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Simplified Loudspeaker Measurements at

Low Frequencies®

RICHARD H. SMALL

School of Electrical Engineering, University of Sydney, Svdney, N.S.W., Australia

The effective free-field frequency response and harmonic distortion of a direct-radiator
loudspeaker system can be measured at low frequencies without establishing free-field
radiation conditions. The technique is based on measurement of the acoustical pressure
within the system enclosure and is simple and inexpensive. It provides useful response
measurements up to about 200 Hz, and harmonic distortion measurements up to about

100 Hz.

Editor’s Note: An acoustic anechoic chamber for test-
ing loudspeaker systems down to 20 Hz is a frighteningly
expensive structure. Neither my University nor Mr.
Small’s University has such a facility and right now I
am not convinced that the data from an anechoic cham-
ber relates well enough to the home or auditorium en-
vironment to convince universities to invest scarce dollars
in such facilities. Even more pertinent to most of the
members of the AES is the fact that only a fortunate
few have access to these chambers while the number
wanting to measure loudspeaker systems must exceed
several thousand.

The outdoor measurement technique so well described
by Shearman [1] is adequate but I can testify from per-
sonal experience that wind, rain, (snow in Colorado)
and motorized vehicle noise are sufficiently annoying that
an alternate method is badly needed. This Mr. Small
has provided and the elegant simplicity of his method
commends it to your understanding and use.

I had the pleasure of presenting this paper to the 41st.
AES Convention and the familiarity gained with this
work leads to anticipation of your question “is the method
accurate and valid?” In his modest way, Small under-

* Presented May, 1971, at the 13th National Radio and
Electronics Engineering Convention, Institution of Radio and
Electronics Engineers Australia, Melbourne, and October
5, 1971, at the 41st Convention of the Audio Engineering
Society, New York. Published in Proc. IREE Australia, vol.
32, pp. 299-304 (Aug. 1971), and republished here with the
permission of the Institution.

states (Sec. 5) the accuracy of the method. In some
previous work, one of my students (Mark Swan) mea-
sured pressure in a vented box and on-axis frequency
response outdoors to verify some computer solutions. We
were not clever encugh to appreciate the significance of
the excellent agreement of box pressure with theory but
we had proved that the basic assumptions made by Small
are quite valid. Some of my students are presently doing
the experimental work needed to give complete verifica-
tion of Small’'s method. A Project Note should appear in
a few months to present this verification. In the mean-
time, if you want to make a very simple and accurate
measurement of your loudspeaker system’s low frequency
response or distorticn, I advise you to measure first and
ask questions later.
J. R. Ashley

I. INTRODUCTION: The measurement of loud-
speaker system characteristics is customarily carried out
under free-field radiation conditions so that it will reflect
only the properties of the loudspeaker system and not
those of the environment. However, it is often difficult
to establish true free-field radiation conditions at low fre-
quencies. Outdoor test facilities are notoriously difficult
to establish and maintain [1], while large indoor anechoic
chambers do not provide a true free field at very low fre-
quencies and must be carefully calibrated.

The measurement method described in this paper is
based on the fact that the low-frequency output of a small
direct-radiator loudspeaker system is directly related to
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the acoustic pressure within the system enclosure. This
pressure is essentially unaffected by the system acoustic!
load, and is the same in a reverberant environment as in
an anechoic environment.

Il. BASIC THEORY

A direct-radiator loudspeaker system radiating into a
hemispherical (2 steradian) free field is illustrated in
Fig. 1. The steady-state rms pressure inside the enclosure
is pp, the total output volume velocity crossing the en-
closure boundaries is U, and the rms sound pressure at
a distance r from the system is designated p,.

If the enclosure has negligible absorption losses, it can
be represented at very low frequencies by an acoustic
compliance C 45 which is related to the internal volume of
air V' by [2, p.129]

(1)

where p, is the density of air (1.18 kg/m?®) and ¢ is the
velocity of sound in air (345 m/s). Fig. 2 presents the
acoustical analogous circuit of such an enclosure (im-
pedance analogy). From analysis of this circuit, the rela-
tionship between output volume velocity and internal
pressure is

Cyp=Vy/ pocﬂ

Uy = ppoCap

where ¢ is the steady-state radian frequency.

The relationship between p, and U, for the radiation
conditions of Fig. 1, regardless of the type of system or
the number of enclosure apertures contributing to the
total U, [3, p. 2707, is

Py = (p“/27r.") (DU() (3)
and the radiated power is [2, p. 189]
P4 = (po/2wc) (0Uy) 2. (4)

If the loudspeaker system is removed from the an-
echoic environment, the pressure pp and the volume
velocity U, do not change significantly. These quantities
are not noticeably affected by the acoustical load [4. p.
489], provided the environment is not a high-Q acoustical
resonator and is spacious compared to the enclosure
volume. It should thus be possible to determine the basic
low-frequency free-field response and power output of a
direct-radiator loudspeaker system by measuring the en-
closure pressure while the system is located in any rea-
sonable environment and then using the relationships in
Eqgs. (1)-(4).

A signal representing output volume velocity is ob-

-pB

Fig. 1. Loudspeaker system radiating into hemispherical
free field.

It

P

[ I

Fig. 2. Acoustical analogous circuit of lossless enclosure.

tained by multiplying the enclosure-pressure signal by a
factor proportional to frequency as required by Eq. (2).
This process must then be repeated to obtain a signal
representing free-field sound pressure, as required by Eq.
(3). An electronic differentiation circuit has exactly the
desired property, i.e., a gain proportional to frequency,
so two such circuits will perform the required operations.
For calculation of radiated power, the pressure-measuring
transducer must be calibrated, and the enclosure compli-
ance and differentiation time constants must be known
accurately. However, if only the relative frequency re-
sponse is desired, calibration is not necessary.

lll. EQUALIZATION

The preceding theory offers a simple means of obtain-
ing the free-field response of a loudspeaker system having
negligible enclosure losses, but only for very low frequen-
cies. In particular, Eq. (1) is valid, i.e., Cyp is a constant,
only for frequencies low enough that the wavelength of
sound is greater than eight times the smallest dimension
of the enclosure [2, p. 217]. This is a frequency limit of
about 50 Hz for a moderate size enclosure.

Unfortunately, this is not a sufficient bandwidth for the
study of loudspeaker systems. The response of many sys-
tems has not yet leveled off at this frequency, and to ade-
quately observe the complete cutoff behavior of the system
it is necessary to obtain a bandwidth of about 200 Hz.
This can be done with quite reasonable accuracy by equal-
izing the factors that tend to contribute errors at higher
frequencies.

Compliance Shift

At very low frequencies, all air in the enclosure is com-
pressed equally and Eq. (1) is valid. At higher frequen-
cies, the compression is no longer uniform and the effec-
tive compliance is reduced. The major factor in this
compliance reduction is the air-load mass on the rear
of the driver diaphragm which moves with the diaphragm
at high frequencies without compression. The magnitude
of this effect depends on the effective volume of the air-
load mass compared to the enclosure volume; it is negli-
gible for a small driver in a large enclosure but can
amount to several dB error for a large driver in a small
enclosure. The volume occupied by the air-load mass is
typically 2.24%, where q is the effective radius of the dia-
phragm [2, p. 217].

The compliance shift can be equalized by passing the
enclosure-pressure signal through a shelf attenuator hav-
ing an attenuation at high frequencies corresponding to
the reduction of compliance. The attenuation must be
fully effective at the frequency at which the rear air-load
mass resonates with the enclosure compliance. This fre-
quency depends somewhat on the shape of the enclosure
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but is generally about 100(a/¥3)1/2 Hz, where a is in
meters and Vp is in cubic meters. Good experimental
results were obtained by centering the shelf equalizer at
one third this frequency, but no rigorous theoretical justi-
fication for this location has been established.

Enclosure Losses

The presence of enclosure absorption losses means that
the enclosure cannot be represented by a pure compliance
but must be represented instead by a series compliance
and resistance as shown in Fig. 3. R, is the series acous-
tic resistance due to the enclosure losses.

Ug

1' CaB
Y

Fig. 3. Acoustical analogous circuit of enclosure with ab-
sorption losses,

If the value of R,y is assumed to be independent of
frequency, the relationship between enclosure pressure
and volume velocity becomes

joCyp
I + juCapRyp

The presence of R, may then be equalized by plac-
ing a resistor of suitable value in series with the input
capacitor of the differentiation circuit used to implement
Eq. (2). The correct value of resistance can be deter-
mined from measurement of the system voice-coil imped-
ance and subsequent calculation of the enlosure losses.
The measurement method is given in the Appendix.

Even where the enclosure losses are very low, it is
advisable to keep a minimum-value resistor in series with
both differentiating capacitors to limit the differentiating
bandwidth to about 1 kHz. This prevents excessive
buildup of noise at high frequencies from interfering
with the desired sound-pressure signal.

Uy=pp &)

Pressure Uniformity and Standing Waves

At frequencies above about 50 Hz but still low enough
for the wavelength to be longer than the enclosure di-
mensions, the pressure in the enclosure becomes notice-
ably nonuniform. The region nearest the driver is below
average pressure, while the region farthest from the driver
is above average pressure [2, pp. 32-33]. This condition
increases in severity as the wavelength approaches the
dimensions of the enclosure, but its effects can be tem-
pered by careful placement of the pressure-sensing trans-
ducer. The best transducer location must be found by
trial and error; it is often near the geometrical center of
the enclosure volume. Above about 200-250 Hz, the
magnitude and gradient of pressure changes and the de-
velopment of standing waves within the enclosure render
the method useless.

TABLE I. Loudspeaker System Data.

Closed-box Vented-box
System System

Physical Data

Enclosure volume, 1 28 38

Driver diameter, m 0.25 0.35

Diaphragm radius, m 0.10 0.14
Small-Signal Parameters

Driver resonance, Hz 25 25

Closed-box resonance, Hz 61 60

Vented-box resonance, Hz _E 3 4; q

Compliance ratio / .

Systept]n o 1.65at61 Hz 022at25Hz

Enclosure Q 15 at61Hz 12 at45Hz

IV. APPLICATIONS

Where a calibrated pressure transducer is available, it
should be possible to test and calibrate sound sources and
testing chambers below about 50 Hz. With careful equali-
zation, the frequency response of small direct-radiator
loudspeaker systems can be measured up to about 200 Hz.

The harmonic distortion of a loudspeaker system may
also be measured if all major Fourier components of the
signal representing sound pressure fall within the fre-
quency range for which the response measurement is
valid. This would usually include fundamental frequencies
up to 50 Hz, with useful results often available up to
100 Hz.

An ideal transducer for measuring enclosure pressure
is a condenser microphone with FET preamplifier. This
type of transducer has a pressure response which is flat
down to about 2 Hz, and high-quality models are usually
supplied with calibration curves.

A tweeter loudspeaker driver having a closed back and
high resonant frequency (above 1 kHz) may also be used
as a sensing transducer. At low frequencies the output
voltage of this transducer is proportional to the rate of
change of pressure within the enclosure, i.c., this trans-
ducer already includes one of the required differentiation
operations and thus operates with simpler circuitry. Un-
fortunately, the high-Q mechanical resonance usually
present in this type of transducer makes distortion mea-
surement difficult due to the unavoidable resonant-
frequency component in the output which is accentuated
by differentiation.

A typical test setup for the measurement of response
and harmonic distortion, including equalization networks,
is shown schematically in Fig. 4. If a tweeter is used as
the transducer, the second differentiation stage is omitted.

The simplicity of the measurement technique suggests
its usefulness for design as well as evaluation. It is partic-
ularly well suited to the final adjustment of a loudspeaker
system designed in accordance with approximate analyti-
cal methods because the measured response includes the
effects of all system losses and any frequency dependence
of the system component values with the exception of en-
closure resistance. This application is analogous to the
use of familiar sweep alignment techniques in making
final adjustments to the response of theoretically designed
electrical filters or tuned amplifiers.

V. EXPERIMENTAL MEASUREMENTS

Two loudspeaker systems, one closed-box type and one
vented-box type, were selected to illustrate the measure-
ment technique. The low-frequency small-signal parame-
ters of each system, calculated from voice-coil impedance
measurements [4], are presented in Table 1. These parame-
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Fig. 4. Test setup for simulated free-field measurements at low frequencies.

ters were used to compute the expected system response
and to determine the required enclosure-loss equalization
(see Appendix).

Fig. 5 presents the computed response of the closed-box
system, together with the response measured with a con-
denser microphone placed inside the enclosure at a loca-
tion where pressure variations were least troublesome. The
agreement between the two response curves is quite good
up to about 180 Hz, in fact better than might be expected
considering the assumptions and approximations involved
in both methods. Distortion curves for the closed-box sys-
tem, obtained using the same experimental setup, appear
in Fig. 6. The distortion maxima just below the system
resonant frequency reflect the large diaphragm displace-
ment of this substantially underdamped system.
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ES |
o oo | AL |
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2 MEASURED ---|
& =124 ——t 1
w 1 t
x ! |
-18 : -
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Fig. 5. Frequency response of closed-box system.

Fig. 7 presents the computed response of the vented-
box system, together with the response obtained with the
microphone in the enclosure. The agreement is again
quite good, in this case up to about 250 Hz. Distortion
curves for the vented-box system appear in Fig. 8. These
are typical of a well-designed vented-box system, rising at
frequencies below the vent-enclosure resonance.

The experimental results could not be checked in a
true anechoic environment, but attempts to obtain the
near-field response in a reverberant environment indicated
that the response derived from enclosure pressure is in

both cases likely to be more accurate than the response
computed from the measured parameters.

Fig. 9 illustrates the application of the technique to
final adjustment of a loudspeaker system. The frequency
response of a vented-box system initially designed accord-
ing to theory [4] is plotted for several conditions -of en-
closure tuning. The duct length for the vent which gives
the flattest response (125 mm) is clearly indicated by
these measurements which were made using a tweeter as
a sensing transducer. The initial design value of the duct
length was 150 mm. The sag in the response with this
vent is attributable to a slightly excessive amount of damp-
ing in the driver compared to that theoretically required,
and to the contribution of enclosure losses not taken into
account in the initial design calculations.

VIi. CONCLUSION

The measurement technique described is a useful means
of obtaining the low-frequency response and distortion
characteristics of small direct-radiator loudspeaker sys-
tems for design or evaluation purposes. It is simple and
inexpensive compared with established free-field tech-
niques.

The theoretical accuracy of the technique at very low
trequencies is worth investigation as a means of testing
and calibrating sound sources, anechoic chambers, and
reverberant rooms.
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Fig. 6. Measured total harmonic distortion of closed-box
system.
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Fig. 7. Frequency response of vented-box system.

At higher frequencies, the equalization methods require
further study, and accuracy of the technique should be
checked by comparison with true free-field measurements.

APPENDIX—

APPROXIMATE MEASUREMENT OF
ENCLOSURE ABSORPTION LOSSES

Absorption losses are only one type of loss that can
occur in loudspeaker enclosures. It is difficult to separate
the various kinds of losses but relatively easy to obtain
an indication of total losses. In some cases, absorption
losses are dominant and the measured total losses are
then an adequate indication of absorption losses.

Absorption losses may be considered dominant in
closed-box systems which are completely filled with damp-
ing materials and free of significant enclosure leaks. They
are rarely dominant in vented-box systems unless the en-
closure contains damping materials which either extend
well out from the walls or are hung across the center of
the enclosure as curtains. In these cases the total-loss
measurement methods given below may be used to evalu-
ate the absorption losses for equalization purposes. In all
other cases, R, p will probably be too small to require
equalization, and the other losses present will be accu-
rately represented in the response measurement by their
direct effects on the total system volume velocity.

The loss measurements require the identification of fre-
quencies at which the voice-coil impedance of the loud-
speaker system has a maximum or minimum magnitude.
In most cases, the impedance phase is zero at these fre-
quencies and the frequencies may thus be identified more
quickly and accurately by measurement of phase. How-
ever, if zero phase does not occur very close to the mag-
nitude maxima or minima, then the frequencies of the
latter should be measured as carefully as possible and used
in the calculations.

10
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Fig. 8. Measured total harmonic distortion of vented-box
system.

Closed-Box System

Measure carefully the dc resistance Ry of the driver
voice coil and then the voice-coil impedance magnitude
as a function of frequency; first with the driver in air, then
with the driver in the enclosure. For the driver in air, find
the frequency fg for which the voice-coil impedance mag-
nitude is a maximum. The ratio of this maximum imped-
ance magnitude to the dc voice-coil resistance is defined
as r,. Next find the two frequencies f;<fg and fo>>fy for

which the impedance magnitude is RE\/—r; Then calculate
[4, eq. (97)]

fovrg
= = 7 6
Qs = 7,77 o
and [4, eq. (95)]
_ Ous
Ops = i )]

Similarly for the driver in the enclosure, find the fre-
quency fo for which the voice-coil impedance magnitude
is a maximum, and let the ratio of maximum impedance
magnitude to dc resistance be ryq. Find the two frequen-
cies f;¢ and fo( as above and calculate

fevroo
=, m PR 8
Qw0 = o) )
and
_ Oxo
Opc = For—1 ()]

If the driver mechanical resistance is independent of
frequency, the contribution of this resistance to Q.
labeled Qyr0(s), is simply

f
Queors) = Qus ?E
8

(10)
This would be the value of Qy if there were no enclo-
sure losses.

Now if Qp is defined as the ratio of reactance to resis-
tance for the enclosure at fg, i.e.,

O = 1/QafCapR4p) (11)
then the measured value of Q. will be such that
1/Qyc = 1/Qxesy + (1/Qp) (Car/Cap) (12)

where C,r is the total compliance of the system, i.e.,
enclosure and driver suspension acting together. If C,g
is the compliance of the driver suspension, then

1/Cup=1/Cy5+ 1/Cyp (13)
and it can be shown that [4, eq. (101)]
Car/Cap = 1 — (FsQrs/fcQkrc). (14)
Combining Egs. (10), (12), and (14),
fSQEE -I fGQMGQMS
=|1- : 5
0 [1 fcQzc | foQus — FsCue =

The value of Qp is thus calculated from the above mea-
surements and used to determine the equalization circuit
time constant from Eq. (11):

CanRun = 1/(2#fcQ5). (16)
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Fig. 9. Frequency response of vented-box system for vari-
ous conditions of enclosure tuning.

Vented-Box System

Measure Ry and the driver voice-coil impedance mag-
nitude as a function of frequency with the driver in air
as above and find fg, ry, Qs and Qpg.

With the driver mounted in the vented enclosure,
again measure the voice-coil impedance magnitude as a
function of frequency. Find f,, the lowest frequency for
which the impedance magnitude is maximum, fy, the
next higher frequency of maximum impedance magni-
tude, and f,;, the frequency between f; and f; for which
the impedance magnitude is a minimum. The ratio of the
minimum impedance magnitude at f,; to the dc voice-coil
resistance Ry is defined as ry. Now calculate [4, eq.
(106)]

(Foar + Far) (e = For) Uhar + 12) (e — 1)
o= 5 . (17)
Fu* fr2
Then, to a sufficient approximation [4, eq. (107)],
1 far 1
= — 18
Qs aQpg fs Fyy— 1 (18)

where @ is the ratio of reactance to resistance for the

enclosure at fy;. Then, as in the closed-box case, the re-
quired equalization time constant is

CpRap = 1/(27f1Qp). (19)
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