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Loudspeaker Measurements and Their Relationship

to Listener Preferences: Part 2*
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Using the highly reliable subjective ratings from an earlier study, loudspeaker mea-
surements have been examined for systematic relationships to listener preferences. The
result has been a logical and orderly organization of measurements that can be used to
anticipate listener opinion. With the restriction to listeners with near-normal hearing
and loudspeakers of the conventional forward-facing configuration, the data offer con-
vincing proof that a reliable ranking of loudspeaker sound quality can be achieved with
specific combinations of high-resolution free-field amplitude-response data. Using such
data obtained at several orientations it is possible to estimate loudspeaker performance
in the listening room. Listening-room and sound-power measurements alone appear to
be susceptible to error in that while truly poor loudspeakers can generally be identified,
excellence may not be recognized. High-quality stereo reproduction is compatible with
those loudspeakers yielding high sound quality; however, there appears to be an inherent
trade-off between the illusions of specific image localization and the sense of spatial

involvement.

4 INTRODUCTION—PART 2

The review of published opinion in Part 1 of this
paper' indicates that there are aspects of loudspeaker
measurements about which there is significant dis-
agreement among various workers. Prominent among
these is the measurement of amplitude response, where
there is no universally accepted method of measurement.
Most designers and reviewers acknowledge that there
is some merit in measurements of free-field on-axis
and off-axis performance, and in the consolidated
measures of sound-power or listening-room response.
Nevertheless, individuals generally express a preference
for one of these, based on their experience or inves-
tigations.

For loudspeakers of conventional design, using for-
ward-facing radiators, the same criterion of excellence
cannot be applied to all of the measurement options.
A conventional loudspeaker system with a flat amplitude
response on its reference axis cannot have a flat sound-
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power response, and vice versa. Neither a flat axial-
response nor a flat sound-power response ensures a
measured response in a typical listening room that is
flat, or even of any particular shape that could be stan-
dardized.

Thus without even considering the performance of
loudspeakers with regard to phase response, time-do-
main response, or nonlinear distortions there are dis-
agreements in basic measurement methodology. The
present study is an attempt to resolve some of the ap-
parent contradictions.

Restating the long-term objective of this project, it
is to define a set of technical measurements and the
form of their presentation, such that interpretations by
experienced unbiased observers correspond to the results
of controlled listening tests using experienced unbiased
listeners. A loudspeaker that has a good technical per-
formance, in certain specific terms, should sound good
in the listening room, and vice versa.

5 MEASUREMENTS

Fundamental to this investigation is the clear iden-
tification of the subjective and objective variables to
be used in the attempted correlations. The subjective
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data came from experiments conducted under strict ex-
perimental controls, all of which have been described
at length in a recent paper by this author [1]. The results
of these experiments were consistent and repeatable
but, as was pointed out in this earlier work, it is possible
to be consistently in error (due, for example, to a prej-
udicial selection of program material or to an acoustical
aberration in the listening room). Therefore there is a
second purpose to the present investigation: to test for
objectively identifiable bias in the listener ratings.

5.1 Subjective Measurements

The listeners who participated in the subjective mea-
surements from which the present data are taken ranged
from professional sound-recording engineers to audio-
philes. Many were musicians, but all of them had a
background of serious critical listening. In all, there
were 42 listeners in these tests, but the data used here
pertain only to the 28 who exhibited low judgment
variability. These listeners all had hearing threshold
levels within 10 dB of the ISO audiometric zero at
frequencies below 1 kHz, and within 20 dB, up to 6
kHz. As noted in the previous paper, these were the
listeners whose ““fidelity ratings”” showed the greatest
consistency within individuals and the closest agreement
across the group of individuals.

Not all listeners auditioned all loudspeakers and not
all loudspeakers were included in each experiment.
There were, in fact, six separate experiments, with
certain “‘anchor” products being common to several
of them. All of the loudspeakers were conventionally
enclosed two- or three-way systems with forward-facing
drivers.

In the course of each 30-min exposure to randomized
presentations of a test group of four loudspeakers, lis-
teners completed questionnaires, quantifying their per-
ceptions of various audible attributes and arriving finally
at an overall fidelity rating. This rating is on a scale
of 0 to 10, where 10 identifies a reproduction that is
perfectly faithful to the ideal, no improvement being
possible. The number O, in contrast, denotes a repro-
duction with no similarity to the ideal-—a worse re-
production cannot be imagined. This scale has been
used extensively by the author and others, and is em-
bodied in IEC Publication 268-13 [59]. Each experiment
ran from one to several days, until each listener had
auditioned each loudspeaker three to five times in the
randomized presentations.

All of the fidelity ratings used here came from mono-
phonic listening tests. Over half of the loudspeakers
were evaluated in stereophonic comparisons as well,
but these data are not included. As pointed out previ-
ously [1], highly rated loudspeakers receive closely
similar ratings in both stereo and mono tests, but loud-
speakers with lower ratings tend to receive elevated
ratings in stereo assessments. This scaling distortion,
combined with the increased judgment variability in
stereo tests, encouraged the use of the monophonic test
results.
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5.2 Objective Measurements

As discussed in Part 1, the identification of a single
defensibly superior method of measuring the frequency
response of loudspeakers has been a matter of debate
for years. Anechoic on-axis measurements have had a
logical appeal on the basis that they describe the ““di-
rect” sound at a listener’s ears. From a marketing point
of view there is the further advantage that they tend to
show the product in the most flattering light. Detractors
have argued that listening rooms are not anechoic
spaces. In fact some have argued that in normal rooms
listeners experience a sound field that is predominantly
reverberant. Consequently total sound-power output is
promoted by these experts as the single most reliable
indicator of sound quality. Between these extreme views
are those that embrace both, either explicitly—saying
that a good loudspeaker should measure well in both
respects—or implicitly—advocating measurements
within the listening room.

The discussion of results will deal with these alter-
natives and their merits in more detail. For the moment
let us consider a measurement system that embraces
most if not all of these alternatives and that has sufficient
flexibility to process and present the data in new forms,
if required.

Over nearly two decades of intermittent investigation
of loudspeaker performance, the author developed a
preference for high-resolution anechoic swept-tone
frequency responses. These were not restricted to on-
axis views of performance, but included measurements
at various angles off axis [60]-[62]. The analog equip-
ment yielded graphic plots with ease and accuracy, but
one was forced to use visual analysis and integration
to deduce much of value from the collection of curves.

It is a modern variation of the time-honored method
that provided the basis for the following evaluations.
A computer-controlled programmable oscillator was
stepped through a predetermined set of frequencies on
each scan. After each step the output was held until
the sound field stabilized before the measurement was
made. In the anechoic chamber the delay was near
zero, but in the listening room a delay of about 400
ms was necessary to accommodate the reverberation
characteristics of the room.

With the measurements stored in digital form, it was
a simple matter to ““filter’’ the data after the fact. Com-
puting the energy average over several adjacent mea-
surements is equivalent to measuring that bandwidth
with a perfect filter. Similarly, because the same set
of test frequencies was used in each measurement scan,
it was possible to combine the results for several loud-
speaker and/or microphone positions and to compute
averaged measurements, to do spatial integrations over
various solid angles, to compute sound-power output,
directivity index, and so on, all with high resolution
in the frequency domain.

In the present evaluation the pure tone was stepped
through 200 frequencies uniformly spaced on a log-
arithmic scale running from 20 Hz to 20 kHz. Free-
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field measurements were made at 2 m in an anechoic
chamber.? With the loudspeaker on a turntable, mea-
surements were made on the reference axis (if specified
by the manufacturer) and at 15° increments to +90°
horizontally and vertically. Measurements continued
at 30° increments in the rear hemisphere, for a total of
34 curves.

Measurements in the anechoic chamber developed
progressively larger errors at frequencies below 200
Hz due to imperfect sound absorption at the room
boundaries. To allow useful data to be accumulated at
lower frequencies, the error was stabilized by fixing
the locations of the woofer and the microphone within
the standing-wave pattern in the chamber. The error
was measured by comparing results obtained inside the
chamber with those obtained using a duplicate config-
uration on a 10-m tower outdoors. Incidentally, a sig-
nificant problem was created by thermal sensitivity of
various parts of the loudspeaker systems. Between the
interior of the anechoic chamber and the tower, dif-
ferences in air temperature and the more localized effects
of solar heating and wind cooling could cause frequency-
response fluctuations of up to 2 dB.

Once the error function was identified, the amplitude-
response correction became a routine part of the data-
processing operation. Apart from occasional narrow-
band anomalies caused by unusually large enclosures
or remotely located reflex ports, it is believed that the
measurements are accurate within =1 dB down to 30
Hz.

Other measurements included the phase response,
which was calculated by Fourier transformation from
the time-domain impulse response of the loudspeaker,
total harmonic distortion at two input power levels,
and sensitivity. These measurements were made only
on the reference axis.

5.3 Evolutionary Frequency-Response
Measurements

In this investigation, all of the most common forms
of amplitude-response measurements were used, and
some new variations were tried. Accordingly the fol-
lowing responses were measured and processed for the
test loudspeakers (all measurements at 2 m):

1) On-axis free-field measurements

2) Off-axis free-field measurements up to =+ 180°
horizontal and vertical at 15° increments in the front
hemisphere and 30° increments in the rear hemisphere

3) Mean amplitude response in front hemisphere

4) Mean amplitude response in total sphere

5) Mean amplitude response in *15° ‘“‘listening
window”

6) Mean amplitude response in =30-45° annulus

7) Mean amplitude response in = 60-75° annulus

8) Total sound power

2 This places the microphone in, or close to, the far field
of most conventional loudspeakers. The sensitivity at the
standard distance of 1 m was calculated from measurements
at2 m.
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9) Directivity index

10) Phase response.

The combinations of measurements appearing through-
out this paper as spatial averages or mean amplitude
responses were achieved by a process of energy av-
eraging as follows:

N 105PL,,/10
SPL o =- 10 log o {E '_N_} .

n=1

Unfortunately listening-room measurements were not
possible for all of the loudspeakers, but some selected
units were tested in this manner. This matter will be
addressed separately in a later section.

These measures will be explained with reference to
measurements performed on loudspeaker D, a conven-
tional two-way design consisting of an 8-in (200-mm)
woofer and a 1-in (25-mm) tweeter. This loudspeaker
was given a mean fidelity rating of 7.5, an interesting
fact to remember when reviewing these data in the
context of later discussions [1, Fig. 17].

Conventional on- and off-axis amplitude-response
measurements are shown in Fig. 2. From the selection
of curves displayed it is evident that this kind of in-
formation, while accurate, is rather difficult to interpret.
The problem is that some of the irregularities in the
curves are caused by resonances within the loudspeaker,
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Fig. 2. Free-field measurements on loudspeaker D at 2 m on
axis and at (a) 30, 60, and 90° off axis horizontally (left)
and (b) 30, 60, and 90° off axis vertically (up).
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while others are associated with interference between
multiple drivers, reflections, or diffraction. Resonances
tend to cause similar irregularities in most measure-
ments, while irregularities associated with interference
tend to change in both form and frequency depending
on the orientation of the measuring microphone. Visual
“integration’ by experienced eyes can sort out much
of the inconsistent clutter caused by relatively innocuous
interference effects, revealing the important evidence
of persistent discontinuities, due to resonances, and

directional trends. The novice examiner, however, is -

likely to be unnecessarily alarmed by what is seen.

In Fig. 3 the on-axis response is repeated for com-
parison with the mean of the 25 amplitude-response
measurements in the front hemisphere. The smoothing
achieved by this spatial averaging is substantial. The
evidence of acoustical interference is considerably re-
duced, but the indicators of nonuniform sound output
remain. Gone also is all but the most elementary di-
rectional information. This artifice yields what amounts
to an axially weighted measurement of the sound prop-
agated in the general direction of the listener, including
most of the early reflections and most of the reverberant
energy.

Also shown in Fig. 3 is the mean of all 34 amplitude-
response measurements in the total sphere surrounding
the loudspeaker. It should be noted that this is not the
mean spherical response referred to by Gee and Shorter
{63], who used a surface-area weighting of sound-
pressure-level measurements to produce what is now
called total sound power (item 8).

Fig. 4 shows processed data that incorporate spatial
averaging while retaining some directional information.
The +15° “listening window’” measure is the mean of
the on-axis and the four 15° off-axis measurements. It
represents the direct sound for listeners located within
a reasonable distance from the conventional stereo seat.
The 30—45° measure averages the eight measurements
within that angular range and is thus indicative of the
direct sound received by listeners who might be poorly
located. For the principal listeners these sounds might
represent floor or ceiling reflections, and for all listeners,
they represent part of the reverberant sound field. The
60-75° measure represents sounds that, in many room
arrangements, arrive at the listener’s ears after reflection
from sidewalls and also as reverberation. The early
reflections arrive within the first 20 ms, and assuming
no attenuation at the boundaries, with amplitudes 2—
10 dB lower than the direct sound.

The purpose of spatial averaging is to eliminate ir-
regularities in the curves caused by interference effects
that change with microphone location, leaving intact
the irregularities due to other causes. The idea is not
new. For example, Hentsch [3] and Shorter [8], in the
1950s, advocated the technique which has the char-
acteristic of retaining high resolution in the frequency
domain by trading off directional resolution. The com-
mon method of smoothing a messy curve is to use one-
third-octave filtered noise as a test signal, which retains
spatial precision, while yielding data with low resolution
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in the frequency domain. This is an unsatisfactory trade,
it would seem.

The estimate of sound power (item 8) shown in Fig.
5 is derived from the 34 amplitude-response measure-
ments, each weighted according to its contribution to
the total power radiated. The directivity index (item
9) is as defined in IEC Publication 268-5: “Under free-
field conditions, the ratio, expressed in decibels, of
the intensity measured at a chosen point on the reference
axis to the intensity that a point source radiating the
same acoustic power as the loudspeaker under test would
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Fig. 3. Free-field measurements on loudspeaker D at 2 m.
Top—on axis; middle—mean response in front hemisphere;
bottom—mean response in total sphere.
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Fig. 4. Free-field measurements on loudspeaker D at 2 m.
Mean responses within selected angles (horizontal and vertical
combined). Top—0-15°; middle—30-45°; bottom—60-75°.
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produce at the same measuring position, the measure-
ments being made at a specified frequency . . . ”’ [64].

Phase response, shown in Fig. 6, was measured by
fast Fourier transform analysis of the on-axis impulse
response. Data below about 300 Hz were not reliable
because of the proximity of reflecting surfaces in the
measuring environment. It is possible to see the clear
correlations between the localized irregularities in this
response and those in the amplitude response that sur-
vived the spatial averaging process. However, it should
be noted that, like the amplitude response, the phase
response is dependent upon microphone location. The
data shown apply only to the reference axis of the loud-
speaker.

6 VISUAL CORRELATIONS OF SUBJECTIVE
AND OBJECTIVE DATA

Ideally all possible measurements would have been
performed on all loudspeakers that were evaluated in
the subjective measurements. Unfortunately this was
not possible, as the hardware and software for physical
measurements were developed in parallel with those
for the subjective measurements. The data shown here
apply to some products that were used in the experiments
of [1] and some that have been conducted since, in the
course of routine product evaluations. Throughout,
however, the experimental procedures and controls have
been identical. The distinction that these products share
is that the technical data were all acquired using the
computer-controlled measurement system. Similar data
on other products acquired by analog means, and con-
sequently without the benefit of processing, were shown
in an earlier presentation [65].

Ideally also, the technical measures would be reduced
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Fig. 6. Free-field measurements on loudspeaker D at 2 m.
On-axis phase response.
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to single-number ratings so that the correlations with
the fidelity rating and other subjective measures would
be simple numerical exercises. However, the dimensions
of these measures are numerous, and it seemed unrea-
sonable to contaminate the data by further processing
based on speculation or simplistic assumptions. Con-
sequently the following presentations rely on visual
recognition of those features that the groupings of data
have in common, and those that appear not to follow
the trend of the grouping parameter.

The measured data were first organized by placing
all products that received mean fidelity ratings (all lis-
teners) within ranges of 0.5 scale unit in the same group.
This resolution was selected on the basis that it rep-
resents a difference in fidelity ratings that most listeners
with near-normal hearing threshold levels were able
to distinguish with high statistical significance. In
common parlance, loudspeakers with fidelity ratings
that differed by about 0.5 of a scale unit (that is, about
5% of the total rating scale) were recognized as being
sufficiently different that a preference could be stated,
with substantial agreement among listeners with near-
normal hearing threshold levels. Loudspeakers with
fidelity ratings that differed by less than this amount,
although exhibiting audible differences, tended to be
similarly acceptable in an overall assessment of sound
reproduction accuracy.

Since loudspeaker sensitivity is not a factor in sound
reproduction accuracy, the data were adjusted to com-
pensate for this factor using the mean on-axis sound
level between 300 and 3000 Hz as the indicator, in a
manner similar to that used in the equal-level adjust-
ments in the listening tests.

6.1 On- and Off-Axis Amplitude Response

Fig. 7(a) shows measurements on the three loud-
speakers in the test that received mean fidelity ratings
in the range of 6.0—6.4. These were the lowest ratings
in the group, and an examination of the data suggests
why.

The on-axis responses are quite irregular, with nu-
merous sharp discontinuities. Bass output ranges from
fairly weak to rather resonant, and none of these prod-
ucts has much output below about 60 Hz. The spatially
averaged measurements between 30 and 45° off axis
have disguised most of the effects of acoustical inter-
ference, so that the remaining irregularities are indi-
cations of more serious problems. Also evident is the
attenuation of high-frequency output due to the direc-
tionality of the tweeters. The 60—75° averaged curves
also reveal many of the same features that are present
in the other data, including further high-frequency roll-
off.

The persistence of certain features suggests that the
problems are not minor, that they will be present in
the direct, early reflected, and reverberant sound fields
in the listening room. The sharpness of the discontin-
uities, even after spatial averaging, implies underlying
resonances with the attendant time-domain and phase
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