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Low-Frequency Loudspeaker Assessment by Nearfield 

Sound-Pressure Measurement* 

D. B. KEELE, JR. 

Electra-Voice, Inc., Buchanan, Mich. 49107 

A loudspeaker test technique is described which depends on nearfield pressure mea
surements made in a nonanechoic environment. The technique allows extremely simple 
measurements to be made of frequency response, power response, distortion, and 
electroacoustical efficiency. 

GLOSSARY OF SYMBOLS 

a radius of circular radiator 

an radius of diaphragm, = ySnl7(' 
av radius of circular vent, = ySVI7(' 
c velocity of sound in air, = 343 m/s 

eln voltage applied to driver input 
1 frequency, in Hz 
1 B Helmholtz resonance frequency of vented box 
13 low-frequency cutoff (-3 dB) of speaker system 

10 acoustic intensity, in power per unit area, 
= p2/(2 po c) for a plane wave 

k wave number, = 27('/>" = wl c 
P peak sound pressure 

pp peak sound pressure in farfield of acoustic radiator 

PN peak sound pressure in nearfield of acoustic radi-
ator 

PNrms root mean square sound pressure in nearfield of 

radiator, = PNly2 
PR peak sound pressure on axis of piston at distance r 
P A acoustic output power 

PE nominal electrical input power 
Q ratio of reactance to resistance (series circuit) or 

resistance to reactance (parallel circuit) 
QB Q or cabinet at 1 B considering all system losses 

* Presented May 15, 1973, at the 45th Convention of the 
Audio Engineering Society, Los Angeles . 
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r distance from pressure sample point to center of 
piston 

RE dc resistance of driver voice coil 
S surface area 
S n effective projected surface area of driver diaphragm 

Sv cross-sectional area of vent 
SPL sound pressure level, in dB re 20 fA N/m2 

Uo output volume velocity of acoustic radiator 
>.. wavelength of sound in air, = cl 1 

'YJ nominal power transfer efficiency, = PAl PE 

'YJo reference efficiency defined for radiation into a 
half-space free field 

po density of air, = 1.2 1  kg/m3 at 20° C 
w radian frequency variable, = 2 'Tt'1. 

INTRODUCTION: The low-frequency evaluation ef a 
loudspeaker system with respect to frequency response, 
distortion, and power output has traditionally required the 
use of a large and expensive anechoic chamber or a cum
bersome and often equally costly open-field outdoor test
ing site. Recently, Small [1] pointed out that valid measure
ments could be made at very low frequencies in any rea
sonable environment by sampling the pressure inside the 
enclosure.! 

! Even the large anechoic chamber at Electro-Voice is not 
much good for low-frequency measurements below 40 Hz in 
the farfield (beyond 10ft (3 m) from the speaker system 

. being tested). EV engineers have resorted to Small's technique 
numerous times to.measure response below this frequency. 
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This paper describes a very simple measurement method 
which is based on measurements taken in the nearfield 
outside the enclosure and, like Small's method, may be 
used in any environment. However, this method does not 
require the frequency-dependent signal processing cir
cuitry of Small's method and is accurate over a wider 
frequency range. 

THEORY 

Pressure on Axis 

Consider a rigid flat circular piston mounted in an in
finite flat baffle (half-space) generating peak sinusoidal 
acoustic volume velocity Uo (Fig. 1). The nearfield and 

Fig. 1. Rigid circular piston of radius a radiating into a 
half-space freefield (2 7r sr). The piston vibrates with peak 
volume velocity Uo and generates peak farfield pressure PF at 
distance r away from center of piston. 

farfield sound pressures for this case can be derived from 
the following equation, which gives the pressure magni
tude along the piston axis for measurement distances r 
varying over the complete range of zero to infinity [2, 
p. 175]: 

where 

2po c Uo • [ k ( )] PR = 
7ra2 

. srn "2 yr2 + a2-r (1) 

PR peak pressure magnitude measured at distance r 
from piston 

a piston radius 
c velocity of sound in air, =343 m/s 
k wave number, = 2 7r1 A = wl c 

r distance from measuring point to center of piston 
U 0 piston peak output volume velocity 
po density of air, = 1.21 kg/m3 at 20° C. 

Farfield Pressure 

At points far from the piston where r > > a and for 
low frequencies such that ka < 1, Eq. (1) can be shown to 
converge to 

(2) 

where PH is the peak axial pressure measured at distance r 
in the farfield of the piston. This relationship of course is 
the familiar equation that gives the farfield low-frequency 
sound pressure for any generalized simple sound source of 
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strength Uo radiating from an infinite baffle [2, Eq. (7.40), 
p. 165]. Eq. (2) exhibits the well-known inverse relation
ship between pressure and distance. 

Nearfield Pressure 

At points very close to the center of the piston where 
r < < a, Eq. (1) gives 

PN = PR (r = 0) = . srn -
2 po c U 0 • ( ka) 

7r a2 2 
(3) 

where PN is the peak pressure in the nearfield at the center 
of the piston. If the frequency is low enough such that 
ka < 1, Eq. (3) reduces to 

po c k Uo 
PN = --- -· 

7ra 
(4) 

Fig. 2 shows a plot of Eq. (3) divided by po ckUol 
(?Ta) as a function of kal (2?T) = al >... This plot represents 
the normalized frequency dependence of the pressure in 
the nearfield of a rigid piston operating in the constant 
acceleration mode. The pressure is found to be constant 
up to the frequency where al>.. = 0.26 (ka = 1.6), the 
pressure fall being just 1 dB at this frequency. For fre
quencies such that the piston radius is a wavelength or 
multiple of a wavelength (a = n>.. for n = 1, 2, 3, . . .  ), 
nulls are found to exist because of interference effects. 
For frequencies above al>.. = 0.5 ( ka > 7r) the pressure 
envelope falls at 6 dB per octave. 

NEARFIELD 
PRESSURE 

PN -10 I---t---++--.f--f-----\r' ........ 
PNIO) 

-201---+-�+_�--+-�H_-H� 
dB 

ka _ a 
21T -">' 

Fig. 2. Frequency dependence of nearfield sound pressure at 
points close to center of a rigid circular piston operating in a 
constant accelerating mode (mass-controlled region). Nearfield 
pressure nulls are found to exist whenever the piston's radius 
is equal to a wavelength or integral multiple thereof. 

Near-Far Pressure Relationships 

Dividing Eq. (4) by Eq. (2) and solving for PN yields 

2r 
PN =-· PH· 

a 
(5) 

This surpnsmg result shows that for low frequencies 
(ka < 1) the nearfield sound pressure is directly propor
tional to the farfield sound pressure. The relationship de
pends only on the ratio of the piston radius to the farfield 
sample distance and is independent of frequency. From a 
practical measurement standpoint, the nearfield sound 
pressure PN and volume velocity Uo are essentially inde
pendent of the environment into which the piston is radi
ating [1, p. 29]. This means that valid inferences can be 
made about the low-frequency farfield anechoic operation 
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of a particular speaker system from nonanechoic measure
ments of the nearfield sound pressure. 

A parallel derivation for the case of a piston radiating 
into a full space at Iow frequencies yields 

4r 
PN==-' PF' a 

Measuring Distance 

(6) 

To investigate more fully the axial sound pressure de
pendence on measuring distance, Eq. (1) is examined in 
more detail. For distances from the piston less than 0.75 
a2/,\, plane waves are radiated which are contained essen
tially within a cylinder of diameter 2a [3, p. 187]. For .dis
tances beyond 2a2/,\ approximately spherical divergence 
is found to hold, where the pressure falls inversely as the 
distance. For frequencies equal to or higher than the fre
quency where a = A (ka ::::,.. 2), the pressure is found to go 
through a series of maxima with intervening nulls as the 
distance from the piston'S surface is increased. For Iow 
frequencies such that ka < 2'Jl" the only pressure null oc
curs at r = 00. A plot of Eq. (1), normalized to the maxi
mum axial pressure for several values of a/ A, is in Fig. 3. 

..!L 
AXIAL 

P 0 1---+--+---4=----J�.', pRESSURE "mall: 

-10 f----+----¥'-----+---l---� 
dB 

(C) . -20 -��--_� 

::1 J t I fr�.'''A I .01 ,04 .1 .4 1 4 10 40 ·f ----+-

Fig. 3. Sound pressure along axis of a rigid circular piston 
radiating into a half-space freefield for several values of a/X. 

If the upper frequency of measurement is limited such 
that ka <1, a division of Eq. (1) by Eq. (4) with the sub
stitution sin X ""'" X yields: 

PR _ yr2 + a2 - r _ �( r )2 r 
-_ - - + 1-
PN a a a 

(7) 

Eq. (7) gives the Iow-frequency axial dependence of pres
sure on measuring distance normalized to the nearfield 
pressure occurring at r == O. A plot of Eq. (7) on a dB 
versus log (r/ a) scale is shown in Fig. 4. To be within 1 dB 
of the true nearfield pressure, the measuring pressure 

.microphone must be no farther away from the center sur-
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face of the piston than O.l1a. For low frequencies, farfield 
conditions exist for distances beyond 2a. 

o 

dB 
-30 

f--

, � 
In--t--- '" AXIAL 

--1 dB It O.II-t:::::�.'> , PRESSURE 
�, 1 

"i'.. 2.!.. 
:: 

�� 
a«A.. 

� 
J� . 04 .08 . .2 .4 .8 1 2 810 

� -
Fig. 4. Sound pressure along axis of a rigid circular piston 

radiating into a half-space freefield, for frequencies low 
enough such that ka < 1 (loudspeaker piston range). 

Flat Piston Pressure Distribution 

The analysis so far has considered only measurement 
points near the center and along the axis of a fiat circular 
piston. In general, the nearfield sound pressure distribu
tion over the surface of a piston is very complicated, 
especially for the higher frequencies (ka> 2'Jl"). Zemanek 
[3], in an excellent numerical analysis, presents the fine 
details of the nearfield pressure distribution for a circular 
piston operated in this higher frequency range. 

Fortunately, in the Iow-frequency piston range of oper
ation (ka < 1) the nearfield pressure is very well behaved 
and smoothly distributed. For ka L 2, McLachIan [4, 
p. 49] has evaluated the exact expression for the pressure 
distribution at the surface of a rigid circular piston. Fig. 5, 
which shows the radial dependence of pressure magnitude 
for ka = 0.5 and 2, displays some of McLachlan's work. 
Examination of Fig. 5 reveals that the Iow-frequency near
field pressure varies quite gradually as a function of sur
face position reaching a maximum at the piston center. 

0 
-2 

LEVEL -4 dB 
-6 
-8 

o .2 .4 
+ CENTER 

-:::::::: �.5 
t"-...... 

ka,2' 

.6 

r---..--. 
I'-.. 

.8 

'" 

1.0 
OUTSIDE 

EDGE 
Fig. 5. Normalized nearfield sound pressure distribution on 

surface of a rigid circular piston vibrating in an infinite fiat 
baffle, for ka = 0.5 and 2. The distribution exhibits circular 
symmetry and is only a function of the radial distance from 
the center to the edge of the piston (after [4]). 

Conical Piston Pressure Distribution 

The diaphragms of real world loudspeakers are usually 
constructed in the form of truncated right circular cones. 
The crucial question in this study is whether fiat circular 
piston theory can be extended to measurements on conical 
pistons. 

The author is unaware of any documented studies of 
the nearfield sound distribution of a vibrating cone and 
cannot give a definite answer to the question posed above. 
However, nearfield measurements made on a number of 
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direct-radiator cone speaker systems have correlated ex
tremely well with measurements made by other conven
tional means. In every case the nearfield sample was taken 
where the nearfield pressure was at a maximum, i.e., 
usually at a point near the cone's apex or speaker's dust 
dome. 

Radiated Sound Power 

The total radiated sound power output of an arbitrary 
acoustic source radiating into a half-space is found by 
integrating the intensity function over a hemisphere en
closing the source. If the radius of the hemisphere is large 

ACOUSTIC 
POWER 
OU TPU T  

PA 
WA T TS 
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, I 

I I 
I , I 

� 
. I I o :r :1 � I s 0 

o s: 0 � 
... 0 '  s' ... " 

, "1"' o I I, 

��' � 
� I fI) I.� I e, 11' !� I � .$. '" I I 

ii "I .$ I II "$! 
I 

I II 
I 11 I11 

: 
I I 

I I 
I 

I I I 

Fig. 6. Total radiated sound power P A of a rigid circular 
piston radiating into a half-space to nearfield sound pressure 
level measured at points close to center of piston, for low fre
quencies such that ka < 1. The following piston sizes are 
plotted: 10-in2 (64.5-cm2) effective (actual) area, 8-in (20.3-
cm) advertised diameter (6.2-in ( 15.7-cm) effective diameter), 
12-in (30.5-cm) advertised diameter (9.8-in (26.9-cm) effective 
diameter), and 15-in (38-cm) advertised diameter (12.6-in (32-
cm) effective diameter). 

enough so that all points on the hemisphere are in the far
field of the source, and if the source is radiating essen
tially omnidirectionally (ka < 1), the radiated acoustic 
power is given by 

PA = IodS = __ . PF2• If 7rr2 

S poc o 
(8) 

Solving Eq. (5) for PF and substitution into Eq. (8) 
yields 

_ 7r a2 
2 _ S D • 2 PA - -- ' PN - -- PN 

4poc 4 po c 

where SD is the effective area of the piston. 

(9) 

Eq. (9) may be rewritten for the case of rms pressure by 
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substitution of PN = ' /2 PN yielding v rms 

P _ 
SD • P 2. A - -2-- Nrms poC 

(10) 

This equation indicates that for the low-frequency pis
ton range operation of the radiator (ka < 1), the total 
radiated sound power may be assessed by a simple mea
surement of the nearfield sound pressure at the center of 
the piston. Fig. 6 plots this relationship for acoustic power 
output in watts versus PNrms in dB re 20 pN/m2 for sev
eral values of piston size. 

Efficiency 

The power conversion efficiency of the transducer is 
given by the ratio of the acoustic output power to nominal 
electrical input power for radiation into a specified en
vironment (taken here as half space or 2 7r sr). For the spe
cific case of a loudspeaker driver with voice coil dc resis
tance RE' the nominal electrical input power PJi) is defined 
as the power available across RJi) for applied source voltage 
ein [5, p. 386]: 

(11) 

The efficiency may be computed in terms of the nearfield 
pressure and input voltage by dividing Eq. (10) by Eq. (11), 
giving 

(12) 

This relationship yields efficiencies that are within 1 dB 
of the true efficiency for ka < 1.6 (assuming the piston 
operates rigidly in this region). Fig. 7 plots this relation
ship for the specific situation of 1 volt rms applied to a 
driver whose RJi) is 10 ohms, for several values of piston 
size. For other values of RE, the values of 7J obtained 
from this figure can be scaled accordingly (if RJi) is higher 
or lower than 10 ohms the efficiency is higher or lower in 
direct proportion). An efficiency curve has been included 
in Fig. 7 for a piston of 10 in2 (64.5 cm2) true effective 
area to ease computations of efficiency for radiators of 
other sizes. Thus the efficiency of any driver is the value 
given by this curve multiplied by the ratio of actual piston 
area to 10 in2 (64.5 cm2) and again by the ratio of actual 
voice-coil resistance to 10 ohms. 

Frequency and Power Response 

As stated earlier, Eq. (5) indicates that the relationship 
between near and far sound pressures depends only on 
two length constants and is independent of frequency 
(for ka < 1). Therefore, low-frequency response can be 
measured quite simply by plotting the nearfield pressure 
(in dB) versus frequency. Total acoustic power output 
versus frequency can then be derived using Eq. (10) or 
Fig. 6. 

Distortion 

Because of relation (5), completely valid measurements 
of low-frequency harmonic distortion can be made in the 
nearfield and these should correlate well with an identical 
set of measurements in the farfield if all distortion com
ponents are within the specified frequency limit. Some
what lower nearfield distortion values are to be expected 
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where distortion harmonics exceed this limit. The rela
tively high SPL found in the nearfield of a piston can 
actually aid distortion measurements because the acoustic 
signal-to-noise ratio is much improved. In most cases, 
meaningful distortion tests can be made even in a noisy 
laboratory environment. 

NOMINAL 
POWER 
TRANSFER 
EFFICIENCY 

% 

(HALF SPACE. T=20·C. RE=10.n... Ill' 11 
eln= 1 Y ,mol .0190�I..W..,=,=,=:u-u-,-,:,:!-=IJ.lIIIJ..l..J.";!:!I:,:: I' :1.1.1 � 

100 110 120 130 

Fig. 7. Relationship between nominal efficiency of a loud
speaker driver operating as a rigid piston and radiating into a 
half-space and nearfield sound pressure level, for frequencies 
Iow enough such that ka < 1. The graph is normalized to unit 
input voltage (e'n = IV rms) and voice coil resistance RB of 
10 ohms. Refer to Fig. 6 for description of piston sizes. 

LOUDSPEAKER SYSTEM MEASUREMENTS 

The nearfield pressure measurement technique is a very 
powerful tool for evaluating the performance of assem
bled loudspeaker systems. A nearfield pressure frequency 
response measurement of each driver in a system (both in 
and out of the system) can answer a whole host of ques
tions concerning low-frequency bass response, overall 
system frequency response, system efficiency, relative 
efficiency, and levels between drivers, distortion, etc. 

Closed Box 

The woofer's nearfield pressure frequency response, 
measured with constant known drive voltage, is a direct 
analogue of the frequency response that would be mea
sured in an anechoic chamber (half-space loading) for 
the piston range of operation. Figs. 6 and 7 can be used 
in this case to plot system acoustic power output and 
efficiency as a function of frequency (knowing ein' RE, 
and resultant nearfield SPL). 

In-box measurements of nearfield SPL can be taken of 
all the drivers in a muItiway system with crossover con
nected to provide data for computation of relative levels, 
approximate overall frequency response, efficiencies, and 
crossover frequencies. Eq. (5) can be used to compute 
each individual driver's contribution to the farfield pres-
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sure. Assuming roughly equal individual driver directional 
characteristics and equal farfield pressure contributions 
(equal efficiencies), the nearfield SPL is found to be in
versely proportional to the linear dimensions of each 
driver (i.e., the tweeter, which is the smallest, has the 
highest nearfield SPL). 

Vented Box 

The nearfield pressure technique is found to work well 
for measurement of the low-frequency characteristics of 
the vented enclosure system. The complete system opera
tion for a multiway vented-box system can be assessed in 
the same manner as the closed-box system by measuring 
the nearfield pressure of each driver individually. The 
following comments apply to the piston-range operation 
of the woofer mounted in the vented enclosure. 

The vented-box system frequency response can be eval
uated using the nearfield method. Benson [6, p. 47] dis
plays the theoretical overall low-frequency response of a 
4th-order Butterworth (Thiele's alignment no. 5 [7]) vented 
system, along with the individual contributions of the 
vent and driver. Fig. 8 is a reproduction of these data. 

The driver diaphragm response is found to exhibit a 
null at the vented-box resonance frequency lB' The depth 
of the null is found to be directly related to the total 
cabinet losses QB [8, p. 414]. A simple measurement of 
the driver nearfield SPL frequency response reveals 
the value of f B by noting the frequency of the null. The 
driver reference efficiency "70 can be derived (with the 
aid of Fig. 7) by noting the nearfield SPL in the level 
response region above 2 I B with 1 volt rms applied. 

The vent's contribution to the total system output can 
be likewise determined by a nearfield response measure
ment of the vent. For best results, the measurement micro
phone should be placed in the center of the vent, flush 
with the front surface of the cabinet. Practical measure
ments of the vent nearfield output in the frequency range 
above I B reveal that the measured response is contami
nated by crosstalk from the diaphragm. Valid nearfield 
SPL measurements of the vent can only be made for fre
quencies less than about 1. 61B' 

0'-· �-

! 
I I -20;--'-

dB 
-40 

-60 .1 .2 .8 1 2 
Y. --fs 

VENT 

8 10 

Fig. 8. Theoretical sound pressure frequency response of a 
vented undamped-encIosure loudspeaker system aligned so 
that the overall response conforms to a 4th-order Butterworth 
high-pass filter function ([hie1e alignment no. 5 [7]). Individ
ual farfield pressure responses are shown for the contributions 
of vent and diaphragm (after [6]). 

The individually measured nearfield responses of the 
vent and driver may be used to construct an approximate 
farfield overall system frequency response. Eq. 5 must 
again be used to adjust the relative levels of diaphragm 
and vent, according to their respective diameters, before 
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the responses can be summed. For example, if the vent 
diameter is one half the effective diameter of the 
driver diaphragm, the driver output must be increased 
by 6 dB before the outputs can be summed. The summa
tion implied here is of course vectorial, where both mag
nitude and phase must be considered. It is noted, how
ever, that the port and cone are roughly in phase above 
fB and out of phase below fB (for high cabinet Q). At 
f B the system output is predominantly that of the vent. 
For situations where crosstalk is not much of a problem, 
one might even perform the indicated summation by 
using two microphones (one for the diaphragm and one 
for the vent) and then combining the microphone outputs 
by the use of a microphone mixer with input gains set 
appropriately. 

EXPERIMENTAL MEASUREMENTS 

Measurements were taken experimentally on several 
different types of systems to verify the theory and tech
niques put forth in this paper. A list of the measuring 
equipment used, along with a brief explanation of how 
Small's box-pressure measurement method [1] was imple
mented, is outlined in the Appendix. 

SPL and Frequency Response Versus Distance 

Eqs. (5), (7), and Fig. 4 were checked by making ex
perimental measurements in the anechoic chamber on a 
4lh -in (11.4-cm) (1lh -in (3.8-cm) effective piston radius) 
full-range driver in a closed box, flush mounted in the 
center of an 8- by 4-ft (2.4- by 1.2-m) baffle board 
(roughly a half-space for distances not far from the 
board). The 395-in3 (6473-cm3) closed test box was 
roughly cubical, with external dimensions of 7.75 by 8.25 
by 8.5 in (19 by 21 by 21.7 cm). The driver was mounted 
from the outside, off center, on the 8.25- by 8.5-in (21-
by 2 1.7-cm) face. 

'V,ms .� 

1 
f:'� ado . =0 .• 

SPL r � ".1 

dB 1"'. 

.=' 

:NEAR-:--
: .n�Lr�a':A" 
: CON$TAN . 

--- 'oo '" '" 

f. 

in 
�FIEL 

1000 "" 5000 

f Hz_ 

10000 � '--00 D A L .. 

Fig. 9. Experimental measurements performed to check Eq. 
(7) and Fig. 4. The source is a 4.5-in (l1A-cm) wide-range 
driver, mounted in a 395-in3 (6473-cm3) closed box, flush 
mounted in the center of a 4- by 8-ft ( 1.2- by 2A-m) sheet of 
* -in (1.9-cm) plywood. Seven anechoic axial frequency re
sponse measurements were made with the measurement micro
phone the indicated distance from the diaphragm. The dis
tances chosen correspond to low-frequency axial attenuations 
of 0, -5, -10, -15, -20, -25, and -30 dB relative to the 
nearfield pressure at r = o. 

Several axial constant-voltage frequency responses were 
taken at different distances from the driver, extending 
from the nearfield (r < 0. 11 a) into the farfield (r> 5a 
for low frequencies). Distances corresponding to low
frequency axial attenuations of 0, -5, -10, -15, -20, 
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-25, and -30 dB ( referred to nearfield pressure) were 
chosen (r = 0, 0.6a, 1.4a, 2.7a, Sa, 8.9a, and 15.8a, from 
Fig. 4). Fig. 9 shows the results of these measurements. 
The figure indicates close agreement with theory for all 
frequencies less than about 2 kHz (ka � 1.4). Note the 
large variation in signal-to-noise ratio between the re
sponses in Fig. 9 and the improvement gained in the 
nearfield (r = 0). 

SPL 

dB 

Fig. 10. Experimental frequency response measurements on 
the 4.5-in (1lA-cm) closed-box system of Fig. 9. The response 
was measured five different ways. a. In anechoic chamber in 
farfield (4 7r sr). b. In anechoic chamber in driver'S nearfield 
(4 7r sr). c. On a 4- by 8-ft (1.2- by 2A-m) baftle board, in 
chamber, in farfield (2 7r sr). d. In lab on floor, in nearfield. 
e. In box using the method of Small [1]. 

Frequency Response Measured by 
Different Methods 

The axial frequency response of the 4lh -in (11.4-cm) 
closed-box system, described in the previous section, was 
measured using several different methods: 1) in the an
echoic chamber in the driver's farfield (full space), 2) in 
the anechoic chamber in the driver's nearfield (full space), 
3) in the anechoic chamber mounted on the 4- by 8-ft 
(1.2- by 2.4-m) baffle board in the driver's farfield (half
space), 4) in the laboratory sitting on the test bench in the 
driver's nearfield, and 5) inside the test box enclosure 
using Small's box-pressure measurement method [1]. 
These test results are displayed in Fig. 10. 

Note the differences between the farfield responses of 
Fig. lOa and c that were measured in the 4 7r and 2 7r en
vironments. Diffraction effects and increasing cabinet 
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directivity with frequency causes a rising characteristic in 
the response from about 100 to 800 Hz in the 4 7r space 
[9], [10]. 

Keeping in mind the expected differences between Fig. 
lOa and e, the frequency responses measured by the five 
methods show good agreement below 500 Hz. A compar
ison between the two indirect methods (Fig. 10d, e) re
veals that the nearfield technique yields accurate response 
data about 11;2 octaves higher than the box-pressure 
technique. 

System Measurements 

To illustrate system measurements with the nearfield 
technique, two loudspeaker systems were measured, an 
8-in (20.3-cm) two-way closed-box acoustic suspension 
system and a IS-in (38.1-cm) three-way vented-box 
system. 

Closed-Box 

The closed-box direct-radiator system consisted of an 
8-in (20.3-cm) diameter (6.2-in (15.7-cm) effective piston 
diameter) high-compliance woofer, and a 21;2 -in ( 6.4-cm) 
diameter (2-in (5-cm) effective diameter) closed-back 
tweeter. 

SPL 

dB 

Loglzl 
JL 

f_ Hz� 
Fig. 11. Experimental measurements made on an 8-in 

(20.3-cm) woofer 2.5-in (6.3-cm) tweeter, two-way acoustic
suspension closed-box system. a. Nearfield frequency response 
of woofer (crossover connected - for all these tests) with con
stant applied voltage. b. Frequency response in anechoic cham
ber in farfield (47r sr). c. Nearfield response of tweeter with 
1 volt rms applied. d. System driving-point impedance magni
tude versus frequency. 

Nearfield frequency responses were run on both 
drivers in this system with a constant system input volt
age of 1 volt rms. The tests were run with the drivers 
mounted in the enclosure, in their correct positions, with 
the system crossover connected. An anechoic chamber 
free-field (full-space) response was measured for compari
son. These responses are shown in Fig. 11. 
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The nearfield measurement of the tweeter (Fig. lIe) 
shows that its nearfield SPL is roughly 10 dB higher than 
that of the woofer. This level difference is expected be
cause the tweeter is roughly one third the diameter of the 
woofer (assuming equal farfield SPL for each driver oper
ating in the piston range). The measured voice-coil re
sistance RE of the woofer is 4.8 ohms, and the calculated 
efficiency for the level portion of the system low-fre
quency piston range (200-500 Hz) is 0.35%. 

SPL 

dB �: l��s�:*- == 110F c, _ _  :,- -

F -11 
_ -

1001=11.-. = 

,. 
:10 Hz so lOOt:: .-

Log \z\ 

20 Hz SO 

-F J--= 1= 

t Hz---

- -1= =1 

5000 10000 20� 

Fig. 12. Display of experimental measurements taken on 
IS-in (38.1-cm) vented-box system theoretically set up for a 
4th-order Butterworth response with a corner (-3 dB) fre
quency of 40 Hz. a. Nearfield pressure frequency response 
at center of driver's diaphragm. b. At center of vent. c. 
Woofer'S driving point impedance magnitude versus fre
quency. 

Vented-Box 

The measurements on the vented enclosure system were 
limited to the woofer section only. The three-way IS-in 
(38.1-cm) vented-box system consists of a direct-radiator 
vented-box low end with horn-loaded midrange and 
tweeter. The Iow end of this system is designed to have a 
4th-order Butterworth high-pass response (Thiele align
ment no. 5) with IB = 13 = 40 Hz. The driver's effective 
piston diameter is 13 in (33 cm) [SD = 133 in2 (858 cm2)], 
the vent size is 7 by 1034 in (17.8 by 27.3 cm) [Sv = 75 
in2 (484 cm3)], and the net internal box volume VB is 6.3 
ft3 (0.18 m3). The voiceccoil dc resistance RE is 6.5 ohms. 

The nearfield SPL measurements on this system are 
shown in Fig. 12 along with an impedance curve. The 
vent measurement was taken with the test microphone 
held in the center of the vent flush with the enclosure's 
outside surface (for valid vent measurements, the system 
drive voltage must be low enough to ensure sinusoidal air 
movement and low turbulence at the vent output). Fig. 13 
displays photographs of the nearfield measurements being 
taken on this system. 

The driver diaphragm output (Fig. 12a) shows good 
correspondence with the theoretical curve displayed in 
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Fig. 8. The vent output (Fig. 12b) shows the effects of 
diaphragm crosstalk above 80 Hz when compared to Fig. 8. 

a 

c 

Fig. 13. Nearfield measurements on assorted direct radiators 
in nonanechoic environment. a. Tweeter in 8-in (20.3-cm) two
way closed-box system (1/.1 -in (O.6-cm) microphone). b. Woofer 
in I5-in (38.I-cm) vented-box system. c. Vent in 15-in (38.1-cm) 
vented-box system. 

An approximate overall low-frequency response was 
derived from thesc data by first computing the relative 
size ratio between vent and driver diaphragm: 

APRIL 1974, VOLUME 22, NUMBER 3 

� = ISD = 1133 
= 1.33. 

av '\j Sv '\j 75 

This value corresponds to a farfield pressure level shift of 
about +2.5 dB in favor of the diaphragm (for equal near
field SPL, the diaphragm would contribute 2.5 dB more 
level to the farfield pressure because of its larger size). 

Examination of the nearfield responses for vent and 
cone (Fig. 12a and b) reveals that the vent output at box 
resonance (about 38 Hz) is down approximately 2 dB 
from the diaphragm's output in the level response region 
extending from 100 to 500 Hz. The total system output 
is therefore down about 4.5 dB at 38 Hz. This single-point 
output computation at In, coupled with the knowledge 
that the vented-box system rolls off at 24 dB per octave 
below IB' was used with the measured cone output re
sponse (Fig. 12a) to derive the approximate low-frequency 
response in Fig. 14 (f3 = 41 Hz). The efficiency in level 
portion of the piston-range response, from Fig. 7, is 3.1 %. 

o 
LEVEL 

dB 

f Hz-
Fig. 14. Approximate overall low-frequency response of 

15-in (38.I-cm) vented-box system derived from measure
ments made using nearfield pressure sampling technique (Fig. 
12). The response indicates that system is slightly mistuned 
from a 4th-order Butterworth alignment at 40 Hz because the 
box resonance frequency fa is somewhat low. 

CONCLUSION 

The theory presented, along with supporting experi
mental measurements, shows that loudspeaker system 
piston-range characteristics can easily be measured by 
sampling the nearfield pressure with a test microphone 
held close to the acoustic radiator. Valid nearfield mea
surements may be taken in any reasonable environment· 
without the use of an anechoic chamber or large outdoor 
test site. Experimental measurements using the nearfield 
technique show excellent agreement with more traditional 
test methods. 

APPENDIX 

Experimental Measuring Equipment 

The following equipment was used in making the mea
surements presented in this paper. 

1) Beat frequency audio oscillator, Bruel and Kjaer 
(B&K) type 1014. 

2) Power amplifier, 200 watt, McIntosh, model MI-
200AB. 

3) Capacitor microphone, V<! in, B&K type 4135 with 
follower. 

4) Capacitor microphone, � in, B&K type 4133 with 
follower. 

5) Precision measurement amplifier, B&K type 2606. 
6) Graphic level recorder, B&K type 2305. 
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Implementation of Box-Pressure Measurements 

The frequency equalization network used to implement 
Small's box-pressure measurement method [1] was cor
rected only for the 1/ w2 behavior [1, p. 29, eq. (2) and 
(3)] of the box pressure. Box compliance shift and en
closure loss effects were not compensated for. A second
order high-pass RC filter, with corner frequency of 1 kHz 
( -3 dB), was used to provide an approximate w2 response 
up to about 1 kHz for these measurements. 
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A Comparison of Techniques for Evaluation of 

Loudspeaker Performance at Low Frequencies 

STEVE F. TEMME & CHRISTOPHER J. STRUCK 

Br�l & l(jrer, DK·2850 lVrerum, Denmark 

ABSTRACT 

Evaluation ofloudspeaker performance at low frequencies is complicated by long 
wavelengths, room interaction, and cabinetlbaffle diffraction. Since low frequency 
measurements have traditionally required large, imp ractical testing environments, 
different techniques have been developed in an attempt to overcome this 
requirement. Anechoic chambers, outdoor measurements, half-space measure
ments, ground plane measurements, cepstralliftering, parametric modelling, and 
near field techniques are compared with respect to accuracy, speed, bandwidth, 
and practical implementation. 



o INTRODUCTION 

The purpose of this paper is to compare different loudspeaker measurement 
techniques at low frequencies. Only an overview is presented here. The results 
shown here will hopefully serve as a guide about the trade-offs and difficulties 
involved. Detailed explanations of each technique are not given, as these are 

adequa tely described in the references. The results are compared only in terms of  
frequency response magnitude. All measurements and examples in this paper were 
performed with a Briiel & Kjrer Type 2012 Audio Analyzer. All results are dB SPL 
referred to 1 Watt into 4Q (2 Volts) at 1m. Unless otherwise stated, the frequency 
resolution is ISO R80 (112 4 octave). 

1 OUTDOOR MEASUREMENTS 

The difficulties in performing measurements outdoors are well known. Simply 
mention the weather to anyone from Canada or Scandinavia and one can quickly 
exclude measurements during most of the year. 11\ addition, both the test object 
and the measurement microphone must be suspended high enough above the 
ground to minimize the effects of reflections. Even during good weather, wind 
noise can be a factor as well as finding a remote AC power source. Just finding a 
suitable location for performing the measurements may be a problem. Of course, 
if these problems can be overcome, the situation is the closest approximation to 
an ideal free field. The result of an outdoor measurement on a small, 2-way, 4Q, 
closed-box loudspeaker is shown in Fig. 1. In this case the height off the ground 
was 9m. 

2 ANECHOIC CHAMBER TESTING 

The traditional alternative has been to perform measurements in an anechoic 
chamber [1]. Because of the cost of such a facility, this can be a luxury. This is 
especially true if the size of the chamber is large enough to be useful at low 
frequencies. Anyone familiar with this sort of work knows that setting up a test 
inside the chamber can be cumbersome and time consuming. More than likely, 
there will be other persons wanting to use the room. There are advantages in 
having a good anechoic room. Most importantly, it is very quiet, making it useful 
for noise and distortion measurements. Also, at higher frequencies, where the 
absorption is adequate, it offers the possibility of almost infinite resolution, useful 
for diffraction investigations and directional response measurements. 

The lower limiting frequency of a chamber is determined by the amount of free 
space in the room and the depth of the absorptive material. It is important to note 
that for large test objects, it may be necessary to move the measurement 
microphone further away from the test object in order to be in the far field. This 
in turn, increases the effect of any low frequency reflection from the chamber 
walls. The result of  a measurement on the same loudspeaker in an anechoic 
chamber is shown in Fig. 2. The size of the chamber is 7.7 x 6.5 x 6.6m [2]. Effects 
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due the size of the chamber and inadequate absorption at  low frequencies are 
clearly evident. 

3 HALF-SPACE AND BAFFLE MEASUREMENTS 

A variation of the full anechoic chamber is the so-called "half-space" or 2;1: room 
[1]. This is sometimes approximated by the use of a standardized baffie [3]. The 
real baffle is not infmite and therefore introduces diffraction and cancellation 
effects. If a loudspeaker system, including the enclosure, is  encased or buried, 
naturally occurring diffraction effects due to the cabinet cannot be observed. In 
addition, this can be problematic for vented systems with a rear-firing port. It can 
be quickly concluded that this method is really only useful for comparison of driver 
units. Fig. 2 shows the result of a measurement of the loudspeaker surrounded by 
a 1.26m2 baft1e. Note the increase in sensitivity of approximately 6 dB due to 2...,; 
loading. The notch at 307 Hz is caused by a cancellation from the nearest edge of 
the baffie. 

4 GROUND PLANE MEASUREMENTS 

Instead of attempting to completely control the test environment, a "stable" 
environment may be established that allows artifacts such a single reflection to 
be easily quantified. This, along with the theory of image sources, led to the 
development of the ground-plane technique [4]. The advantage of this technique 
is its lost cost and the need for very little post-processing. Here, however, we 
encounter many of the same difficulties as with outdoor testing. Locating a large, 
open, flat, surface can be difficult ( a sk everyone who works at your company to 
move their cars to clear the parking lot O. It must also be remembered that the 
measured response includes the image source, effectively doubling the source size. 
This creates an artificial gain of as much as 3 dB in the midband and can also 
radically alter the radiation pattern. These effects are clearly visible in Fig. 4. In 
practice, it is always necessary to tilt or slightly raise the test object, as shown in 
the graph. The lower limiting frequency in this case is determined by the amount 
of available surface area and the test object size. 

5 CEPSTRAL LlFTERING 

The low frequency resolution of a measurement can be extended by the application 
of post-processing to eliminate the effects of reflections. This can be in the form 
of simple time domain windowing of by the use of "cepstrum" methods which 
operate on the logarithm of the response [51. "Liftering" of the cepstrum yield s an 
apparent improvement in low frequency resolution of one octave compared to time 
windowing [6 ]. This is most likely due a "flattening" of the response and a 
smoothing of the lifter function caused by the logarithm and exponentiation 
operations used in this process, respectively. In this case, the processing can 
become quite involved and somewhat difficult to interpret. If it is necessary to 
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preserve the phase response, the complex cepstrum must be used (as opposed to 
the simpler power cepstrum). 

Fig. 5 shows a comparison of the results of cepstral liftering versus time 
windowing. In this graph, the FFT size is 1600 lines in a 5 kHz bandwidth 
resulting in a linear frequency resolution of 3.125 Hz before processing. After 
processing, the resulting frequency resolution is determined by the reciprocal of 
the width of the time window applied [7] or the length of the short pass lifter. In 
either case, this is determined by the arrival of the first reflection. In Fig. 5, the 
resulting frequency resolutions are 67 Hz for the liftered cepstrurn and 133 Hz for 
the time windowed data. The original measurement was taken in a reasonably 
large room. Note that below these frequencies there is no longer any information 
and the functions are now oversampled, i.e. even 67 Hz is not enough resolution 
for proper low frequency investigations. The results from the liftered cepstrum 
might be slightly improved by the use of a cepstral "edit" instead of the "short
pass" lifter, although this still assumes that the direct sound and reflections are 
well separated, which is never the case in practice. 

6 PARAMETRIC MODELLING 

Often, assumptions about the expected low frequency response are made based 
upon the loudspeaker system's physical configuration, i.e. closed box, ported, etc. 
At low frequencies, the system is effectively a high pass filter [8], [9]. A simple 
model of the low frequency response of the loudspeaker measured in the previous 
examples is shown in Fig. 6. For the closed box system, the parameters QT and fo 
determine the complex pole locations [1 0]. These were extracted from a 
measurement of the system's electrical impedance. A near field measurement can 

also be performed for verification or as an initial step in an iterative process ( i .e. 
curve fitting) for improving the model. Unless a more complex model is used 
taking into account higher frequency effects, this technique is only useful up to 
resonance. Naturally, a ported system would require a more complex model. 

7 NEAR FIELD MEASUREMENTS 

The near field technique offers a simple and convenient solution to many of the 
previously mentioned difficulties. At low frequencies, the response measured in the 
near field is directly related to the far field response and is independent of the 
environment into which the system radiates [11]. The increase in measured 
sensitivity due to the proximity of the measurement microphone can be easily 
compensated for. Ported systems can be evaluated by performing individual 
measurements of the active and passive sources, scaling these results, and adding 
the complex responses to find the overall low frequency response [1 1]. The result 
of a near field measurement on the test loudspeaker is shown in Fig. 7. In this 
case, the upper limiting frequency is determined solely by the size of the test 
object [7]. At these higher frequencies, the size of the test object is on the order of 
the wavelength of sound and the radiation begins to gradually change from 4;t to 
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2.:t as the frequency increases. For this loudspeaker, this occurs above 470 Hz. 
Often, the near field technique is combined with modell ing and/or time selective 
techniques to extend the useful frequency range even higher [7]. A comparison of 
the results using all of the different techn iques is shown in Fig. 8. Here, i t  is 
apparent that the near field technique offers the widest useable bandwidth. 

8 CONCLUSION 

Various techniques for evaluating loudspeaker performance at low frequencies 
have been examined. In order to perfonn useful low frequency investigations, a 
minimum of 1/12 octave resolution is typically required. Many of these techniques 
have inherent logistical d ifficulties. Measuring outdoors is simply impractical. An 
extremely large anechoic chamber is required to be useful at low frequencies. This 
is not typically available to most loudspeaker designers. The standard baftle is 
really only usable for driver testing and a true half-space, even if it  were available, 
would not include important cabinet diffraction effects. The ground plane 
technique introduces changes in the midband response, limit ing its useful 
frequency range. Cepstral liftering, while an improvement over s imple t ime 
windowing, requires extensive post-processing, yet fails to provide adequate 
resolution. For each of these methods, the result is entirely dependen t upon the 
amount of available space for performing the original measurements, as this 
determines the arrival of the first reflection. Modell ing can be used to estimate the 
response, but at some point a measurement will be required for verification. 
Superior results are obtained with the near field technique. It is both simple and 
convenient, it provides adequate resolution, and it yields useful information in the 
widest frequency range. 

5 



9 REFERENCES 

[1] L. L. Beranek, "Acoustics", <McGraw-Hill, New York 1954). 

[2] C. Fog, "Anechoic Chamber at Bruel & I{j�r", presented at the Nordic 
Acoustical Meeting, (1 986 August 20- 2 2 ). 

[3] lEC Standard 268, "Sound System Equipment, Part 5: Loudspeakers", 
Second edition (1989 July). 

[4] M. Gander, "Ground-Plane Acoustic Measurement of Loudspeaker Systems", 
J. Audio Eng. Soc. , Vol. 30, No. 10 (1982 October). 

[5] R. B. Randall, "Frequency Analysis", Briiel & Kj�r (1987 September). 

[6] G. Niedrist, "Echo Suppression for Loudspeaker-Microphone System 
Measurements", J. Audio Eng. Soc., Vol. 41, No.3 (1993 March). 

[7] C. J. Struck and S. F. Temme, "Simulated Free Field Measurements", 
presented at the AES 93M Convention - San Francisco (1 9 92 October 1-4). 

[8] R. Small, "Closed-Box Loudspeaker Systems, Part 1: Analysis", J. Audio Eng. 
Soc., Vol. 20, No. 10 (1 972 December). 

[9] R. Small, 'Vented-Box Loudspeaker Systems, Part 1: Small-SignaIAnalysis", 
J. Audio Eng. Soc., Vol. 21, No. 6 (1 973 June). 

[10] R. Allison, "Low-Frequency Response and Efficiency Relationships in Direct 
Radiator Loudspeaker Systems", J. Audio Eng. Soc., Vol. 13, No.1 (19 65 
January). 

[11] D. B. Keele, "Low-Frequency Loudspeaker Assessment by Near-Field Sound 
Pressure Measurement", J. Audio Eng. Soc., Vol. 22, No.4 (1974 April). 

6 



30 

80 

50 

'So 

200 

Fig. 1 Measurement of a small loudspeaker peiformed outdoors. 

A Freauencv Response. �agn ae (e 2(J;;,:JaJ1W at 1m 
100 

90 

d8 

80 

70 

60 

'So 
Hz 2k 201c 

Fig. 2 Measurement of a small loudspeaker performed in an anechoic 
chamber. 
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Fig. 3 Measurement of a small loudspeaker surrounded by a bafJle. 
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Fig. 5 Loudspeaker response resulting from cepstral liftering and time 
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PAPERS 

Simulated Free Field Measurements* 

CHRISTOPHER J. STRUCK·*, AES Member, AND STEVE F. TEMME*·*, AES Member 

Brilet & Kjter, DK-2850 Nterum, Denmark 

The development of time-selective techniques has enabled measurements of the free field 
response of a loudspeaker to be performed without the need for an anechoic chamber. The 
low-frequency resolution of both time-selective techniques and anechoic measurements is, 
however, limited by the size of the room. A technique is presented enabling measurements 
of the complex free field response of a loudspeaker to be performed, without an anechoic 
room, throughout the entire audio frequency range. It is shown that this technique can also 
be used for measurements of harmonic distortion. 

o INTRODUCTION 

The purpose of this paper is to present a convenient 
and reliable method for obtaining the complete free field 
response of a loudspeaker in an ordinary room, making 
as few assumptions about the device under test as possi
ble. Before attempting to obtain the free field response 
of a loudspeaker, it is useful to know what is meant by 
"free field" and "reverberant (or diffuse) field," as well 
as "far field" and "near field. " 

1 GLOSSARY OF IMPORTANT SYMBOLS 

a ::= radius of driver (or equivalent rigid, flat, 
circular piston) 

b ::= length of major semiaxis of ellipsoid 
c speed of sound, ::= 344 m/s 
d distance from source to measurement mi-

crophone (direct sound path) 
do reference distance (e.g., 1 m) 
dR ::= distance from source to first reflecting sur-

face to microphone (path of first reflection) 
F == frequency range 
I frequency 
Is == transition frequency; near-field/far-field 

measurement 
III == frequency resolution (lower limiting fre-

quency) 
HNF(f) == near-field response of loudspeaker 

* Presented at the 93rd Convention of the Audio Engineering 
Society, San Francisco, CA, 1992 October 1-4; revised 1993 
December 9. 

** Currently with Charles M. Salter Associates, San Fran
cisco, CA 94104, USA. 

*** Now an independent consultant in Boston, MA, USA. 

J. Audio Eng. Soc., Vol. 42, No.6, 1994 June 

T 

TO 

far-field response of loudspeaker 
length of minor semiaxis of ellipsoid 
wave number, ( == 27r/'A.) 
wavelength of sound 
largest linear dimension of source 
harmonic order 
reference electric powerJevel (e.g., 1 W) 

= reference sound pressure level (e.g., 20 
J..LPa) 
effective surface area of driver 
effective surface area of port 
time range 
time resolution 
time delay 
delay in sound arrival corresponding to 
reference distance 
dB reference 
nominal impedance of loudspeaker 

2 FIELD DEFINITIONS 

A free field describes idealized sound propagation 
with no reflections, that is, only the direct sound from 
a source can be observed. This occurs naturally in open 
outdoor spaces, high enough above the reflective surface 
of the earth. It can also be created artificially by con

structing an anechoic room. In this case a large room is 
built using highly absorptive material on the walls, floor, 
and ceiling. The depth of the absorptive material is ap
proximately equal to 1/4'A. of the lowest frequency that 
can be effectively absorbed. In practical terms, this 
translates to a minimum room dimension of 

h == 1.5'A. (1) 
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(see Fig. 1). Using the definition of the speed of sound, 

c = fA 

this becomes 

h 1.5c 
f 

(2) 

(3) 

For measurements down to f = 20 Hz, h = 25. 8 m 
(without absorptive material). Another restriction is that 
the size of the device under test be small (approximately 
1 %) compared to the volume of open space available in 
the anechoic room [1]. The lowest usable frequency 
is therefore determined by the depth of the absorptive 
material and the smallest dimension of open space avail
able, usually floor to ceiling height. 

Often responses measured in smaller chambers (h = 

6 m,J = 100 Hz) are plotted down to 20 Hz, perhaps 
due to the expense of constructing a large chamber. Fig. 
2 clearly reveals the effect of an anechoic chamber on 
the measured response of a loudspeaker, particularly at 
low frequencies, even for an optimization of source and 
microphone positioning within the room. This is caused 
by the limited size of the anechoic chamber (7.7 x 6.5 
x 6.6 m) and insufficient absorption of low-frequency 
reflections. 

A reverberant field occurs when sound arrives from 
all directions with equal magnitude and probability. This 
can be approximated with a reverberation chamber, 
which is constructed with many irregular, highly reflec
tive surfaces. 

To be in the far field of a sound source, the wavelength 
of sound radiated should be large compared to the size 
of the source. This occurs in practice when the distance 
from the observer to the source is large compared to the 
size of the source. A so-called point source will radiate 
spherically (411"sr) into a free field in all directions if 
there are no reflections (see Fig. 3). Note that under 
these conditions the sound field is very well behaved 
and the sound pressure level changes by - 6 dB for 
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every doubling of distance from the source, as shown 
in Fig. 4. This was verified in Fig. 2, where the level 
of the measured response decreases by 6 dB for each 
doubling of the microphone distance, empirically estab
lishing that the microphone is in the far field of the 
source. For long, narrow line sources, the sound radia
tion will be cylindrical (see Fig. 5). In this case the 
sound pressure level will change by - 3 dB for every 
doubling of the distance from the source. In practice, 
these conditions only exist over a limited frequency and 
distance range for a finite-size source and finite-size 
room. 

When the distance to the source is small compared to 
the wavelength of sound, one is said to be in the near 
field of the source. This typically occurs at low frequen
cies, where the wavelength (and radius) of a spherical 
wave is so large that the sampled section of the wave is 
essentially a plane. 

Therefore it can be said that the far field and the near 
field are determined by the relative size of the source 
compared to the frequency of the sound radiated. The 
free field and the diffuse field are functions of the room 
or environment. 

100 

80 

dB 

60 

40 

I 
, 

20 

20 200 Hz 2k 20k 

Fig. 2. Frequency response of a loudspeaker measured in an 
anechoic chamber for various microphone distances. Note 6-
dB change in level for each doubling in distance. Ripple in 
response is due to insufficient. absorption of reflections at 
low frequencies. 

Fig. I. The lower limiting frequency for anechoic measurements is determined by the depth of the absorptive material and the 
size of the room. 
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3 TIME-SELECTIVE TECHNIQUES 

All time-selective techniques rely on the constant 
speed of sound in order to separate the desired direct 
sound component from reflections, which arrive at the 
measurement microphone delayed due to a longer trav
eled path [2]. Therefore differences between the various 
techniques are found only in terms of signal to noise 
ratio, measurement time, and frequency selectivity [1] . 
In practice the measurement time range T is limited in 
order to exclude unwanted reflections and noise. This 
can be done as part of the measurement or as postpro
cessing. The uncertainty principle, in tum, determines 
the frequency resolution ajof the measurement. Disre
garding the actual shape of the time window for the 
moment, this is 

1 aj = T. 
The relation holds for any analysis or technique. 

p, 

(4) 

p, 

Fig. 3. Ideal point source radiating into free field. Sound pres
sure level decreases by 6 dB for every doubling of distance 
from source. 

dB 

SIMULATED FREE FIELD MEASUREMENTS 

Using time-selective techniques, it is possible to ob
tain the free field response of a loudspeaker by measuring 
in an ordinary room. This is done by restricting the time 
range to prevent reflections from entering the measure
ment. Fortunately no special treatment of the walls, 
floor, or ceiling is necessary. The absorption influences 
the reverberation time, however, and consequently the 
total measurement time for impulse and gating tech
niques [2]. 

Fig. 6 shows a loudspeaker and a measurement micro
phone situated in an ordinary room. The distance trav
eled by the direct sound is d. From the loudspeaker to the 
nearest reflecting surface to the microphone, the sound 
travels a total distance of 

(5) 

The difference in path length between the direct sound 
and the first reflection determines the time available for 

3r 

Fig. 5. Ideal line source radiating into free field. Sound pres
sure level decreases by 3 dB for every doubling of distance 
from source. 
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Fig. 4. Definition of sound fields for point source. Near and far fields are functions of the source; free and diffuse fields are 
functions of the environment. 
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a free field measurement, 

(6) 

where c is the speed of sound. This, in turn, determines 
the lower frequency limit for the measurement. From 
Eq. (4), 

c 

d' (7) 

It is easily seen that the loudspeaker, measurement mi
crophone, and nearest reflecting surface define an ellip
soid, with the loudspeaker and microphone at the focal 
points. The ellipsoid is a solid body of rotation, con
taining no reflective surfaces, about the major semiaxis 
which contains the microphone and loudspeaker focal 
points. Any surface touching the outer shell of the ellip
soid will cause a reflection to appear at the microphone 
that has traveled a distance dR ' 

In general, the distance traveled by the first reflection 
is equal to the length of the ellipsoid along the major 
semiaxis, 

(8) 

For the typical case where 

(9) 

the height of the ellipsoid along the minor semiaxis h is 
found to be 

h = Vh� (10) 
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usually the floor-to-ceiling height. The eccentricity of 
the ellipse E is defined as the ratio of the distance be
tween the focal points to the length of the ellipse along 
the major semiaxis, 

d 
E = -

b 
(11) 

0.5 

The ratio of the length of the major semiaxis to the 
length of the minor semiaxis is 

b 
- = l.15 . 
h 

(12) 

The problem of optimization then becomes that of plac
ing the largest possible ellipsoid with eccentricity E = 

0.5 within a given room. In an ordinary rectangular room 
this is usually done by centering the major semiaxis of 
the ellipsoid b along the longest horizontal room dimen
sion L. If L > 1.15h, we obtain from Eq. (10) 

h d =-

v'3 
= 0. 58h 

For L < l.15h, 

L d = "2' 

(13) 

(14) 

In general it is not worthwhile to carry the optimization 
too far, as will be seen in Section 4. It is useful, however, 
to keep a mental picture of the ellipsoid when arranging 
the test setup in the room in order to avoid the influence 
of disturbing objects that may cause reflections [2]. For 
this application the magnitude of the time response is 

Fig. 6. Loudspeaker, measurement microphone, and nearest reflecting surface define an ellipsoid within which free field measure
ments can be performed using time-selective techniques. 

470 J. Audio Eng. Soc., Vol. 42, No. 6, 1994 June 



PAPERS 

useful for viewing the arrival of the direct-sound compo
nent,accurately fixing the measuring microphone dis
tance, and determining the delay before the arrival of 
the first reflection. 

For the response to be measured in the far field of the 
source, d should be at least 3 times the largest linear 
dimension of the source M, 

d> 3M. (15) 

Depending on the size of the source, this may be some 
distance other than 1 m (or other reference distance). 
Because simulated free field conditions have been ob
tained (that is, the sound field is well known), the mea
sured response can easily be normalized to any desired 
reference (see Appendix 1). For measurements in the 
far field of the source, the distance d is then determined 
by the size of the device under test. In general, assuming 
Eq. (15) is fulfilled and substituting Eq. (8) into Eq. 
(7), we obtain 

. 

(16) 

This expression is deliberately left unsimplified [using 
the assumptions of Eqs. (9), (10), (12), and (14)] in 
order to show the dependence of � f on both room size 
and test object size if Eq. (15) is also fulfilled. Therefore 
the lowest measurable frequency using any time-selec
tive technique is a function of the room size, where h 
is the smallest room dimension (usually floor to ceiling 
height), and the test object size, which determines the 
distance to the measurement microphone d according to 
Eq. (15). 

Whenever attempting to visualize this problem men
tally, it is useful to think of a "small box (the loud
speaker) inside a large box (the room)." When the ratio 
between room size and loudspeaker size is large, it will 
be relatively easy to perform simulated free field mea
surements over a wide frequency range F. As the ratio 
decreases (that is, the room size is decreased or the 
loudspeaker size increased), it will become increasingly 

Amplitude 

:)_: . Left Taper I : 
Width 

Start 

SIMULATED FREE FIELD MEASUREMENTS 

difficult to perform free field measurements. 
In contrast to gating, or to the time-delay spectrometry 

technique, where the time window is determined by the 
use of a tracking filter [3], it is advantageous to apply 
the time window as a postprocessing operation [4). This 
is done in order to have a more well-defined time window 
and to obtain the optimum frequency resolution. It also 
allows the entire measurement, including reflections, to 
be viewed in the time domain before applying the win
dow. This implies an inherently linear, constant band
width data format for the far-field measurement for use 
of the forward and inverse fourier transforms. Reflec
tions are removed from the far-field measurement by 
multiplying the measured response (in the time domain) 
by a window function. Consequently the frequency re
sponse is convoluted with the Fourier transform of this 
window. Empirically, through much trial and error, we 
have found that the optimum time selectivity and the 
minimum resulting frequency-domain spreading are ob
tained by the use of a variable-width rectangular time 
window with leading and trailing Hanning (cos2) tapers 
of 10% of the rectangular width (see Fig. 7). With re
spect to worst-case frequency resolution, the effective 
time range T is determined by the width of the rectangu
lar portion of the time window. It will be seen in Section 
4 that the actual shape of the time window becomes less 
critical if the low-frequency response of the system can 
be obtained by another method. 

As mentioned previously, the choice of excitation sig
nal and test method should be based on speed, its effect 
on the test object, selectivity in both time and frequency, 
and the maximum available signal-to-noise ratio. In ad
dition, it should be possible to specify the input power 
to the device under test accurately, unless the system is 
known to be perfectly linear. Transducers, and loud
speakers in particular, do not normally fall into the cat
egory of perfectly linear systems, particularly not over 
a wide dynamic range. The sine wave has a low crest 
factor and its power can be determined easily and 
precisely. 

Sinusoidal excitation also enables ideal frequency se
lectivity, offering the possibility for harmonic measure-

Time 

Fig. 7. Effect of reflections can be removed from far-field measurement by multiplying measured time response by a time 
window. This window is rectangular with Hanning tapers to reduce frequency-domain spreading. 
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ments. The time required for the far-field measurement 
should be determined entirely by background noise. In 
an ordinary room this should be no more than about I s 

[5]. A short measurement time will also minimize time 
variance, such as effects due to heating. It should be 
kept in mind, however, that an improvement of 3 dB in 
the signal-to-noise ratio can be gained for every succes
sive doubling of the effective measurement time [3], [6]. 

4 NEAR-FIELD MEASUREMENTS 

The low-frequency response of a loudspeaker can be 
obtained using the near-field technique [7]. This is done 
by simply moving the microphone very close to the low
frequency driver(s) in the loudspeaker system (see Fig . 

. 8). This, of course, assumes that there is little or no 
passive radiation from the walls of the enclosure, that is, 
the structure is essentially rigid. To avoid measurement 
errors, the measurement microphone should be as close 
as possible to the driver under test. 

A microphone distance of 

d< O.l l a  (17) 

results' in measurement errors of less than 1 dB. The 

Fig. 8. Low-frequency measurements can be performed by 
placing microphone in near field of loudspeaker. Microphone 
should be placed as near as possible to center of diaphragm 
or port opening. 
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microphone should be placed as near to the center of 
the diaphragm as possible [7]. This technique physically 
eliminates reflections and noise. The near-field measure
ments can be carried out entirely in the frequency do
main. The theoretical upper frequency limit for per
forming near-field measurements on a driver mounted 
in an infinite baffle is given by 

ka = 1 (18) 

where k is the wave number. Substituting Eq. (2) into 
Eq. (18) becomes 

C fka-I = 21ra 

or 

(19) 

(20) 

for driver radius a in meters. For convenience, this can 
be rewritten as 

� 10 949.86 Jka= 1 � 
2a 

(21) 

in terms of the driver diameter 2a in centimeters. Fig. 
9 shows the upper limiting frequency for near-field mea
surements of drivers mounted in an infinite baffle versus 
driver diameter in centimeters. For driver diameters 
specified in inches, this becomes 

f ka � I � 
_43_1_0_. 9_7 

2a 
(22) 

For closed or ported loudspeaker systems, this limit will 
be lower (see Section 5). 

For ported loudspeakers or enclosures containing mul
tiple drivers, additional near-field measurements of the 

Driver Diameter 2a or Major Source Dimension M (cm) 

Fig. 9. Highest frequency at which near-field measurements can be performed is determined by size of driver when mounted in 
infinite baffle or largest dimension of enclosure. Upper frequency limits are shown versus driver diameter 2a or major source 
dimension M. 
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individual sources are required. The complete near-field 
response is found by first scaling the measurement of 
the port(s) and then taking the complex sum of all mea
surements [7] (see Appendix 2) . 

Because the microphone is so close to the driver (or 
port), the measured sensitivity appears considerably 
higher than an equivalent far-field measurement . For a 
loudspeaker system radiating into a 411" space, the far
field sensitivity can be calculated from 

(23a) 

or 

where HNF(f) is the measured near-field response and 
H FP( f) is the far-field response at a microphone distance 
d for a driver of a radius a. For ported loudspeakers the 
radius a is taken as the radius of the driver. For a driver 
mounted in an infinite baffle, radiating into a 211" space, 
the far-field sensitivity can be calculated as 

(24a) 

or 

This means that at low frequencies, where the loud
speaker behaves like a rigid piston, the measured near
field response is directly proportional to the far-field 
response and is independent of the environment into 
which the loudspeaker radiates [7], [8]. Alternatively, 
the level offset can be determined directly by comparison 
to a far-field measurement in the "overlap" frequency 
range, 

dB 

Near Field 
Measurement 

(25) 

SIM ULATED FREE FIELD MEASUREMENTS 

where both the near-field and the far-field measurements 
should be valid (see Fig. 10) . The upper frequency limit 
for the overlap range is explained in Section 6. As it is 
usually not possible to reduce the size of the loudspeaker 
once it is created, it is necessary to perform the far-field 
measurements in a room of sufficient size so that an 
overlap frequency range exists. Combining the two 
methods of determining the sensitivity offset and solving 
Eq. (23) for the radius a, yields 

a = (26) 

for a frequency I in the overlap range, when HNF(f) 
and HFF(f) are measured independently, for a driver 
mounted in a baffle. For individual drivers, this interest
ing result provides an empirical method for determining 
the effective radius a and subsequently the effective radi
ating surface area of the driver SD (SD = 11"a2) . This 
parameter is critical in the determination of the 
Theile-Small parameters . 

For frequencies above Ika= 1 most drivers no longer 
behave like rigid pistons (that is, modal behavior or 
"cone breakup") and the relationship between near-field 
and far-field response becomes complex. The frequency 
range for the near-field measurement should therefore 
be chosen to an upper frequency no greater than Ika = 1 • 

The lower frequency should be less than or equal to 20 
Hz (lower for large-diameter or extended-range woofers) 
in order to include the low-frequency rolloff of the sys
tem . This is important for examining the time-domain 
behavior of the system. 

Near-field measurements are entirely independent of 
the measurement technique and offer the optimum mea
surement signal-to-noise ratio due to the proximity of 
the microphone to the sound source. This provides a 
high rejection of both correlated noise (that is, reflec
tions) and uncorrelated random background noise. Using 
stepped sine excitation, tests can be performed at dis
crete frequencies in a logarithmic (ISO preferred) fre
quency format, typically 11 12  octave (ISO R40) or 1 124 

Far Field 
Measurement 

1 c 
T �M 

Fig. 10. For a sufficiently large room, a frequency range exists where both near- and far-field measurements are valid. 
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octave (ISO R80). This optimizes low-frequency resolu
tion and test time and enables measurements of harmonic 
distortion to be performed [6]. 

5 FULL-RANGE RESPONSE MEASUREMENTS 

If a full audio range response (typically 20 Hz to 20 
kHz) is desired, the measurement can be performed in 
two passes. The first measurement is performed in the 
far field using a calibrated microphone. The microphone 
can then be repositioned into the near field to measure 
the low-frequency response. Assuming an overlap fre
quency range exists, a transition frequency is within this 
range can be selected at which to join these measure
ments. With the exception of the room size, no other 
assumptions are made. Postprocessing is then performed 
to account for the time delay to the far-field microphone, 
for the application of a time window to the far-field 
measurement to isolate the direct-sound component, and 
to account for the sensitivity offset between the far
field and near-field measurements. All block arithmetic 
operations should be complex so that other functions 
such as phase, group delay, and the time response are 
available for the final, full frequency range response 
data. 

To test the application of this method, measurements 
were performed on a small (180 by 110 by 110 mm) two
way closed-box loudspeaker, with an 85-mm-diameter 
woofer using a Briiel & Kjrer Type 2012 audio analyzer 
and a calibrated Briiel & Kjrer Type 4133 free field 
microphone. The inherent phase inversion of the mea
surement microphone is corrected during the postpro
cessing. The output of the measurement system was cali
brated to account for the gain and frequency response 
of the power amplifier used to drive the loudspeaker 
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Fig. 11. (a) Magnitude of time response shows arrival of direct 
sound at measurement microphone followed by arrival of re
flections. Effect of reflections appears as ripple in frequency 
response (b). 
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under test. This enabled direct measurement of the sys
tem response at the input and output terminals of the 
device under test. All postprocessing was carried out 
directly in the analyzer. In addition to the graphs shown 
here, the measurement results are available in ASCII 
formaf for further processing (such as polar response, 
directivity, and statistics). 

First a measurement of the loudspeaker response in 
the far field is performed. The result is shown in Fig. 
11, including the effect of room reflections. The time
response magnitude clearly shows the arrival of the di
rect sound as well as the delay before the arrival of 
reflections. The delay before the arrival of reflections 
determines the time range T available' for a time-selec
tive measurement. If the time range is insufficient, the 
microphone-loudspeaker setup must be repositioned or 
the measurements may need to be performed in a larger 
room. Reflections are convoluted with the response of 
the loudspeaker in the frequency domain, resulting in a 
"ragged" frequency response. 

The peak in the time-response magnitude indicates 
the delay in sound propagation,. for the arrival of the 
direct sound at the microphone, and consequently the 
distance d to the microphone position (typically the tweeter 
arrival). A time shift can be applied to the far-field mea
surement to compensate for this delay, which is not an 
actual part of the loudspeaker response (see Fig. 12). 
This allows the final phase response to be displayed 
without "wrapping." It is followed by the application of 
the time window to the far-field measurement (see Fig. 
13). The resulting frequency response appears 
"smoothed," due to the removal of time-domain reflec
tions which cause frequency-domain ripple. 

The microphone is then repositioned in the near field 
of the woofer, and the low-frequency response is mea
sured. This appears with a higher sensitivity than the 
far-field measurement (see Fig. 14). The cursor can be 
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Fig. 12. A time shift is applied to measured r�sp�:mse to account 
for delay to measurement microphone_ ThiS IS followed by 
application of a time window to isolate the �irect-s0l:lnd com
ponent. Inner lines indicate rectangular portIon of ��ndow (T 
= 5.67 ms); outer lines indicate leading and trailing Han
ning tapers. 
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used to read the offset between the measurements to 
match the sensitivity of the high-frequency measure
ment. The magnitude of the offset can also be calculated 
according to Eq. (24). After rescaling the magnitude of· 
the near-field measurement, an overlap region should be 
clearly visible. A transition frequency Is can then be 
selected within this region. 

In order to avoid a discontinuity in the phase response, 
both near-field and far-field measurements must be re
ferred to the same acoustic reference plane. This is ac
complished by applying a time shift to remove the appro
priate delay from each measurement. The reference 
plane is established after time shifting the far-field mea
surement as previously mentioned by 'T. If the intrinsic 
delay in the near-field measurement is 'TNF' then the delay 
to be removed from this measure in order to align it to 
the already compensated far-field measurement is 'T x (see 
Fig. 15). Noting that delay is the derivative of phase 
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Fig. 13. (a) Time response (re 1 PaN) after application of 
time window. (b) Resulting frequency response (re 20 ILPa/ 
V), valid to fl.! = liT (176 Hz). 
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with respect to frequency, this delay can be found by 
examining the phase difference fl.<P (see Fig. 14) be
tween the measured near-field phase and the compen
sated far-field phase at/s. For "unwrapped" phase func
tions the delay compensation to be applied to the near
field measurement can be calculated as 

'T = -x 
J 

360 
<PNF( Is) - <PFF( Is) 

Is (27) 

for phase measured in degrees (see Fig. 16). The applied 
time-shift compensation has the opposite sign of the 
propagation delay to the microphone. 

The near-field measurement is shown along with the 
far-field measurement in Fig. 16, after the application 
of Eq. (24) and after delay compensation. Note the align
ment of the phase responses and the overlap range in 
the magintude responses. 
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Fig. 14. Near-field measurement before magnitude and delay 
compensation. Low-frequency measurement shows higher appar
ent sensitivity compared to far-field measurement due to de
creased distance from microphone. (a) Magnitude. (b) Phase. 
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Fig. 15. Delay compensation applied to both near-field and far-field measurements in order to refer both to same acoustic 
reference plane. 
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In order to preserve the low-frequency resolution and 
to avoid a discontinuity in frequency resolution between 
the upper and lower frequency ranges at Is, the linear 
(FFf) far-field data are converted to a logarithmic (con
stant-percent bandwidth) format equivalent to the ISO 
R80 format of the near-field measurement. This is a 
straight-line interpolation algorithm on a decibel versus 
logarithmic frequency axis. The linear data are 1600 
points, from 1 Hz to 40 kHz, so the response should be 
more than adequately sampled for an accurate conver
sion in the frequency range where the windowed far
field data are valid. This has the adde

'
d advantage of 

showing the response in the frequency domain in an 
optimum format, as it is universally accepted as standard 
industry practice to show the frequency response in deci
bels, on a logarithmic frequency scale, preferably with 
the lEe 263 axis ratio (25 or 50 dB per decade). A linear 
data set in the frequency domain tends to concentrate 
resolution at the higher frequencies on a logarithmic 
frequency axis. An additional benefit is that the final 
response contains the ISO preferred frequencies, so it is 
a simple matter to obtain the necessary values for the 
calculation of sensitivity, directivity, and so_ on. 

Afterward rectangular frequency windows are applied 
to both measurements. The near-field low-frequency 
measurement is windowed to eliminate data at frequen
cies above Is. The far-field measurement is windowed 
to exclude data at frequencies below Is. Assuming Is > 
liT, this also eliminates invalid data remaining after the 
application of the time window. Now the two responses 
no longer overlap. The final process is to add the two 
responses together to obtain a single, continuous com
plex data set. The last step is to divide out the complex 
response of the power amplifier used to drive the loud
speaker. The magnitude of the resulting frequency re-

90 

80 

dB 
70 

SO 

50 

40 
20 

-90 

Oegr 

-180 I ···· .. ··· .. · .. ········· ........ . 

-270 

200 Hz 2k 20k 

(a) 

-3S0 ':::20:------'--'----"2::!::00,--------:-;HZ------:::2k-----------:::20,,,-Jk 
(b) 

Fig. 16. Near-field response after application of level offset 
and delay compensation. Note overlap range in magnitude 
response where both measurements yield same result. Cursor 
indicates selected transition frequency. (a) Magnitude. (b) 
Phase. 
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sponse for the complete system, shown from 20 Hz to 
20 kHz, appears in Fig. 17. The phase and the group 
delay are shown in Fig. 18. 

Because the data are complex, the final response can 
be reconverted to a linear format (without the effect of 
reflections) before applying an inverse Fourier transform 
to recalculate the time-domain response from the full
range frequency response. In this way the measured data 
can be displayed optimally in both the frequency and 
the time domains. Extending the measurement frequency 
range F to 40 kHz normally eliminates the need for any 
windowing of the frequency response prior to calculation 
of the time response. Most loudspeaker systems de
signed for the normal audio range will be sufficiently 
rolled off, or "self-windowed," at both the upper and 
the lower ends of a I-Hz to 40-kHz frequency spectrum. 
This subsequently eliminates artifacts caused by such 
windowing. The resulting time resolution at given by 
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.. Fig. 17. Resulting on-axis frequency response, 20 Hz to 20 
kHz, ISO R80 format (1124 octaves), dB re 20 .... Pa/2.0 V at 
1 m (1 W into 4 o.)'/s = 400 Hz (two-way, 4-0., closed-box 
loudspeaker, grille off). 
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closed-box loudspeaker. Note that resulting data set is com
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the uncertainty principle is 

1 at = -F (28) 

For an "extended-range" loudspeaker, with a frequency 
response that has not rolled off sufficiently at 40 kHz, 
a frequency window with a right-Hanning taper from 20 
kHz to 40 kHz can be applied befbre calculation of the 
time response. This has the adv:antage of not affecting 
the frequency response in the audio, bandwidth, and es
pecially not affecting the response at low frequencies, 
and it is an improvement over the "half-Hann" window 
recommended in [9]. The magnitude of the time response 
is seen in Fig. 19. The real part of the time response 
(traditional impulse response) can also be displayed (see 
Fig. 20). . 

Software can be used to automate the entire process 

80 r---�------------------------------� 
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8m 

Fig. 19. Time response (magnitude) of system can be calcu
lated from full-range frequency response by inverse FFf (right
Hanning taper, 20 kHz to 40 kHz, applied to frequency re
sponse before calculation). 
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Fig. 20. Real part of time response (impulse response), 
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(except for moving the microphone for the near-field 
measurement), including guidance in performing both 
the measurements and the postprocessing as well as doc
umentation of the results. 

Fig. 2 1  compares the response of a similar loud
speaker measured in an ordinary room using this tech
nique to the response of the same loudspeaker measured 
using traditional techniques (that is, not time selective) 
in an anechoic chamber. Differences at low frequencies 
are due to previously mentioned errors introduced by 
the size of the anechoic chamber (7.7 by 6.5 by 6.6 m), 
according to Eq. (3). 

To test the technique further, a ported loudspeaker 
(39 by 23 by 22 cm) was also measured. Fig. 22 shows 
the individual measurements of the driver and the port. 
The measurement of the port is first scaled by the square 
root of the ratio of the port area to the effective radiating 
surface area of the driver (see Appendix 2). This scaled 
response is then summed (complex summation) with the 
near-field response of the driver. The complete near
field response of the ported loudspeaker is shown in Fig. 
23. The resulting simulated free field response of the 
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Fig. 21. (a) Simulated free field technique shows good correla
tion with measurements performed in anechoic chamber at high 
frequencies [dB re 20 I-LPal2,0 V at 1 m (1 W into 4 0)] 
and provides significant improvement at low frequencies. (b) 
Comparison of phase response. 
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ported loudspeaker system (20 Hz to 20 kHz) appears 
in Fig. 24. 

Fig. 25 shows a comparison of the response of this 
ported loudspeaker measured using the simulated free 
field technique to the response of the same loudspeaker 
measured in an anechoic chamber. Here even greater 
differences can be observed at low frequencies than for 
the smaller closed-box system. The effects of inadequate 
low-frequency absorption in the chamber are more pro
nounced due to the use of a greater microphone distance 
for the far-field measurement, necessary because of a 
larger source size. 

6 CHOICE OF TRANSITION FREQUENCY 

Several possibilities exist for choosing the exact tran
sition frequency Is. In general, Is should be chosen as 
high as possible in order to preserve low-frequency reso
lution, but above liT. In any case it should be the near
field response that is manipulated relative to the far-field 
response. The level of the far-field response should not 
be altered, assuming it was calibrated. The first possibil
ity would be to simply apply Eq. (24) and choose Is ,. 
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Fig. 22. Near-field measurements of driver and port performed 
on vented loudspeaker system (shown before scaling). Port 
response is scaled and then these complex responses are 
summed to obtain low-frequency response of system. 
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Fig. 23. Resulting near-field response of ported system. (So 
= 127.68 cm2, Sp = 21.32 cm2.) . " 
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liT. Choosing this transition frequency reduces the 
apparent resolution around Is due to the "smoothing" 
effect of the time window on the measured far-field re
sponse at its lower frequencies, that is, in this frequency 
range there is more detail in the near-field measurement. 
Another method is to see if, after using Eq. (24), the 
two measurements intersect at some frequency. This fre
quency can then be used as Is if it conforms to the 
aforementioned restrictions. Alternatively, the magni
tude of the near-field response could be adjusted for a 
visual "best fit." 

Because the drivers are generally mounted in an enclo
sure somewhat larger than the driver itself, at high fre
quencies (smaller wavelengths) the low-frequency driv
ers will no longer radiate spherically in the near field, 
due to the baffle effect of the enclosure [4], [7]. This 
effect is observed as a transition from 41T (spherical) 
to 21T (hemispherical) radiation, occurring over several 
octaves for increasing frequency, as the wavelength ap
proaches the size of the source for sound radiation mea
sured by a microphone placed in the near field. The 
useful upper frequency limit for near-field measurements 
on 'toudspeaker systems is always observed to be lower 
than the theoretical I ka = 1 limit for a driver mounted in 
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Fig. 24. Complete simulated free field frequency response of 
two-way 8-0 ported loudspeaker, dB re 20 j.l.Pa/2.83 V at 1 
m (1 W into 8 0) measured on axis, grille off, fs = 206 Hz. 

dB 

Fig. 25. Frequency response of ported loudspeaker measured 
using simulated free field technique and measured in anechoic 
chamber. Note irregularities in anechoic response caused by 
low-frequency reflections in anechoic chamber. Frequency re
sponse, dB re 20 j.l.Pa/2.83 V at 1 m (1 W into 8 0). 
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a baffle. The near-field measurement will progressively 
under estimate the true free field response at higher fre
quencies. Because this limit is governed by the overall 
size of the test object, rather than by the driver radius, 
the entire enclosure must be considered when comparing 
the wavelength to the size of the source. In practice we 
have seen that the near-field response can be used with 
errors of less than 1 dB (Compared to anechoic measure
ments) at frequencies where the wavelength is greater 
than approximately 3 times the major dimension of the 
source M. An attempt to explain this behavior can be 
found by substituting M for 2a in Eq. (18). In terms of 
an upper limiting frequency, this is 

C I" � _ 
JS 'ITM ' 

(29) 

This is therefore the most critical factor governing the 
selection of Is. 

In practice the upper limit can also be verified by 
performing off-axis measurements to determine at what 
frequencies the source is no longer omnidirectional. For 
multi way systems with a crossover frequency Ix less 
thanls, a lower transition frequency Is should be chosen 
such that 

Is <Ix (30) 

to avoid rolloff in the near-field response due to the 
crossover filter. 

7 HARMONIC DISTORTION 

Using sinusoidal excitation also enables time-selec
tive and near-field measurements of any selected har
monic components to be performed [5], [6]. Practical 
considerations for full audio bandwidth tests such as 
the range of human hearing, the frequency range of the 
measurement microphone, and the low energy level of 
upper harmonics outside the passband typically limit 
measurements to the second and third harmonics. More 
useful results for nonlinear measurements can be ob-

dB 
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tained using two-tone techniques, but here the one-to
one relationship between time and frequency is lost and 
we are limited to measurements in an anechoic room or 
quasi-near-field measurements [10]. 

The measurement of a harmonic response results in a 
frequency multiplication of the desired response by the 
harmonic order for results plotted at the excitation fre
quency. Consequently the upper limiting frequency for 
near-field measurements is corresponding reduced to the 
frequency where 

1 
ka = -

N 
(31) 

or 

C 
lka= I = 

2'ITaN 
(32) 

where N is the harmonic order. Fortunately the lower 
limiting frequency for far-field time-selective measure
ments is correspondingly lowered as well, 

300 

400 

1 
III = 

NT . (33) 

Fig. 26 shows the separation of individual harmonic 
components in time and frequency for a linearly swept 
sinusoidal excitation. Each far-field harmonic must 
therefore be measured with an individual sweep in order 
to isolate the desired component from reflections and 
other harmonics. The near-field harmonics can be tested 
at discrete frequencies in a single pass. The transition 
frequency for each harmonic, Is(N) , should also be a 
function of the harmonic order, 

Is(N) = 
Is(1) 

N 
(34) 

where Is(1) is the transition frequency selected for the 
fundamental. 

Harmonic distortion measurements were performed on 
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Fig . 26. Use of linearly swept sinusoidal excitation signal enables time-selective measurements of individual harmonic components 
to be performed. Diagram shows separation of second harmonic in time and frequency. 
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the closed-box loudspeaker using this technique (see 
Fig. 27) . Note that these are true harmonic responses 
(not THD plus noise) . The total harmonic distortion 
(THD) referred to the total is calculated as 

THD = 

(35) 

. where the denominator (total) is the power sum of the 
fundamental plus the measured harmonics (in this case, 
the second and third) . The resulting THD compared to 
the total is shown in Fig. 28.  Good correlation was found 
with equivalent measurements performed in an anechoic 
chamber, especially at higher frequencies (see Fig. 29). 

8 CONCLUSION 

A technique has been presented enabling measure
ments of the complex free field response of a loudspeaker 
to be performed, without an anechoic room, throughout 
the entire audio frequency range. One measurement is 
performed using a time-selective technique in the far 
field of the source . The low-frequency response is then 
obtained using the near-field technique. Assuming an 
overlap frequency range exists , a transition frequency 
can be selected at which to join these measurements. 
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Fig. 27 . Fundamental, second, and third harmonic responses 
of closed-box loudspeaker for 2.83-V input, measured using 
simulated free field technique. Responses are in dB SPL re 20 
I1Pa referred to I m. 
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The sine-based test methods employed to test technique 
optimize speed and the selectivity in both time and fre
quency, and maximize the available signal-to-noise ra
tio. In addition, sinusoidal excitation provides a low 
crest factor signal and enables accurate specification of 
the input power to the device under test. This technique 
also presents the resulting data optimally in both the 
frequency and the time domains. These results are avail
able in any desired coordinates and can be exported for 
further processing. Furthermore it has been demon
strated that, using sine-based analysis, this technique 
can be extended to include measurements of harmonic 
distortion . The only limits for this technique are, in fact, 
imposed by the size of the room used for performing the 
tests . These limits , however, are much less critical than 
with either purely time-selective techniques alone or tra
ditional measurements in an anechoic chamber. The ef
fects of the anechoic chamber on the measured response 
at low frequencies , caused by its limited size and insuf
ficient absorption oflow-frequency reflections, are elim
inated . A comparison to traditional anechoic measure
ments clearly reveals the magnitude of these chamber
induced errors .  This technique offers reliability and con
venience without making unnecessary assumptions 
about the environment or about the device under test. 
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APPENDIX 1 
dB REFERENCE 

The magnitude of the frequency response of a loud
speaker is usually plotted in decibels versus freque�c�. 
In order to be able to interpret this curve correctly, It IS 

necessary to know the decibel reference. Recall that 
decibels express a logarithmic power ratio, 

P dB = 10 10gIO po 

where Po is the reference power. 

(36) 

Normally power is not measured directly. Therefore 
this expression can be rewritten as 

(37) 

where Xo is the corresponding signal reference. This is 
derived from the fact that the ratio of the squares of two 
signals is equal to the ratio of their powers. The refer
ence for a transfer function has dimensions and can be 
found by dividing the reference for the output by the 
reference for the input. For a loudspeaker Xo is in pascals 
per volt. Therefore if the output is desired in dB SPL, 
the output reference is 20 I-'-Pa. 

Typically the reference for the inp�t is given as 
.
a 

power (such as 1 W). The signal apphed: however, IS 

in volts, so the power will depend on the Impedance ?f 
the loudspeaker .  In general the voltage is found that WIll 
dissipate the reference power across a resistance equal 
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to the loudspeaker's  specified nominal impedance, 

[W] (38) 

so 

v = VPOZo [V] (39) 

where V is the corresponding input reference voltage. 
This refers the measured response to the reference 
power, regardless of the actual level of the excitation 
signal. This of course assumes that the device under test 
behaves linearly (that is, no power compression). 

Because the output terminals of a loudspeaker are not 
intrinsically obvious, it is also necessary to specify a 
reference distance. Typically this is 1 m. For free field 
measurements of a point source (that is, spherical sound 
radiation), the sound pressure level is inversely propor
tional to the distance (a - 6-dB change in output level 
for every doubling of distance). This is easily verified 
empirically. As explained earlier, it may be necessary 
to perform measurements at some distance other than 
the reference distance in order to be in the far field of 
the source. Fortunately this can easily be incorporated 
into the dB reference using either distance or time delay, 
assuming a constant speed of sound. The complete refer
ence then becomes 

Xo = do [PalV] . 
d 

(40) 

Typically Po is 20 I-'-Pa, Po is 1 W, and do is 1 m. For 
example, for an 8-0 loudspeaker measured at I m (Zo 
= 8 0  and d = 1m), Xo = 7.07 I-'-Pa/v. 

For a constant speed of sound c time delay can be 
equated to distance as 

d 
T = - [s] . 

c 
(41) 

In terms of time delay, . the dB reference can then be 
written as 

Xo = � To [Pa/V] . 
YPOZo T 

(42) 

For c = 344 m1s and do = 1 m, TO = 2. 91 ms. Normally 
the time delay can be obtained directly from the magni
tude of the time response by locating the largest peak, 
corresponding to the arrival of the direct sound. 

For line sources, such as tall, narrow ribbon loud
speakers and tweeter line arrays, the sound pressure level 
changes by - 3 dB for every doubling of distance of 
the measurement microphone under free field conditions 
(recall Fig. 4). Applying this relationship, the dB refer
ence becomes 

x = � . !do [PalV] o 
YPOZo Vd (43) 
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or, in terms of time delay, 

Xo = V��o . f: [PaN] (44) 

This is also easily verified empirically. Of course, if d 
is increased sufficiently, even a line source will appear 
to behave like a point source. Provided the measure
ments are calibrated, the loudspeaker sensitivity and di
rectivity can easily be calculated from these dB values. 

APPENDIX 2 
NEAR-FIELD MEASUREMENTS OF PORTED 

ENCLOSURES AND MULTIPLE-DRIVER 

SOURCES 

The low-frequency response of ported loudspeakers 
and loudspeakers containing multiple drivers can also 

PAPERS 

be measured using the near-field technique described by 
Keele [7]. The complex response of each source (driver 
or port) should be measured individually. These complex 
responses can then be summed. The overall near-field 
response is given by 

(45) 

where Ho(f) is the near-field measurement of the driver, 
Sp is the total radiating surface area of the port(s), So is 
the total radiating surface area of the driver(s), and 
Hp( j) is the near-field measurement of the port. When 
measuring the port response, the microphone should be 
positioned in the same plane as the port opening (see 
Fig. 8) . Passive-radiator systems can also be measured 
with this method. In this case the passive elements are 
simply treated as ports. 
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