
7
6.91
7.81 Positive
8
6.94
7.84 Positive
9
6.88
7.77 Positive
10
6.86
7.75 Positive
∆Τ = 120usec.

Fig. 1 Block Diagram - Pseudo Randon Noise correlation Process

Block Diagram - Correlation of Pseudo Random Pink Noise

Fig. 2. Un-correllated Noise

Fig 3. Pseudo Random Noise at maximum correlation

Fig. 4 Noise correlation at maximum - opposite polarity

Fig. 5 Multiplier Output - Non Acoustic Delay

Fig. 6 Multiplier output - Compression Driver 1”

Fig 7. Multiplier output - Two Loudspeakers Offset
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ELECTRO-ACOUSTIC SYSTEM ANALYZER

electro-acoustic system. Furthermore, measuring the band

TECHNICAL FIELD

width of an electro-acoustic system using the conventional
approach is quite time-consuming, and to achieve even

This invention relates to audio test equipment, and, more
particularly, to a system for automatically analyzing a vari
ety of performance parameters of an electro-acoustic sys

fairly accurate results, it must be performed by a fairly
5

tem.

BACKGROUND OF THE INVENTION
Electro-acoustic systems are in common use in a variety

of forms, most commonly in home stereo systems. These
electro-acoustic systems receive an electrical input, for
example, from a compact disc (CD) player or a tape deck,

amplify the input signal signi?cantly, and then apply it to
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acoustic transducer. Accurate data specifying e?iciency loss
resulting from voice coil heating is generally not speci?ed
by the manufacturer, and there does not seem to be any

standard relationship between the power capabilities of the
transducer and the power at which e?iciency decreases.
Thus, under most circumstances, it is not possible to deter
mine the acoustic power that a transducer is actually capable
of delivering. The problem becomes even more acute when

two or more acoustic transducers, e.g., loud speakers.

Although the performance of such systems is often judged
quite subjectively, there are a number of objective perfor
mance parameters associated with electro-acoustic systems.

The most important of these parameters is the frequency
response of the electro-acoustic system, both in terms of its
bandwidth between low and high cutoff frequencies and the

different transducers in a multidransducer array reach their

degree of amplitude variation between those cutoff frequen
cies.

skilled technician.
Another important performance parameter of an electro
acoustic system is its thermal limit. Acoustic transducers,
such as loud speakers, are generally rated by their manu
facturers as being capable of handling a speci?ed power.
However, well before this power limit is reached, the voice
coil of the transducer become quite hot. As the temperature
of the coil increases, the impedance of the coil markedly
increases, thus limiting the power that is being applied to the
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thermal limits at diiferent applied powers. Under these
circumstances, the multi-transducer array performs in one
manner at relatively low applied power and performs in an

The frequency response of an electro-acoustic system is

entirely different manner at signi?cantly higher powers

typically measured by applying a stimulus signal to the
electrical input of the system, and picking up the resulting
acoustic signal with a calibrated microphone. The micro
phone output signal is then examined to determine the
frequency response of the electro-acoustic system. The

when some of the transducers in the array have reached their
thermal limits. Under these circumstances, a variety of

dynamic frequency response aberrations and polar shifts can
occur.

Another critical performance parameter of electro-acous
tic systems is group delay which can be useful in identifying
dips that can be corrected through equalization. In a multi—

frequency response can be measured in either the time
domain or the frequency domain. The frequency response is
generally measured in the frequency domain by applying a

constant amplitude, swept frequency sign wave to the input
of the system, and measuring the amplitude of the micro

transducer array, it is usually assumed that the transducers
35

transducer. In reality, since the transducers are spaced apart
from each other, nulls occur as the acoustic signals from
each of the transducers interact constructively and destruc

phone output signal. The frequency of the input signal is
generally plotted along the X-axis of a display while the
intensity of the amplitude of the microphone output signal is

tively. These nulls cannot be corrected by simply applying

plotted along the Y-axis. Frequency response can be mea
sured in the time domain by applying a stimulus pulse to the
input of the system, and then performing a fast Fourier
transform on the resulting pulse at the output of the micro

more power to the acoustic transducer at the null frequency

through equalization. Other localized amplitude reductions
are not caused by interference between two or more acoustic

phone.
Regardless of whether the frequency response of an 45
electro-acoustic system is measured in the time domain or

the frequency domain, the results are less than optimum. The
primary limitation on either approach is the subjective
manner in which the high and low cutoff frequencies are
identi?ed. In theory, the high and low cutoff frequencies are
the frequencies at which the amplitude of the transfer
function from the output of the system to its input falls 3 dB
from the presumably ?at amplitude between the cutoff
55

the input and output of the system that are substantially the
same at frequencies below and above the frequency of the
dip. In other words, a dip is equalizable if the phase shift
between the output and input of the system varies at the dip
frequency but is the same at frequencies below and above

the dip frequency. If, however, the phase shift between the

frequencies. Thus, there is often no clear 0 dB point that can
be used as a reference to determine when the transfer

function is 3 dB down from the reference point. Second, the
conventional approach assumes that the transfer function
rolls oif smoothly at the high and low cutoff frequencies. In
reality, the transfer function is normally composed of a

series of peaks and troughs created by imperfections in the
acoustic transducers which often make the frequency at
which the transfer function is “3 dB down” impossible to
determine accurately. Thus, under many circumstances, a

transducers. These amplitude reductions, known as “dips,”
are correctable through equalization. It is important to be
able to di?erentiate between equalizable dips and unequal
izable nulls because attempting to correct unequalizable
nulls by simply pumping more power into the acoustic
transducer can cause damage and degrade performance.
Equalizable dips are amplitude reductions in which the

amplitude reduction is accompanied by phase shifts between

frequencies. However, there are two fallacies to this

approach. First, the transfer function of the electro-acoustic
signal is not exactly ?at between the upper and lower cutoif

behave in the same manner and thus act as one large
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subjective guess is made to determine the bandwidth of the _

input and output of the electro-acoustic system shifts from
one value below the frequency of the amplitude reduction to
a substantially different value above that frequency, a null
exists that cannot be corrected through equalization. The
difficulty in determining the phase shift and related group
delay parameter of electro-acoustic systems has limited the
ability to diiferentiate between correctable dips and incor
rectable nulls in electro-acoustic systems.
Still another performance parameter of electro-acoustic
systems is spurious vibrations that may be generated by
either the electro-acoustic system itself or the environment

5,555,311
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in which the electro-acoustic system is installed. Spurious

component of the oscillator output signal from a relatively
high frequency to a relatively low frequency, and it causes

vibrations are characterized as vibrations at a frequency

other than the frequency of the acoustic signal. For example,

the primary frequency component to incrementally change

a strong acoustic signal at one frequency may cause walls,

to each of a plurality of discrete frequencies at a zero

door panels, glass panels or any other type of mechano~

crossing of the oscillator output signal. The oscillator output
signal is also preferably maintained at each frequency for the

acoustic narrow band absorber to vibrate at the resonant

same duration so that the oscillator output signal has a

frequency of the absorber. It can often be very di?icult to

substantially rectangular frequency spectrum. A microphone

diagnose and correct these spurious vibrations because they

acoustically coupled to the acoustic transducer of the elec
tro-acoustic system generates an output signal correspond

are often intermittent and occur at only speci?c frequencies
which may be present only momentarily in a musical work.
As a result, it has been extremely dif?cult and time-con
suming to identify the causes of spurious vibrations and to
correct those vibrations once their sources are identi?ed.

In summary, while the above described performance
parameters in electro-acoustic systems have been analyzed

15

by skilled technicians using sophisticated laboratory equip
ment to perfonn time-consuming tests, there has heretofore
not been any device that is capable of quickly and easily
analyzing a variety of electro-acoustic performance param~

eters by relatively untrained personnel.

20

SUMMARY OF THE INVENTION
It is an object of the invention to provide a method and 25

apparatus for comprehensively analyzing the performance

of an electro-acoustic system.
It is another object of the invention to provide a method

and apparatus for analyzing a variety of performance param
eters of an electro-acoustic system with a minimum of

operator interaction.
It is another object of the invention to provide a method

and apparatus that is capable of unambiguously determining

ing to the acoustic signal. The microphone is connected to a
low-pass ?lter and a high-pass ?lter each of which have the
same cutoff frequency, and a band-pass ?lter having a center
frequency that is the same as the cutoff frequency of the
low-pass and high-pass ?lters. The ?lters are controlled by
the microprocessor so that the cutoff frequency and the
band-pass frequency are at a common speci?ed frequency
that sweeps through at least a portion of the frequency
spectrum either in the presence of the noise signal or while
it is repetitively swept from one portion of the frequency
spectrum to the other. The outputs of the ?lters are convened
to respective distal words, and, after the ?lters have been
swept over the frequency range of interest, three sets of
digital words are provided each of which contain a record of
the amplitudes of signals at the output of a respective ?lter
at a plurality of speci?ed frequencies. The digital words in
each of the sets are accumulated to provide a respective

accumulated value for each of the high-pass, low-pass, and
band-pass ?lters. The high frequency response of the elec
tro-acoustic system is established as the speci?ed frequency
at which the accumulated value for the band-pass ?lter is
substantially equal to the accumulated value for the low-pass

?lter. The low frequency response of the electro-acoustic

the bandwidth of an electro-acoustic system despite apparent

system is established as the speci?ed frequency at which the

and apparatus for quickly and easily determining the thermal

In another aspect of the invention, the phase shift and
group delay of the electro-acoustic system is determined by
causing the oscillator connected to the electronic input of the
electro-acoustic system to sweep its primary frequency from

accumulated value for the band-pass ?lter is substantially
ambiguities in the frequency response of the system. ‘
35
equal to the accumulated value for the high-pass ?lter.
It is another object of the invention to provide a method
limit and/or mass of an electro-acoustic system.

It is another object of the invention to provide a method

and apparatus for quickly and easily determining the group
delay of an electro-acoustic system.
It is another object of the invention to provide a method

‘and apparatus for displaying the group delay characteristics

one end of a frequency spectrum to another. The micropro
cessor then differences the phase of the signal applied to the
electronic input of the electro-acoustic system to the phase
of the microphone output signal. Based on this phase com

of an electro-acoustic system in a manner that readily
45 parison, the microprocessor determines the phase shift and
permits a determination of whether nulls are correctable
group delay of the electro-acoustic system as a ftmction of

through equalization.

It is still another object of the invention to provide a

the primary, frequency component of the oscillator output

signal.

method and apparatus for quickly and easily determining

In still another aspect of the invention, the thermal limit
whether there are any spurious vibrations in an electro 50 of the electro-acoustic system is determined by coupling a
acoustic system or the environment in which such system is
random noise generator to the input of a variable gain
installed.
circuit. The microprocessor controls the variable gain circuit
These and other objects of the invention are provided by
to generate at its output a noise signal that gradually
a method and apparatus for analyzing a variety of param
increases in intensity,. This increasing intensity noise signal
eters on an electro-acoustic system of the type having an 55 is applied to the electronic input of the electro-acoustic
electronic input that receives an electrical signal and an
system, and the resulting acoustic noise signal output by the

acoustic transducer generating an acoustic sisal correspond
ing to the electrical signal. In one aspect of the inventive
analyzer, the bandwidth of the electro-acoustic system is
determined by connecting a stimulus source to the electronic
input of the electro-acoustic system. The stimulus source

acoustic transducer is picked up by the microphone and
applied to the microprocessor through an analog-to-digital
converter. The microprocessor then monitors both the ampli
tude of the noise signal applied to the electronic input and
the amplitude of the signal output from the microphone. As

may be either broad band noise or a sine wave from an

a result, the microprocessor is able to detect when the

oscillator controlled by a microprocessor to cause a primary

amplitude of the microphone output signal no longer
matches the amplitude of the noise signal output from the

frequency component of the oscillator output signal to

sweep from one portion of a frequency spectrum to another. 65 variable gain circuit which occurs when the thermal limit of
the electro-acoustic system is reached. The low frequency

In the case where the stimulus source is an oscillator, the

microprocessor preferably sweeps the primary frequency

components of the noise signal output by the variable gain

5,555,311
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circuit are preferably attenuated as a function of the afore
mentioned test so that excessive low frequency power is not

FIG. 8 is a block diagram of the components of the block
diagram of FIG. 1 that are used to analyze the group delay

applied to the transducer. The microprocessor may further

of an electro-acoustic system.

determine the thermal mass of the electro-acoustic system

FIG. 9 is a block diagram of the components of the block

by causing the variable gain circuit to reduce the amplitude

diagram of FIG. 1 that are.used to analyze the spurious

of the noise signal to a su?icient level and for a su?‘icient
period to allow the acoustic transducer to cool after the

vibration of an electro-acoustic system and the environment
in which it is installed.

system has completed its thermal limit analysis. The micro

FIG. 10 is a ?ow chart showing the presently preferred
embodiment of software executed by a microprocessor in
the analysis system of FIG. 1.

processor detennines thermal mass by causing the variable
gain circuit to quickly increase the power delivered to the
acoustic transducer to the known thermal limit, and there

after monitoring and logging the amplitude of the micro
phone output signal. As the acoustic transducer heats, the

DETAILED DESCRIPTION OF THE
INVENTION

microprocessor detects a predetermined decrease in the

amplitude of the microphone output signal, and determines

15

the thermal mass as a function of the elapsed time from the
increase in power delivered to the acoustic transducer to the

detection of the predetermined decrease in the amplitude of

the microphone output signal.
In a ?nal aspect of the invention, the spurious vibration of
the electro-acoustic system is determined by applying the
noise signal output from the noise generator to a band-rej ect
?lter that attenuates frequency components within a prede
termined band of frequencies centered at a speci?ed fre
quency. The ?ltered noise signal is then applied to the
electronic input of the electro-acoustic system. The resulting

microprocessor 12 receives, at respective input ports, single

25

bit digital signals from a plurality of switches, indicated
generally at 14. As explained below, the switches determine
the nature of the stimulus signal, the amplitude, frequency
and phase of the stimulus, specify the type of test that is to
be conducted, and input other information to the micropro
cessor 12. A digital volume control 16 is connected to 3

acoustic signal generated by the acoustic transducer is
picked up by the microphone and applied to a bandpass

analog ports of the microprocessor 12 to provide a signal for
selecting the amplitude of a stimulus signal applied to the
electro-acoustic system. Another series of switches, indi

?lter having a pass-band centered at the same frequency as

the reject-band of the band-reject ?lter. The microprocessor

cated generally at 18, are connected to the microprocessors

causes the common band-reject frequency of the band-reject

12 through respective ports. The switches 18 correspond to

?lter and the pass~band frequency of the band-pass ?lter to

the octaves of the audio bandwidth, i.e., 20 Hz, 40 Hz, 80

scan within the frequency spectrum separated by an excess

phase test. By monitoring the intensity of the band-pass
?ltered microphone output, the analysis system is able to
detect spurious vibration signals that are picked up by the

A block diagram of the inventive analyzer system for
electro-acoustic systems is illustrated in FIG. 1. The opera
tion of the system 10 is controlled by a microprocessor 12
of conventional design. The software that is used to program
the microprocessor 12 will be explained in detail below. The

35

Hz, 160 Hz, 320 Hz, 640 Hz, 1280 Hz, 2.5 KHz, 5 KHz, 10
KHz, and 20 KHz. As explained below, these switches 18
are used to select the low and high frequency limits of a

swept frequency sine wave stimulus signal applied to the
electro—acoustic system.
To the right of the microprocessor 12, as shown in FIG.

microphone at frequencies that are not present in the acous

tic signal generated by the acoustic transducer.
BRIEF DESCRIPTION OF THE DRAWINGS

1, are the remaining components of the system 10. These
components basically consist of a stimulus system for pro
viding an electrical signal to the electrical input of the

FIG. 1 is a block diagram of the inventive system for
analyzing the performance parameters of an electro-acoustic

electro-acoustic system, an analysis subsystem that receives

system.

45

FIGS. 2A-2C are frequency response graphs of the elec
tro-acoustic system and of ?lters used to determine the high
cutoff frequency of the electro-acoustic system.
FIG. 3 is a graph showing the relationship between the
frequency response of the electro-acoustic system and the
?lter frequency response graphs of FIG. 2 shown at a

mid-frequency of the electro-acoustic system’s bandwidth.
FIG. 4 is a graph showing the relationship between the
frequency response of the electro-acoustic system and the
?lter frequency response graphs of FIG. 2 shown above the
high frequency cutoff of the electro-acoustic system.
FIG. 5 is a graph showing the relationship between the
frequency response of the electro-acoustic system and the
?lter frequency response graphs of FIG. 2 shown at the high
frequency cutoff of the electro-acoustic system.
FIG. 6 is a block diagram of the components of the block
diagram of FIG. 1 that are used to analyze the bandwidth of

an electrical signal from a microphone that picks up an
acoustic signal from an acoustic transducer of the electro
acoustic system, and a display subsystem for providing a

visual display of the operating status of the analysis system
or of the results from an analysis. The microphone output
signals are then analyzed to provide a visual indication of a

number of performance parameters.
The initial source of the stimulus signal is either an
oscillator signal from a source oscillator 22, or a random
noise signal from a random noise generator 24 of conven
55

tional design. The oscillator 22, which may be a conven
tional voltage controlled oscillator (”VCO“), is turned on
and off by a “SOURCE OSC OFF” signal from the micro~

processor 12, and its operating frequency is controlled by an

analog control signal generated by the microprocessor 12
through a digital‘to-analog (“DA”) converter 30 and an

output multiplexer 32 controlled by the microprocessor 12.
Similarly, the noise generator 24 is turned on and olf by a

“NOISE INHIBIT” signal generated by the microprocessor

12. The output of the oscillator 22 and the output of the noise
generator 24 are applied to an analog summer 40 having an
FIG. 7 is a block diagram of the components of the block 65 output connected to the input of a state variable ?lter 42. The
diagram of FIG. 1 that are used to analyze the thermal limit
summer 40 may be implemented by a conventional opera
and related parameters of an electro-acoustic system.
tional ampli?er summary circuit. As explained below, the

an electro-acoustic system.
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state variable ?lter 42 performs the functions of low-pass

The outputs of the ?lter 70 are applied to respective,

?ltering, high-pass ?ltering and band-pass ?ltering the sig

conventional peak hold circuits 74, 76, 78 which sample

nal applied to its input, and applies these ?ltered output
signals to respective outputs. The state variable ?lter 42 may

their respective ?lter output at a time determined by a bit

from the microprocessor 12. The outputs of the peak hold
circuits 74-78 are thus voltages indicative of the peak
amplitudes of the respective outputs of the ?lter 70. These
amplitude indicative signals are applied to an analog to
digital converter 80 through an input multiplexer 82 under
control of the microprocessor 12. The analog-to-digital

be a “DUAL CHANNEL SECOND ORDER SWITCHED

CAPACITOR FILTER” sold by National Semiconductor as

part number LMFlOOCCN. The cutoff frequencies of the

low-pass and high-pass ?lters and the band-pass frequency
of the band-pass ?lter is determined by the frequency of a
signal applied to a frequency control input of the state
variable ?lter 42 by a frequency control oscillator 48. The

10

frequency control oscillator 48 may be the same circuit as
the oscillator 22, and it is thus controlled in the same manner

as the source oscillator 22 by the microprocessor 12 through
the digital-to-analog converter 30 and the output multiplexer
32, and it is turned on and off by a “FILOSC 1 OFF” signal
from the microprocessor 12. When the source of the stimu
lus signal is the oscillator 22, the source signal is low-pass
?ltered by the state variable ?lter 42 and applied to a
variable gain circuit 50. The variable gain circuit may be a
“VOLTAGE CONTROLLED AMPLIFIER” sold by Analog
Services as model number SSM2024. The gain of the
variable gain circuit 50 is controlled by an analog “OSC

15

attenuator 92 to a conventional RMS converter 94 that

attenuator 92 is controlled by a two bit “PWR AMP A'I'I‘EN”
20

25

signal from the noise generator 24, it is high-pass ?ltered by
the state variable ?lter 42 and applied to another variable

gain circuit 58. The gain of the variable gain circuit 58 is
controlled by an analog “NOISE MIX LEVEL” signal

signal from the microprocessor 12 to match the signal
applied to the power input terminals 90 to the operating
range of the RMS converter 94. As explained below, by
receiving the signal applied to the acoustic transducer of the
electro-acoustic system, the analysis system 10 is able to
determine the power of the acoustic signal being applied to
an “AMPLITUDE COMPRESSOR” sold by That Corp. as
model number 4301.
The band-pass output of the state variable ?lter 70 is also
applied to a conventional compressor circuit 100, such as the
compressor circuit 100 outputs a sine wave having a con

stant amplitude and a phase and frequency equal to the phase
and frequency of the signal applied to its input. The output
of the compressor 100 is applied to a conventional mixer 102
which may be a “Four Quadrant Analog Multiplier” sold by

generated by the microprocessor 12 through the digital to
analog 30 and output multiplexer 32. The variable amplitude
35

summer 54.

The above-described components constitute the stimulus

subsystem of the analysis system 10. The remaining com
ponents are essentially part of the analysis subsystem or the

display subsystem. The primary analysis signal path is from
a connector 60 that is adapted to receive a signal from a

conventional calibrated microphone 62. The microphone 62
picks up the acoustic signal generated by an acoustic trans
ducer (not shown) forming part of the electro-acoustic
system which receives its stimulus signal through connector
52. The resulting electrical signal output by the microphone
62 is applied to another variable gain circuit 65 through a
conventional preampli?er 66 having two gain levels as

the electro-acoustic system. The signal applied to the power
input temrinals 90 are coupled through a conventional

provides an analog signal indicative of the power of the
signal applied to the RMS converter 94. The gain of the

applied to a test signal connector 52 through a summer 54.
In the case where the source signal is the random noise

noise signal of the output of the variable gain circuit 58 is
then also applied to the test signal jack 52 through the

of the amplitude of each ?lter output.
Another analysis signal is applied to a pair of power input
terminals 90 from the tenninals of an acoustic transducer in

MIX SIGNAL” generated by the microprocessor 12 through
the digital to analog converter 30 and output multiplexer 32.
The variable amplitude sign wave from the ?lter 42 is then

converter 80 sequentially outputs a multi-bit word indicative

Analog Devices as model number AD633. The mixer 102
also receives the output of a second compressor 104 which,
in turn, receives its input from the band-pass output of the
state variable ?lter 42. As explained above, the state variable
?lter 42 receives its input from the oscillator 22. The output
of the compressor 104 thus has a phase and frequency that
is the same as the phase and frequency of the signal applied
to the electro-acoustic system through connector 52. The

mixer 102 thus compares the phase of the stimulus signal
with the phase of the source signal and outputs a voltage
45

indicative thereof. The mixer 102 also outputs a number of
higher frequency components which are attenuated by a

conventional low-pass ?lter 108. The output of the low-pass
?lter 108 is thus a DC voltage indicative of the difference in

phase between the stimulus signal and the analysis source
deterrrtined by an “ACOUSTIC IN 1 PAD” signal from the
microprocessor 12. The variable gain circuit 64 boosts the 50 signal. However, it may be offset by a DC voltage applied to
the mixer 102 from the microprocessor 12 through the
microphone output signal by an amount determined by an

analog “ACOUSTIC MIC 1 IN LEVEL” signal generated
by the microprocessor 12 through the digital-to-analog con
verter 30 and output multiplexer 32. The output of the
variable gain circuit 64 is applied to another conventional
state variable ?lter 70 which, like the state variable ?lter 42,

performs the functions of low-pass ?ltering, high-pass ?l
tering and band-pass ?ltering the input signal. Also, like the

55

digital-to-analog converter 30 and the output multiplexer 32
for reasons that will be explained below. This phase indica
tive analog signal is applied to the analog to digital converter
80 through the input multiplexer 82 so that microprocessor
12 can determine the phase shift through the electIo-acoustic
system 91.

The output of the low-pass ?lter 108 is also applied to a
conventional servo circuit 110 that outputs an analog signal
60 indicative of the change in phase as a function of frequency.
Although the servo circuit 110 does not receive any input
indicative of frequency, it is able to determine the change in
phase as a function of frequency using a simple time
output by the microprocessor 12 through the digital-to
differentiator circuit because the frequency of the stimulus
analog converter 30 and output multiplexer 32. The oscil
signal changes at a known rate. The output of the servo
lator 72 is switched on and oil" by a “FIL OSC 2 OFF” signal
circuit 100 is thus an analog signal indicative of group delay.
generated at an output port of the microprocessor 12.
This group delay signal is also applied to the multiplexer 12

state variable ?lter 42, the low-pass and high-pass cuto?
frequencies and the band-pass frequency of the ?lter 70 are
controlled by the frequency of a signal generated by a ?lter
oscillator 72. The operating frequency of the oscillator 72 is
controlled by an analog “FILTER 2 OSC FREQ” signal

5,555,311
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through the analog-to-digital converter 80 and the input

area of the overlap of the high-pass ?lter transfer function

multiplexer 82.

because the band-pass ?lter transfer function peaks at fcl,
while the high-pass ?lter transfer function is already 3 dB
down at fcl. Thus, when the operating frequency of the state
variable ?lter 70 fc1 is greater than the high cutoff frequency
f,, of the electro-acoustic system transfer function, the

A ?nal analysis source signal may be applied to the

analysis subsystem 10 through a second acoustic input
terminal 120 which is adapted to receive the output of a

microphone (not shown). The terminal 120 is connected to
another variable gain circuit 122 through a preampli?er 124

energy from the band-pass ?lter output of the ?lter 70 is
greater than the energy from the high-pass output of the ?lter
42.
The operating frequency of the state variable ?lter 70 is
shown at the high frequency cutoff fH of the electro~acoustic
system in FIG. 5. Under these circumstances, the area that
the band-pass ?lter transfer function overlaps the electro
acoustic transfer function is equal to the area that the

in the same manner that the variable gain circuit 64 receives

the signals from terminal 60 through the preampli?er. The
output of the variable gain circuit 122 is applied to the state
variable ?lter 42 through the summer 40.

The ?nal subsystem of the analyzer system 10 is the
display subsystem. The display subsystem includes a con
ventional plasma display 130 having a 128x64 pixel array.
The display 13.0 receives appropriate signals from a con
ventional display driver 132 to display either graphs or alpha
numeric characters. The display subsystem also includes a

high-pass ?lter transfer function overlaps the electro-acous
tic transfer function. Thus, when the operating frequency of
the state variable ?lter 70 is below the high frequency cutoff
of the electro-acoustic system (FIG. 3), the accumulated

number of indicator lights 134 marked with appropriate

energy from the high-pass output of the ?lter 70 will be

legends which receive their drive signals from a conven
greater than the accumulated energy from the band-pass
20
tional transistor array 136.
output. When the operating frequency of the ?lter 70 is

greater than the high frequency cutoff of the electro-acoustic
system (FIG. 4), the accumulated energy from the band-pass

The operation of the analysis system 10 of FIG. 1 will
now be explained with reference to the ?ow chart of FIG. 2
and the schematics of FIGS. 3-6 showing the components of
the system of FIG. 1 that are used for each of several tests.
The manner in which the inventive analysis system for
electro-acoustic systems is able to determine the bandwidth
of the electro-acoustic system as illustrated with ?rst refer
ence to FIG. 2. By way of example, waveform A depicts the

25

output of the ?lter 70 will be greater than the accumulated
energy from the high-pass output of the ?lter 70. When the
operating frequency of the state variable ?lter 70 is equal to

the high frequency cutoff of the electro-acoustic system
(FIG. 5), the accumulated energy from the band-pass output
of the ?lter 70 will be equal to the accumulated energy from

the high-pass output of the ?lter 70.

frequency response of the eleetro-acoustic system in which
the low frequency cutoff (i.e., 3 dB down) is at a frequency
f,_ and the high frequency cutoff (i.e., 3 dB down) is at a

A similar technique can be used to detect the low fre

quency cutoff of the electro-acoustic system. Speci?cally,
when the operating frequency fc of the state variable ?lter
70 is above the low frequency cutoff fL of the electro
acoustic system, the accumulated energy from the low-pass

frequency fH. The transfer function of the state variable ?lter

70 from the input to the band-pass output is shown in graph

B, while the transfer function of the state variable ?lter 70 35
output of the ?lter 70 will be greater than the accumulated
from the input to the high-pass output is shown in graph C.
energy from the band-pass output of the ?lter 70. When the
The pass band of the band-pass ?lter and the cutoff fre~

operating frequency fc of the ?lter 70 is lower than the low
frequency cut-off fL of the electro-acoustic system, the
accumulated energy from the band-pass output of the ?lter

quency of the high-pass ?lter are both set to the same

frequency fc. The ?lter waveforms B and C can be corre
lated with the transfer function of the electro-acoustic sys
tem in order to determine the high frequency cutoff of the
electro-acoustic system. With reference to FIG. 3, the wave
forms B and C are shown correlated with the transfer

70 will be greater than the accumulated energy from the

low-pass output of the ?lter 70. When the operating fre
quency fc of the ?lter 70 is equal to the low frequency

function of the electro-acoustic system at a ?lter frequency

of fc that is between the low cutoff frequency fL and the high
cutoff frequency f,,. Under these circumstances, the corre
lation of the electro-acoustic system transfer function with
the transfer function of the band-pass ?lter corresponds to
the area beneath the band-pass ?lter transfer function. The
correlation between the electro-acoustic transfer function
and the high-pass ?lter transfer function corresponds to the
area of overlap between the electro-acoustic transfer func
tion and the high-pass ?lter transfer function. Where the
operating frequency fc of the state variable ?lter 70 is less

than the high frequency cutoff f” of the electro-acoustic
system, the energy of the correlated high-pass ?lter transfer

45

explained with reference to FIG. 6 showing the major
components of the system 10 that are used to determine

bandwidth. The microprocessor 12 initially sets the operat
ing frequency of the state variable ?lter 70 above the
expected high frequency cutoff of the electro-acoustic sys
tem. The ?lter 42 is also set by the microprocessor 12 at a
55

electro-acoustic system, preferably from a relatively high
frequency to a relatively low frequency.

The state variable ?lter 70 transfer functions are shown

lap of the band-pass ?lter transfer function is greater than the

frequency above the expected high frequency cutoff of the
electro-acoustic system so that the stimulus signal will pass
through the ?lter 42. The microprocessor 12 then causes the
oscillator 12 to sweep over the expected bandwidth of the

low-pass ?lter transfer function.

electro-acoustic system transfer function. The area of over

the low‘pass output of the ?lter 70.
The manner in which the analysis system 10 determines
the bandwidth of the electro-acoustic system will now be

function will be greater than the energy in the correlated

correlated with the electro-acoustic system transfer function
at a ?lter frequency fc1 above the high frequency cutoff
frequency fH in FIG. 4. Under these circumstances, the area
in which the band-pass transfer function overlaps the elec
tro-acoustic system transfer function is greater than the area
in which the high-pass ?lter transfer function overlaps the

cut-01f fL, the accumulated energy from the band-pass output
of the ?lter 70 will be equal to the accumulated energy from

It is highly preferred that the oscillator 22 be swept so that
it spends the same amount of time at each frequency so that

65

the spectrum of the swept signal is uniform. Although the
oscillator 22 may be swept continuously, it is preferably
swept by incremental changes in the oscillation frequency.
Under these circumstances, the oscillator 22 preferably
changes frequency at a O crossing point of the oscillator
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output signal. Otherwise, the discontinuities in the oscillator
output signal will generate high frequency harmonics that

ated by the random noise generator 24. The noise signal is
high-pass ?ltered by the state variable ?lter 42 set to a

frequency above the low frequency cuto? of the electro

will affect the accuracy of the bandwidth measurement.
The system can determine either the high frequency cutoff

acoustic system to avoid delivering excessive power to the
acoustic transducer below the low frequency cutoff of the
transducer. The high-pass output of the ?lter 42 is then

or the low frequency cut-oiT ?rst. Assuming that the high
frequency cutoff is to be determined ?rst, the peak ampli
tudes of the respective signals of the high-pass and band
pass outputs of the ?lter 70 are periodically detennined as
the oscillator 22 sweeps over the frequency spectrum. Each

of these peak values are applied to the microprocessor 12
through the multiplexer 82 and analog to digital converter

10

In analyzing the thermal limit of an electro-acoustic

system, two analysis signals are used. A ?rst analysis signal
is applied to the system through the power input terminals 90

80. The values are accumulated in internal memory in the

microprocessor 12, such as by maintaining a running total of
the amplitude of each ?lter output. After the oscillator 22 has
been swept over the entire frequency range, the micropro
cessor determines whether the accumulated values for the
high-pass ?lter are greater or less than the accumulated

from the terminals of the acoustic transducer. This power
15

values for the band-pass ?lter. If the accumulated high-pass
values are less than the accumulated band-pass values, the
operating frequency of the state variable ?lter 70 is reduced

range again while the signals at the high-pass and band-pass

25

quency of the state variable ?lter 70 until the accumulated
band-pass ?lter values become less than the accumulated
high-pass ?lter values. The operating frequency of the state

state variable ?lter 70. The microprocessor 12 sets the
operating frequency of the state variable ?lter 70 at the low
frequency cuto?r of the electro-acoustic system. As a result,
the signal at the high-pass output of the ?lter 70 encom
passes the entire band-width of the electro-acoustic system.

The high-pass output is applied to the peak hold circuit 78
which generates an analog signal indicative of the peak
amplitude of the signal at the high-pass output of the ?lter

variable ?lter 70 at which this occurs is then determined to

be the high frequency cutoff of the electro-acoustic system.
The low frequency cutoff of the electro-acoustic system is

70. The output of the peak hold circuit 78, as well as the

output of the RMS circuit 94, is applied to the micropro
cessor 12 through the multiplexer 82 and the analog to
digital converter 80.

determined in a similar manner. The microprocessor 12 ?rst
sets the operating frequency of the state variable ?lter 70 to

a frequency well above the expected low frequency cuto?" of
the electro-acoustic system and then sweeps the oscillator 22
from well above the expected low frequency cutoff of the
electro-acoustic system to below the expected low frequency
cutoff of the electro-acoustic system. During the sweep of
the oscillator output signal, the peak values at the band-pass
and low-pass outputs of the ?lter 70 are periodically

input signal is applied to the RMS converter 94 which
outputs an analog signal indicative of the RMS power of the
signal delivered to the acoustic transducer.
The second analysis signal for analyzing the thermal limit
of the electro-acoustic system is the output of the micro

phone 62 which picks up the acoustic signal generated by the
acoustic transducer. The microphone output signal, after
being ampli?ed by the preampli?er 124, is applied to the

and the oscillator 22 made to sweep over the frequency

outputs of the ?lter 70 are accumulated. A comparison is
once again made between the accumulated high-pass ?lter
values and the accumulated band-pass ?lter values. The
microprocessor 12 continues to reduce the operating fre

applied to the electronic input of the electro-acoustic system
through another variable gain circuit 58. The gain of the
variable gain circuit 58 is controlled by the microprocessor
12.
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In operation, the microprocessor 12 gradually increases
the gain of the noise signal output by the variable gain circuit
58 so that the amplitude of the noise signal applied to the

electro-acoustic system gradually increases. The resulting
increases in the electrical signal applied to the electro
40

acoustic system, as well as the amplitude of the resulting

sampled and applied by the multiplexers 82 and A/D con

acoustic signal generated by the acoustic transducer, are
monitored by the microprocessor 12. During the period

verter 80 to the microprocessor 12 where the samples are
accumulated. At the end of the sweep of the oscillator output

transducer, the analysis signals will track the amplitude of

signal, the microprocessor determines whether the accumu

where relatively low level power is applied to the acoustic
45

lated band-pass ?lter values are greater or lesser than the

accumulated low-pass ?lter values. If the accumulated low
pass ?lter values are less than the accumulated band-pass

?lter values, then the operating frequency of the state
variable ?lter 70 is decreased and another sweep of the
oscillator 22 occurs. The operating frequency of the state
variable ?lter 70 is repeatedly reduced after each sweep of
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converter 94. When this occurs, the thermal limit of the

the oscillator 22 until the state variable ?lter 70 reaches an

operating frequency at which the accumulated band-pass
?lter values become larger than the accumulated low-pass
?lter values. The state variable operating frequency at which
this occurs is determined to be the low frequency cutoff of

the electro-acoustic system. The microprocessor 12 then

the noise signal so that there will be a linear relationship

between the amplitude of the noise signal stimulus and the
amplitude of the analysis sources. However, when the ther
mal limit of the acoustic transducer is reached, the acoustic
signal picked up by the microphone 62 will no longer track
either the noise signal applied to the input of the electro
acoustic system or the power signal applied to the RMS
acoustic transducer has been reached. The microprocessor
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12 then determines the power level of the acoustic trans
ducer’s thermal limit from the output of the RMS circuit 94.
The analysis system 10 thus determines the true value of the

power that the acoustic transducer is capable of handling
without performance degradation, and this value is typically

causes the display 130 to display either the numerical of the
far less than the amount of power that the acoustic trans
CUTOFF frequencies or else a graph of the transfer function 60 ducer is capable of handling without being damaged.
of the electro-acoustic system.
After the thermal limit has been determined, the thermal
The manner in which the analysis system 10 determines
mass of the system may also be determined. The thermal
the thermal limit of the electro-acoustic system will now be
mass of the system is related to how quickly the acoustic
explained with reference to FIG. 7 which shows the essential
transducer is heated beyond its thermal limit. An acoustic
components of the analysis system 10 that are used to 65 transducer requiring more time to reach its thermal limit has
determine the thermal limit. The stimulus signal applied to
a greater thermal mass. The thermal mass is obtained by
the electro-acoustic signal is a random noise signal gener
decreasing the gain of variable gain circuit 58 to allow the
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acoustic transducer to cool. After a su?icient cooling period
has elapsed, the variable gain circuit 58 is set by the
microprocessor 12 to the same gain to which it was set when

and group delay as a function of frequency. As is well known
in the art, a graph of this nature allows one skilled in the art
to determine if an amplitude reduction at a particular fre‘

the thermal limit occurred. The acoustic signal picked up by
the microphone 62 is then monitored along with the elapsed

quency is produced by a null that cannot be eliminated
through equalization or if it is produced by a dip that can be

time from the rapid increase in the amplitude of the noise
signal. The elapsed time at which the output of the micro

eliminated through equalization.

phone 62 falls 3 dB is used to calculate the thermal mass of
the acoustic transducer by a known formula.

analyze the spurious vibration of the electro-acoustic system

The components of the analysis system 10 that are used to
or its surrounding environment will now be explained with
reference to FIG. 9. The source of the stimulus signal for the

The portion of the analysis system 10 that is used to
determine phase shift and group delay is illustrated in FIG.
8. Basically, the purpose of the phase shift and group delay
analysis is to determine and display the phase shift from the
electrical input to the electro~acoustic system to its acoustic
output as a function of the frequency of the electrical
stimulus applied to the electro-acoustic system. The micro

spurious vibration analysis is the random noise signal output
by the noise generator 24 which is applied to the input of the
state variable ?lter 42. The high-pass and low~pass outputs
of the state variable ?lter 42 are combined in the summer 54,
15

processor 12 applies appropriate control signals to the
oscillator 22 and the state variable ?lter 42 to cause the
oscillator 22 and ?lter 42 to sweep at the same frequency

from one end of the frequency spectrum to the other. The

high-pass output of the ?lter 42 is applied to the electrical
input of the electro-acoustic system so that the electro—
acoustic system receives a swept sign wave. The band-pass

20

and the resulting output is applied to the electrical inputs of
the state variable ?lter 70. The stimulus signal thus consists
of all of the .frequency components of the random noise
signal produced by the random noise generator 24 except a
small band of frequencies centered at the operating fre
quency of the ?lter 42.

The resulting acoustic signal is picked up by the micro
phone 62, ampli?ed by the preampli?er 66 and applied to the
input of the state variable ?lter 70. The band-pass output of

output of the state variable ?lter 42 is applied to the

the state variable ?lter is the only output of the state variable
?lter 70 that is used. The state variable ?lter 70 operates at
a frequency that is set by the same control signal used to

compressor 104 to cause the compressor 104 to generate a

?xed amplitude sign wave having a phase and frequency
equal to the phase and frequency of the stimulus signal
applied to the electro-acoustic system.
The resulting acoustic signal is picked up by the micro

control the operating frequency of the state variable ?lter 42.
Thus, the band-pass output of the state variable ?lter 70
contains the same frequency components that are excluded
from the output of the summer 54. The amplitude of the
noise signals at the band-pass output of the ?lter 70 are

phone 62, and after being amplified by the preampli?er 66,

as applied to the input of the state variable ?lter 70. The
periodically sampled by a peak hold circuit 76 and applied
operating frequency of the state variable ?lter 70 is con
to the microprocessor 12 through the multiplexer 82 and
trolled so that it is at all times equal to the operating
analog-to-distal converter 80.
frequency of the state variable ?lter 42. As a result, the state
variable ?lter 70 is swept along with the oscillator 22 and 35
In operation, the microprocessor 12 scans the operating
state variable ?lter 42. The band-pass output of the ?lter 70
frequency of the state variable ?lters 42, 70 over the
is applied to the second compressor 100 which thus gener
bandwidth of the electro-acoustic system. The microphone
ates agconstant amplitude sine wave having a phase and
62 picks up not only the acoustic signal resulting from the
frequency equal to the phase and frequency of the acoustic
electrical signal output by the surruner 54, but it also picks

signal picked up by the microphone 62. The sine wave from
the comparator 100 is applied to the mixer 102 along with
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the sine wave of the compressor 104 which has a phase and

frequency equal to the phase and frequency of the stimulus
signal. The output of the mixer 102 thus has a DC level
indicative of the phase shift through the electro-acoustic
system as well as higher frequency mixing products of the
sine wave signals applied to its inputs. These higher fre
quency mixing products are removed by the low-pass ?lter
108, thus leaving a DC signal indicative of phase shift as
essentially the only component of the signal at the output of
the low-pass ?lter 108. This phase indicative signal is
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up spurious noise generated by the electro-acoustic system
or objects in the environment of the electro-acoustic system.
The analysis system is able to determine which of the signals
picked up by the microphone 62 are spurious, because the
spurious signals will have frequency components that are
not present in the stimulus signal applied to the electrical
inputs of the electro-acoustic system. For example, if the
band-pass of the state variable ?lter 42 is centered at 1

kilohertz, the acoustic signal generated by the acoustic
transducer will consist of random noise at all frequencies
except in the range of l kilohertz. Thus, any 1 kilohertz

frequency components picked up by the microphone 62

applied to the microprocessor 12 through the input multi

must be generated by objects that are driven to vibrate at that

plexer 82 and the analog~to-distal converter 80. The phase
indicative signal at the output of the low'pass ?lter 108 is

frequency by other frequency components of the acoustic

also applied to the servo circuit 110 which outputs a signal
indicative of the derivative of phase with respect to fre
quency. As mentioned above, although the servo circuit 110
does not receive any input indicative of frequency, it can
determine the change in phase as a function of frequency
with a simple time based differential circuit since the micro
processor 12 sweeps the oscillator 22 and ?lters 42, 70 at a

signal. In this manner, the state variable ?lters 42, 70 scan
55

are produced at any frequency in the band-width of the

electro-acoustic system. The microprocessor 12 records the
peak amplitude values output by the peak hold circuit 76 and
the corresponding frequency at which the sample is taken.
After the entire band-width has been sampled, the micro
processor 12 plots a graph on the display 130 of the

known rate.

As the microprocessor 12 sweeps the frequency of the
oscillator 22 and ?lters 42, 70, it records the phase shift and
group delay at each of a plurality of frequencies. The

microprocessor 12 then applies appropriate signals to the
display 130 to create a graph of the magnitude of phase shift

the frequency spectrum to determine if spurious vibrations

amplitude of the spurious vibrations as a function of fre
quency.

The preferred embodiment of the portion of the analysis
65

system that determines spurious vibration applies a broad
band noise signal to the electro-acoustic system and exam
ines a narrow band of acoustic signals. It will be understood,
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however, that the analysis system may alternatively apply a

22 to sweep so that the amount of time at the oscillator 22

narrow band swept frequency stimulus to the electro-acous
tic system and examine a broad band of acoustic signal of all

frequency spectrum of the stimulus signal output at the

operates at all frequencies is constant. As a result, the

frequencies except the narrow band frequency components

terminal 52 is of constant amplitude over the sweep range.

of the stimulus. In this case, the band-pass output of the state
variable ?lter 42 would be applied to the electro-acoustic

In step 234, the microprocessor periodically samples the
low-pass output, high-pass output and band-pass output of

system, and the high-pass and low-pass outputs of the state

the ?lter 70 during the sweep of the oscillator 22 and then
averages all of those output samples. The average of the
high-pass output samples are compared to the average of the
band-pass samples at step 236. It is assumed that the initial
10

variable ?lter would be summed with the summer 54 and

applied to the peak hold circuit 76.
As explained above, the microprocessor 12 is pro
grammed to analyze the performance parameters of the

electro-acoustic system. The presently preferred software
for programming the microprocessor 12 will now be
explained with reference to the ?ow chart of FIG. 10. The
program is entered at step 200 where all of the stimulus
signal sources, i.e., the oscillator 22 and the noise generator
24 are turned off by the microprocessor 12 generating
appropriate control signals as explained above with refer
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lowered by 1A8 of an octave. Steps 232-238 are continuously
repeated until the program detects at step 236 that the
average high-pass ?lter output has become greater than the
average band-pass ?lter output. The program then branches
to step 240 to set the high frequency cutoff at the current

ence to FIG. 1. The state variable ?lter 70 is then set to 2

kilohertz at step 202, and the gain of the preampli?ers 66,
124 are set to their mid-range at step 204.

operating frequency of the ?lter 70. The operating frequency

The program then goes through a series of steps to

of the ?lter 70 is then lowered at step 242 in preparation for
detemiining the low frequency bandwidth of the electro
acoustic system.
The program begins to analyze the low frequency band

properly set the amplitude of the source signal and the gain
of the analyzer circuits. Speci?cally, at steps 206 the micro
processor 12 samples the high-pass output of the ?lter 70

through the peak hold circuit 78, multiplexer 82, and A/D

width of the electro-acoustic system at step 250 in the same

converter 80 to determine if a signal is present. If not, the

manner as in step 232. Once again, in the same manner as

microprocessor 12 samples the low-pass output of the ?lter

in step 234, the program in step 252 samples the low-pass
output, the high-pass output and the band-pass output of the

70 at step 208 in the same manner. If there is no signal

present at the high-pass output of the ?lter 70, but there is
a signal present at the low-pass output of the ?lter 70 as
detected at 206, 208, the microprocessor 12 increments the

operating frequency of the state variable ?lter 70 at step 210,
thereby approaching parity with the ambient noise level in
the low in high frequency bands of the ?lter 70. The program
then branches back to step 206 to check for an ambient level

at the high-pass output of the ?lter 70.
If the program determines at steps 206, 208 that an
ambient level is not on either the low~pass output of the ?lter
70 or the high-pass output of the ?lter 70, the microproces
sor 12 increases the gain of the preampli?ers 66, 124 at step
212, and the program once again returns to 206 to check for
an ambient level on the high-pass output of the ?lter 70.
Once an ambient level signal is detected on the high-pass
output of the ?lter 70, the program branches from step 206
to step 214, where the current gain value of the preampli?er
66, 124 are stored. The stored values of the preampli?er
gains are used as the noise threshold for setting the pream

3O
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so that the program will normally branch to step 258 where
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system. Similarly, the current setting of the state variable
?lters 42, 70 is stored at step 216. In step 220, the gain of
the preampli?ers 66, 124 are increased at 20 dB above their

After the analyzer system 10 has been set up in steps
206-224, the analysis system 10 analyzes the bandwidth of
the electro-acoustic system. The state variable ?lters 42, 70

?lter 70 and averages those samples. The average of the
band-pass outputs is then compared to the average of the
low-pass outputs at step 254. Since the operating frequency
of the ?lter 70 is initially well above the low frequency
cutoff of the electro-acoustic system, the average of the
low-pass outputs will be greater than the average of the
band-pass outputs. The program will thus branch to step 256
to determine if the operating frequency of the ?lter 70 has
been decremented to 40 Hz. Step 256 is performed to
provide a de?nitive end point for the operating frequency of
the ?lter 70. In normal operation, the low frequency cutoff
of the electro-acoustic system, will be reached before 40 Hz

the operating frequency of the ?lter 70 is lowered by 1A8 of

pli?er gain in performing the analysis of the electro-acoustic

ambient levels stored at 214. The ?lters 42, 70 are then swept
over the expected band-width of the electro-acoustic system
at 1/12 of an octave intervals and the band-pass output of the
?lters are sampled as described above in step 222. The
samples of the band-pass ?lter are then stored in internal
memory in the microprocessor 12 at step 224 as ambient
sound level at each frequency.

?lter operating frequency of 10 kilohertz is above the high
frequency cutoff of the acoustic transducer being tested.
Thus, during the ?rst pass through step 236, the average of
the high-pass outputs will be less than the average of the
band-pass outputs, thus causing the program to branch to
step 238 where the operating frequency of the ?lter 70 is

an octave. Steps 250—258 are continuously repeated until the
program determines at 254 that the average of the low-pass
outputs of the ?lter 70 have become less than the average of
the band-pass outputs of the ?lter 70. The program will then
branch to 260 to set the low frequency cutoif of the electro
acoustic system at the operating frequency of the ?lter 70. At
this point, the microprocessor has determined the low and

high cutoff frequencies of the electro-acoustic system. By
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recording the average of the band-pass ?lters at each oper
ating frequency of the ?lter 70, the microprocessor is able to
also display a heavily smoothed frequency response of the
electro-acoustic system between the low and high cutoif
frequencies. The program then goes on to analyze the
thermal limits of the electro-acoustic system.
As mentioned above, the stimulus signal for the frequency
response test may be a broad band noise signal instead of a
swept sine wave. In this case, the microprocessor 12 ener

gizes the noise generator 24, sets the frequency of the
oscillator 48 to below the expected low cutoff frequency of
the electro-acoustic system, and sets the variable gain circuit

are set to 10 kilohertz at step 230. The microprocessor 12
then sweeps the frequency of the oscillator 22 from one
58 at the proper level. The oscillator 72 for the ?lter 70 is
octave below the operating frequency of the ?lters 42, 70 to 65 then swept over the frequency range of interest while the
one octave above the operating frequency of the ?lters 42,
microprocessor 12 accumulates data at each of many fre
70 at step 232. The microprocessor 12 causes the oscillator
quencies. This data is then processed as described above.
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The portion of the program analyzing the thermal limit of
the electro-acoustic system is entered at step 270, where the

nitude (e.g., 3 dB) the test terminates at step 296, and the

source ?lter 42 is set to the low frequency limit of the lowest

processor 12 to determine the thermal mass of the acoustic

acoustic transducer in the electro~acoustic system. By set
ting the source ?lter 42 to the low cutoff frequency of the
electro-acoustic system, excessive energy will not be
applied to the acoustic transducer at a frequency below
which it is able to dissipate mechanically. The receive ?lter
is then set to the approximate spectral center of the band
width of the acoustic transducer at step 272. This frequency
will normally be at the frequency where the low-pass output
of the state variable ?lter 70 is equal to the amplitude of the
high-pass output of the state variable ?lter 70 when a broad
band noise signal is applied to the electro-acoustic system.
The microprocessor 12 sets the output level of the source to

transducer as well as its thermal signature (i.e., change in
ef?ciency from thermal heating as a function of time). The
program then progresses to step 300 to start the analysis of

samples recorded at step 294 are saved to allow the micro

phase shift and group delay through the electro-acoustic
system.
The gain of the preampli?er 66 is set at step 300 to an
l0

sweep of the oscillator 22 will occur are set at step 302 as

the spectral center of the acoustic transducer plus and minus
one octave. The send state variable ?lter 42 and the receive
state variable ?lter 70 are also set to the spectral center of the
15

—40 dB by adjusting the variable gain circuit 58 that receives
the noise signal from the high-pass output of the source state

variable ?lter 42. This procedure is accomplished at step
274. The microprocessor 12 then reads the input level of the

microphone 62 at step 276 by sampling the low-pass output

82 and A/D converter 80 to provide a record of the frequency
response of the electro-acoustic system. This is accom
25

normally not be reached until many passes through step 278.
The program will thus initially branch to step 280 where the

microprocessor 12 compares the high-pass output of the
?lter 70 to the low-pass of the ?lter 70. If, as the amplitude
of the source signal increases, the signal at the high-pass

30

output of the ?lter 70 increases relative to the amplitude of

the signal of the low-pass output of the ?lter 70, then
clipping of the source signal has occurred since the clipping
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of the low frequency signals will generate higher frequency
reached, the program records the output level at which
clipping occurred at step 282 and terminates the thermal
limit test. If, as is normally the case, clipping does not occur,
the program branches from 280 to step 284 where the

system (as determined at step 260) to the high frequency
cutoff of the electro-acoustic system (as determined at step

applied to the acoustic transducer causes it to heat suffi
45

in power applied to the acoustic transducer will no longer be
matched by the same increase in the amplitude of the

electro-acoustic system as a function of frequency as well as

the group delay of the electro-acoustic system as a function

of frequency. The microprocessor then calculates and stores
the average change in phase for each incremental step in
frequency of the oscillator at step 322. As explained below,

to the terminals of the acoustic transducer in order to

this data is used to determine whether a null at a given
55

to determine the thermal mass of the acoustic transducer. At

frequency is correctable through equalization. The program
compares the phase shift and group delay with the mean
calculated at 322 in step 324. In the event that the dip
amplitude is less than ‘A of the mean amplitude over the
bandwidth of the electro-acoustic system, and the group
delay is greater than four times the mean group delay at any
frequency, the frequency is marked as unequalizable at step
324. An unequalizability magnitude is then calculated at step
326 as the ratio of the spectral amplitude value to the group

step 290, the microprocessor 12 outputs a new gain signal to
the variable gain circuit 58 for 30 seconds to allow the
acoustic transducer to cool. The microprocessor 12 then
restores the variable gain circuit 58 to the level of gain when
the thermal limit was reached at step 292. Since high power
is now being applied to the acoustic transducer, its tempera
ture increases eventually to the point where its e?iciency is

reduced. During this time, the band-pass output of the ?lter
294. Whenever the amplitude of the signal at the band-pass
output of the ?lter 70 is reduced by a predetermined mag

240). At step 316, the microprocessor 12 samples the output
of the low-pass ?lter during the sweep and stores these
values at step 318. The microprocessor 12 then receives and
stores the output of the servo circuit 110 at step 320. At this
point, the microprocessor has recorded the phase shift of the

acoustic signal. At this point, the microprocessor 12 deter
mines that the microphone input level is no longer tracking
the amplitude of the source signal and thus branches from
step 278 to step 288. At step 288, the microprocessor 12
samples the output of the RMS circuit 94, which is coupled

70 is sampled every 100 milliseconds for 40 seconds at step

provides a measure of the phase shift due to the propagation
time between the acoustic transducer and the microphone. In
order to determine the true phase shift through the electro
acoustic system, the “excess phase” must be eliminated from
future phase shift measurements.
The microprocessor 12 cancels out the effects of this
excess phase by applying a time offset between the start of

determined, the microprocessor starts the sweep of the
oscillator 22 at step 314. The oscillator 22 is swept at step
314 from the low frequency cutoff of the electro-acoustic

amplitude of the source signal is increased by 1 dB.
The program loops through steps 276-284 until the power

determine the power being applied to the acoustic transducer
at its thermal limit. The program then branches to step 290

plished at step 310. At step 312, the microprocessor 12
determines the elapsed time from the oscillator 22 sweeping
through the spectral center of send ?lter 42, and the receipt
of that frequency as indicated by the peaking of the signal at
the band-pass output of the ?lter 70. This elapsed time

the send sweep and the start of the receiver sweep so that the
output of the low-pass ?lter 108 is zero at the spectral center
of the acoustic transducer. Once the “excess phase” has been

harmonics. Ifclipping occurs before the alpha level has been

ciently that its ef?ciency is reduced. At this point, increases

acoustic transducer at step 304 and the quality factor “Q” for
the ?lters 42, 70 are set to a relatively high value, e.g., 10,
at step 306. The microprocessor then starts a sweep of the
oscillator 22 at step 308 between the end points set at step
302. During the sweep, the amplitude of the signal at the

band-pass output of the ?lter 70 is sampled by the micro
processor 12 through the peak hold circuit 76, multiplexer

of the peak hold circuit 74. At step 278, the microprocessor
12 determines if the amplitude of the microphone input level
has continued to track the amplitude of the stimulus signal.
In other words, if the source output level increases by one dB
and the microphone input level does not rise by a corre
sponding one dB, an “alpha limit” has been reached as
determined at step 278. However, the alpha limit will

appropriate value, and the end points between which the

delay at each frequency. A higher unequalizability magni
65

tude is an indication that a relatively large group delay has
occurred at a frequency even if the dip in frequency response

is relatively small. Group delays having this characteristic in
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speci?ed frequency corresponding to the value of a
frequency control signal applied to a frequency control

relation to the frequency response cannot be easily corrected

through equalization. After the group delay analysis has

input, said low-pass ?lter input being coupled to the

occurred, the program progresses to step 330 to analyze the
spurious vibration of the electro-acoustic system and its
environment.
The microprocessor 12 sets the amplitude of the source at

output of said microphone and generating at an output
a low-pass ?ltered signal;
a high-pass ?lter attenuating frequency components of a
signal applied to an input that are less than a speci?ed
frequency corresponding to the value of a frequency
control signal applied to a frequency control input, said

step 330 by applying an appropriate signal to the variable
gain circuit 58. Similarly, the microprocessor 12 sets the

sensitivity of the microphone output at step 332 by applying
an appropriate signal to the preampli?er 66. The micropro

10

cessor 12 then sets the operating frequency of the source
?lter 42 and the operating frequency of the receive ?lter 70
at the low cutoff frequency of the electro-acoustic system at
step 334. It will be recalled that this low cutoff frequency
was determined in the bandwidth test at step 260. The

microprocessor 12 then sweeps the ?lters 42, 70 to the high
cutoff frequency of the electro-acoustic system at step 336,
and the microprocessor 12 samples and stores the band-pass

?ltered signal;

15

to the value of a frequency control signal applied to a

being coupled to the output of said microphone and
20

of the tests have been completed. Although not shown, the

to-digital generating at an output a digital word corre

information obtained in the above tests can be displayed in
a variety of formats, as is well known to one skilled in the

sponding to the magnitude of a signal applied to its
25

I claim:
1. A system for analyzing an electro-acoustic system of
the type having an electronic input and an acoustic trans
ducer generating an acoustic signal corresponding to an

coupled to said microphone said analog-to-distal con
verter generating at an output a digital word corre

sponding to the magnitude of a signal applied to its

input; and
a phase comparator receiving said oscillator output signal
and said microphone output signal and providing a
phase indication signal corresponding to the difference

comprising:
a stimulus subsystem for generating said electrical signal,

said stimulus subsystem including:
an oscillator generating an oscillator output signal having
35

value of an oscillator frequency control signal; '
a noise generator generating a random noise signal at a

a band-rej ect ?lter attenuating frequency components of a
signal applied to an input that are within a predeter
mined band of frequencies centered at a speci?ed
frequency corresponding to the value of a frequency

display subsystem including:
a display for providing a visual indication of the results of

an analysis corresponding to analysis data; and
a microprocessor coupled to said oscillator for generating
said oscillator frequency control signal, said band

control signal applied to a frequency control input, said
band-reject ?lter input being coupled to said noise
generator output and generating at an output a band 45

reject ?ltered signal;
a variable gain circuit having an input selectively coupled
to said noise generator output and said band-reject ?lter
output in response to a ?rst coupling control signal, said
variable gain circuit generating a signal at an output
having a magnitude that is a product of said magnitude
of a signal applied to its input and said value of a gain

control signal applied to a gain control input;
coupling means responsive to a second coupling control

signal for selectively coupling said oscillator output
signal, said variable gain output, and said band-reject

mance parameters of said electro-acoustic system, said

reject ?lter for generating the frequency control signal
for said band-reject ?lter, said variable gain circuit for
generating said gain control signal and said ?rst cou
pling control signal, said coupling means for generating
said second coupling control signal, said high-pass
?lter, low-pass ?lter, and band-pass ?lter for generating
the frequency control signals for said high-pass ?lter,
low-pass ?lter and band-pass ?lter, said ?rst and second
analog-to-digital converters for receiving respective
digital words therefrom, and said display for generating
said analysis data, said microprocessor: analyzing the
bandwidth of said electro-acoustic system by:
generating a stimulus signal having a frequency spec
trum that encompasses the bandwidth of said electro
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analysis subsystem including:
a microphone acoustically coupled to the acoustic trans
ducer of said electro-acoustic system and generating an

output signal corresponding to said acoustic signal;

in phase between said oscillator output signal and said

microphone output signal;
a control and display subsystem for controlling the opera
tion of said stimulus and analysis subsystems and
displaying the results of said analysis, said control and

noise generator output;

?lter output to the electronic input of said electro
acoustic system;
an analysis subsystem for analyzing a plurality of perfor

input;
a second analog-to-digital converter having an input

electrical signal applied to said electronic input, said system

a primary frequency component determined by the

generating at an output a band-pass ?ltered signal;
a ?rst analog-to-digital converter having an input selec

tively coupled to the outputs of said low-pass ?lter, said
high-pass ?lter, and said band-pass ?lter, said analog

source ?lter 42. The program then terminates at 340 since all

art.

a band-pass ?lter attenuating frequency components of a
signal applied to an input that are signi?cantly greater
than and less than a speci?ed frequency corresponding

frequency control input, said band-pass ?lter input

output of the receive ?lter 70 at step 338 to detect any
frequency components that are not present in the signal at

the outputs of the low-pass and high-pass outputs of the

high-pass ?lter input being coupled to the output of said
microphone and generating at an output a high-pass

65

acoustic system;
generating at least one of said coupling control signals
for coupling either the output of said oscillator so the
variable gain output to the electronic input of said
electro-acoustic system;

generating a frequency control signal and applying said
frequency control signal to the frequency control

a low-pass ?lter attenuating frequency components of a

inputs of said high-pass, low-pass, and band-pass

signal applied to an input that are greater than a

?lters to cause said ?lters to have the same speci?ed

5,555,311
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the frequency designated by oscillator frequency

frequency and said speci?ed frequency to sweep
through at least a portion of said frequency spectrum
while said stimulus signal is being applied to said
electro-acoustic system;

control input; and
analyzing the spurious vibration of said electro-acoustic

system by:
generating said frequency control signal for said band
reject ?lter and applying said frequency control

'

recording the digital words from said ?rst analog-to
digital converter corresponding to respective ampli
tudes of the signals output by said high-pass, low

signal to the frequency control input of said band
reject ?lter to cause the speci?ed frequency of said

pass, and band-pass ?lters to provide three sets of

?lter to scan within said frequency spectrum so that
a signal at the output of said band-reject ?lter has a

digital words each of which contain a record of the

amplitudes of signals at the output of a respective
?lter at a plurality of speci?ed frequencies;
accumulating the values of the distal words in each of
said sets to provide a respective accumulated value

for each of said high-pass, low-pass, and band-pass

?lters;

15

determining the high frequency response of said elec
tro-acoustic system as the speci?ed frequency at
which the accumulated value for said band-pass ?lter
is substantially equal to the accumulated value for

said high—pass ?lter;
determining the low frequency response of said electro
acoustic system as the speci?ed frequency at which
the
accumulated value for said band-pass ?lter is substan
tially equal to the accumulated value for said low
pass ?lter; and
causing said display to provide a visual indication of

25

spectrum, said microprocessor recording the ampli
said frequency control signals; and
causing said display to provide a visual indication of
the amplitude of said band-pass ?ltered signal as a

system by:

function of the speci?ed frequency corresponding to

generating said ?rst coupling control signal to cause the

said frequency control signals.

output of said noise generator to be applied to said

variable gain circuit;
35

input of said electro-acoustic system;
generating said gain control signal to cause a noise
signal at the output of said variable gain circuit to

2. The analysis system of claim 1 wherein said low-pass
?lter, said high-pass ?lter, and said band-pass ?lter are
formed by a state variable ?lter having low-pass, high-pass
and band-pass outputs.
3. The analysis system of claim 1 wherein said ?rst

analog-to-distal converter comprise:
a peak hold circuit connected to the output of each of said

gradually increase in intensity;
receiving the digital words from said second analog
to-digital converter corresponding to respective

low-pass ?lter, said high-pass ?lter, and said band-pass

amplitudes of the microphone output signal as the
noise signal at the output of said variable gain circuit

gradually increases;

to cause the speci?ed frequency of said band-pass
?lter to match the speci?ed frequency of said band
reject ?lter so that the band-pass ?ltered signal has a
primary frequency component at a frequency
excluded from the output of said band-reject ?lter;
receiving the digital word from said second analog-to
digital converter corresponding to the amplitude of
the band-pass ?ltered signal as said band-reject ?lter
and said band-pass ?lter scan within said frequency
tude of said band-pass ?ltered signal as a function of

said high frequency bandwidth and said low fre
quency bandwidth; and
analyzing the thermal power limit of said electro-acoustic

generating said second coupling control signal to
couple said variable gain output to the electronic

wide band of frequency components substantially
excluding said predetermined band of frequencies
centered at the speci?ed frequency corresponding to
the value of said frequency control signal;
generating said frequency control signal for said band
pass ?lter and applying said frequency control signal
to the frequency control input of said band-pass ?lter

45

?lter to generate respective peak value signals indica
tive of the peak values of said low~pass ?ltered signal,
said high-pass ?ltered signal, and said band-pass ?l
tered signal;
a multiplexer having an input connected to each of said

detecting when a change in amplitude of the micro

phone output signal corresponding to said digital

peak hold circuits, said multiplexer having a signal

words does not match an increase in the output of

selection input connected to said microprocessor to

said variable gain circuit, and noting the amplitude
of said microphone output signal at that time; and

allow said microprocessor to selectively apply each of
said peak value signals to a multiplexer output; and

causing said display to provide a visual indication of

an analog-to-digital circuit having an input connected to

the amplitude of said microphone output signal at

said multiplexer output, said analog-to-digital circuit
generating said digital word corresponding to the peak
magnitude of the ?ltered signal selected by said mul

that time, thus providing an indication of the thermal
limit of said electro—acoustic system;
analyzing the group delay of said electro-acoustic system

55

by:

tiplexer.

generating said oscillator frequency control input to

4. The analysis system of claim 1 wherein said micro
processor determines the high frequency bandwidth of said

cause said oscillator to generate a signal having a

electro-acoustic system by setting said speci?ed frequency

primary frequency component that sweeps from one
end of a frequency spectrum to another;

for said high-pass and said band-pass ?lter above the

expected high frequency bandwidth of said electro-acoustic
system, and decreasing said speci?ed frequency for said

receiving said phase indication signal from said phase
comparator and determining from said phase indica~
tion signal the group delay of said electro-acoustic
system as a function of the frequency designated by

oscillator frequency control input; and
causing said display to provide a visual indication of
the magnitude of said group delay as a function of

65

high-pass ?lter and said band-pass ?lter if the accumulated
value for said high-pass ?lter is greater than the accumulated
value for said band-pass ?lter, and selecting as the high
frequency bandwidth the speci?ed frequency at which the
accumulated value for said high-pass ?lter becomes less
than the accumulated value for said band-pass ?lter.
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