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Precision measurements on loudspeakers have been possible for some time now, and
over the years, various views of their importance have developed as a result of accumulated
experience and scientific investigation. A survey of the literature reveals areas of
agreement and disagreement among workers. There is also evidence of geographic
concentrations of loudspeaker designers and reviewers who appear to share attitudes
toward specific measurements. Part 1 attempts to consolidate published opinion on
loudspeaker measurements in preparation for Part 2, which presents the results of some.

current research on the subject.

0 INTRODUCTION

Evaluating loudspeakers by means of measurements
is rather like being a detective looking for clues to the
existence and origins of misbehavior. The measurements
that we use are not, in themselves, virtues or problems;
they are merely indicators. Two ears and a brain do
not process sounds as do microphones, measuring in-
struments, and the eyes. The auditory perceptions of
musical sounds are not the same as visual analyses of
data from clinical sine waves, impulses, and pink noise.
And yet, for now at least, there is no choice but to
proceed with the traditional methods bearing in mind
always that evidence that offends the eye may or may
not indicate the presence of a problem that is offensive
to the ear.

The relationship between listener perceptions and
measured quantitites is a general problem in psycho-
metrics that has many manifestations in audio. The
most basic relationships deal with the detection thresh-
olds of sounds of various kinds, with or without the
embellishment of added distortions. From these one
progresses through the relationships between the mea-
sured quantity of a stimulus and the strength of the
associated perception. The scientific literature is replete
with learned studies of this kind, dealing, as much as
possible, with isolated perceptual dimensions that are
logically and clearly related to individually measurable
parameters.

* Manuscript received 1985 May 30; revised 1986 Jan-
uary 9.
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The situation becomes more complicated when the
experiment is expanded to include multiple stimuli,
and vastly more complex with the inclusion of stimulus
inputs through more than one sensory modality. If the
controls are further relaxed, and the repertoire of ex-
perimental signals includes real-world sounds propa-
gated in real-world environments, precise experimental
control becomes almost impossible and the perceptions
are no longer simple. Yet these are the conditions of a
typical listening test within which listeners readily
tender opinions of preference, sometimes complete with
detailed subjective analyses of what they hear.

It is characteristic of commonplace listening expe-
riences that listener opinions will vary. It is argued by
some that it is the variety of listener tastes and pref-
erences that has led to the wide diversity of sounds
from loudspeakers, all of which pass, loosely, as “high
fidelity.”” Thus has developed the traditional problem
of attempting to match the tastes of the consumer with
those of the loudspeaker designer; a messy business
indeed.

With enough attention to detail, however, itis possible
to demonstrate that much, if not most, of the variation
in listener opinion stems not from irreconcilable dif-
ferences among individuals but from the influence of
physical and psychological factors, many of them un-
related to the matter in question. There may indeed be
clear differences between listeners with widely different
hearing ability, but among listeners with similar, par-
ticularly similarly good, hearing the differences of
opinion can be very small indeed [1].
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From the results of the strictly controlled listening
tests that have been conducted it is possible to clearly
identify loudspeakers that are consistently favored by
listeners with normal hearing and those that are not.
In fact, the fidelity ratings from these subjective mea-
surements can be used as a means to explore the ob-
jective domain, seeking to identify those measured
variables that are indicators of listener preference.

The ultimate objective of the present investigation
could be stated as follows: to define a set of technical
measurements, including the manner of their measure-
ment and the form of their presentation, such that
interpretations by experienced unbiased observers cor-
respond to the results of controlled listening tests using
experienced unbiased listeners. A loudspeaker that has
a good technical performance, in certain specific terms,
should sound good in the listening room—and vice
versa.

1 AN HISTORICAL PERSPECTIVE

Before presenting the results of the present research
work it is important to appreciate the historical context
into which they fit. In most scientific and engineering
endeavors precise measurements are taken for granted
as being of fundamental value. In the design and eval-
uation of loudspeakers, however, the role of measure-
ments has never been clearly defined.

Part of the difficulty stems from the nature of the
device itself. A loudspeaker generates a three-dimen-
sional sound field within a complicated acoustical en-
closure, the listening room. Without an understanding
of the sound propagation characteristics of the room
and of the perceptual processes of the human recipient
of .the sound, it has not been possible to be definitive
about the aspects of loudspeaker performance that are
most important.

Inherent in the design or evaluation of loudspeakers
is the establishment of some rules by which the work
will proceed. By tradition, subjective evaluations have
remained the final arbiters of sound quality. However,
measurements have been assuming an ever-increasing
role in loudspeaker work, and lacking definitive sci-
entific data, workers have used their own experiences
and beliefs to develop rules for using measurements.
In the early years progress was hampered by primitive
instrumentation and poor sound sources. The motiva-
tions were, nevertheless, very high indeed, and one
need look no further than to a paper by Brittain, in
1936-1937 [2], for a remarkably perceptive review of
the hearing process and loudspeaker measurements. A
“standard living room”” for listening tests is described,
as are the techniques, such as spatial or frequency-
domain averaging, that help in extracting useful data
from measurements in normal rooms. Other measure-
ments were made either in an ‘““acoustically absorbing”
room or on a tower in genuine free space.

Brittain sums up his opinions in the following list
of “common imperfections of electroacoustic systems

., roughly in order of importance.” (Some of the
author’s terminology has been updated for the benefit

228

PAPERS

of modern readers.)
1) Frequency response (amplitude response)
2) Harmonic distortion
3) Spurious noises and intermodulation distortion
4) Frequency shift (FM distortion?)
5) Dynamic range compression (power compression)
6) Transient distortion
7) Phase distortion
8) Group delay
9) Electroacoustic efficiency

10) Power-handling capacity

11) Constancy of performance.

Looking at this list, one is likely to be overcome
with a feeling of déja vu, and rightly so; these conclu-
sions are 50 years old. Yet they hold up well in light
of today’s knowledge.

The following is a review of more recent opinions
expressed in the literature. Unfortunately the writings
are fragmented, with useful contributions to be found
in consumer audio publications and trade or corporate
publications as often as in professional journals. In all
there are few spokespersons for such a large and mature
industry. Most of what has transpired in the field of
loudspeaker system design has occurred behind closed
doors by people who range from enthusiastic amateurs
with an artist’s touch to straightforward engineers. Few
of these workers have made their ideas public.

In addition, there are the product reviewers. These
people, by their journalistic nature, are more candid
about their approaches to technical assessment. Some
reviewers eschew measurements entirely, or give them
only token respect.

Naturally, influences can bear both ways, from de-
signers to reviewers, and vice versa. There are sub-
stantial differences of opinion in both camps, and some
interesting similarities. For example, there are sug-
gestions of geographical patterns, with the designers
and reviewers of specific areas forming what appear
to be mutually compatible closed systems. This may
or may not have anything to do with listener taste,
since adequately controlled and reported listening tests
are almost nonexistent, but it certainly does seem to
have something to do with the locally fashionable form
of amplitude-response measurement.

Almost all workers acknowledge the value of more
than one form of amplitude-response measurement. For
different reasons, however, everyone seems to have a
favorite, and the following rough classification reflects
the predominant view held by each author, at least at
the time of publication.

The presentation of these views has been organized
around the sequence of sounds arriving at a listener’s
ears in a normal listening room. First there is the direct
sound, normally the sound radiated along the reference
axis of the loudspeakers. Next come the sounds that
have been reflected once from the adjacent room
boundaries —floor, walls, and ceiling—radiated from
the loudspeaker at specific and sometimes large angles
off axis. Still later there is the reverberant field de-
veloped from sounds that have been reflected several
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times from the room boundaries and objects within the
room. These sounds include, to varying degrees, sounds
radiated from the loudspeaker in all directions.

1.1 Amplitude Response as a Function of
Listening Perspective

The first item on Brittain’s list is amplitude response,
referring mainly to on-axis measurements in free space.
This curve, as well as being the most flattering to most
loudspeakers, describes the direct sound at the ears of
properly seated listeners. A number of workers such
as Hentsch [3] in Switzerland, and Harwood [4], [5]
and Mathers [6] at the BBC and Colloms [7], also in
the United Kingdom, clearly believe in the preeminence
of the direct sound in establishing perceived sound
quality. Their emphasis is therefore on amplitude re-
sponses measured in the free field on axis and within
a listening window sufficient to include the ears of
normally positioned listeners, usually up to 30-45°
off axis horizontally, and less vertically.

Moving, philosophically, further into the listening
room, we embrace the views of those who believe in
including some measure(s) of sounds that arrive at a
listener’s ears after one or more reflections. Shorter
[8], writing of his BBC experiences in 1958, some
years before Harwood and Mathers, said that *“‘expe-
rience . . . suggests that, if a single quantity representing
‘effective’ response is to be found at all, it will lie
somewhere between the axial and the mean spherical
response.” He goes on to suggest a spherical integration
weighted to give the front response more prominence.

Moir appears to be in general agreement with the
suggestion of an ideal loudspeaker having uniform sound
distribution over ‘‘something less than *+90 degrees
in front of the loudspeaker” [9] and of measurements
that take into account both the direct and the reverberant
energies by using temporal or spectral integrations [10].
He reaches no final conclusions but notes simply that
at the present stage free-field measurements are ‘“‘in
better agreement with the subjectively judged response
than any response curve measured in the listening room”
[10].

Remaining in the United Kingdom, Walker [11] and
Cooke {12], while acknowledging the importance of
an uncolored direct sound, point out that indirect sounds
should be similarly free of irregularities to avoid per-
ceptible coloration.

Queen in the United States concluded that for sound
reinforcement the direct sound was the dominant factor
in spectrum perception [13], but after examining stereo
imaging closely, he observed that “loudspeaker designs
for home music listening rooms must consider directivity
not from the standpoint of audience coverage (direct
sound) but from the standpoint of uniformity of the
intensity of arriving reflections with respect to fre-
quency.” From this he went on to specify loudspeaker
design objectives of either a nondirectional horizontal
radiation, with restricted vertical dispersion, or ‘““a di-
rectional loudspeaker providing high uniformity of di-
rectional pattern with frequency” [14].
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Heyser, also in the United States, without reference
to supporting subjective data, selected a combination
of free-field measurements and listening-room mea-
surements time-windowed to include early reflections,
clearly expressing a compatible philosophy [15].

Komamura et al. [16], in Japan, performed factor
analyses on extensive subjective and objective data,
and concluded that, of the measured parameters, fre-
quency responses measured in the listening room and
in the anechoic room, at 0, 30, and 60°, have a high
correlation with listener preference. This, clearly, is
a transitional point of view, since it suggests that certain
free-field data and listening-room measurements are
compatible.

The next significant shift of perspective is to embrace
the listening-room sound field in its entirety. Some
workers, noting that listeners are often in a predomi-
nantly reverberant sound field, alluded to the ‘‘sub-
stantial evidence that the total acoustic power output
of a speaker system over its frequency range is the
most important characteristic determining the frequency
response heard by the listener” [17]. Brociner and
von Recklinghausen were careful to point out, however,
that such measures can be fooled, saying that ““ . . . a
nonsmooth power response measured in the reverber-
ation room indicates a similarly irregular frequency
response as measured in an anechoic chamber. While
it cannot be stated that a speaker system which shows
a smooth response in the reverberation room will nec-
essarily sound good or have a smooth pressure response,
the reverse is true.”

It was at the same time, 1968, that Bose developed
his distinctive loudspeaker and, along with it, the view
that “when the loudspeaker is properly placed with
respect to the rear reflecting wall, the frequency response
measured with respect to the total radiated acoustical
energy should be flat” [18]. This position was reinforced
in a later publication where he concluded that “loud-
speakers should be designed to a flat power criterion
rather than the conventional flat-frequency-response-
on-axis criterion” [19]. Bose, by implication, was re-
ferring to his own designs which (then) were either
multidirectional or at least widely dispersing, generating
a clearly dominant reverberant sound field in the lis-
tening room.

Others applied the sound power criterion to conven-
tional loudspeakers, among them several who, perhaps
by chance, worked in the same New England (U.S.)
area. McShane [20], Allison and Berkovitz [21], Con-
sumers Union [22], Torick [23], and Hirsch (24] all
attributed a dominant role to sound power in determining
the spectral character of sound in a listening room.
Rosenberg [25] and Staffeldt [26] in Scandinavia prevent
this from being an exclusively U.S. point of view.

It therefore appears that in the United States and in
the United Kingdom there were collections of designers
and reviewers sharing perspectives on measurements
that would seem to place them at opposite ends of a
controversy.

There is probably no better way to illustrate the trans-
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Atlantic polarization than to quote from Shorter [8]
who says, “The only firm conclusion which can safely
be drawn is that with wide-range loudspeakers of con-
ventional directional characteristics a flat axial response
may be acceptable but a flat mean-spherical (i.e., power)
response is intolerable.”

On the face of it, it would seem that both points of
view cannot be correct. Consequently there is a tendency
for workers, including some of those mentioned above,
to perform both kinds of measurements, just to be
comprehensive.

Even among the advocates of sound power, the mea-
surements, were not seen to be faultless. In addition to
the caution stated by Brociner and von Recklinghausen,
Allison and Berkovitz commented on a discrepancy in
the measurements noting that ‘“‘the average room does
not give the low-frequency support that is commonly
assumed.” These were attributed to source—boundary
interactions, well known in.physical -acoustics, and
identified earlier by Sioles [27], discussed later by Al-
lison [28].

If the purpose of a measurement is to predict loud-
speaker performance in a listening room, why not simply
do it there? Sioles, in 1963, “recognized that mea-
-surements on loudspeakers must be taken in their normal
-operating environment in order to -assess the overall
performance unless a large amount of free-field data
is accumulated and averaged” [27].

Indeed, the simplicity of the method is appealing,
since no special measuring environments .are necessary
and, using one-third-octave bands of noise;.even the
instrumentation is simple.: Benade; however;; cautiohed
that such:filter widths may fail to reveal important-ir-
-regularities [29].

.Nevertheless, one-third-octave measurements are
widely used for assessments by workers who have found
‘itto.be a good indicator of listener preference. Observing
that the optimum listening-room. curve ;was not flat,
various ideal functions have been:proposed, for ex-
ample, Mgller [30]. Russell [31]embellished the method
with some spatial averaging and suggested a range-of
“ideal” functions. Holl [32] also.employed spatial av-
eraging over the listening area, but instead of using a
generalized nonflat target-curve, he derived a;room
calibration based on reverberation-time data and cor-
rected the actual measured. curve so-that the ideal re-
sponse was at least approximately flat. It is equivalent
-to measuring sound power in-a sound field that-is not
-perfectly diffuse. Holl aljuded to controlled listening
tests leading him to conclude that ““the room measure-
ment is the best indication of what a system will actually
sound like.” Long {33] reported using a similar method
(developed for product reviews by E. Foster, with the
cooperation of T. Holl and ‘A. DeKoster).

Schulein [34] tested the technique and concluded
that the nonflat room curves in domestic systems were
a part of a self-consistent system, including similarly
nonflat control-room monitoring. He speculated that
improvements in the program material might increase
the desirability of an acoustically flat playback system.
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The fact that the “ideal” room curve is not flat is a
problem for which there appears to be no unambiguous
solution. Consequently one sees various approaches to
rationalizing the problem; either select a ““target curve”
and attempt to imitate it, or derive a room ““correction”
and subtract it from the measurement. Either way im-
portant assumptions are involved.

The generalized “target curve” approach used by
Mgller and Russell assumes that all rooms are similar
in their sound diffusion and frequency-dependent ab-
sorption. Adjacent-boundary interactions are not in-
cluded and neither-are any considerations of loudspeaker
directivity and its effect on the direct-to-reverberant
ratio of the sound field. One might expect some un-
certainty about the shape of the “ideal” response curve
and, in Fig. 1, this is apparent.

The approach used by Holl and Long has rather better
prospects since by using standard microphone and
loudspeaker placement, the boundary interactions can
be maintained as constant factors, or with some cali-
bration data, removed entirely. The room calibrations
at middle and high frequencies rely on reverberation-
time -measurements and thus.assume a diffusion in the

-sound-field that may or may not exist. Loudspeakers

of different directivities would therefore yield data re-
quiring individual interpretation; the method may be
useful within the limited scope of fundamentally similar
products, but there are likely to be errors in the eval-
uation of:loudspeakers in general. Nevertheless, the
“frequency. response’ of the room used in Holl’s ex-
ample [32, Fig. 2], shown in Fig. 1, is close to Mgller’s
optimum curve; apparently both workers used acous-
tically similar rooms. The alternative. target curves
suggested by Russell have very generous tolerances,
although the — 3-dB-per-decade slope is in the same
spirit as the Mgller and Holl curves.

1.2 Amplitude Response: A Synopsis

K Wlthout recourse to directly comparable measure-

ments to illustrate the point, it is evident that there is

serious disagreement amorig knowledgeable and ex-
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Fig. 1. “Ideal” listening-room amplitude-response curves
proposed by Megller (top solid) and Russell (bottor solid and
dashed). For comparison a room correction curve used by
Holl is shown (dotted).
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perienced workers about what constitutes the most useful
measure of loudspeaker amplitude response. The mag-
nitude of the disagreement is such that, with the popular
forward-facing configuration of loudspeakers, meeting
one of the amplitude-response criteria, such as a flat
on-axis response, would automatically result in failure
of another, the flat sound-power response, because of
the directional characteristics of the device. Measure-
ments within the listening room are sensitive to a variety
of factors related to both the loudspeaker and the room.
If performance in the room is the ultimate criterion, it
is unlikely that measurements on the loudspeaker alone
would be very reliable, since they convey only part of
the information.

To the extent that the general form of the amplitude
response is a determinant of listener preference, it would
seem that the industry has not yet decided on a design
objective.

1.3 Phase Response

In engineering terms it is so logical that phase re-
sponse should matter that, over the years, several
workers have repeated the investigations, only to con-
clude that in the real world it is, at worst, only a minor
problem. With selected test signals and listening with
headphones or in an anechoic room, listeners can hear
differences attributable to phase shift. Using music,
and listening to loudspeakers in normal rooms, even
carefully selected listeners appear to have difficulty
detecting the presence of quite large phase shifts, much
less are they able to establish-a preference. While these
observations seem to be fairly general for smooth
changes in phase as a function of frequency, including
substantial group delays, the rapid local phdse changes
indicative of resonances may be another matter. Always,
and especially in loudspeakers with multiple. drivers
and overlapping crossover regions, there is the uncer-
tainty of whether one is hearing the effects of phase,
or of an associated amplitude aberration.

This very point was made by Brittain in 1937, who
noted the insensitivity of the ear to phase effects “unless
accompanied by some other phenomenon” [2]. Hentsch,
in 1951, observed that ‘“phase variations’’ were un-
important, and large group delays barely detectable,
even by experienced listeners [3].

Such results from those early years could be disputed
nowadays on the basis of the rather poor microphones
and other equipment involved in the tests. They are
therefore all the more impressive in view of the fact
that much more recent investigations by Preis [35],
Bauer [36], Harwood [37], Moir [38], Lipshitz et al.
[39], Saponas et al. [40], and Clark [41] among others,
have come to basically similar conclusions.

The recent work has been more thoroughly investi-
gative and puts some limits on the thresholds of au-
dibility of various phase and group-delay effects. The
limits on overall trends in phase response are very gen-
erous, though, and appear not to require special con-
sideration in the design of conventional domestic loud-
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speakers. However, Saponas et al. are careful to point
out that localized sharp discontinuities in amplitude
response tend to be associated with high rates of change
of phase shift and the combination causes “frequency
distortion.”

Others, though, have disagreed with these views,
among them Bowers and Roe [42] and Gerzon [43]. In
{42], the authors compare two loudspeakers, one ad-
justed to yield a linear phase response and a similar
nonlinear phase version. There was ‘““some departure
in measured amplitude response in the nonlinear phase
system, but as identical drive was applied to identical
units this was not counted a relevant variable.” In other
words, the electrical input to the two loudspeaker sys-
tems was the same, but the acoustical output differed
in both amplitude and phase response. One is left to
wonder which parameter caused the *“‘clearly audible”
differences reported by the listeners. In these experi-
ments it is difficult to manipulate one parameter in
isolation, particularly when altering electroacoustic
devices, a point well made by Barlow [44] who inves-
tigated the same effect and concluded that “any audible
effect due to the acoustic centres being in the same
plane is very small and is masked by reflection” (from
the front panel setbacks).

1.4 Audibility of Amplitude-Response and Time-
Domain Anomalies

When Biicklein, in 1962, investigated the audibility
of various forms and magnitudes of peaks and dips as
a function of frequency, he addressed a fundamental
problem in amplitude-response assessment [45]. How
flat or smooth does a curve really need to be?

He observed, among other things, that an amplitude-
response irregularity appearing as a peak may be highly
objectionable when the equivalent dip may be barely
audible.

Biicklein also found that the audibility of irregularities
increased with their width and their amplitude. The
latter is to be expected but the former is interesting,
as it implies that low-Q resonances are more easily
detected than high-Q resonances. This finding was later
confirmed by Stevens [46], looking at enclosure res-
onances, and by Fryer [47] who explored the audibility
of resonances as a function of both Q and frequency.
Barlow, discussing Fryer’s work, summarized the im-
portant points as follows: “The ear evidently detects
mainly the energy or area under the peak. In some
cases, at high Q, the peak can be well above the general
level before being detectable, but in other cases a low-
Q resonance, well below the general level, is still de-
tectable. Damping a resonance may not give as great
an improvement as hoped for, especially at low fre-
quencies’’ [44].

In both Stevens’s and Fryer’s tests, listeners detected
low-Q (Q = 10) resonances at levels 10 to 20 dB below
average program level with as much ease as they found
high-Q (Q = 20) resonances with output equal to or
above the average level. In terms of measured amplitude
response this means that some audible colorations may
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be present even though the curve may appear to be
quite flat. On the other hand, some narrow spikes or
sharp dips that are offensive to the eyes may be virtually
ignored by the ears.

Translated into the time domain, there should be a
similar sensory contradiction wherein the high-Q res-
onances with their prolonged decays that are so offensive
to the eyes when viewed on an oscilloscope or in “wa-
terfall” diagrams of signal energy in time and frequency
[48], [49] may be less audible than rapidly damped
lower amplitude overhangs. Hentsch, in fact, concluded
just that when he found that viewing transient phenom-
ena on an oscilloscope ‘‘is not a certain means of de-
termining the subjective effects of the deformations”
[3].

Shorter [50], in 1946, and Corrington [51], in 1955,
developed gating systems for looking at the energy in
the decaying tails of tone bursts. Both workers were
convinced that this view of events in the time domain
offered better indications of audible colorations than
conventional amplitude-response measurements, that
included the visual clutter of nonresonant interference
effects. Hentsch, in 1951, saw a way around this by
using spatial averaging of anechoic swept-tone ampli-
tude responses to more clearly reveal the spectral ir-
regularities caused by resonances. He concluded that
“the study of amplitude response alone is sufficient to
determine the quality of reproduction’in the transient
regime” [3]. In 1961 Larson and Adducci [52] arrived
at the same conclusion and observed further that “little
correlation exists between the transient performance
of a loudspeaker and musical listening tests.”

In 1971 Sapoflas, Matson, and Ashley (40) examined
a variety of transient and steady-state test signals and
concluded that most of the commonly used transient
signals were inappropriate for evaluating loudspeakers,
and for even a simple impulse, it would be ‘“nearly
impossible to look at the output from a microphone
and say if this is a good or bad result.” They concluded
that ““the sine wave is still very much the king of test
signals.”

Driscoll, writing in 1974, basically agreed with this
result saying that while he thought that impulse tests
can be ““a useful pointer to at least some qualities of a
loudspeaker’s performance,” the test by itself cannot
be used to rank products ““in any order of performance
quality”” [53]. Unwin expressed almost the directly
opposite point of view, placing great importance in the
visual form of the impulse response and arguing that
“testing a loudspeaker with a steady sine wave tells
us almost nothing about the way it will handle transients
which are the most important constituents of musical
performance’ [54]. Unfortunately no proofs were of-
fered.

In distinct contrast to all of these endeavors to identify
and quantify the sources of resonance and transient
colorations there is the conclusion of Bose who ‘‘learned
that it is possible to produce music without audible
coloration from distortion, resonances or transient re-
sponse irregularities by the use of a multiplicity of full
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range loudspeakers™ [19]. These tests were done with
loudspeakers that generated a predominantly reverberant
sound field so that, in addition to the small differences
among the various drivers, there was the confusion of
the mostly reflected sound field to disguise the audible
effects of these technical imperfections. Briggs, writing
earlier, in 1958, noted that directing the axis of a loud-
speaker toward a wall or ceiling “‘camouflages peaks
in response to a remarkable extent because the room
gets to work on the sound waves before they reach the
ear of the listener” [55]. These findings might be related
to that of Harwood [5] who obtained the ‘‘remarkable
result” that listeners could not hear a series of low-Q
resonances at spacings of less than one octave over the
entire frequency range.

Although there are some clear differences of opinion,
there are nevertheless some recognizable patterns in
this collection of findings and they can be described
as follows: audible colorations are often caused by res-
onances in a loudspeaker system. These resonances
will be revealed, in varying degrees, in both steady-
state amplitude responses and time-domain responses
to interrupted sounds.

In order for amplitude responses to reveal unambig-
uous clues to the presence of resonances the measure-
ment must have high resolution in the frequency domain
and incorporate some form of spatial averaging to re-
move the visual clutter caused by acoustical interfer-
ence. This done, evidence of potentially audible col-
oration will take the form of upward thrusting peaks
deviating from the underlying general shape of the
curve. Wide, low-amplitude bumps can be as annoying
as much higher, narrow peaks. Dips in the amplitude
response appear to be much less important than peaks.
The technique is limited, however, in that it will not
necessarily reveal the low-Q resonances 10 to 20 dB
below the level of the primary signal that have been
shown to be sources of audible coloration.

Explorations of time-domain performance can iden-
tify most resonance problems, but the interpretation
appears to run contrary to common preconceptions.
The highly visible long “tails’” caused by high-Q res-
onances are not always the most severe problems. The
broader band, better damped tails of low-Q resonances
need to be ferretted out of the time-domain data, as
these are often associated with the dominant audible
coloration.

It is interesting to speculate why this phenomenon
occurs. First, from a purely statistical point of view,
a broad resonance will be excited more often by sounds
in music than a narrow resonance. Second, since musical
sounds at middle and high frequencies are either tran-
sient in nature or are at least strongly amplitude mod-
ulated, a low-Q resonance will reach full amplitude
more often and more quickly than a high-Q resonance.
And, finally, since these are forced resonances, once
the exciting signal is removed, the resonant system
reverts to its natural frequency. For a high-Q resonance
the resonant overhang will have the same, or close to
the same, frequency as the signal that stimulated it,

J. Audio Eng. Soc., Vol. 34, No. 4, 1986 April



PAPERS

and its presence may be difficult to detect, given that
musical instruments are themselves resonant devices.
A low-Q resonance, on the other hand, can ring at a
frequency significantly different from the one that in-
itiated the response, thus imparting a monotonal col-
oration to a range of exciting frequencies.

The frequency at which the amplitude aberration oc-
curs also matters. All studies have indicated a reduction
in audibility at both frequency extremes. Biicklein’s
results show two regions of high sensitivity: between
about 200 Hz and 600 Hz and 2 kHz and 6 kHz. Fryer’s
data indicate a slightly increased sensitivity between
2 kHz and 5 kHz.

Between about 600 Hz and 2 kHz the ears seem to
be marginally less sensitive to these problems. It may
be more than coincidence that this is the frequency
range within which there appears to be a kind of phys-
iological crossover of auditory function. For example,
below about 1 kHz the inner ear is capable of neurally
encoding accurate information aboutthe acoustic wave-
form; above this frequency there is an increasing reliance
on the amplitude envelope, rather than carrier infor-
mation. In sound localization this is apparent in the
importance of interaural time differences at lower fre-
quencies while, at high frequencies, the sensitivity to
timing information seems to apply principally to the
amplitude-modulated envelope rather than to the fine
structure of the underlying signal [56]. It is fortunate
that this frequency range, within which there may be
some uncertainty about the dominant perceptual cues,
includes the majority of woofer- or midrange-to-tweeter
crossovers, where amplitude and phase response prob-
lems are routinely found.

1.5 Nonlinear Distortions

Shorter, in 1958, offered the advice that ‘“with some
forms of distortion it would probably be easier, as well
as more profitable, to remove the cause by appropriate
design than to discover rules for assessing the effect”
[8]. In electronic components this principle has been
applied with considerable success, but in loudspeakers,
it is commonplace to measure distortions in whole per-
centages at modest sound levels. Either listeners are
remarkably tolerant of these imperfections or there is
still a major problem to be solved.

From accounts of different investigations, however,
one can reach a number of conclusions. Bose concluded
that with most high-fidelity loudspeakers ‘‘audible
nonlinear distortion in music or speech is definitely
one of the more minor of their shortcomings, notwith-
standing the fact that distortion measurements . . . can
be quite large” [18]. Kantrowitz arrived at a fairly
generous 3% as the level of CCIF (intermodulation)
distortion above which it became objectionable in high-
frequency drivers [57]. Here, though, is a case where
one might suspect that the source material may have
had an influence on the results since the 1962-vintage
disk recordings, and playback devices had similar
problems of their own. The more recent work of Fryer
[47] indicated similarly large values for the detection
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of intermodulation distortion. Noting that typical
loudspeakers at typical listening levels produce less
than 1% intermodulation distortion, he concluded that
““it is not a particularly serious issue for designers.”

However, there are several forms of nonlinear dis-
tortion and a number of important variables influencing
their audibility. Cabot, in a recent review of previous
work, discusses the subject in some detail [58]. While
acknowledging some of the high detection thresholds
that have been reported, he comments on the need for
more experiments with better controls and using the
superior program material available today. Selecting
what he regards as possibly ‘“‘the most reliable work
to date,” Cabot arrives at a performance objective of
0.05% total harmonic distortion, with the provision
that high-order components not be dominant. If this is
the case, then there is considerable room for improve-
ment in loudspeakers, and Shorter’s advice might prove
to be difficult and rather expensive to implement.

Even with this small sampling of the literature on
nonlinear distortion it is evident that there is no unan-
imity of opinion. Clearly, there is a need for more
work on this subject.

2 DISCUSSION

Given the age and size of the industry it may appear
to be somewhat surprising that there is so little agree-
ment on the desirable measured performance objectives
of loudspeakers. That this is true for something as basic
as the amplitude response is particularly disconcerting.

Errors in the physical measurements are not likely
to be at fault here, the differences at issue are simply
too large. There are some suggestions that the manner
of measurement and data presentation may be important,
but, there would appear to be secondary factors. There
is even the suggestion that geography might be a con-
sideration.

Throughout the published accounts of loudspeaker
design and evaluation methods there are references to
listening tests and subjective preferences lending sup-
port to one or another technical evaluation scheme.
Rarely are the subjective measurement methods de-
scribed in any detail. Knowing now the attention to
detail that is necessary to obtain reliable subjective
data, it is reasonable to speculate that another impor-
tant variable underlying these uncertainties is listener
opinion.

Recent work on subjective measurements {1] has
produced a large body of reliable subjective data on a
number of loudspeakers. In Part 2 of this paper these
data provide the basis for an examination of certain
aspects of measured loudspeaker performance.
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Loudspeaker Measurements and Their Relationship

to Listener Preferences: Part 2*

FLOYD E. TOOLE

National Research Council, Ottawa, Ont. K1A OR6, Canada

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-

* Manuscript received 1985 May 30; revised 1986 January
13.

'F. E. Toole, J. Audio Eng. Soc., vol. 34, pp. 227-235
(1986 Apr.).
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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 0, 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.

324

PAPERS

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, t_hc far field
of most conventional loudspeakers. The sensitivity at the
standard distance of 1 m was calculated from measurements
at 2 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 {2 —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 shownin 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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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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anomalies.

The bottom curves are the averages of each of the
previous three groups of curves, suggesting possibly
the design objectives for a product of this caliber: re-
stricted bass output, moderately directional high-fre-
quency output, and a consistent unevenness through
the midrange. The actual shape of the unevenness is
probably not so important as its magnitude, as all three
products appeared to have rather clearly identifiable
‘“‘signatures.” In short, the design objectives for prod-
ucts with low fidelity ratings appear not to be very
demanding.

Moving up the fidelity rating scale to those products
that were rated between 6.5 and 6.9, we see in Fig.
7(b) many of the same characteristics identified in the
previous group, but with small differences. The bass
output is generally more extended; the midrange, about

300 Hz to 2 kHz, shows a consistently flatter tendency.

that, with increased variability, extends to the highest
frequencies in the on-axis curves. Off-axis responses
continue to show directional high-frequency roll-off,
and the irregularities in the off-axis measurements
continue to echo many of the distinctive features seen
in the axial responses. Overall, however, these products
exhibit less severe output fluctuations than those seen
in the previous group.

The averaged curves at the bottom of the presentation
show clearly that the “‘design objectives” are somewhat
more demanding, although the tolerances are generous
enough to permit some artistic input.

With the eleven loudspeakers given fidelity ratings
between 7.0 and 7.4 we have reached the level of
pleasant-to-good listening, a fact that one might have
suspected by reviewing the data [Fig. 7(c)]. In all re-
spects previously noted these products are superior.
There is no longer any doubt that a flat, uniform am-
plitude response was the objective and that the per-
missible deviations were fairly small. With only in-
dividual localized exceptions, all eleven products
combined show on-axis amplitude responses that are
within 3 dB of a horizontal line at the 87-dB level from
about 80 Hz to 16 kHz. Over much of that frequency
range most products did even better. In the off-axis
responses these products also distinguish themselves.
The curves drift away from the horizontal, due to the
directivity of the drivers, but there is still considerable
control of the quality of output, even at 60-75° off
axis.

In contrast, below 100 Hz the spread is considerable,
especially considering that at low frequencies there is
a substantial change in apparent loudness for a small
change in sound-pressure level. (In the familiar equal-
loudness contours the curves crowd together at low
frequencies [66].) Overall, however, the averaged
curves show a small extension of bass output compared
to the previous sets of data.

The smoothness and flatness of the curves and the
rather small tolerances that have been noted suggest
that designers of loudspeakers that are to achieve this
level of subjective praise will have to pay rather close
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attention to virtually all aspects of amplitude-response
measurement. Interestingly, though, the tolerances at
very low and very high frequencies are still rather large,
an observation which, when reversed, points up the
fundamental importance of performance in the middle
six to seven octaves.

The six loudspeakers awarded mean fidelity ratings
between 7.5 and 7.9 are in the highest category of
subjective praise [Fig. 7(d)]. The excellence of their
sound reproduction is noteworthy, but so also is their
similarity. With many musical sounds these loud-
speakers were easily confused. In this presentation the
measurements also might be confused. Apart from the
off-axis depression in the 2—4-kHz range that is char-
acteristic of many two-way designs, the curves exhibit
more areas of similarity than difference. In this group,
with one exception, even the bass responses are closely
similar. Some manufacturers would be content to see
this kind of consistency in the long-term production
of any one model, yet these six loudspeakers came
from six different designers in six different companies
in three different countries.

Although the groups of curves are useful to identify
general trends in performance, a more detailed analysis
requires data on individual loudspeakers. Fig. 8 shows
measurements on the 20 loudspeakers that received
fidelity ratings in the range of 6.8-7.9. This range
represents about two standard deviations in the fidelity
ratings of listeners with near-normal hearing threshold
levels.

Fig. 8 displays, from left to right, the single on-axis
measurement, the mean amplitude response in the
“listening window”” of * 15° horizontally and vertically
(a five-curve spatial average), and eight-curve spatial
averages representing the mean amplitude responses
in the ranges 30-45° and 60-75° off axis. Also shown
are the — 10-dB low-frequency cutoffs measured relative
to the mean on-axis amplitude response in the 300—
3000-Hz range, and the retail price in Canadian dollars
at the time of the tests.

Inspecting the curves in each of the columns, it is
possible to see a progressive increase in the smoothness
as a function of the fidelity ratings. The loudspeakers
with lower ratings tend to exhibit more fine structure
in the curves which, in the spatially averaged data,
indicates the presence of resonances within the loud-
speaker system. When these detailed imperfections are
combined with more general spectral variations, the
ratings tend to be still lower.

The small amount of spatial averaging in the 0—15°
curves appears to be helpful in removing some of the
interference clutter that confuses the unprocessed on-
axis (0°) curves. Sharp discontinuities that are visible
in the eight-curve spatial averages (30—45° and 60—
75°) carry a significance that far exceeds a similar dis-
continuity in a single measurement. Almost all of the
lower rated loudspeakers exhibit such problems.

The careful observer may detect some apparent
anomalies in the data, with some loudspeakers looking
as though they ought to have been higher or lower in

J. Audio Eng. Soc., Vol. 34, No. 5, 1986 May



PAPERS

the subjective ratings. Two points are relevant in these
instances. First, these data pertain only to amplitude
response; performance in another domain can be re-
sponsible for the anomalous appearance. Loudspeaker
12, for example, looks as though it might have warranted
a higher subjective rating. Indeed, listeners generally
praised the lack of coloration and the wide bandwidth
of this unit. However, they also noted excessive dis-
tortion at high sound levels, particularly in the low
frequencies. This was confirmed in measurements of
nonlinear distortion. The basis for the problem is that
the designer chose to restrict the dynamic range in
order to achieve an extended low-frequency range—a
reasonable trade-off in the context of small, inexpensive
loudspeakers.

The second point relates to the narrow range of fidelity
ratings embraced by these products and to the fact that
several of them have identical or very similar ratings.
As carefully pointed out in the previous paper [1],
even with the close experimental controls of these lis-
tening tests, ratings that differ by much less than about
0.5 fidelity rating unit may not be significant. In other
words, repeating the listening tests may result in a
rearrangement in the ranking of closely rated loud-
speakers.

If these factors are not at issue, the differences in
rating may be traceable to features in the amplitude-
response data. For example, loudspeaker 16 appears
to have relatively few imperfections compared to some
of the neighboring curves. However, a close exami-
nation reveals that the off-axis response at frequencies
above about 2 kHz rolls off more rapidly than is typical
for loudspeakers with higher ratings. It is perhaps sig-
nificant that in this case, the smoothness of the off-
axis response is not an adequate compensation for the
lack of output. Listeners commented on the generally
mellow or muted sound of this loudspeaker, a char-
acteristic that would not have been anticipated from
an examination of the axial response.

Loudspeaker 11 exhibited amplitude responses that
in most respects were commendable. However, a single
small peak at about 1.3 kHz can be seen in the on-axis
response and in the spatially averaged 0—15° response.
The fact that the feature survived spatial averaging
suggests that it is a possible source of coloration; that
it does not appear in measurements further off axis
indicates the directionality of the acoustical output of
the misbehaving element. This feature may have been
responsible for listener reports of slight midrange col-
oration.

In the latter example spatial averaging enabled the
observer to distinguish between an irregularity in the
on-axis curve that could have been associated with
acoustical interference and one that was, in fact, caused
by a resonance in the woofer. The directionality of the
output from the large woofer diaphragm at that fre-
quency is another clue that can be seen in the mea-
surements. Interpretations of other measurements can
also benefit from spatial averaging. Some of the irreg-
ularities seen in the on-axis responses of loudspeakers
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3, 8, and 12, for example, disappear with spatial av-
eraging within the 15° listening window. However,
other features persist in all of the combination mea-
surements, emphasizing the severity of the problems.

Loudspeaker 15 exhibits a number of detailed irreg-
ularities that are clearly recognizable in all of the mea-
surements. The clear evidence of these imperfections
relies upon the data having high resolution in the fre-
quency domain. If the data were one-third-octave fil-
tered, as is commonly the case when data are combined
for spatial averaging or sound-power integration, much
of the evidence would be lost. Fig. 9 shows the effect
of one-third-octave swept filtering on the on-axis am-
plitude response of loudspeaker 15; the smoothing effect
is considerable. Even more information would be lost
in measurements using filters with fixed center fre-
quencies, resulting in the familiar ‘“‘staircase’’ curves,
with a horizontal plateau extending over each one-third-
octave band.

It was noted in discussions of Fig. 7, and it is evident
in the presentation of Fig. 8, that there is a relationship
between low-frequency response and fidelity rating.
Loudspeakers with high fidelity ratings tended to have
the most extended bass response. Looking at this factor
in isolation revealed a moderate correlation between
the low-frequency cutoff and the fidelity rating. Fig.
10 shows the scatter diagrams, linear regressions, and
correlation coefficients for the top 23 loudspeakers in
the ratings. Loudspeakers with lower ratings performed
so erratically through the midrange that it was difficult
to arrive at a reference level against which to compare
performance at the low-frequency extreme. For the
loudspeakers shown, the reference level was the mean
on-axis amplitude response in the 300—-3000-Hz range,
selected on the basis that this is the essential voice-
frequency range and that it includes much of the fre-
quency range of maximum auditory sensitivity. The
low-cutoff frequencies were determined at levels 5,
7.5, and 10 dB below the reference level. The respec-
tive correlation coefficients were —0.35, —0.46, and
—0.50; the data for two of these are shown in Fig. 10.

Evidently, listeners regard the extension of low-fre-
quency response to be one of the important factors
determining overall loudspeaker performance. As a
single-number rating of this parameter, the — 10-dB
level, compared to the 300-3000-Hz midband level,
would appear to have a slight advantage over measures
based on smaller attenuations.

6.2 Sound-Power Output and Directivity Index

A visual integration of the data presented in Figs. 7
and 8 suggests much of what is now about to be seen.
Calculations of sound power and directivity index at
the 200 test frequencies show that the loudspeakers in
the upper performance categories exhibit sound-power
and directivity-index curves with fewer small-scale ir-
regularities (Fig. 11).

Because of the similarity in physical dimensions and
design configurations of these loudspeakers, the un-
derlying shape of the collections of curves is rather
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similar. There is, however, a trend toward better bass
and less erratic curves in loudspeakers with higher fi-
delity ratings.

Sound-output irregularities strong enough to survive
the spatial averaging of 34 separate amplitude-response
measurements are probably indicative of audible col-
orations. Some of these are clearly rather narrow-band
problems, and other wider bandwidth effects show steep,
almost vertical transitions between levels. These clues
indicate time- and phase-domain aberrations, and it is
these clues that are disguised in measurements. per-
formed using one-third-octave or octave-band analysis
of pink noise. Such measurements, in themselves,
therefore have reduced discrimination and need the
support of other techniques that examine performance
explicitly in the time and phase domains.
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oo CORRELATION COEFFICIENT

]

-0.35

6.5
30 35 40 45 50 55 80 65 70 75 80 85
-5dB LOW-CUTOFF FREQUENCY (Hz)

FIDELITY RATING

6.5
30 35 40 45 50 55 B0 B85 70 75 80 B85

-10dB LOW—CUTOFF FREQUENCY (Hz)

Fig. 10. Relationship between fidelity rating and low-fre-
quency cutoff measured at — 5 and — 10 dB relative to mean
on-axis amplitude response between 300 and 3000 Hz.
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A display of the individual sound-power responses
for the top 20 loudspeakers (Fig. 12) is supportive of
these observations. In fact, if the fine structure were
removed from these curves by one-third-octave or wider
bandwidth filtering, it would be difficult to discern any
trend whatsoever in the data. Some of the lowest rated
loudspeakers, such as loudspeakers 17, 19, and 20, do
however appear to have some prominent spectral ex-
cesses or deficiencies that would be seen even in filtered
data.

6.3 Phase Response

Fig. 13 shows phase-response measurements for most
of the loudspeakers in the performance groups. Tech-
nical problems resulted in the loss of these data on
four of the products.

Here it seems that it is not the overall form of the
phase response but rather the presence of discontinuities
that appears to correlate with the performance ranking.
In general, the best sounding loudspeakers had phase
responses that were smooth and only gently undulating
in contour. Nonminimum-phase behavior and group
delay were not explicitly examined in this set of prod-
ucts.

6.4 Discussion

The purpose of this investigation was to see if there
were obviously recognizable characteristics in the ob-
jective data that could be construed as confirming the
fidelity ratings resulting from subjective measurements
using listeners with basically normal hearing. The
conclusion is that there are.

In fact there are strong suggestions that, with a few
rather basic instructions, observers could rank-order
the measured data in a manner that would closely parallel
the subjective rankings of the products. Listeners, it
seems, like the sound of loudspeakers with a flat, smooth
wideband on-axis amplitude response that is maintained
at substantial angles off axis. If this is achieved, the
loudspeakers will exhibit smooth (but not flat) sound-
power responses and directivity indices. The phase re-
sponses will also tend to be smooth, but not of any
particular overall shape.

In a precursor to the present paper [65] a similar
presentation of swept-tone anechoic data on 23 loud-
speakers led to very much the same conclusion, without
the niceties of computer processing.

What we do not learn from these data are the priorities
of these performance measures. Need they all be equally
good? Neither do we see the potential effects of the
listening room, although the effects of one particular
room are included in the subjective ratings of these
products.

7 LOUDSPEAKER PERFORMANCE IN THE
LISTENING ROOM

Sound propagation in rooms is a study in itself, and
this presentation will not attempt to be comprehensive.
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In general, though, it may be said that what is heard
and what is measured in a listening room are combi-
nations of the direct sound, the slightly delayed and
attenuated early reflections, and the progressively de-
layed and attenuated sounds that comprise the decaying
reverberant sound field.

While there is agreement that listening rooms influ-
ence what is heard, there are different hypotheses about
the relative weightings of the three classes of sound
described. A measuring microphone performs a simple
transduction of the pressure summation at the diaphragm
location, without regard for the direction or timing of
the incident sounds. Two ears and a brain, however,
are rather more elaborate in their processing. The ex-
ternal ear encodes the incoming sound with spectral
modifications characteristic of the direction of inci-
dence. The processing in the individual ears and in the
binaural hearing mechanism contains directional and
temporal masking effects that emphasize, in certain
respects, the importance of early sounds over similar
sounds that arrive later, and over others arriving from
different directions. The literature on sound localization
has extensive coverage of these phenomena. ([56] and
[67] are good recent surveys of knowledge in this field.)

At low frequencies acoustical interference due to the
room boundaries adjacent to the loudspeaker causes
variations in the sound power supplied to the listening
area [68]. This situation is further complicated by
complex frequency-dependent standing-wave patterns
in the room and the effect of adjacent boundaries on
sounds at the listener or microphone location. Fortu-
nately these effects tend to diminish in the high-density
room modes above 200-300 Hz.

All of these factors affect what is heard and what is
measured, but in different ways. The challenge is to
find physical measures that are good representations
of the important perceptions. In addition, it would be
especially useful if these measures could be related to
free-field data with their inherent high resolution and
precision.

7.1 Listening-Room Measurements

The listening room used in the subjective measure-
ments has been described in an earlier paper [69, App.].
Itis 6.7 by 4.1 by 2.8 m (22 by 13.5 by 9.2 ft) with a
reverberation time of 0.34 = 0.085 s from 250 Hz to
4 kHz, rising to 0.85 s at 40 Hz and falling to 0.25 s
at 10 kHz. It has a hard ceiling, carpet on the floor,
cupboards and bookshelves on the walls beside and
behind the listeners, drapes over the wall behind the
loudspeakers, and upholstered chairs. The sidewalls
between the loudspeakers and the listeners are flat and
highly reflective at audio frequencies. It is, in fact, the
prototype of the IEC-recommended listening room [59],
intended to represent a good domestic listening envi-
ronment in a style typical of much of North America
and Europe (Fig. 14).

The measurements shown here were made with the
microphone, a Briiel & Kjaer 4134, directed toward
the ceiling. (A random-incidence microphone should
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be oriented so that the direct sound is incident along
an axis of flat amplitude response.) It was set at listener
ear height (1 m) and positioned in turn at six locations
within the listening area. The loudspeakers were placed,
in turn, at locations A, B, and C, differing in distance
from the sidewalls and end walls and the floor.

Fig. 15 shows results of measurements of this kind
on three loudspeakers that listeners rated between 7.5
and 7.9. Each of the middle and top curves is the com-
bination of 18 stepped-tone measurements, incorpo-
rating spatial averaging at both source and receiver
locations. This disguises most of the position-dependent
acoustical interference effects at middle and high fre-
quencies, but it includes the adjacent boundary inter-
ferences and standing-wave effects that are characteristic
of the restricted positions imposed by the requirements
for good stereo listening.

The middle curves show that spatial averaging alone
removes most of the violent amplitude fluctuations

- 4.1m —_— -
0.6m DRAPES
i 0.75m
<—k.0.75m A+0.3m)
j———— 1.6m 1.3m
C+0.6m)
+ : 5 +
3 é D Y
-~ 1'0'“"’3 +—— 1.4m —» -~
_eTTTT TR S~ l*‘ 10m —»
P | S -
/// I \\\
-7 r ~..
- tSCREEN Z ~
E 2.4m
HEIGHT: 2.8 m !
]
v
+ + +
1 2 3 Y
S LOUDSPEAKER 3
< AIMING POINT  —© 10m ;‘,
w
>
4 5 6 l a
+ + + a:)
[*0.6m—>| 6
Q
o
-
w
4
=
<
a , 3)
a . OPERATOR'S a
] .— CHAIR w
oz 7}
o= (o]
U a e
£ < )
o Y E
o o
(=]
] N |
| FULL-HEIGHT CLOSED—— -
CABINETS { -
!

Fig. 14. Plan view of listening room showing loudspeaker
and listener locations. In monophonic tests, loudspeakers
were located at positions 3, 4, 5, and 6 and listeners at positions
1, 3, and 5. In stereophonic tests, loudspeakers were at po-
sitions B and D and listeners at positions 2 and 5.
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