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STEREO MICROPHONE

TECHNIQUES...... Are

Now that most of the technical aspects of sound
recording and reproduction have reached an
advanced state, it is my contention that the quality
of the source material has become the major
limiting factor. For acoustically derived musical
performances the microphone technique used to
capture the event stereophonically has a profound
influence on the attributes of the reproduced
sound. | believe that spaced-microphone recording
techniques are fundamentally flawed, afthough
highly regarded in some quarters, and that
coincident-microphone recordings are the correct
way to go. The "air” and “ambience” and “depth”
so valued in spaced-microphone recordings are
shown to be largely the artifacts of phasiness due
to the microphone spacing and not acoustic
ambience at all. To support my claims | first define
my terms and then review briefly the historical
emergence of these two techniques in the 1830s,
together with the refevant aspects of stereophonic
imaging theory. A series of simple experiments is
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described which it is hoped the reader will use to
demonstrate to his own satisfaction certain basic
properties of stereophonic systems. Conclusions
are drawn regarding the different characteristics of
spaced-microphone and coincident-microphone
recordings and a plea is made for more critical
and knowledgeable evaluation. It is pointed out
that stereophony is inherently incapabie of fully
natural imaging, and that the Ambisonic surround-
sound system is the proper extension to
multichannel reproduction. The paper is
deliberately nonmathematical in the hope that it will
provoke lively thought, discussion, and
experimentation among those engaged in sound
recording. A mathematical appendix is provided for
those readers interested in understanding the
reasoning underlying my conclusions. A tape
comparing simultaneous coincident- and spaced-
microphone recordings is available so that readers
can assess for themselves seme of the effects
discussed. {See p. 733 for ordering details.)
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INTRODUCTION
S

The last few years have seen a
dramatic improvement in our ability
to accurately record, distribute, and
reproduce musical signals, and the
benefits of this digital audio tech-
nology are now available to con-
sumers in their homes, Concomitant
improvements have taken place in
microphone and loudspeaker design
as well, and the technical capability
of the complete recording/distribu-
tion/reproduction chain is impres-
sive. Yet it is my contention that
many recording producers and en-
gineers are currently making record-
ings which are a disaster from the
stereophonic point of view, What is
on the master tape is now laid bare
without the masking effects of the
earlier technology, and what the
consumer can now hear is frequently
unpleasant. It has become fashion-
able to praise as “purist” those ster-
eophonic recordings made with the

the Purists Wrong?”

basic minimum of just two or three
microphones. [ happen to believe that
this trend is in the right direction,
but I also believe very strongly that
fewer does not always mean better,
that not ail purist microphone tech-
niques are equally good or valid, and
that some are just downright wrong
and misguided. I shall try to make a
strong case for the use of single-point
(that is, coincident) stereophonic
microphone techniques in preference
to widely spaced microphone con-

' The references cited do not represent
a complete bibliography, but have been
carefully chosen from the very large
number of published works. A more ex-
tensive list of references will be found
in the works cited.

J. Audio Eng. Soc., Vol. 34, No, 9, 1986 September

figurations.

{ am aware that I am treading on
dangerous ground here, in that an
aesthetic judgment is called for when
attempting to rate a stereophonic re-
cording as “good” or “bad.” Clearly
not everyone will agree on the criteria
to be used nor on their relative im-
portance in the overall ratings. Nev-
ertheless, I maintain that it is pos-
sible to formulate overall objectives
against which different recording
techniques can be judged. Even if
you do not agree with my conclu-
sions, I do hope that you will be
stimulated into experimenting and
listening critically to the results of
your experiments with these objec-
tives in mind. I feel that the source
material is now the weakest link in
the chain from the artist to the lis-
tener, and that improvement here re-
quires an enlightened reassessment
of what goes on in the process of
capturing the original sound and re-
producing it through two loudspeak-
Crs.

WHAT IS STEREO?

Stereo arose from experiments
which took place simultaneously but
independently at Bell Telephone
Laboratories in the United States [1]-
[3]} and at what became Electric and
Musical Industries Lid. (E.M.1.) in
Great Britain {4]-[10] in the early
1930s. I shall have more to say about
these experiments shortly, but first I
must define what I mean by stereo,
Perhaps the Bell engineers had the
best term for it. They called it “au-
ditory perspective” (but see {11]}.

First, stereophonic sound must be
clearly distinguished from binaural
sound. Undoubtedly the most perfect
re-creation of an acoustic event for

a listener is in principle obtained by
a system that can re-create at his or
her eardrums the same acoustic
pressures as occurred originally. This
is, however, not as casy as it sounds.
It involves recording the signals at
the ears of the auditor, or at the ears
of a dummy head and torso with pin-
nae and ear canals identical to those
of the auditor, and reproducing those
signals in such a way (usuaily through
headphones) that the same acoustic
pressures occur at the eardrum po-
sition as would have occurred natu-
rally. This is the basis of the so-called
binaurai recording/reproducing sys-
tem. Only two channels are required.
The important point is that these two
signals must be independently and
separately conveyed to the two ears
of the listener-—the right ear must
not hear the left-ear signal, and vice
versa. Possibly the earliest binaural
demonstrations took place at the Paris
Opera in 1881 where Clement Ader
had set up 10 spaced telephone
transmitters on the stage linked pair-
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wise to individual receivers in the
Palace of Industry several kilometers
away [ 1]. If a listener held adjacent
receivers to his ears he heard the
sounds picked up by a pair of widely
spaced microphones, which provided
a binaural effect. I shall not discuss
binaural stereo further here.

What the Bell and E.M.I. re-
searchers understood by stereo is the
same as what we understand by stereo
today, and this is quite distinct from
binaural. In stereo sound reproduc-
tion using two loudspeakers, each ear
hears both loudspeakers, and is in-

* Presented at the 78th Convention of
the Audio Engineering Society, Anaheim.
California, 1985 May 3-6,
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tended to do so. This is a fundamental
point, the misunderstanding of which
has led some companies to misguid-
edly design loudspeakers which at-
tempt to cancel this interaural cross-
talk in the belief that this will lead
to more accurate stereo reproduction,
This is not so. Such loudspeakers,
to the extent that they can succeed
in their goals, are suited for binaural
rather than for stereo reproduction.
The two types of signals are not in-
terchangeable. Stereo is predicated
on the existence of this “interaural
crosstalk.” The probiems in stereo
are those of capturing suitable signals
to be fed to the two loudspeakers,
given that each ear hears both loud-
speakers, and chocsing the loud-
speakers’ polar patterns and geo-
netrical configuration to widen the
“stereo seat” if so desired. We shail
discuss the former aspect in some
detail. The problem of freeing the
listener from the *“sterco seat,” by
enlarging the region within which the
image remains reasonably free from
distortion, 1s in my view a repro-
duction-related question rather than
one bearing directly upon the re-
cording technique. A number of
schemes have been proposed for
achieving this goal {12]-[17].
Stereo derives from the Greek word
“stereos” meaning solid. Webster's
dictionary defines stereophonic as
“giving a three-dimensional effect
of auditory perspective.” This is an
acoustic analog of the objectives of
tereoscopic photegraphy, although
it should be clearly realized that the
technigques of stercoscopy are more
analogous to those of binaural than
to those of stereophonic sound re-
production. The aim is to provide the
illusion of a solid, three-dimensional
acoustic image in the mind of the
listener. This image should have both
lateral (left-right) precision as well
as a realistic sense of depth or dis-
tance to the sound sources. Now,
unlike stereoscopy, where distance
perception is largely 2 function of
parallax (that is, differences between
the images seen by the twao eyes), in
auditory terms distance is largely
sensed by the relaticnship between
the direct and the reverberant sounds
arriving at each ear. Whereas each
¢ye has the ability to localize an im-
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age in two dimensions, it is princi-
pally through the use of both ears
that we can do this aurally. So the
analogy must not be pushed too far.
Nevertheless, a vague, imprecise
stereophonic image may be iikened
to an improperly overlapped and
aligned stereoscopic image, in that
detail becomes blurred as regards
both lateral image positioning and
depth perspective,

W eng
¥4 engineers

aim only to
produce a spread
of sound images
which seems
pleasant

[ consider such blurring to be a
defect, although [ will admit that
some people like soft-focus lenses.
What perturbs me greatly is that many
people see this defect as a positive
virtue. { agree with Leakey [14, p.
240] that, rather than accurate im-
aging, many engineers “aim only to
produce a spread of sound images
which seems pleasant. Often itis the
case that the more ‘ethereal’ the
sound images appear, then the better
the system is appreciated. Such sys-
tems can be regarded, however, only
as attempts at pseudo-stereophony,
even though two channels might be
empioyed.” I hope to show below
that one reason is the general con-
fusion between ambience in a re-
cording, which canr enhance the
stereo image, and phasiness, which
can only serve to degrade it. But more
of that later. For the moment I am
trying to define the objectives of a
stereophonic system. Stereo is in-
herently limited by the availability
of only two transmission channels.
One can do better and set higher goals
if one has more than two channels
available, and this will also be dis-
cussed briefly. I believe that the best
that stereo can do is to provide a
credible illusion that between and
beyond the pair of loudspeakers there
exists another acoustic environment
within which the musicians are lo-
cated and performing. I am consid-

ering only musical events which have
a genuine acoustic origin within an
acoustic setting, a situation that per-
tains to all classical musical per-
formances and a great many others
besides. I accept that not all music
originates under such conditions. If
it does not, the compilation of a stereo
image is a synthetic exercise with no
possible reference back to an acoustic
original, and I will not be considering
this situation further here.

it should be noted that my defi-
nition of stereo is neither a “you are
there™ nor a “they are here” one. It
is closer to the former than the latter,
since for most of us it is ludicrous
to consider having a full symphony
orchestra present in the listening
room. However, it is not possible,
with two channels alone, to fully
place the listener inro another imag-
inary environment. All the direct
sounds from the loudspeakers reach
him from the front quadrant only, a
simplification which prevents his
being placed wirhin the other envi-
ronment. The best one can do is to
provide the illusion that the end of
the listening room between and be-
yond the loudspeakers has been re-
moved, enabling the listener to “lis-
ten into” the original recording venue
as if it were situated behind the loud-
speakers. He is still aware of the
acoustic presence of his own listening
room superimposed upon that of the
recording environment, and with only
two channels one cannot afford to
make the listening room anechoic
without unpleasant consequences. It
probably is desirable, though, to
minimize reflections from the loud-
speaker end of the room, as is done
frequently now in monitoring studios,
so as to allow the listener to perceive
more clearly the recorded acoustic
of the performing space. The latter
will normally be dominant due to the
fact that the performance space is
invariably much larger than the lis-
tening room.

If more than two transmission
channels are available, one can do
much better. Using three or more
transmission channels in a properly
designed surround-sound system one
can hope to place the listener wirthin
the ambience of the recording locale.
Since such a system can re-create
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ambient sound arrivals from all
around the listener, it is then possible
{and indeed, even desirable) to sup-
press the effects of the listening room.
For such reproduction systems (for
example, Ambisonics) an acousti-
cally dead listening room would be
preferable. It is my belief that as more
sophisticated reproduction systems
become available, the correct trend
will be toward more anechoic listen-
ing environments.

It goes without saying that no
stereo system can capture and cor-
rectly reproduce direct or ambient
scunds picked up from outside the
frontal quadrant. Directional distor-
tions are inherent in any attempt to
reproduce surround sound over only
two loudspeakers. Different stereo
systems will perform differently in
this respect, each having its own di-
rectional peculiarities for sounds
originating from the remaining three
quadrants.

HISTORICAL PERSPECTIVE
S A A Ty

My definition of stereo appears to
be compatible with the concept as
envisaged by the original inventors
at Bell Laboratories and at E.M.1.,
not that they gave any explicit defi-
nition. Indeed, most of what we know
about the experiments conducted by
Alan Blumlein and his coworkers at
E.M.1. is contained in his patents
from that time [4]-[8)], the earliest
of which has justifiably become a
classic in the field. A good survey
of Blumlein’s contributions to stere-
ophony will be found in [9], [10].
As regards Harvey Fletcher and his
coworkers at Bell, we have their own
detailed accounts to go by [1]-[3].
The two teams followed quite distinct
paths.

The scientists at Bell started from
the idea of re-creating the original
macrescopic acoustic wavefront with-

* A theoretically better concept would
be 1o surround the preferred listening
position ir the performing space with a
multiplicity of outwardly oriented mi-
crophones, each connected by its own
transmission channel to the corresponding
loudspeaker in a similar configuration of
inward-pointing loudspeakers surround-
ing the actual listening position in the
listening room.
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in the listening environment. They
envisaged a “curtain of microphones”
in front of the performers, each mi-
crophone connected by means of its
own transmission channel to the cor-
responding loudspeaker in a “curtain
of loudspeakers” in the listening
room. The wavefront at the curtain
of microphones would be recréated
at the curtain of loudspeakers and
propagate into the listening room as
if the performers had been present

Alan Blumiein

behind the curtain.? Unfortunately
this hypothetical scheme would not
correctly handle those reverberant
acoustic wavefronts which travel in
the direction from the listener’s side
of the curtain toward the performer’s
side, but this is a deficiency of all
stereophonic systems anyway. Since
the Bell concept is one of a large-
scale wavefront reconstruction, it
would not require that a listener be
located in a specific “stereo seat.”
The information rate needed for a
successful large-scale wavefront re-
construction scheme is vast, and be-
yond the realms of possibility at
present. So a simplification to a finite
and small number of transmission
channels is catled for.

The Bell workers considered two
or three channels to be the practical
maximura, and conducted their ex-
periments using this number. Two
or three is a far cry from infinity,
however, and having made this sim-
plification, one should really ask
oneself whether a two- or three-
channel wavefront reconstruction
scheme makes any sense. The an-
swer, as we shall see, is po. It is

STEREO MICROPHONE TECHNIQUT S

interesting to take note of the fac:
that the Bell scientists tried all pos-
sible combinations of two or three
microphones with two or three
transmission channels and two or
three loudspeakers for reproduction.
These experiments included the idea
of a center-bridged microphone in a
two-channel system, this being a
configuration often highly praised
among purists. Another point worth
noting is that the Bell listening setup
was relatively distant from the loud-
speaxers, the total included angle
subtended at the listener being only
on the order of 35°. This is about
haif of what one would tend to use
nowadays, and certainly must have
influenced the weighting they placed
on lateral imaging accuracy or the
lack thereof. :

Blumlein, on the other hand, re-
alized from the outset that with only
two transmission channels a mac-
roscopic wavefront reconstruction
scheme in the listening room was not
possible, and thus invoked psycho-
acoustic criteria in designing his
system. His aim was to produce
acoustic signals in a limited region
around the head of a listener in the
stereo seat, which would lead to the
formation of an accurate virtual ip--
age of the source position. In effec.,
Blumlein’s system set out to re-create
on a microscopic scale the wavefronts
that the Bell people had hoped to
generate macroscopically. This is
feasible and indeed practical. Blum-
lein’s scheme relied on the realization
that simple level differences at the
loudspeakers would create both level
and phase differences at the listener’s
ears because of the fact that each ear
hears both loudspeakers and the ears
are laterally separated [4]. By suit-
ably choosing these level differences
it is possible to produce stable images
between the loudspeakers. This pro-
cedure is, for obvious reasons, called
“intensity stereo.” We would now-
adays produce the required level en-
coding by the use of a coincident pair
of directional microphones, classi-
cally the “Blumlein pair” of 90°-an-
gled figure-of-eight microphones.
Blumlein indeed patented both this
arrangement as well as the sum—dif-
ference or M-S (mid-side) schemes
for deriving these loudspeaker feed
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signals {6], [7] once directional mi-
crophones became available —spe-
cificaily the RCA ribbon microphone
of the early 1930s. In his initiai ex-
periments {4], however, in the ab-
sence of other than omnidirectional
microphones, he was forced to derive
a directional pickup pattern by sub-
tracting and re-equalizing the out-
puts of two closely spaced pressure
microphones, a process he called
“shuffling.”

It is fascinating to realize that
Biumlein's fundamental 1931 patent
[4] contained within it the basis of
our current 45-45° stereo disk sys-
tem. In fact, both the E.M.{. and the
Bell work was way ahead of its time
and did not see commercial realiza-
tion untii the mid 1950s with the ad-
vent of stereophonic tapes [10] and
.hen disks.

To understand the substantial dif-
ferences in behavior between the Bell
spaced-microphone and the Blumlein
coincident-microphone sterco ar-
rangements. it is necessary to discuss
the relevant auditory theory.

THE PSYCHOACOUSTICS
OF HEARING

I shall consider only image local-
ization in the horizontal plane since
we are primarily interested in stereo.
In normal hearing, when listening
live to a single acoustic source (“nat-
ural” hearing), each ear receives only
asingle copy of the direct sound from
the source. In stereo reproduction
each ear hears two copies of the
sound, once from the {eft-hand loud-
speaker and once from the right-hand
loudspeaker. This is a fundamental
but essential difference, and it is what
enables the two fixed loudspeakers
to create the illusion of an image
separated from their actuzl positions
when fed with suitable signals. So
we must consider stereo hearing as
distinct from natural hearing and ac-
tually quite unnatural—it i1s in fact
an artificial creation. To understand
it, we first recap the situation in nat-
ural hearing. An excellent discussion
of spatial hearing together with an
extensive list of references is given
in Blavert [18, chaps. 2 and 3}.
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When listening live, the signals at
the two eardrums differ in time of
arrival, level, and spectral content,
and these differences depend on the
source position. The time of arrival
difference is due to the physical
spacing of our ears and cannot exceed
about 630 s in real life. This cor-
responds to a path-length difference

Harvey) Fietc;}:r

of about 210 mm, and this in turn
represents a half-wavelength at a
frequency of around 800 Hz. It thus
foilows that for frequencies below
about 800 Hz there is an unambiguous
phase relationship between the two
ear signals and the source direction,
the ear nearer the source having the
leading phase. This is what I shall
call the low-frequency regime, This
phase difference is frequency de-
pendent; in fact it varies linearly with
frequency since it represents a pure
time delay. At frequencies above
about 800 Hz the interaural phase
shift can exceed 180°, and so the
ability (on periodic or steady-state
signals) to discern which ear’s signal
is leading and which is lagging is
lost. So, clearly, interaural phase
relationships would appear to be
useful cues only at low frequencies.

There is a further reason for this,
which is probably not fortuitous but
represents the kind of compatible
adaptations that organisms seem to
acquire by evelution. The transmis-
sion mechanism from the inner ear
to the brain is by neural impulses
generated by the hair cells in the

cochlea, These hair cells can fire at
rates of only about 1000 pulses per
second, and then only for brief pe-
riods. (For an excellent general sur-
vey of the physiology of the hearing
mechanism see Schroeder [19].) At
low frequencies the acoustic input
waveform can produce a sympathetic
modulation of this neural firing rate
during the course of a single cycle,
and so the ear has to some extent a
waveform-following ability. This
would enabie the discrimination of
interaural phase differences at low
frequencies, and this seems to be the
case. However, it foellows that at fre-
quencies well above 800 Hz the abil-
ity to follow the input waveform will
be lost and hence that phase rela-
tionships (both within each ear’s
signal as well as between the signals
at the two ears) will become irrele-
vant. This is found to be so, and can
easily be demonstrated. (See Exper-
iments below.} Above about 1.6 kHz
this ability is essentially lost. We thus
see that in the low-frequency regime
the phase-sensing ability ties in with
the physical spacing of our ears to
enable directional localization of live
sounds in natural hearing, In the oc¢-
tave between 800 and 1600 Hz our
localizing ability is not good, but a
further mechanism based on inter-
aural level differences comes to the
rescue at frequencies above about 1.6
kHz, a region which [ shall call the
high-frequency regime. Moreover,
for impulsive signals the time-of-ar-
rival difference can still be used for
unambiguous image localization in
the horizontal plane (frent or back).

Indeed, the diffracting and oc-
culting effects of the head and outer
ears (pinnae) produce very significant
level differences at the two ears for
sources which are not in the median
plane in this high-frequency region
where their dimensions are com-
parable to the acoustic wavelength.
These interaural level differences are
strongly dependent on both source
position and frequency and also on
the individual listener’s head size and
pinna shape, and can exceed 20 dB
for certain combinations of direction
and frequency. They represent the
seconnd main source of directional
information ir natural hearing. but
play a secondary role to that of the
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interaural time differences. These
frequency-dependent level differ-
ences produce modifications to the
spectrum of the source signal which
are used as a further cue, especially
for localizing sounds which lie above
or below the horizontal plane and for
providing front-back discrimination
ability. The level and time-of-arrival
differences reinforce each other: a
source to the left is louder in the left
ear as well as reaching it first. Con-
versely, if the two ears are furnished
with coherent signals such that the
ieft-ear signal is louder and/or earlier
than that reaching the right ear, an
image toward the left will be formed,
and the location of this binaural im-
age will vary monotonically as a
function of both the leve! and the time
differences.

So far I have based the discussion
largely on the behavior of our hearing
system for periodic or sinusoidal
source signals, These are character-
istic of the sustained portion of mu-
sical notes but take no account of the
transient-type signals produced by
many percussive instruments, nor of
the fact that mach speech and music
is in reality a modulared periodic
signal the envelope of which varies
sfowly relative to the carrier signal
itself. For impulsive and modulated
types of signals it appears that the
time-of-arrival difference at the two
ears is the primary cue {18]. This is,
of course, unambiguous for all frontal
source directions in the horizontal
plane and, as we have seen, does not
exceed about 630 ws naturally.

The two basic mechanisms which
we have at our disposal to synthesize
image localization in the front quad-
rant between the two stereo loud-
speakers in the decidedly unnatural
situation represented by stereo hear-
ing are thus interaural time (or, in
the low-frequency regime, phase)
differences and interaural level dif-
ferences. The only major question is
how to produce at the listener’s ears
from the two source loudspeakers
such differences as will be interpreted
by the hearing mechanism as repre-
senting a credible image between the
loudspeakers. Bear in mind that in
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stereo each ear hears rwo signals, one
from the left-hand loudspeaker and
one from the right-hand loudspeaker.
The ievel and time (or phase) dif-
ferences at the listener’s ears are not
the same as those at the loudspeakers.
Itis the former that matter as regards
image localization, but the latter
which will be determined by the re-
lationship between the performer and
the microphones. It is important that,
as far as possible, these two loud-
speaker signals combine at the lis-
tener’s ears to produce cues which
are compatible with natural hearing.
We can to a farge extent analyze the
listener’s response on the basis of
how he responds in natural hearing
to the signals arriving at his ears, as
discussed above. [t is thus necessary
to analyze how the two loudspeaker
signals combine at the ears of the
listener. These loudspeaker signals
may be thought of as differing in level
and/or timing (that is, phase). We
shall discuss the properties of spaced-
microphone and coincident-micro-
phone signals and how they relate to
these psychoacoustic criteria in the
next section. For the moment we just
consider the consequences of differ-
ent loudspeaker feed signals.

THE CONSEQUENCES
FOR STEREOQO

By means of intensity differences
alone between the two loudspeaker
signals it is possible to move the per-
ceived image continuously between
the two loudspeakers. This is of
course well known and is the mode
of operation of the standard balance
control or pan pot. A level difference
on the order of 12-15 dB is needed
to move the image fully over to the
louder loudspeaker, but this is some-
what dependent on the nature of the
signal. In the low-frequency regime
the signal intensities at the two ears
remain almost equal, even though
the loudspeaker signals may differ
greatly in level. This is due to the
lack of significant effects by the head
and pinnae in modifying the signals
and due to the close proximity of the
two ears. The image shift heard is
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due primarily to the phase differences
between the ear signals produced
when the two loudspeaker signals
combine at each ecar. Since the ears
are separated, the path lengths from
cach loudspeaker to the two ears dif-
fer, and this produces opposing phase
shifts in the sum signals at the two
gars. Thus, surprising as it may ap-
pear, in the low-frequency regime
loudspeaker level differences are
translated into interaural phase
shifts, the ear on the side of the louder
loudspeaker having the leading phase
[10], [12}~[14], [18], [20]-[22]. In-
deed, this phase shift varies approx-
imately linearly with frequency, and
S0 represents a pure interaural time
difference. This is precisely what
happens in natural hearing. The ear
on the same side as the source hears
a signal leading the far ear in phase,
this linear-phase difference being
indicative of the fact that there is a
pure time-of-arrival difference be-
tween the twe ear signals. Intensity
stereo thus re-creates natural inter-
aural time delays in the low-fre-
guency regime. 1t is important to ap-
preciate that this result is true, not
just for sinusoidal or periodic signals
but for any low-frequency signal.
The relationship between interloud-
speaker level difference and Image
position is a fairly linear one. Since
these results are not well appreciated,
I have attempted in the Appendix to
give a clear exposition of the situation
for those readers who may be inter-
ested in a fuller understanding.

In the high-frequency regime in-
teraural phase relatienships no longer
matter, and indeed would be ambig-
uous. But again, one can demonstrate
that pure interloudspeaker level dif-
ferences produce lateralization of the
apparent image position. Here, head
masking and car diffraction are sig-
nificant, and both interaural level and
phase differences result from such
loudspeaker signals, only the former
being relevant, however [18]. Ac-
cording to some investigators [10],
[13], [22], the apparent image po-
sition is slightly farther away from
the center for high-frequency signals,
and a small correction circuit can help
fuse both low- and high-frequency
images more perfectly [23].

As regards transient or broad-band
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signals, theories exist for explaining
why good, consistent imaging is
produced by interloudspeaker level
differences alone. That of Vanderlyn
is particularly interesting and note-
worthy [21].

From the foregoing we see that a
stereo signal with imaging based
upon interchannel level differences
alone will produce good imaging over
loudspeakers. This is the basis of

Blumiein’s original patent and of all
coincident-microphone stereo re-
cording systems (“intensity stereo™).
The left- and right-channel micro-
phones are made as spatially coinci-
dent as possible to minimize inter-
channel time delays, and their polar
patterns are chosen to produce the
necessary interchannel level differ-
ences as a function of source position.
The ultimate in coincidence is pro-
vided by a microphone such as the
Calrec Scoundficld microphone,
whose output feeds correspond to
microphones coincident within mii-
limeters to extremely high frequen-
cies. The optimum micrephone ar-
rangement is 90°-angled figure-of-
eights, whose cosine polar pattern
produces the most accurate imaging
in the frontal quadrant as well as the
most uniform spread of reverberation
between the loudspeakers [24]. Other
polar patterns are also possible if
suitably angled. For example, hy-
percardioids at around 105° included
angle or cardioids at about 131° in-
cluded angle will also work reason-
ably well. One crucial requirement
is that the microphones’ polar pat-
terns be independent of frequency,
and this is something that only the
very best small-diaphragm micro-
phones approach. I believe that many
people who have experimented with
coincident-microphone stereophony
have been misled by the conse-
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guences of poor microphone polur
patterns, which often become more
directional at high frequencies. This
will cause the central images 10 re-
cede and become less clearly defined
in the arrangements described above
(often known as X-Y sterec). The
alternative of M-S {mid-side) stereo
is, with ideal polar patterns, math-
ematically equivalent to X-Y stereo,
but can in practice often produce
better central image quality with
many available microphones {25]. 1
cannot discuss these detailed aspects
further here, but will merely note that
the Soundfield microphone provides
the most uniform and coincident polar
patterns of any available stereo mi-
crophone,

Having seen that intensity stereo
can work well and is compatible with
achievable microphone configura-
tions, we look at the second basic
possibiiity, namely, sterco based
solely on interchannel time differ-
cnces. For relatively distant micro-
phone placement, this is the form of
the signals that would be produced
by closely spaced (say, under 1 m)
omnidirectional micropbones, for
which the path-length differences 0
the performer produce negligible
level differences but significant time
differences. {Such an arrangement,
even without a dummy head, will
produce quite reasonable binaural
imaging when reproduced over head-
phones, but we are primarily con-
cerned with two-loudspeaker stereo
reproduction here.) Widely spacud
microphones produce both intermi-
crophene level and time differences,
of course. The curves of constant time
difference (that is, constant path-
length difference) are hyperbolas
drawn with the two microphones as
foci.

For impulsive-type sounds, over
a limited range of interloudspeaker
time delays of up to maybe *3 ms,
it is found that the image can be
maved over the stereo stage. 1t should
be recalled that in natural hearing one
never experiences interaural delays
of more than 630 ps, and this happens
here too, of course. Each ear receives
one signal from each loudspeaker
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If the interloudspeaker delay is suf-
ficiently small relative to the loud-
speaker subtended angle (such as
under 200 ps for the normal stereo
arrangement of 60° subtended angle
at the listener), each ear hears the
impulse from the loudspeaker on its
own side before the crosstalk sig-
nal from the oppesite loudspeaker
arrives. If the delay exceeds this
amount, the situation is different and
the earlier loudspeaker’s signal ar-
rives at both ears before the signal
from the delayed loudspeaker arrives
at either ear. In spite of this, up to
delays on the order of 3 ms a contin-
uous image movement between the
loudspeakers has been found to be
possible on this basis. But the stereo
stage is covered in a rather nonuni-
‘orm way, such that the half-left and
half-right images require oniy about
one quarter of the delay needed to
produce full-left and full-right im-
ages. This is one contributory factor
in producing the “hole in the middle”
effect commeon with spaced-miero-
phone recordings: sources near the
center image well away from the
center and suffer considerable image
broadening. The imaging is also
variable from listener to listener, is
affected by small head movements,
and is quite signal dependent. In other
words, it does not appear 1o be a good
basis for stable stereo imaging. I the
delay exceeds 3 ms (as can occur with
microphone spacings of more than
1 m}, the sound appears to come from
he earlier loudspeaker only, until
one reaches delays sufficiently long
that the Haas {precedence) effect no
ionger holds and one becomes aware
of an echo from the delayed loud-
speaker. This can happen if the sig-
rals are derived from microphones
spaced sufficiently far apart (say,
more than 15 m apart), but this is
not usually the case for realistic
spaced-microphone setups.

For nonimpulsive scunds, how-
ever, an analysis [18, chap. 31 shows
that the interaural signal differences
produced by interloudspeaker time
defays do not lead to consistent im-
aging at all. Surprisingly, perhaps,
it is found that in the low-frequency
regime pure time delays between the
loudspeakers produce only level and
polariry differences between the rwo
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ear signals. (See the Appendix for a
proof of this result.) Of primary
concern is the fact that the ear on the
side of the earlier loudspeaker need
notreceive the louder signal, and in-
deed at low frequencies does not! So
the interaural level differences pro-
duced at low frequencies do not al-
ways reinforce the imaging produced
by impulsive sounds. Sometimes the
low-frequency image pulls in the

opposite direction from the image of
the transient, broadening and smear-
ing the overall image. The interaural
polarity reversals set in at frequencies
for which the time of arrival differ-
ence of the two loudspeaker signals
at each ear exceeds a half-period.
When this occurs in the low-fre-
quency regime, the sound takes on
a distinctly “phasey™ quality and the
image becomes quite anomalous.
Otherwise the image is merely
blurred to a greater or lesser extent.
In the high-frequency regime, inter-
loudspeaker time differences lead to
both interaural level and phase dif-
ferences, but with no consistency
from the imaging point of view. In
effect this means that if the time delay
between the two microphone signals
exceeds the interaural delay, the
sound becomes phasey and the image
disintegrates. This would force the
use of microphone spacings of no
more than about 200 mm, for which
the first interaural polarity reversal
would occur at about 1 kHz for nor-
mal source positions, in order that
the low-frequency imaging anomalies
should not drastically degrade the
resultant recording. This would,
however, introduce intermicrophone
deiays of only 300 s maximum for
normal source positions, and hence
a very narrow image on impulses, in
view of the fact that around 3 ms
(that is, 10 times as much) is needed

for full-width imaging. So one is
faced with an impossible dilemma:
use close microphone spacing to
prevent low-frequency phasiness and
get basically monophonic imaging,
or use wider spacing for imaging on
impulses and tolerate the low-fre-
quency amorphousness. Even then
the high-frequency imaging produces
a bad hole in the middle since it is
quite nonlinear, and this is aggra-
vated by the intermicrophone level
differences which now also occur
with wide spacing of the micro-
phones, for these tend to pull the im-
ages even farther away from the cen-
ter and into the loudspeakers,
Imaging in the sense of my definition
wouid appear impossible in spaced-
microphone stereo. These defects are
indeed quite familiar to critical lis-
teners.

These facts may be unpalatable to
some, but are not surprising. For if
we think of sinusoidal signals only,
for a constant interioudspeaker time
delay (as would be produced, for ex-
ample, by a performer in a constant
position relative to two spaced mi-
crophones), the two loudspeaker
signals reaching the stereo seat go in
and out of phase purely as a function
of frequency. Fer frequencies at
which the delay represents a multiple
of the period, these loudspeaker sig-
nals add (constructive interference),
while for frequencies for which the
delay is an odd multiple of the half-
period, the loudspeaker signals pre-
cisely cancel (destructive interfer-
ence). At the listener’s ears the sig-
nals go in and out of phase as well
as rising and falling in amplitude as
the frequency is varied. We have a
comb-filtering interference effect at
each of the ears. The combing occurs
at a higher rate at the ear on the side
of the leading loudspeaker. At each
comb null the interaural polarity re-
verses. The polarity differences are
not worrisome in the high-frequency
regime, but we know from our earlier
discussion that they will destroy low-
frequency imaging. The sound be-
comes phasey at low frequencies, as
certain {requency components are in
phase at the two ears whereas others
are out of phase. Synthetic ambience
devices use time delays to produce
just such combing. Here our micro-
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phones are doing it for us. It thus
appears that time-delay-based stereo
cannot work well.

In most practical situations in
which spaced microphones are used,
one has both level and timing dif-
ferences in the two channels due to
the relatively large intermicrophone
spacing (many meters). For sources
nearly equidistant from the two mi-
crophones {that is, central sources)
the level and delay differences are
small, while for source positions far
from the center very significant level
differences and interchannel delays
occur. For impulses both level and
delay effects pull the image in the
same (and correct) direction, and it
soon collapses into the nearer loud-
speaker in consequence. For steady-
state signals, as we have seen, the
imaging is totally anomalous and
frequency dependent for each source
position that is not precisely on the
centeriine. (See the Appendix.) Only
for sources well to the sides does the
levei difference dominate and keep
the image stable, but then these im-
ages come from near the loudspeakers
instead of from between them, as in-
tended. One has what is commonly
called a “hole in the middle,” a char-
acteristic of two-spaced-microphone
stereo. Even closely spaced (that is,
comparable to the interaural spacing)
omnidirectional microphones do not
solve the problem, but do tend to re-
duce it. As the microphones are
moved together, the low-frequency
phasiness is reduced and the image
tends to concentrate at the center of
the stereo stage instead of spreading
widely. This may be more acceptabie
but really is not much more than
monophony. Closely spaced omni-
directional microphone recordings
are suitable only for binaural listening
over headphones. The surprising
thing is that some people are rec-
ommending this for stereo recording.

I know of no published research
showing that the two- or three-chan-
nel spaced-microphone arrangements
can inh any consistent way recreate a
semblance of the original wavefront
in the listening room, let alone in the
vicinity of the listener’s head. They

726

cannot and do not produce stereo
imaging in the sense in which L have
defined it. There is, on the other
hand, good evidence to support my
contentions {26]. A simple thought
experiment is instructive. Imagine
two holes {or doorways) in the wall
between two adjoining rooms, and it
is not difficult to convince oneself
that on the basis of the acoustic sig-
nals which come through these

openings the listener will not be able
to accurately jocalize the position of
the sound source on the far side of
the wall. But these two holes are the

“loudspeakers” of our elementary
stereo experiment, when viewed from
the listener’s side of the wall, and
the “spaced microphones™ when seen
from the performer’s side. For stereo
we are obliged to use spaced loud-
speakers, but the failacy is to con-
clude from this that these loud-
speakers should be fed with signals
derived from spaced microphones.
A modification, investigated by the
researchers at Bell, was to use a three-
channel system of spaced micro-
phones, As their data show [3, p.
247], this arrangement is somewhat
better than the two-microphone two-
channel scheme, as would be ex-
pected. Central images are stabilized,
but the desired uniform spread across
the stereo stage is not produced. In-
stead of one hole in the middle, we
have two smaller anomalous areas
half-left and half-right, and as with
the two-channel arrangement, the
images still tend to cluster around
the loudspeakers. One sign of a good
stereo recording/reproduction system
in addition to producing stable images
is that the loudspeakers are not au-
dible as sources of the sound. Indeed
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one can, with one’s eyes closed,
ideaily not teil precisety where the
loudspeakers themselves actually are,
A good coincident-microphone re-
cording can achieve this, but not a
spaced-microphone recording using
only two or three channels. Neither
can the use of a center-bridged mi-
crophone or a center-bridged loud-
speaker in a two-channel system sig-
nificantly improve its performance
in this regard. I should point out that
the center-bridged three-microphone
two-channel arrangement is often
used in current purist-type recordings.

To conclude this section, I remark
that the stereo hearing models pre-
sented above can be formalized into
mathematical models which can then
be used to assess the imaging of any
proposed stereo system (see [101},
[13], {141, [16], {18], [22], [26]-(30]
and the Appendix). These models
predict the behavior described above.
The most convenient description
seems to be in terms of the total sound
particle velocity vector at the iisten-
er’s head in the low-frequency regime
and the “energy vector” in the high-
frequency regime. Fora single plane
or spherical progressive wave the
sound velocity vector (normal to the
wavefronts) points away from the
source, and so it is to be gxpected
that one should, in the low-frequency
regime, localize the source 1n the di-
rection of the velocity vector in nat-
ural hearing. For stereo (or surround-
sound) hearing this still appears to
be true at low frequencies: even
though the two progressive wave-
fronts coming from the two loud-
speakers do rot combine to produce
a single progressive wave, the lg-
calized direction is nevertheless
given by the resultant of their indi-
vidual velocity vectors [27]. At high
frequencies, on the other hand, the
energy vector, determined on the
basis of power flow from each source
past the listener’s head, appears 10
be appropriate {28}, {29]. This takes
recognition of the ear’s phase deaf-
ness at high frequencies. A more de-
tailed discussion of these mathe-
matical models is beyond the scope
of this paper, but I shall return to
them briefly when discussing the
fundamental limitations of stereo and
their solution.
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THE BASIC STEREO
SYSTEMS COMPARED

We have investigated the under-
lying theory of the two opposed stereo
microphone systems: coincident
versus spaced. | would now like to
describe verbally what I hear when
listening to carefully made recordings
of both types using the most accurate
microphones availabje. Many of
these effects have already been pre-
dicted znd briefly described in the
previous section. Other authors have,
of course, provided their own as-
sessment of the different configura-
tions; see, for example, [26], [31}-
[33], which reach conclusions gen-
erally similar to mine. I wouid also
like to discuss some experiments
which we recently undertook in order
to try to pin down the reasons for
some of the audible artifacts that
distinguish these two types of re-
cordings.

' Coinc_ident Microphones.

Blumlein-type crossed figure-of-
eight recordings produce wide, stable
imaging on the direct sound from the
performers. The image does not
wander as the musician plays up and
down the scale, and is generally quite
narrow and unblurred. This presup-
poses an accurate polar pattern over
the frequency range, which fortu-
nately is easjer to produce in a figure-
of-eight (or omnidirectional) micro-
phone than in a cardioid. Neverthe-
iess, most commercial microphones
have polar patterns which depart
somewhat from the ideal, especially
at high frequencies, and this tends
to blur the image. With most com-
mercial figure-of-eights it is neces-
sary to reduce the front-quadrant an-
gle between the microphones to
between 80 and 857 in order to com-
pensate somewhat for these aberra-
tions and prevent a slightly recessive
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central image. The best available
examples (Calrec Soundfield and
Schoeps MKR) are excellent and work
well. Separate capsules should be
mounted one above the other and as
close as possible. Only & microphone
like the Soundfield can make them
effectively coincident, and by its very
nature ensure frequency-independent
polar patterns over the bulk of the
frequency range. A correction circuit
for the difference (i.—R) channel may
be worth trying [23].

Of course, figure-of-eights pick up
front and back equally (interestingly,
their directivity index of 4.8 dB is
the same as that of a cardioid), and
s0 Blumlein stereo recordings con-
tain a substantia} amount of hall am-
bience. Being angled at 90°, the ran-
dom-incidence power pickup is in-
dependent of direction in the
horizontal plane (because sin? 8 +
cos® 8 = 1). This gives the most uni-
form possible spread of reverberation
between the loudspeakers and con-

O IT YOURSELF

Listed below are brief details of some simple and
easy-to-perform experiments which will enable you
to confirm for yourself many of the properties of hearing
and of stereo reproduction which | have discussed
previously. In particular, | very strongly urge you to
fit a polarity-reversing switch in the feed to one of
your two stereo loudspeakers SO that you have it
available for assessment purposes on a continuing
basis. This is one of the simplest and most useful
tools for stereo analysis.

In each experiment, try a variety of musical
sounds, both percussive and legato, simple and
complex, narrow band and wide band. Observe the
two transducer feeds on an X—Y oscilloscope fo en-
hance the understanding of what is being heard and
why.

(a) Use a duat mono signal over headphones. Try reversing
the polarity of one channel only and note the oppressive
effect. Using low-pass filtered material with cutcff around
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800 Hz note that the phasiness is almost intolerable. Using
high-pass filtered material with cutoff around 1.6 kHz note
that the image remains central and polarity reversal is aimost
undetectable (try harpsichord, cymbals, slapsticks). Sharp-
cutofé filters are required for this experiment. This demon-
strates properties of binaural hearing.

(b} Perform the same sequence of experiments using
normal stereo loudspeakers this time. The same general
conclusions stilt apply under single-channel polarity reversat,
since on a mono signal this stili creates equal out-of-phase
signais at a central listener’s ears. This reiates 1o phasiness
in stereo listening.

{a) Again with a dual mono signal, listening over both
headphones and loudspeakers, confirm that interchanne!
level differences (use the "balance” control) shift the image
laterally, with 12-15 dB causing a fuil-width shift. Understand
that on headphones one is listening to a pure interaural
level difference alone, whereas over loudspeakers the effect
is due solely to an interaural time delay in the fow-frequency
regime. (See the Appendix.) This points up the vast difference
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sequently the most accurate depth
impression. Do not forget that it is

" basically the ratio between the direct
and the full-sphere reverberant
sounds produced by any source which
enables one to perceive and assess
distance (“depth™) live, and the same
is true in recordings. This is one of
stereo’s great advantages over
mono—the reverberation and the di-
rect sound do not both need to come
from the same point. Of course, a
surround-sound system like Ambi-
sonics which can handle both di-
rect and reverberant sounds accu-
rately is the next major step up to
reality.

Blumlein recordings produce the
truest stereo depth perspective of any
sterec format. As a corollary, there
ts usually a preferred replay volume
setting at which the reproduced per-
spective sounds natural. The volume
control acts like a “distance contro}.”
The most natural setting turns out to
represent a realistic reproduction

level, often quieter than expected.
(It is surprising how often music
tends to be reproduced at well above
rezlistic levels. This distorts the
spectral balance of a recording.) 1t
should be noted that in the absence
of any reverberation (such as under
anechoic conditions) the Blumlein
signals are none other than sine-
cosing pan-potted mono signals, and
this applies to the direct sound under
reverberant recording conditions. It
is the way the Biumlein arrange-
ment handles reverberation as well
as the accuracy of this sine—cosine
pan-potting on direct sound, which
contribute to its great advantages.

A concomitant property of Blum-
tein recordings is that unpleasant or
excessive room reverberation will
produce less than ideal results. Of
course, one ought not to record in
bad halls and demand that the re-
cording not show this fact. Of all
available sterco techniques I consider
the Blumlein configuration to be the

most accurate, both objectively and
subjectively. The precision of the
image is sometimes considered to be
a deficiency with this method. But
as [ shall explain, the “air around the
instruments,” so prized by some, is
not ambience butrather phasiness and
the resultant image blur. True am-
bience should come from the record-
ing locale and not be an artifact pro-
duced by defects in the recording
technique. True ambient information
is valuable, but I can do without
synthetic impostors which have
nothing to do with ambience at ali.
Good Blumlein recordings actually
contain a surprising amount of am-
bience, which can usually be re-
vealed, especially for central per-
formers, by listening to the (L—R)
difference signal. In fact, the direct-
sound suppression for a central source
can be so good that in the (L—-R)
mode one can literaily “listen to the
hall.” A further advantage of the
technique, especially important te

EXPERIMENTS

between binaural and stereo listening.

(b} Insert an adjustable digital delay line in the dual mono
feed to the right channel, so that it receives the same signal
as the left channel but delayed relative to it and with the
right channel leve! adjustable relative to that of the left channel.
Ensure that the digital delay is noninverting at low frequencies
by checking visually with an asymmetrical waveform like a
half-wave-rectified 200-Hz sine wave, for example. [If a vari-
able delay is not available, a digital audio processor with
“video in" linked straight through to “video out" can be used
to provide about 10 ms of high-quality but fixed delay. Beware
of possible polarity inversion, however, For example, the
Sony PCM-F1 is polarity inverting, whereas the Sony PCM-

- 701 is not. If the left and right channels are cascaded, either
processor provides = 20 ms of delay {noninverted}. For
reference, the unity-gain setting of the PCM-701 is around
6 on the gain control.] Recall that in natural hearing, interaural
delays are always less than about 630 p.s. Listen on head-
phones as well as on loudspeakers. With equal levels set
in beth channels, increase the delay gradually to, say, 20
ms starting at zero. Note that on loudspeakers the recording
begins to sound more ambient and spacious. This is phas-
iness of the type produced by comb-filter digital reverberators.
Transients appear to stay in the left channe! once the delay
exceeds about 3 ms, but for defays in the range of 0-3 ms
the transient image can be positioned between center and
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full ieft as a function of the delay. This is the only range
over which time-based sterec can work, and then on fransients
only. Verify that for nontransient low- and high-frequency
signals no consistent frequency-independent imaging can
be produced over loudspeakers for delays in the range of
0-20 ms. As the delay is increased toward 20 ms, the
sustained low-frequency portions of the sound begin to spread
across the stage in a pitch-dependent way. Conversely,
keep the delay fixed at, say, 10 ms and vary the level of
the delayed channel. The same effects are heard. Unless
the level of the delayed channel is above that of the undelayed
one, the delayed channel is not localized per se. If its level
is made tco high, or the delay too long, the image “splits”
and both sources are heard. This experiment demonstrates
the precedence effect and the impossibility of stable stereo
imaging based on interloudspeaker lime differences, such
as are produced by spaced omnidirectional microphones.
[Conversely, note that on headphones for delays = 630 us
good imaging is produced. (This, of course, is the range of
normal binaural hearing.)] This experiment also demonstrates
that interchanne! delays produce an ambient, airy, warm,
and reverberant quality, all of which are artifacts of the
phasiness thus introduced.

{c) Electricaily sum the original and the delayed signais
and listen in mono {o the combing as & function of delay.
Keep both signals equal in level. Note the changes in spectral
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broadcasters, is 1ls mone (L+R)
compatibility. Timbral changes due
to comb-flter cancellations do not
take place with any coincident-mi-
crophone technique. 1f one reverses
the polarity of one of the two chan-
nels, one produces a most horribly
oppressive and phascy sound with no
low-frequency imaging at all. It is
rather like the ghastly effect produced
by reversing the polarity of one ear-
piece of a headset while listening to
mono. The very extent of the effect
is indicative of the high degree of
coherence between channels in
Blumlein and other coincident-mi-
crophone systems.

I have made hundreds of coinci-

dent-microphone (Blumiein and other
configurations) recordings, and the
above comments are the Sumima-
tion of my experience. For those
who complain of a lack of “air” or
“warmth,” 1 would point out that
since in stereo reproduction all the
recorded sound, both direct and re-
verberant, comes from the front
quadrant, it cannot sound fully nat-
ural. The recorded reverberation does
not surround the listener as does live
reverberation. Only a good surround-
sound technique can cure this defect
without degrading other aspects of
the recording. Note also that artificial
reverberation as currently available
cannot simulate the acoustics of spe-
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cific halls. This must be recorded "3
order to be properly re-created. Re-
verberation, although highly com-
plex, is not random. There is a cor-
respondence between the direct sound
and the reverberation for each source
position and each microphone posi-
tion. Spaced microphones pick up
multiple images of this reverberation.
whereas a single-point microphone
captures it coherently.

Viewing the left- and right-channel
signals on an X~Y oscilloscope is an
instructive experience as the high
degree of coherence is apparent. The
trace confines itself largely to the in-
phase first and third quadrants, with
only the reverberation contributing

palance and timbre, A direct A/B comparison with the input
signal will make the changes guite apparent. This reflects
on the mono compatibility of spaced-micr
as well as the combing such recordings
sener's ears in stereo. Verify that for small delays (<300 ps),
such as would be produced by quasi-coincident microphones,
the effect is not too objectionable, while for longer delays
(as with reguiarly spaced omnig) the res
bad. If the delay is large encugh that the comb tooth spacing
is small enough to ensure that more than one tooth falls
inside each critical bandwidth of the ear (about one-third
octave), the effect may be jess objectionable. At low fre-
quencies this requires inordinately long delays and is not

useful for stereo.

{d) Listening to double mono over loudspeakers, move
your head sideways from the center through a smaii distance
(up to, say, 300 mm). This introduces effectively only in-
terioudspeaker time delays. Notice how the image moves
from center, broadening in the process and becoming some-
what phasey. Can you hear the colorations caused by
combing at the ears? This becomes very obvious on a double-
mono white or pink noise source. This combing is the problem
with time-based stereo and is, of cours
with off-center listening to any form of stereo.

ophone recordings
produce at the fis-

ults can be guite

e, also a problem

{isten critically to various types of stereo recordings, of high
qualily, ot coincident, quasi-coincident, and spaced-micro-
phone types. Make your OWn if necessary. Arrange 1o be
able to reverse the polarity of one of the loudspeaker feeds.
Watch on an X-Y cscilloscope connected to the loudspeaker
feeds. Subtract the two channels and listen to the {L.—R)
signal to assess the coherence of the images of central
sources in the recording. if possible use a double sum-—
difference type of matrix (as used in M=S recording) o alter

the amount of (L—P) signal relative 10 the (L+R) sum. Note

see p. 733.)

how the presence of too much (L—R) signal causes centrai
images to fail apart. On Biumiein recordings note the “cor-
rectness” of unity (L—R) to (L+R) gain ratio. Try the same
experiment on two-spaced-omni recordings. Listen to the
mono sum signal to assess mono compatibility and combing.
Listen trom locations away from the stereo seat to assess
image changes which occur as one moves laterally in front
of the loudspeakers. (Many of these experiments can also
be performed using the recordings on the available tape—
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to the second and fourth (out-of-
phase) quadrants. Under anechoic
conditions, the frontal pickup quad-
rant of course produces totally in-
phase signals.

Changing the patterns used and
their angling in X-Y coincident re-
cording, or using the corresponding
M-S configurations, enables the
stereo stage width and depth, and
ambience pickup to be modified rel-
ative to Blumlein. This can amelio-
rate the effects of poor halls and poor
microphone polar patterns somewhat,
but the spread of ambience between
the loudspesakers is not as uniform
{24].Thavefound 105%-angled hyper-
cardioids (Schoeps MK41s are
excellent) preferable to 131°%-angled
cardioids under less than ideal con-
ditions. This may partly be an artifact
of the inadequate polar patterns of
most cardioid microphones. All these
alternative configurations produce a
narrower total stereo stage width than
Blumlein, for a given arrangement
of performers and microphone po-
sition. 90%-angled cardioids, often
recommended, produce a very nar-
row, center-dominant stereo stage.
The recommended anglings given
above are based on a theoretical
+3-dB mono sum for central sources.
This is the same as given by 90°-
angled figure-of-eights. [ shall have
more to say about the reasons for this
later, but for now I should like to
mention that for microphones of less
than ideal cardioid or hypercardioid
patterns these angles may need to be
reduced until a stable, nonrecessed
central image is attained.

Moving on next to closely spaced
pairs of directional microphones,
with spacings comparable to the in-
teraural spacing, we come to the
ORTF, NOS, and similar schemes.
These stand midway between the co-
incident and the widely spaced ar-
rangements. Because the spacing is
comparable to the interaural spacing
the resultant phasiness is largely
confined to the high-frequency re-
gime where it is less objectionable
and only slightly degrades the inten-
sity-based imaging. In the low-fre-
quency regime the microphones are
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still essentially coincident. Here they
differ from closely spaced omnidi-
rectional configurations in that out-
wardly angled directional micro-
phones are used. This gives a
tremendous advantage in that inten-
sity cues relating to the performers’
left-right positioning are captured,
something that is absent with closely
spaced omnis. So in the low-fre-
quency regime we have a system that
works largely on the intensity stereo
principle. In the high-frequency re-
gime the interchannel phase differ-
ences are aurally acceptable and the
microphone directional characteris-
tics still provide intensity-based im-

aging, but with some phasiness which
extends down into the midband to an
extent that depends on the actual
spacing adopted. On transients the
time-based image reinforces the in-
tensity-based image to broaden the
stereo stage width. The phasiness and
the consequent slight delocalization
also contribute to the generation of
a somewhat wider but less precise
stereo image than would be given by
a similarly angled coincident pair.
These attributes can be viewed in
one of two ways. If one values lack
of phasiness and ultimate image pre-
cision (as I do), one would hear this
as a slightly degraded form of co-
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incident steren, which indeed it is,
On the other hand if one considers
phasiness and its feeling of “airiness”™
and “ambicnce” to be & positive
characteristic, perhaps in the absence
of genuine ambient warmth, one
would consider these systems to be
a greatly improved form of spaced-
omni sterco, which indeed they are
too. Listening to the (L—R) signal
shows that it has much more high-
frequency content than the corre-
sponding coincident configuration.
Mono compatibility is still quite good
since the close spacing does not pro-
duce disastrous combing in the low-
frequency range. An X-Y oscillo-
scope examination confirms the re-
duced coherence at high frequencies.
As with coincident techniques, it
therefore follows that a polarity re-
versal of one channel produces gross
phasiness and accompanying image
breakup at low frequencies.

This combination of performance
characteristics has led te quite wide-
spread use of closely spaced direc-
tional microphones as a compromise
between the acknowledged virtues of
truly coincident microphones and the
perceived virtues of spaced omni-
directional microphones. 1 personally
find the latter to be defects and not
virtues, and hence prefer trug co-
incidence to this haif-way compro-
mise.

Finally we come to the spaced-
omni arrangement. As already dis-
cussed. the very question of imaging
now becomes secondary because
there is very lttle true imaging at
all. Ceniral images arc quite anom-
alous and phasey. They wander
around with pitch and are very broad.
Off-center images tend to cluster
around the loudspeakers, which be-
come apparent as sources of sound.
As a performer moves from the center
to the side, the “image™ quickly col-
lapses into the nearer loudspeaker.
The tonal quality of instruments is
audibly affected by the serious
combing which occurs in the low-
frequency regime. The sound may
be variousty described as being more
“ambient,” “airy,” or “warm” than
coincident microphone recordings in
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the same locale. Partly this is due to
the difference in the directivity index
of the microphones used. The om-
nidirectioral microphene has a higher
ratio of reverberant to direct sound
than the directional microphone. But
I maintain that the difference is
Jargely one of phasiness and that this
airiness is being confused with true
ambience. Many people, perhaps,
have never been confronted with this

distinction, and I hope to encourage
you to listen more carefully and crit-
ically to this aspect.

A bridged-center microphone fed
equally into both left and right chan-
nels helps central imaging some-
what, depending on its level, but
cannot prevent the anomalies of
spaced-microphone stereo. Certainly
this arrangement is more acceptable
than the use of only two spaced om-
nis.

The Jow-frequency phasiness of
these arrangements is weil known (o
require careful source placement if
successful disk cutting is to be pos-
sible. It is often stated that it is the
time “information” being picked up
which is a valuable asset that co-
incident microphones miss. [ beg to
differ. As the previous section and
the Appendix should make clear, in-
formation is only useful if it can be
usefully processed. and this infor-
mation when reproduced over loud-
speakers is misinformation. The cues
received at the listener’s ears are not
compatible with normal human
hearing, especially in the low-fre-
guency regime {26].

A further characteristic difference
between spaced and coincident sys-
tems should be mentioned. With
Blumicin stereo, in the absence of
special loudspeaker polar behavior
to prevent it, the whole stereo image
moves over with the listener as he
moves laterally away from the stereo
seat, but at a greater rate. Thus sig-
nificant image distortion occurs with
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significant displacement of the lis-
tener from the center. With spaced-
omni stereo some images still tend
to cluster around the two loudspeak-
ers, even for somewhat noncentral
listening positions. Neither system
per se treats off-center listeners bet-
ter. The profound differences lie in
how they treat central listeners. The
imaging properties of stereo systems
for off-center listeners can be as-
sessed quite well using only central
sound sources in the recording. The
performance on central sources best
characterizes the imaging behavior.

Many of these characteristics can
be ijluminated by a few experiments.
Try reversing the polarity on one of
the channels. In contrast to the co-
incident and almost-coincident ar-
rangements, one frequently finds that
one cannot hear any significant dif-
ference. This is especially true of the
two-spaced-omni case. Think about
what this means. It means that the
coherence between channels is very
low indeed—there is in fact an almost
random-phase relationship between
the two channel signals. Doesn’t this
worry you? Effectively it does not
matter much whether your recording/
reproduction system is in phase or
not, you can hardly tell the differ-
ence. An X—Y oscilloscope display
will help confirm this feature. The
“hall of string™ on the screen is dis-
tributed equally between both in-
phase and out-of-phase quadrants.
Reverse the polarity of one signal to
the oscilloscope and see if you can
tell the difference. Listen to the
(L—R) signal and compare it with
the (L +R) signal. The (L—R) signal
is not largely reverberant sound, but
rather direct sound. The mono sum
(L+R) displays quite clear combing,
which distorts tonal qualities. Note
that the sound occasionally seems to
spread beyond the arc subtended by
the Joudspeakers, an artifact of the
out-of-phase relationship between the
signals in the two channels for certain
frequencies and source positions. No
true sterec system should do this, as
stereo cannot produce true images
beyond the loudspeaker arc. This is
indicative of an error in the recording
method. These may be rather damn-
ing assertions, but 1 can support
them.
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PHASINESS INVESTIGATED
S

We conducted the following care-
ful experiments to confirm that the
interchannel phasiness is the cause
of the perceived airiness. Two si-
multaneous stereo digital recordings
were made during live concerts, one
using a pair of coincident micro-
phones and the other a pair of spaced
microphones. These two recordings
can be played back in synchronism
so that one can during replay switch
between the two and compare aspects
of imaging, ambience, airiness, and
so on. In order that, as far as possible,
only the single parameter of inter-
capsule spacing distinguished these
two recordings, varicus precautions
had to be taken. Four nominally
identical Schoeps MK41 hypercar-
dioid capsules were used, matched
inte two pairs, one the coincident pair
and the other the spaced pair. The
matching within each pair was ex-
tremely close, while between pairs
the matching was generally within
* 1 dB across the frequency range.
The same type of capsules had to be
used for both recordings in order to
ensure not only similar tonal balances
in each, but also sc that the direct-
to-reverberant ratio was the same for
all four channels.

The coincident pair was angled at
an included angle of 105°. In the first
experiment the spaced pair was sep-
arated by I m and angled so that the

left microphones of each pair were
parallel, as were the right micro-
phones (that is, the spaced pair was
also angled 105° outward). This may
at first seem strange, but it was es-
sential in order to maintain the direct-
to-reverberant pickup as near iden-
tical as possible between the two left
microphones as a pair and the two
right microphones as a pair. Since
the microphones were relatively dis-
tant from the performers (2-3 m),
the relative levels at the microphones
were thus maintained nearly identical
between pairs. This can be confirmed
during replay by comparing the two
left microphone signals with each
other (and similarly for the two right
microphones}. There is almost no
distinguishabie difference between
these individual single-microphone
signals. The vast differences become
audible only when one listens in
stereo to the two recordings. All the
previously discussed properties mani-
fest themselves, including the more
“ambient” sound of the spaced-mi-
crophone recording. Because of the
controls described, it is primarily in
the interchannel phase relationships
that the two recordings differ. Left-
right [evel differences are essentially
the same for each performer in each
of the two recordings. The highly
coherent interchannel phase rela-
tionships of the coincident pair ¢con-
trast vividly on an X-Y oscilloscope
with the random phase relationships
of the spaced pair, as expected, and

this difference is thus proven to be
the cause of their audible differences.
Polarity reversal of one channel of
the coincident recording is very un-
pleasant, but is not greatly audible
on the spaced recording.

The second experiment again used
a 1-m spacing for the spaced pair,
but this time these two microphones
were angled straight szhead. With
changes in the direct sound pickup
now also present, this is not a single-
variable experiment like the preced-
ing one, but the same general arti-
facts are present with of course some-
what less extreme left-right imaging
on the spaced pair this time. The
phasiness again contributes to the
ambient feeling of the spaced record-
ing.

The last experiment moved the
spaced pair into a quasi-coincident
arrangement with a spacing of 250
mm between capsules and {05° in-
cluded angle. This is close to the
ORTF and NOS configuraticens. Since
angling was again the same between
spaced and coincident pairs, this ex-
periment essentially varied only the
capsule spacing. This time the com-
parison is more subtle. The quasi-
coincident pair provides quite good
low-frequency imaging, with some
slight phasiness evident lending a bit
of “air” to the sound compared with
the fully coincident pair. The loss of
imaging precision is noticeable but
not disturbing as was the case with
the 1-m spacing. Phase coherence is
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reasonable and single-channel po-
larity reversal guite unacceptabie.

I believe that these cxperiments
serve to confirm my claims. In order
ta enable readers, who may not be
in a position to conduct similar ex-
periments, to assess these recordings
for themselves, a high-quality cas-
sette reduction is being made avail-
able at modest cost by the Audio
Engineering Society. It contains
switched A/B comparisons between
the pairs of simultaneous recordings
and illustrates not just the phasiness
aspect but also many of the properties
previcusly discussed, both good and
bad. (See p. 733 for ordering infor-
mation.)

WHAT'S WRONG WITH
STEREO?

A few comments on some addi-
tional inherent limitations of stereo
are in order, and here I am referring
to the best that stereo can do, namely,
Blumlein stereo. Having direct sound
coming only from the front quadrant
is not in itself a severe restriction for
most purposes. But having recorded
reverberation coming oanly from the
front is quite unnatural, and placing
the listener within the reverberation
is a fundamental benefit of a proper
surround-sound system. There is,
however, onelittle-appreciated aspect
of the way stereo treatsthe directsound
which is wrong and can only be rem-
edied by a proper multichannel system.

Most engineers are probably fa-
miliar with the fact that the mono
sum (L~+R) of Blumlein stereo is up
3 dB relative to cach channel sepa-
rately for central sources. This is a
consequence of the fact that the
proper pressure--velocity reiationship
is not correctly maintained at the lis-
tener's head. In a free-traveling plane
wave the sound pressure (a scalar
quantity) and sound particle velocity
(a vector gquantity perpendicular to
the wavefronts) are in phase, and
their magnitudes are related by the
resistive characteristic impedance of
air. So the direct sound at a listener’s

ead has this property too. In stereo
there are two wavefronts going past
the listener’s head—one from each
loudspeaker. Their individual pres-
addition, but the sound velocity is
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sures add in scalar fashion and their
velocities in vecter fashion to obtain
the resuitant sound field at each point.
This addition does not maintain the
proper pressure—velocity relation-
ship, as can easily be seen.
Consider equal in-phase signals at
the loudspeakers, as would be pro-
duced by a center-front source. At
the listener’s head the sound pressure
is up by a factor of 2 (6 dB) by scalar

hree and not
T four channels
of information is
the optimal
number for

horizontal
surround sound

up by only 3-dB (a factor of V2 =
1/\v/2 + 1/7/2) by vector addition if
the loudspeakers subtend a 90° angle
at the listener. There is thus a 3-dB
deficit, This is reslly indicative of
the fact that the two separate wave-
fronts launched from the sterco
loudspeakers are not equivalent to
the single wavefront originally com-
ing from the source. The summing
error reduces as the angle between
the loudspeakers gets smaller, be-
coming zero when the angle between
the loudspeakers is very small. (But
this is not useful for stereo.) This
possibly explains why stereo setups
usually use a subtended angle of less
than 90°-60° is more common,
leading to a summing error of just
over 1 dB,

This error can be eliminated if one
has loudspeakers surrounding the
listener, and is correctly handled in
the Ambisonic surround-sound sys-
tem. Since in this system (sce, for
example, [28]-[30]) both pressure
(W) and velocity (X, ¥, Z) signals
are independently available, suitable
loudspeaker feeds can be synthesized
so that the correct pressure—velocity
relationship is regained at the listen-
er’s head. This requires the sym-
pathetic behavior of all the loud-
speakers for a center-front source,
something quite different from earlier
quadraphonic systems which, being
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pairwise pan potted, were no bettc-
than stereo in this respect. Ambs-
sonics correctly synthesizes both the
zero- and the first-order spherical
harmonics of the sound field at the
listener’s head. The Soundfield mi-
crophone enables the W, X, ¥, and
Z signals to be derived directly from
the original acoustic field. A further
indication of the profound difference
between Ambisonics and quadra-
phonics lies in the realization that
three and not four channels of infor-
mation is the optimal number for
horizontal surround sound. The
fourth (Z) channel provides height
information.

It would be taking us too far afield
to get into a detailed discussion of
Ambisonics here. It is a system which
1 see as the successor to stereo. As
i indicated, it reconstructs at the lis-
tener’s head the original pressure—
velocity relationships of the direct
sound in the recording locale. In this
sense it is a highly accurate local
wavefront reconstruction scheme.
And just to indicate further aspects
in which it is right and others are
wrong, [ point cut that the reverberant
sound field, like a standing wave
pattern, does not have the same
unique one-to-one correspondence
between pressure and velocity that
one finds in a traveling wave. Atz
pressure node, for instance, the
pressure is always zero whereas the
velocity is not. Since Ambisonics
handles pressure and velocity inde-
pendently, it can correctly handie
both direct and reverberant signails
whereas sterco cannot. And herein
iies the basis for its extreme natu-
ralness and precision in imaging,
depth, and ambience. This is the way
of the future.
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STEREQ MICROPHONE TECHNIQUES

STEREQ LOCALIZATION AT LOW
FREQUENCIES

The aim of this appendix is to prove
some of the assertions made in the section
“The Psychoacoustics of Hearing”™ re-
garding the nature of the interaural signals
in stereo listening. Similar conclusions
can be found in (4], [10], {13], {14],
1161, 181, 1221, {27], to which we refer
the reader.

Mathematica! Preliminaries

Referring to Fig. 1, let ! represent the
interloudspeaker distance, f the interaural
distance (assumed to be much less than
I k<< 1), and d the perpendicular dis-
tance of the listener in the stereo scat
from the line joining the loudspeakers,
which subtend an argle 28 at his posi-
tion. We also consider only the low-fre-
quency regime in which head-shadowing
and pinna effccts are negligible, and so

we can ignore level differences between
the signals produced by the left loud-
speaker at the Jeft ear ( Py ) and at the
right ear { PLg), and similarly for the right
loudspeaker signals Py and Prp. We
cannot, however, ignore the relative time
delay T, between Py and Py or between
Pgr and Pgp in computing the total
acoustic pressure signals P and Py pro-
duced at his ears. For reasons of symmetry
which will greatly simptify the descrip-
tion of events, we measure these time
delays relative to the nomirnal time of
arrival of the signals at the center of the
listener's head; that is, Py and Pgy are
advanced by 7,72 and Pig and Py are
delayed by 7,/2 relative to these nominal
signals.

We now consider both loudspeakers to
be driven from a common source signal,
but with level differences and relative
time delays. Denote by L and R the levels
of the left and right loudspeaker signals,
respectively. (Unless otherwise stated,

L/2

£/2

we shall take both L and R to be positive;
a negative value would represent 4 po-
tarity reversal in that channel.) Further-
more, suppose that there is a time dif-
ference 7; between the two loudspeaker
signals (Jeft leading right if 7y > 0, and
conversely if 7, < 0). Again for symmetry
reasons let us consider the left Joud-
speaker signal to be advanced by 7,/2
relative to the input signal, and the right
loudspeaker signal to be delayed by /2
relative to the input signal.

It is simplest to consider the descrip-
tion of events in the frequency domain
rather than in the time domain. Relative
to the input signal, the left loudspeak-
er's acoustic output has transfer function
L exp(jw/2) and the right loudspeaker’s
output has transfer function R exp(-jwr/
2), where w = 27 fis the radian frequency.
To within a common (and therefore irrel-
evant) level factor and time delay repre-
senting the transmission from the loud-
speakers to the nominal ceater of the

Fig. 1. Geometric relationship betwen loudspeakers (subtending an angle 280)

pressure signals generated by each loudspeaker at cach ear.
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listener’s head, the acoustic pressures produced at the ears by each loudspeak

P

PRL

+ R s
P = Py + P = Lexp[jm 1 TE] + R cxp[—Jm ! “E}

PREPLR+PRR

+
L exp[jm B > T"] , Pin

+
R exp[ij 3 > Th] . Prr

It

and hence the total pressure at each ear is given by

R exp[-*jw

er independently are

T — Th

M .E —
L exp[]w > ]
Ty — :.l'_‘.
2

iy

2
(2a)
ke Th N . T+ Ty
= (L + Rycos|w ~—— + jJ(L — R)sinjw 5
= Lexp[jw T—lw%ﬁ] + R cxp[*jw Ll Th]
(20)
- T~ Th . . T = Th
= (L + R) cos[m wiw-—] + (L - R} sm[m Mz——mJ .
From Egs. (2) we can com.ptixjte the respltant interaural level ratio {PL/ Py | and phase angle arg( P/ Pr);
o - (3a)
(L + Ry COSQ[Q’ 'Ti“_i'jn} + (L — RY sin’[ ]
4L — R
= 1 T+t T L R o T
] [L + R tan (‘” S ” — tan ][Zl’i tan(m —1—2—4‘)] (31

where we note that

‘::_:_‘Esl.

L + R

(3c)

ih

—1

ons will follow from an

All our conclusi
Eqs. (1-(3)-

examination of .
We note that if only on¢ loudspeaker

P o e
is dri ipat is, L = 0 or R = 0). Egs.
Ezfrci:\;er:?c«(:ﬂy predict that [Pt s | Py
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?nd arg(PL/Pg) = ¥ 10, a Hnear phase—
requency relationship. This corresponds
16 a pure interaural time delay of 1y, as
should occur when listening to a single
so-u‘rcc (that is, loudspeaker) only. More-
over, when both loudspeakers are driven
¢qually (thatis, L = R and 7, = 0), Egs.
(];T)‘ x.l_u:‘w that 1P | = | Py and aré P/
&' 70 would occur for a real center-

s

Hreen double mono produces a

central image. In order to predict more
general imaging we need (o know the
relationship between source direction and
interaural time delay for single sources.
As Fig. 2 shows, for a relatively distant
source (as long as we can ignore head
diffraction) the desired relationship is

""?Esine 4
' c ' ‘_-()
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where 0 is the source angle relative to
center front, and ¢ is the speed of sound.
In particular, for each loudspeaker we
have

-

R

(%)

Th = = sin Gy = o
¢ V1T + 447

provided & << [

To position images between the loud-
speakers we have at our disposal the two
parameters L/R and 7, the interloud-
speaker level ratio and time delay, re-
spectively. Of course, assuming that we
can indeed produce an image in this way,
it will still be necessary to determine what
sort of microphone arrangement will
capture left- and right-channel signals
possessing the necessary L/R and 7 for
cach source position. However, it is clear
that if Egs. (3) can be made to reduce to
|PL/PR} = 1 and arg(PL/PR) = te for
some r, then this combination of L/R
and 71, will fool the hearing system into
believing that it is listening not to two
separate sources {the loudspeakers), but
to a genuine image in the direction 8 pre-
dicted by Eq. (4). That is, we will have
succeeded in producing credible images
not just at center front (6 = 0) and at the
two loudspeaker positions (8 = = 8y),
but alse at intermediate angles. We shall
see that this can be achieved by coinci-
dent-microphone techniques, but not by
spaced-microphone stereo.

Before examining these special cases,
it wiil aid understanding to represent the
general situation of Eqs. {1)-(3) by means
of phasor diagrams for each ear. This is
doneinFig. 3. Theirdividual component
phasors Py and Pgy, which sum to P,
and the phasors Prg and Pggr, which yield
Py, are shown. The length of Py equals
that of P g, and the length of Py eguals
that of Prg, but these two lengths are not

0

left

[+]

STEREGC MICROPHONE TECHNIQUES

Fig. 2. Geometric relationship when listening to a single off-center source at angle 8.

in general equal to each other. In addition,
the phasors Py, and Pgy rotate in opposite
directions as a function of frequency at
the rate (7, + 74)/2, whereas the pair
PLg and Pgy also rotate in opposite di-
rections but at the generally different rate
(ty — 7,)/2. Indeed, if 1) = =% 7y, one of
these two pairs of phasors stops rotating
entirely, and the acoustic sum at this ear
then has constant magnitude and phase,
independent of frequency. That at the
other ear is stiil frequency depeadent,
however. The sum phasors Py and Py
thus generally differ both in length (in-
teraural level difference) and in phase
angie {interaural phase difference).

r

e

We must now investigate these differ-
ences, and we do so by first examining
some special cases.

Intensity Stereo (5, = 0)

This case is the basis of Blumlein's
original patent {4] and its successors.
Being spatially coincident, the micro-
phone (and hence the loudspeaker) out-
puts differ only in relative level L/R,
and so we specialize Eqs, (1)—{3) by put-
ting 7; = (. As a consequence; all the
component phasors Py, Pir, PrL. and
Prp now rotate at the same rate 7,/2, and
hence, as shown in Fig. 4, the sum pha-

right ear

Fig. 3. Phasor diagrams at each ear in the general case of Eqs. {1)-(3), showing how the resultant phasors Py and Py are formed.
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left ear

Fig. 4. Speciai case of Fig. 3 for intensity stereo: 1 = 0. The phasors P and Pg are a

equal length.

sors Py and Py always have the same
length and rotate in opposite directions
at the same rate:

iPl = [Prl, arg{PL) = —arg{Pg)
(6a)
L S| LR (e
arb{PR:l = 2 tan LJ TR 1an( ) )}
L —-R
= l:Aé pw , for w < 1.

{6b)

These equations show that, in spite of
the level differences at the two loud-
speakers, the pressures at the cars are
always equal in magnitude at all fre-
quencies as long as head diffraction ¢an
be igrnored. The interloudspeaker level
differences produce an interaural phase
difference which, in the low-frequency
regime, varies approximately linearly
with frequency w, thus correspending to
an almost constant interaural time delay
+ given by

L - R
= L—_:-}? Th - (7)

This delay r as a {raciion of the across-
the-head delay 7, is determined by the
interloudspeaker level ratic L/R. The
approximstion 7w << 1 used in Eqg. (6b)
is valid to good precision over the whole
of the low-frequency regime. To sec this,
consider an equilateral loudspeaker-lis-
tener relationship with / = 3 m and
@y = 30°. Then using A = 140 mm and
c = 341 m/s, Eq. (5) gives 7, = 205 s,
and so T,w < 1 for all frequencies up to
775 Hz. Under these conditions the ap-
proximate expression given in Eq. (6b)
is accurate to better than 10% for fre-
quencies up to 775 Hz (and to better than
20% up to 1165 Hz).

740

We thus find the remarkable result that
over the whole of the low-frequency re-
gime intensity sterea produces interaural
signals which correspend precisely with
what occurs naturally when listening to
& single real sound source, as discussed
earlier. Indeed, combining Egs. (4}, (5),
and (7} we can predict that the image
produced will appear at off-center angle
8 given by

. _L-k .
slnB—L+R51nBO. (8)

This is the well-known stereophonic law
of sines. Its significance is easy to un-
derstand, Since —1 < (L=R)/(L+R}y =1,
it follows that —8g < 9 = 8y, that is, the

STEREC MICROPHONE TECHNIQUES

OO

|

[

!

{

t

i PR

;.//// \\“‘ P

] LR
H

right ear

tways symmetrical about the 9° line and of

image can be moved smoothly be-
rween the joudspeaker positions by vary-
ing the relative loudspeaker levels L and
R. To complete the chain of reasoning,
we show that this is precisely what the
Rlumlein crossed figure-of-eight micro-
phone arrangement does (and so, for that
malter, does a sine/cosine pan pot). As
Fig. 5 shows, a source at angle ¢ from
center front produces microphone outputs
which depend on ¢ as follows:

Acos = - ¢,
cos (4 @)

=
i

(9a)

=
i
e
[»)
o]
@*n
e
o |
4
-5
\___,_/

Fig. 5. “Blumiein” crossed figure-of-ecight microphones responding to & source at

angle ¢ off center.
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and so
L+R = N2Acos¢,

L - R

V2 A sin g (9b)

{which incidentally are the M and S sig-
nals, respectively, of the equivalent for-
ward-pointing/sideways-pointing figure-of-
eight M~S microphonge arrangement), that

R
B -1 I (10)

Substituting Eq. (10) into Eq. (8) gives
the Blumlein “mapping”

sin 8 = sin g tan @ (1D

between source angle ¢ and perceived
image angle 8 in the low-frequency re-
gime. The front quadrant —m/4 € ¢ <
7/4 in the source space is thus mapped
smoothly but not lincarly onto tie stereo
stage between the two loudspeakers:
—8p = 0 =< 8. The angular error in rel-
ative image position is, however, small.

It is interesting to note that Eq. (11)
predicts that sources somewhat outside
the front quadrant will tend to image
outside the angle subtended by the loud-
speakers, and this is found to be correct.
But one must be careful in applying Eq.
{11) far outside the front (in-phase)
quadrant, for up until now we have as-
sumed that L and R are both positive,
but row one of L or R will be negative
in the out-of-phase side quadrants, and
the assumption [(L — RY/(L + R)I < 1,
upon which Eq. (11) is based, breaks
down.

The 3-dB center-front level error is also
casily deduced from Egs. (2) and {9) in
the Blumlein case 1, = 0, for we find that
the individual ear pressures as a function
of source angle @ are given by

[P* = {Pel®

2A2]:coszq:> cosz(-t}-)—?-'-’)
2
+ sin%p smz(f’%‘?)] (12)

and so, in the low-frequency regime
T << I, we have

I

[PL| = |Pg] =V2A cos ¢ . (13)

So a source at @ = 0°is up in level by a
factor of V2 relative to full-left or full-
right sources at ¢ = =45°,

In the high-frequency regime our as-
sumptions of no head diffraction and Ty
< 1 break down and more sophisticated
treatments are necessary, but even here
it is found that stabje images can be pro-
duced by the Blumlein intensity stereo
technique.
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Time Differences Only (L = R)

A fair approximatien of the situation
pertaining to spaced omnidirectional
microphones placed relatively distantly
from the sound sources is that the sound
pressure levels at the two microphones
are equal (that is, L = R) and that the
perceived effects are due principally to
path-length differences to the two mi-
crophones (that is, 7, # 0} Referring to
Eqgs. (1)-(3) we see that now

T + Th
Py = 2L cos [m nWZAZI (14a)
Py = 2L cos l:w I'M%-—T‘?] (14b)
and so

+
Pl = 2Ltcos @ 25w
| 2
|Pr| = 2L cos(w Ilﬂf%’rﬁ) {15b)
arg [;%E] = nw ., (15¢)
R

no=...,=2,=-1,01 2 ...

at all frequencies, as long as head dif-
fraction effects can be ignered. This im-
plies that the pressure levels at the cars
vary eyclically with frequency, and at
different rates |7, % T,|/2 at the two ears,
and that these two signals are always
cither precisely in phase or in antiphase.
This is clearly shown by the phasor dia-
grams of Fig. 6, since the equality of the
lengths [Pl = [Prul = {Pirl = [Prel
nowensures that Py and Py are alternately
paralle! and antiparallel as a function of
frequency. Furthermore, whenever w =
(2n + D)w/m + 7}, we have a total
pressure null at the left ear (that is,
P = 0), and similarty at the right ear
(that is, Pp = 0) whenever w =
G+ DEfn—m),a=...,—2, —1,
0,1,2,.... We thus have two comb
filters, one at each ear, each with a dif-
ferent comb tooth spacing. These signals
rise and fall in level and flip polarity at
different rates for each source position
7;. This is what I call “total phasiness.”
In natural hearing one never has a situ-
ation in which the direct sounds from
single sources produce signals at the two
ears which are in total antiphase over a
whole range of frequencies. The inter-
aural phase~frequency relationship of Eq.
(15¢) is a staircase function with treads
at multiples of 180°, whereas in natural
hearing {and also in intensity stereo in
the low-frequency regime) one has a lin-
ear relationship. Such antiphase signals

STEREO MICROPHONE TECHNIGUES

are quite unlocalizable in the Jow-fre-
quency regime (unless the one ear signal
is very much larger than the other, when
the sound appears to come {rom ane of
the two sides, which is quite unnatural
and unintended), and even at high fre-
quencies where interaural phase does not
matter, we have no image formed as ap-
parent sound direction swings from side
to side with frequency as a function of
the cyclic variation of [PL] and [Pg|.

Up until the first pressure null [that is,
over the frequency range 0 = o <
wi{{m] + )] the first ear signals are in
phase, and one might hope that over this
narrow frequency range some credible
image might be formed. At very low fre-
quencies P, = Py and a center-front
(monophonic) image is formed irrespec-
tive of the value of 7. But for 1, > 0,
for example (that is, source to the left of
center), the image moves from the center
(at @ = 0) to the right as w increases,
since P < Py over this range. It might
be as well to put some numbers on these
cffects. For an intermicrophone spacing
of, say, 1 m, the first pressure nuil, and
hence the start of bad phasiness, can occur
as low in frequency as 160 Hz. It is, of
course, even worse for wider spacings.

It is sometimes claimed that if omni-
directional microphone spacings com-
parable to the ear spacing are used, good
stereo imaging can be obtained, but this
is clearly false. It is true that this reduces
the maximum value of 7; that can occur,
and so raises the frequency of the first
pressure nall, but it leaves one with an
essentially center-front monophonic im-
age over most of the frequency range be-
low this. The limiting case, of course,
is “coincident omnis.” .

Experiment does, however, show that
imaging is possible on transients over
the approximate range —3 ms < 7, < 3
ms. This is beyond the scope of the theory
presented here. These images are rela-
tively broad and very listener and source
material dependent. Oaly to a limited
extent can the transient imaging negate
the disastrous effects of phasiness over
the bulk of the frequency spectrum. One
cannot produce a genuine stereo image
by imterloudspeaker time differences
alone.

With widely spaced microphones one
has both Jevel and time differences in the
captured signals, and so finally it remains
for us to examine the general case to see
whether the poor results of the case pre-
sented in this section can be jmproved
upen.

Level and Time Differences

We now return to the general Egs. (1)~
(3), illustrated by the phasor diagrams
of Fig. 3, where now we generally have
L+ Rand T # 0. Asimplification of the
formula for arg{ P/ P} in Eq. (3b), as
in Eq. (6b), is still possible, but now
over a very much smaller freguency
range:
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Fig. 6. Special case of Fig. 3 for time-based stereo. Phasors Py and Pg are always either parallel or antiparallel.
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for (j=] + o < 1 .
(16)

It is interesting to see that the same ap-
proximately linear-phase relationship as
for Blumiein stereo stil} holds, but over
a frequency range which progressively
reduces as |7,| increases. In other words,
interioudspesker level differences still
produce the same interaural time-delay
differences as we found before, but now
generaily only over a small portion of
thelow-frequency regime. Forexampie,
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a modest value of 7} = | ms would pro-
duce a linear-phase relationship only up
to about 130 Hz, and 7, = 3 ms only up
to about 50 Hz. Thus even moderate in-
termicrophone spacings on the order of
1 m or so can be considered to result in
coincident-pair behavior only over a very
restricted portion of the low-frequency
range. And even then, significant level
differences are necessary to produce im-
age movement away from center. For
example, the ORTF configuration with
spacing of 170 mm can image on the basis
of intermicrophone level differences only
up to around 250 Hz. that is, only over
one-third of the low-frequency regime.
It may scem surprising that to first order
the intermicrophone delay 7, does not
contribute 1o the interaural delay exhib-
ited in Eq. {(16). For frequencies above
the lincar-phase range, the interaural
phase ceases to bear any coherent rela-
tionship with natural hearing. When this
occurs over the bulk of the low-frequency

regime where interaural phase is signif-
icant, the image disintegrates and be-
comes phasey.

Considering next the interaural level
differences, by Egs. (2) we have in the
general case

s T
[PL]? = (L + R)? cosz{w EE—T—-}

+ T
+ (L — RY sinZI:w a —]

2 1 2 T
[Pgl? = (L + R) cos l:w 5

+ (L - R)J Sillzl:(ﬂ T!,m_:_—____m.



